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A MESSAGE FROM THE
IFT BOARD PRESIDENT
Welcome to ITC 2018. The International Foundation for
Telemetering (IFT) is pleased to sponsor this unique event, now
in its 54th year. The theme this year is Reliable and Secure Data,
Links and Networks.
Pride in our tradition means we expect ITC 2018 will be even
better. General Chair Kurt Kosbar and Technical Program Chair
Michael Marcellin have a program of outstanding papers and
hardware and software exhibits. Our opening ceremony keynote
will be Galen Rasche of the Electric Power Institute to address
Les Bordelon cyber security in the electric sector. In addition, there will be a
special session on creating the future test range infrastructure
Board President
focused on wireless inter-range network chaired by Thomas
International Foundation
O’Brien, Test Resource Management Center, Office of Secretary
for Telemetering
of Defense. Our exceptional volunteer staff and the organizations supporting them
really are the core of ITC. Their hard work literally makes the ITC possible.
Education remains one of our primary goals — short courses, technical papers, exhibits,
and interaction with the real experts. You really cannot beat that combination. ITC
supports specific telemetry education for six Universities — New Mexico State
University, University of Arizona, Brigham Young University, Missouri University of
Science & Technology, University of California at Santa Barbara, and the University of
Kansas. Our Short Courses are the best source for Continuing Education anywhere in
telemetry. We also sponsor the Telemetry Standards Coordinating Council and
international efforts to acquire, preserve and defend telemetry spectrum. The IFT is the
only national organization exclusively for telemetry education and advancement of
telemetry. Participation directly benefits not only your current work but prepares for
the future through education.
I am always excited by the experience of the leading companies exhibiting the
latest in technology and “talking details.” Historically, most new telemetry
products were announced at ITC. Nowhere do the needs and solutions of
telemetry business meet in one place like they do at ITC.

That profound transition requires live interaction between academia,
manufacturers, government, test ranges and standards organizations. That, after
all, is ITC. This is your conference. Be thoroughly involved and enjoy it!
We are always seeking ways to improve ITC and service to the telemetry industry.
Please contact me or any member of the Staff with ideas, critiques or
suggestions. We are at www.telemetry.org.
~ Les Bordelon,
President, IFT

ITC 2017

While the latest equipment is shown, the ideas you will see implemented years
from now are found in ITC Technical Papers. The largest single compendium of
new papers in telemetry anywhere in the world appears every year in our
Proceedings. Nearly every important tool in the telemetry business was once an
ITC Technical Paper and then exhibited as real equipment or software at ITC.
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ITC continues to be run by an all-volunteer
organizing committee without whom the
event would never come to pass.The Board
of the International Foundation for
Telemetering wishes to thank all ITC
volunteers, and the companies who sponsor
them, for their generous contributions to
making this forum the premier event it has
been for the past 54 years.
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COME JOIN US AT ITC 2018
Welcome to ITC 2018. I encourage you to explore the full range of educational,
training, research and professional enrichment opportunities available over three
and a half days this year in Glendale, Arizona.
Perhaps the best way to start your week, is by attending one of the eleven short
courses offered on Monday. All given by industry experts, these classes can help
with your continuing education needs. The instructors summarize new
developments in various fields related to telemetry, in a clear and engaging
format. We need to limit enrollment in these classes, so I encourage you to
register early, if possible, to assure yourself a spot in the course you will find
most helpful.
All ITC attendees are invited to the Monday evening welcome reception. This is
one of the most heavily attended events of the week and provides an excellent
networking opportunity.
The ITC theme this year is Reliable and Secure Data, Links and Networks.
This will be reflected in Tuesday morning’s keynote address by Galen Rasche
from the Electric Power Research Institute. His address on Protecting the Grid —
Cyber Security in the Electric Sector, will cover some of the threats, challenges, and
opportunities facing infrastructure systems in particular, and all cyber systems in
general.
Immediately after the keynote address, the two exhibit halls will open. Exhibitors
from across the telemetry spectrum will be available to demonstrate how their
products and services can help you address the issues you may be facing. The
exhibit halls will remain open for the duration of the event through mid-day on
Thursday.
Over one hundred technical presentations on all facets of telemetry system
design, implementation and operation will be presented in the technical program
on Tuesday afternoon, all day Wednesday, and Thursday morning
The rapid development of technology continues to present incredible
opportunities, challenges, demands and threats on the telemetry community.
ITC 2018 provides a forum to help you better understand the issues, and learn
about the tools, techniques, people and organizations who are available to help.
As has been a tradition for over half a century, the ITC is organized by an allvolunteer staff, who work throughout the year to provide this opportunity to
the telemetry community. I wish to thank them, and their sponsoring
organizations, for their dedication and ingenuity — and on behalf of them,
welcome you again to ITC 2018.
~ Kurt Kosbar

PLANNING GUIDE

PLANNING GUIDE
No other venue provides the depth of telemetry industry coverage to be found at
ITC 2018. As always, we are kicking the conference off with a Welcome Reception
on Monday night. Please join us for this “magical” event. On Tuesday we are
honored to have Galen Rasche, Senior Program Manager with the Electric Power
Research Institute, as our Keynote Speaker. Come listen to this interesting and
informative presentation on “Protecting the Grid – Cyber Security in the Electric Sector”. Immediately following
Tuesday’s Keynote Address, ITC launches into a rigorous technical program and opens extensive exhibitor
displays occupying two halls. On Wednesday afternoon, the exhibits will close and the Technical Sessions
will be suspended to allow attendees and exhibitors to attend the Awards Luncheon.

EVENT GUIDE

DATE

TIME

Registration

Sunday, November 4

3:00pm–6:00pm

Monday, November 5

8:00am–5:30pm

Tuesday, November 6

8:00am–5:45pm

Wednesday, November 7

8:00am–12:00pm / 2:00pm–5:45pm

Thursday, November 8

8:00am–10:00am

Monday, November 5

9:00am–5:00pm

Exhibitor Setup

Sunday, November 4
Monday, November 5

8:00am–6:00pm
8:00am–6:00pm

Exhibits Open

Tuesday, November 6

10:30am–6:00pm

Exhibits Open

Wednesday, November 7

9:00am–12:00pm / 2:00pm–6:00pm

Exhibits Open

Thursday, November 8

8:00am–12:00pm

Tuesday, November 6

1:00pm–3:00pm / 3:30pm–5:30pm

Wednesday, November 7

10:30am–12:00pm / 2:00pm–4:20pm

Thursday, November 8

9:00am–11:00am

Welcome Reception

Monday, November 5

6:30pm–8:30pm

Opening Ceremony &
Keynote Speaker

Tuesday, November 6

9:00am–10:30am

Special Session: (see pg. 6 for more info)

Wednesday, November 7

8:30am–10:00am

Awards Luncheon

Wednesday, November 7

12:00pm–1:30pm

Prize Drawing in the Event Center

Wednesday, November 7

5:00pm–5:30pm

Prize Drawing in the Solana Ballroom

Thursday, November 8

11:30am–12:00pm

Short Courses
(See pages 7–8 for complete short course information)

Exhibition Hours

Technical Sessions
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Special Events

Follow Us on
T witter at
#ITCUSAROCKS
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Calendar subject to slight modifications. Consult on-site program for latest information.
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EVENT AT A GLANCE

Short Courses

Halls

IRIG 106-17 Chapter
Principles &
Telemetry for
Basics of Introduction
Introduction
Advanced
7 Packet Telemetry
Implementation of
Basic
iNET
Fundamentals
High-Latency,
Aircraft to Analyzing Telemetry to Scientific
9:00 AM Modulation & Signals &
SETUP
Downlink Basis & Telemetric the IRIG 106 Chapter
of Microwaves
Error-Prone
Instrumen- Ethernet Over IP Test & Analysis
Demodulation Modulation
to
Implementation
10/11 Digital
Networks
& RF
Networks
tation
Data
Techniques
5:00 PM Techniques
Fundamentals
Recording Standard

MONDAY, NOV 5

TIME

6:30 PM
to
8:30 PM

ITC 2018 Welcome Reception
>Location: Solana A-D

Freeo!me!

All Welc

En

Fun!
!
Fo o d
nt!
inme
ter ta

CLOSED

Opening Ceremony & Keynote Speaker >Location: Solana A-D
9:00 AM

CLOSE
D

Protecting the Grid – Cyber Security in the Electric Sector

TUESDAY, NOV 6

Keynote: Galen Rasche – Senior Program Manager, Power Delivery & Utilization Sector, Electric Power Research Institute (EPRI)
Exhibits Are Open from 10:30 AM to 6:00 PM

10:30 AM
1:00 PM
Technical
to
3:00 PM Sessions:

1.

2.

3.

4.

5.

Signal Processing

Antenna & RF Systems

Software Systems &
Tools I

Telemetry Networks
I

ICTS

6.

7.

8.

9.

10.

27.

Software Defined &
Cognitive Radio

Telemetry Networks
II

Image & Video
I

Electromagnetic
Spectrum Reallocation

3:30 PM
Technical
to
Sessions: Modulation & Coding Range Systems & Mobile
5:30 PM
I
Ground Systems

l
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n
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l
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n
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10:30
AM
to
6:00
PM

Exhibits Are Open Until 6:00 PM
Exhibits Are Open from 9:00 AM to 12:00 PM

9:00 AM

OPEN
9:00
AM
to
12:00
PM

Special Session >Location: Solana A-D
8:30 AM
to
10:00 AM

Creating the Future Test Range Infrastructure:
Wireless Inter-Range Network Environment

WEDNESDAY, NOV 7

Moderator: Thomas O’Brien, Test Resource Management Center
10:30 AM
to
12:00 PM

Technical
Sessions:

11.

12.

13.

14.

Modulation & Coding
II

RF Spectrum
I

Software Systems & Tools
II

iNET

12:00 PM
to
1:30 PM

Medical Applications
OPEN
2:00
PM
to
6:00
PM

Awards Luncheon >Location: Solana A-D
Technical
Sessions:

16.

17.

18.

19.

20.

Security

Sensors & Data Acquisition

Channel Modeling &
Synchronization

Telemetry Networks
III

Robotics

s
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Exhibits Are Open Until 6:00 PM
THURSDAY, NOV 8
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to
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15.

Exhibits Are Open from 8:00 AM to 12:00 PM

8:00 AM
9:00 AM
to
11:00
PM

pm!
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Technical
Sessions:

21.

22.

22.

23.

24.

25.

Channel
Equalization

RF Spectrum
II

Modulation &
Coding II

Recording &
Storage

Telemetry Networks
IV

Image & Video
II
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8:00
Calculating the Economic AM
Importance of Telemetry to
12:00
PM
26.

!

Exhibits Are Open Until 12:00 PM

See pg. 14 for drawing info.
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See pg. 14 for drawing info.

Special sessions consist of late-breaking technical presentations and will not have material in the Proceedings.
Times and locations subject to change. Consult on-site program for latest information.

GUEST SPEAKERS

ITC 2018 KEYNOTE SPEAKER
OPENING CEREMONY & KEYNOTE SPEAKER
>Tuesday, November 6th 9:00am – 10:30am | Solana A-D

PROTECTING THE GRID — CYBER SECURITY
THE ELECTRIC SECTOR

IN

Cyber security has become a critical priority for electric utilities. The
evolving electric sector is increasingly dependent on information
technology and telecommunications infrastructures to ensure the
reliability and security of the electric grid. Cyber security measures
must be designed and implemented to support grid reliability. These
measures must also support grid resilience against attacks by terrorists and hackers, natural disasters, and inadvertent threats such as equipment failures and user errors.
Both the number and sophistication of attacks on the energy sector have risen significantly in the last several years.
The attacks on Ukraine’s electric grid in 2015 and 2016 demonstrated the ability for targeted cyber attacks to
disrupt the delivery of power. Additionally, US-CERT released an alert in March of 2018 detailing information
about foreign government actions targeting organizations in the energy, nuclear, commercial facilities, water, aviation, and critical manufacturing sectors. This presentation will review recent attacks on industrial control systems
and their networks, discuss how the electric sector is responding to protect its networks and systems, and provide
lessons learned for other critical infrastructure sectors.

Keynote Speaker:

Galen Rasche
Senior Program Manager, Power Delivery & Utilization Sector,
Electric Power Research Institute (EPRI)
Galen Rasche is a Senior Program Manager in the Power Delivery and Utilization
Sector at the Electric Power Research Institute, managing its Cyber Security Program.
This program performs applied research in the areas of protective measures, threat
and incident management, risk management, and information assurance. In addition to
collaborating with electric power utilities around the world, EPRI’s Cyber Security
Program has been involved in several federally funded research projects to improve
the resiliency of the electric grid. Mr. Rasche is experienced in the areas of cyber
security, Smart Grid security and the penetration testing of embedded systems. He
was also responsible for launching EPRI’s Cyber Security Program in 2012.

Mr. Rasche earned a Master of Science in electrical engineering from the University of Illinois at UrbanaChampaign and a Master of Business Administration and Bachelor of Science in electrical engineering from the
University of Kentucky.

ITC 2018

Prior to joining EPRI, Mr. Rasche led the Embedded and Application Security Group at Southwest Research
Institute (SwRI). In this position, he was the project manager for multiple Advanced Metering Infrastructure penetration testing projects. Mr. Rasche has also performed cyber security research for various U.S. government and
commercial clients.

GUEST SPEAKERS

SPECIAL SESSION
>Wednesday, November 7th 8:30am – 10:00am | Solana A-D

CREATING THE FUTURE TEST RANGE INFRASTRUCTURE: WIRELESS INTERRANGE NETWORK ENVIRONMENT
A major challenge to testing is balancing the development of complex systems requiring the transmission of
increasingly large amounts of data with diminished access to RF spectrum. A major test infrastructure paradigm
shift towards a bi-directional, highly integrated, wireless, inter-range network environment that seamlessly supports
any and all range operations and data types is required to continue testing systems efficiently. The implementation
of a wireless, inter-range network environment relies on leveraging network-based telemetry capabilities and applying a mobile wireless “cellular” paradigm.

ITC 2018

Thomas O’Brien, Test Resource Management Center, will chair a panel of experts to address this
important topic.

Complete bios will be shown in the Onsite Guide at the event.

AWARDS LUNCHEON

AWARDS LUNCHEON
>Wednesday, November 7th 12:00pm – 1:30pm | Solana A–D
Please join your fellow telemetry enthusiasts for the awards luncheon. There will be a buffet spread,
during which the following awards will be presented:

• Best Conference Paper
• Lawrence Rauch Award for Standards
• Myron Nichols Award for Telemetry Spectrum
• Undergraduate Student Papers
• Graduate Student Papers
• Pioneer Award
Advanced tickets: $25.
** Includes delicious buffet featuring iceberg salad with apple cider vinaigrette, fresh baked rolls,
beer-braised beef pot roast, garlic thyme-roasted chicken-on-the-bone, rosemary-roasted red skin
potatoes, Thanksgiving-style green beans, assortment of fruit pies, and iced tea.

ITC 2018

SPECIAL EVENTS

SPECIAL EVENTS
>MONDAY, NOVEMBER 5TH
Welcome Reception

ree!

F
me!
All Welco

6:30pm–8:30pm
>Solana A-D

We kick off the week by meeting and networking with your fellow peers and colleagues from across the
industry. The opening reception will bring together delegates from across the country as well as locally.
What a great way to connect with attendees, exhibitors, and speakers while you enjoy a fantastic night of
food and fun!
You won’t want to miss this “magical” night filled with great food and mind-bending tricks! Award-winning
close-up magician, Michael Paul, will astonish the audience with cutting edge visual magic, impossible displays
of mind reading, and impress you with his sleight of hand. Everyone is welcome to this event!

>TUESDAY, NOVEMBER 6TH
Opening Ceremony & Keynote Speaker

Protecting the Grid — Cyber Security in the Electric Sector

9:00am–10:30am
>Solana A-D

We are honored to have Galen Rasche, Senior Program Manager for the Power Delivery and Utilization Sector with the
Electric Power Research Institute (EPRI) as our Keynote Speaker this year. His presentation will review recent attacks on
industrial control systems and their networks, discuss how the electric sector is responding to protect its networks and systems, and provide lessons learned for other critical infrastructure sectors. Come enjoy continental breakfast while you listen
to this interesting presentation.

>WEDNESDAY, NOVEMBER 7TH
Special Session

Creating the Future Test Range Infrastructure:
Wireless Inter-Range Network Environment

8:30am–10:00am
>Solana A-D

A major challenge to testing is balancing the development of complex systems requiring the transmission of increasingly large
amounts of data with diminished access to RF spectrum. A major test infrastructure paradigm shift towards a bi-directional,
highly integrated, wireless, inter-range network environment that seamlessly supports any and all range operations and data
types is required to continue testing systems efficiently. The implementation of a wireless, inter-range network environment
relies on leveraging network-based telemetry capabilities and applying a mobile wireless “cellular” paradigm. Thomas O’Brien,
Test Resource Management Center, will chair a panel of experts to address this important topic.

Luncheon

ITC 2018

Awards Presentation

12:00pm–1:30pm
>Solana A-D

Come enjoy a buffet lunch while you applaud the award recipients. Exhibits will close and Technical Sessions will be
suspended to allow attendees and exhibitors to attend the Luncheon. The following awards will be presented:
• Best Conference Paper
* Purchase advanced Luncheon tickets online available
• Lawrence Rauch Award for Standards
through November 2nd — go to www.telemetry.org.
• Myron Nichols Award for Telemetry Spectrum
You can also buy tickets on-site at the registration desk
• Undergraduate and Graduate Student Paper Awards
starting Sunday, November 4th at 3:00pm.
• Pioneer Award.
* Advanced Purchase: $25.00

Prize Drawing
Complete the ITC scavenger hunt and be entered into the drawing for a chance to win
door prizes valued at $256, $512 and $1,024. Must be present to win. See page 14 for details.

5:00pm–5:30pm
>Event Center

>THURSDAY, NOVEMBER 8TH
Prize Drawing
Complete the ITC scavenger hunt and be entered into the drawing for a chance to win
door prizes valued at $256, $512 and $1,024. Must be present to win. See page 14 for details.

11:30pm–12:00pm
>Solana Ballroom

SHORT COURSES

SHORT COURSES

>MONDAY, NOVEMBER 5, 2018 | 9:00AM–5:00PM
Short Course

Description

Instructor

Advanced Modulation
Explores modulation techniques currently employed or proposed for telemetry. Material covers the legacy PCM/FM
& Demodulation
waveform, SOQPSK, and Multi-h CPM. Demodulation techniques for these waveforms are also addressed with particular
Techniques For
emphasis on synchronization techniques and performance.
Telemetry

ITC 2018

Basic Signals
& Modulation

Terry Hill,
Quasonix, LLC

This course is directed towards beginning technical personnel or telemetry personnel with limited experience in
Dr. Stephen
communications and modulation systems. The course will cover basic concepts necessary to understanding the data
Horan,
communications process within the telemetry system. This will include signal descriptions, the Pulse Code Modulation NASA Langley
(PCM) process, concepts of analog and digital modulation and demodulation, and signal bandwidth representations. Research Center
Emphasis will be on graphical representations with minimal mathematical requirements.

iNET Telemetric
Networks

This course introduces participants to telemetric networks as applicable to the integrated Network Enhanced Telemetry
(iNET) project. Participants will gain an understanding of telemetric networking principles, applicable networking
technologies, trade-offs in applying networks to telemetry, and end-to-end telemetric applications. Specifically, the RCC
Telemetry Network Standard (TmNS) based demonstration system will be presented illustrating the test article network,
radio access network, range operations network, mission control network, system management operations, and
telemetric applications. The presentation will include current performance and capabilities of developmentally flight
tested capabilities. This course is intended for anyone who needs an introduction to TmNS technologies and system
capabilities. It will be useful for participants to have a basic knowledge of networking concepts. This short course is
particularly beneficial for persons responsible for or involved in flight test instrumentation and telemetry systems.

Thomas Grace,
NAVAIR
Patuxent River
& Ben Abbott,
SwRI

IRIG 106-17 Chapter
7 Packet Telemetry
Downlink Basis and
Implementation
Fundamentals

This course will focus on presenting information to establish a basic understanding of the 2017 release of the IRIG 106,
Chapter 7, Packet Telemetry Downlink Standard. It will also focus on the implementation of airborne and ground system
hardware and methods to handle IRIG 106, Chapter 7, Packet Telemetry data. The presentation will address the
implementation of special features necessary to support legacy RF Transmission, data recording, RF Receiving, Ground
Reproduction, and Chapter 10 data processing methods.

Johnny Pappas,
Zodiac Data
Systems, Inc.

Principles &
Implementation of
the IRIG 106 Chapter
10 Digital Recording
Standard

Al Berard,
This course will present an in-depth look at the latest IRIG 106 Chapter 10/11 Digital Recording Standard. Each section
within the standard will be covered along with implementation, compliancy, interoperability, data processing and validation Air Force Test
methods. Lessons learned and insight into development and applications of Chapter 10 recorders, test equipment and Center, Eglin AFB
software throughout the test and operational communities will also be presented. A review of emerging implementations & Mark Buckley,
Telspan Data
and the next release of the standard will also be conducted.

Telemetry for HighLatency, Error-Prone
Networks

Global telemetry networks present many challenges with high-latency and error-prone transport conditions. This tutorial
will present detailed information on packet-based telemetry standards that are designed to operate reliably in such
conditions, with emphasis on RF systems, Forward Error Correction, delivery assurance, efficient packet structures in
asymmetric links, Internet Protocol considerations, security, interoperability and more. With practical applications for
ground, sea, air and space telemetry systems, much of the emphasis will be on Consultative Committee for Space Data
Systems (CCSDS) standards, and how those standards (and select elements) can be considered for more broad telemetry
applications. This course provides a protocol stack depiction of these concepts with reference to the common OSI stack.
Students should have a general technical competency and understanding of communications theory, protocols and systems.

Robert Ritter,
IMI/RT Logic

Fundamentals
of Microwaves
and RF

The course begins with an overview of electromagnetic theory and the many common uses of RF-microwaves today.
Concepts such as the frequency spectrum, basic physics of electro-magnetic wave reflection and propagation, standing
waves, power density, phase and polarity are discussed. The second section discusses RF-microwave components
typically found in telemetry systems, touching on design and applications. Consideration of antennas, transmissions lines,
couplers/splitters/combiners, hybrids, RF amplifiers,VCOs, isolators, attenuators, modulators, etc. is given. Concepts such
as “intermodulation”, “dynamic range” and, “linearity” are introduced. The final section of the course addresses the application of an end-to-end digital telemetry transceiving system. A typical airborne to ground station radio link is presented
with emphasis placed on “RF-centric issues” impacting radio link performance.

Mark
McWhorter,
Lumistar, Inc.

* Short courses continued on page 9

SHORT COURSES &
TECH SESSIONS

SHORT COURSES, continued

>>MONDAY, NOVEMBER 5, 2018 | 9:00AM–5:00PM
Short Course

Description

Instructor

Basics of Aircraft
Instrumentation

This course will describe the data acquisition system design criteria used to meet the customer's data requirements. An
example accelerometer measurement is used to illustrate the design process from the sensor to the engineering unit
display. The presentation will cover pre-sample filtering, sampling, digital encoding, and the trade-offs to consider when
designing an airborne data acquisition system. Recording of data sources and RF telemetry are presented along with
measurement uncertainty. Standards and best practices are highlighted throughout.

Ken Miller,
NAVAIR

Introduction to
Analyzing
Ethernet Data

With the proliferation of Ethernet as a data transport on multiple commercial and military aircraft and weapon systems
it is becoming even more important to get a basic understanding of how to analyze Ethernet data. This course will start
with an introduction to the OSI model and lay out the basics that make up Ethernet traffic. Then we'll look at the open
source Wireshark program and go through a crash course in using it to examine different types of Ethernet traffic. We’ll
also examine wireless traffic and how it differs from traditional wired Ethernet. Finally we'll look at using the Python programming language along with several libraries to actually analyze and decode data embedded in Ethernet traffic.

Paul Ferrill,
Avionics Test
and Analysis
Corporation

With the increased emphasis that industry and DoD are placing on the use of scientific principles in the test and evaluation
environment, you may have heard of the term STAT (Scientific Test and Analysis Techniques). This course will provide an
overview of some of the most important scientific test and analysis techniques used in test and evaluation activities. This
Introduction to
course is intended for executives, leaders, managers, and practitioners who need to know what STAT includes and what it
Scientific Test &
can do for their organizations even if they might never design a test or evaluate its results. No prior statistical knowledge is
Analysis Techniques
needed to garner some key principles and take-aways from this course as the presentation will be in the KISS (Keep It Simple
Statistically) mode. The course will be very practical, giving many examples and case studies of the techniques presented, as
well as Rules of Thumb which help bypass complexity.

Mark Kiemele,
Air Academy
Associates

This course begins by introducing the capability of transporting PCM telemetry over an IP network (TMoIP), including discussion
of the benefits and limitations of this technology. Essential network topics are covered including the OSI network model and
associated TMoIP network protocols. The three key RCC IRIG standards for TMoIP are described: IRIG 218, IRIG 106 Chapter
10 over UDP, and iNET. Interactive and scripted setup, configuration, status, and diagnostics approaches are presented. Advanced
topics include minimizing latency, handling poor-quality WAN networks, inter-vendor interoperability, one-to-many and mesh
networks, configurable quality-of-service, time/data correlation, future-proofing, and security.

Preston Hauck,
NetAcquire
Corporation

Telemetry
over IP

*Short course certificates provided upon request.

ITC/USA 2018 TECHNICAL SESSIONS
>Tuesday, November 6

>Wednesday, November 7

>Thursday, November 8

Session 1. Signal
Processing
Rodger Charroux,The
Aerospace Corporation
Session 2. Antenna &
RF Systems
Michael VanMeter, NAVAIR
Session 3. Software
Systems & Tools I
Jakub Moskal, VIStology, Inc.
Session 4. Telemetry
Networks I
Ben Abbott, Southwest
Research Institute (SwRI)
Session 5. ICTS *
Guy Williams, Air Force Test
Center
Session 6. Modulation
& Coding I
Kip Temple, AFTC, Edwards
Air Force Base
Session 7. Range
Systems & Mobile

Session 11.
Modulation & Coding
II
Tim Gatton,
Aerogear Telemetry

Session 21. Channel Equalization
Hakima Ibaroudene, Southwest Research
Institute (SwRI)

Session 12. RF
Spectrum I
Dr. Stephen Horan, NASA
Langley Research Center
Session 13. Software
Systems & Tools II
Timothy Brothers, Georgia
Tech Research Institute
Session 14 iNET *
Thomas Grace NAVAIR
Session 15.Medical
Applications
Joseph Sulewski,
L3 Technologies

Session 16. Security
Brian Keating, NAVAIR
Session 17. Sensors &
Data Acquisition
Dennis Shipley, US Army
ADD-Eustis
Session 18 Channel
Modeling &
Synchronization
Behyar Goudarzian, Boeing
Session 19. Telemetry
Networks III
Lee Eccles, Boeing (retired)
Session 20. Robotics
Mark Smedley, NAVAIR

Session 22. RF Spectrum II
Mark McWhorter, Lumistar, Inc.
Session 23. Recording & Storage
Bruce Johnson, NAWCAD
Session 24. Telemetry Networks IV
Todd Newton, Southwest Research Institute
(SwRI)
Session 25. Image & Video II
Myron Moodie, Southwest Research
Institute (SwRI)
Session 26. Calculating the
Economic Importance of
Telemetry *
Tim Chalfant, COLSA Corporation

* Special Session

ITC 2018

Ground Systems
Jon Morgan, JT4, LLC
Session 8. Software
Defined & Cognitive
Radio
James Yates, L3 Technologies
Session 9. Telemetry
Networks II
Thomas Grace, NAVAIR
Session 10. Image &
Video I
Gilles Freaud, AIRBUS Flight
& Integration Test Center
Session 27.
Electromagnetic
Spectrum
Reallocation *
Guenever Aldrich, PE,
Spectrum Reallocation
Lead, Dept. of the Navy,
Office of the Chief
Information Officer

ABOUT
ITC 2018

ABOUT ITC 2018
An acclaimed international technical symposium for 54 years
running, ITC remains the world’s most comprehensive telemetry
event. With everything from in-depth technical short courses
and technical briefs presented by real-world experts to worldclass speakers and cutting-edge exhibits, this show has
something for everyone in the industry. Don’t miss out!
Background
ITC is an annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation dedicated to serving
the technical and professional interests of the telemetering community, including
the establishment and support of scholastic telemetry programs at six universities.
The 3½-day event consists of technical presentations, tutorials, and short courses
arranged in concurrent sessions and complemented by a technical exhibition area
that features latest-technology product demos and displays from more than 100
industry suppliers.
The unique relationship between the manufacturing community and users in both
government and industry has produced yearly event that have led to continued
advancements of the telemetering and instrumentation systems/equipment we rely
on today, as well as the continuing education of telemetering professionals
worldwide.

Who Should Attend?
If you are involved with any kind of aerospace, vehicular, biomedical, meteorological,
or industrial telemetry applications, then you belong at ITC 2018. This premier
forum brings together customers, suppliers, academics, and the engineering
community to discuss how technology is revolutionizing the field.

Why Attend?
> Unprecedented opportunity to network with the industry’s leading experts and
innovators
> Robust technical program covering the latest policies, trends, constraints, and
breakthroughs shaping the industry
> Expert commentary from keynote speakers
> Wide selection of short courses to keep you on top of technology
developments
> Attain Continuing Learning Points (CLPs) to further your professional
development

Why Exhibit?
ITC 2018

> Extremely affordable way to reach the telemetry industry’s movers and shakers
> Captive audience of over 2,000 telemetry engineers, scientists, and management
personnel
> Outstanding opportunity to stay abreast of the competition and get new ideas
to expand your product base
> Highly targeted direct mail opportunities to attendees

EXHIBITOR LIST

ITC 2018 EXHIBITOR LIST (

ITC 2018

AS OF JUNE

19, 2018)

Company Name . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .Booth

Company Name . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .Booth

AIT . . . . . . . . . . . . . . . . . . . . . . . . . . . .820

NASA Armstrong . . . . . . . . . . . . . . . . .406

Apogee Labs, Inc. . . . . . . . . . . . . . . . . .303

NASA Wallops Flight Facility . . . . . . . .214

Apollotek Ltd . . . . . . . . . . . . . . . . . . . .816

NetAcquire Corporation . . . . . . . . . .1001

AstroNova Inc . . . . . . . . . . . . . . . . . . .115

NEXEYA . . . . . . . . . . . . . . . . . . . . . . . .917

ATAC . . . . . . . . . . . . . . . . . . . . . . . . . . .815

OnTime Networks . . . . . . . . . . . . . .1021

Brandywine Communications . . . . . . .215

ORCA Technologies . . . . . . . . . . . . . . .313

CALCULEX . . . . . . . . . . . . . . . . . . . . .307

Quasonix . . . . . . . . . . . . . . . . . . . .903

Clear-Com . . . . . . . . . . . . . . . . . . . . . .721

Raytheon . . . . . . . . . . . . . . . . . . . . . . . .621

Creative Digital Systems
Integrations, Inc. . . . . . . . . . . . . . . . . . .609

Rotating Precision Mechanisms Inc. . . .821
RT Logic . . . . . . . . . . . . . . . . . . . . . . .1109

Curtiss-Wright . . . . . . . . . . . . . . . . . . .101

SEMCO . . . . . . . . . . . . . . . . . . . . . . . . .201

Dell EMC . . . . . . . . . . . . . . . . . . . . . . .701

Smartronix . . . . . . . . . . . . . . . . . . . . . .109

DEWESoft . . . . . . . . . . . . . . . . . . . . .1115

Southwest Research Institute . . . . . . . .708

Dynetics . . . . . . . . . . . . . . . . . . . . . . .1009

Symvionics, Inc. . . . . . . . . . . . . . . . . . . .709

Emhiser Research, Inc. . . . . . . . . . . . . .715

Telspan Data . . . . . . . . . . . . . . . . . . . .213

EWA Government Systems, Inc. . . . . .817

Times Microwave Systems . . . . . . . . . .921

Galleon Embedded Computing . . . . . .301
GDP Space Systems . . . . . . . . . . . . . . .601

Tualcom Communication & RF
Technologies . . . . . . . . . . . . . . . . . . . .1220

Haigh-Farr . . . . . . . . . . . . . . . . . . . . . .1111

Ultra Electronics Herley . . . . . . . . . . . .914

Instrumentation Technology Systems . .916

Ulyssix Technologies . . . . . . . . . . . . .1210

IPtec, Inc. . . . . . . . . . . . . . . . . . . . . . . . .814

Universal Switching Corporation . . . . .615

JDA Systems . . . . . . . . . . . . . . . . . . . . .217

Vencore Labs . . . . . . . . . . . . . . . . . . . .315

JT4, LLC . . . . . . . . . . . . . . . . . . . . . . .1116

Wideband Systems . . . . . . . . . . . . . . .1103

Kappa Optronics, Inc. . . . . . . . . . . . .1017

WTW Anlagenbau GmbH . . . . . . . . .1020

Knowledge Based Systems, Inc. . . . . .1121

Zodiac Data Systems . . . . . . . . . . . . . .803

L3 Technologies . . . . . . . . . . . . . . . . . . .207
Lumistar . . . . . . . . . . . . . . . . . . . . . . .1015
Microsemi Corporation . . . . . . . . . . . .317
Microwave Specialty Company . . . . . . .920
Mu-Del Electronics . . . . . . . . . . . . . . .1120

= Diamond Sponsor

= Platinum Sponsor

HOTEL INFORMATION

HOTEL INFORMATION
Event Location
ITC/USA 2018 will be hosted at Renaissance Glendale
Hotel & Spa in Glendale, Az. This Marriott hotel is
located adjacent to the Westgate Entertainment District.
With first-class spa facilities, entertainment options across the
street, and gracious accommodations, the Renaissance
Glendale Hotel & Spa is ideal for vacationers and convention
delegates alike. All events, including short courses, technical
sessions, and exhibits, will occur in or in close proximity to
the Convention Center area of the hotel property. The hotel
is located at 9495 W. Coyotes Blvd., Glendale, AZ 85305

Renaissance Reservation Info:
Room block cut-off: October 18, 2018
Rate: Prevailing Government Rate
Reservations via Web: Go to www.telemetry.org and click
on the venue tab. Then click on the Renaissance reservation
link to be directed to the online reservation system.
Important Information: A minimum 4-night stay (Sunday –
Thursday) is required. Your credit card will be charged for the
entire amount 3 days after you book your reservation. No
cancellations after the 3 days or early checkouts will be
allowed. However, name substitutions will be allowed.

* For a list of other hotels in the local area,
please visit our website at
www.telemetry.org
Residence Inn and
SpringHill Suites

NEARBY HOTELS:
Residence Inn / SpringHill Suites
The Residence Inn and SpringHill Suites are located at 7350
N. Zanjero Boulevard and 7370 N. Zanjero Boulevard,
respectively. These hotels are only 1 mile away from the host
hotel. Free hot breakfast and WiFi included! 1-623-7728900/1-623-772-9200

Hampton Inn & Suites

Hampton Inn & Suites
The Hampton Inn & Suites is located across the street from
the host hotel at 6630 North 95th Avenue. Free hot breakfast
and WiFi included! 1-623-271-7771

Home2 Suites by Hilton
Home2 Suites is located across the street from the host hotel
at 6620 N. 95th Avenue. This newly built, all-suite hotel
provides a free breakfast and free WiFi. 1-623-877-4600

Imporatailnst
Det

Transportation from/to the Airport

>

• Uber now services the Phoenix airport
• Super Shuttle: $24 one way. This shuttle stops at
multiple stops along the way. 800-258-3826
• Zetian Transport: NONSTOP $60 for up to 3 people
per shuttle. 480-518-8033
• Taxi: Estimated fare is $75 one way

WiFi included in
Renaissance guest rooms.
Room guest parking is
$10/night.
Parking for Non-Hotel
Guests at the Renaissance
is $11 self / $15 valet
WiFi for Non-Hotel Guests
at the Renaissance is $30++

ITC 2018

The Renaissance is located 20 miles from the
Phoenix Sky Harbor International Airport.

REGISTRATION INFO

ITC 2018 REGISTRATION INFORMATION
To Register, Go Online

>

www.telemetry.org
CONFERENCE REGISTRATION TYPES
Provides access to all exhibit areas, technical sessions and
keynote speakers.

Regular

$100

Short
Course

Fee to attend one short course of your choice.

Active Duty
Military

For individuals on active military duty. Provides access to all
exhibit areas, technical sessions and keynote speakers.

$10

Full-Time
Student

For full-time students. Provides access to all exhibit areas,
technical sessions and keynote speakers.

$10

1

$400

2

2 Easy Ways
to Register!
Online:

Go
to
www.telemetr y.org
and click on the
registration link. This is
your quickest and easiest
option!

In Person: If you don’t
register by November 2, 2018,
you’ll need to register at the
conference. On-site registration begins Sunday, November
4, 2018 at 3:00 p.m.

ITC/USA 2018
REGISTRATION POLICIES

For those individuals whose technical paper has been published in
ITC 2018 Technical Proceedings and/or individuals who will be
No Charge
chairing a technical session. Includes access to all exhibit
areas/technical sessions and keynote speakers.

Author/
Session
Chair

Online Registration Deadline

Don’t wait…
go to www.telemetry.org. Online
registration ends November 2,
2018.
Substitutions

Thursday
Only
Registration

ITC 2018

Exhibitor
Booth Staff

Provides access to all exhibit areas, technical sessions, and
keynote speakers.

For those individuals working at their company’s booth. Provides
access to all exhibit areas, technical sessions, and keynote
speakers.

Substitutions are allowed.
Please e-mail requests to:
telemetry@comcast.net

No Charge

Cancellations

Refunds will be accepted for
cancellations received before
November 2, 2018.
Badging Info

$100

** 2 free registrations per 10x10. Price is for
additional registrations.

Badges for anyone that registers
online will be available for pickup
at the ITC registration desk beginning Sunday, November 4, 2018 at
3:00 p.m.

NOTE: Space for short courses is limited. Acceptance is on a first-come, firstpayment basis. Online registration is highly recommended.

ITC’18 Exhibitors: Please register your show personnel, guests, and sales representatives online!

International Foundation for Telemetering (IFT)
The International Foundation for Telemetering (IFT) is a nonprofit organization dedicated
to serving the professional and technical interests of the "Telemetering Community." The
IFT was confirmed as a nonprofit corporation in accordance with the applicable laws of
the State of California on May 11, 1964. Our "Articles of Incorporation" are on file with
the State of California.
The basic purpose of the IFT is the promotion and stimulation of technical growth in
telemetering and its allied arts and sciences. This is accomplished through sponsorship
of technical forums, educational activities, and technical publications. The Foundation
endeavors to promote unity in the "Telemetering Community" it serves, as well as ethical
conduct and more effective effort among practicing professionals in the field.
All activities of the IFT are governed by a Board of Directors selected from industry,
science, and government. Board members are elected on the basis of their interest and
recognition in the technical or management aspects of the use or supply of telemetering
equipment and services. All are volunteers who serve with the support of their parent
companies or agencies and receive no financial reward of any nature from the IFT.
The IFT Board meets twice annually--once in conjunction with the annual ITC and,
again, approximately six months from the ITC. The Board functions as a senior
executive body that hears committee and special assignment reports and reviews,
adjusts, and derives new policy as conditions dictate. A major Board function is that of
fiscal management, including the allocation of funds within the scope of the Foundation's
legal purposes.
Participation in the IFT and the ITC does not require membership in the traditional
sense; dues or membership fees are not required.
The IFT sponsors the annual International Telemetering Conference (ITC). Each annual
ITC is initially provided working funds by the IFT. The ITC management, however, plans
and budgets to make each annual conference a self-sustaining financial success. This
includes returning the initial IFT subsidy as well as modest earnings, the source of funds
for IFT activities such as its education support program. The IFT also sponsors the
Telemetering Standards Coordination Committee and the International Consortium for
Telemetry Spectrum.
In addition, a notable educational support program is carried out by the IFT. The IFT has
sponsored numerous scholarships and fellowships in telemetry-related subjects at a
number of colleges and universities since 1971. Student participation in the ITC is
promoted by the solicitation of technical papers from students with a monetary award
given for best paper at each conference. The IFT has established and continues to
support programs at New Mexico State University, Brigham Young University, University
of Arizona, University of Missouri – Rolla, and University of California Santa Barbara.
The Foundation maintains master mail and email lists of personnel active in the field of
telemetry for its own purposes. These lists include personnel from throughout the United
States as well as from many other countries since international participation in IFT
activities is invited and encouraged. New names and addresses or corrections can be
added to these lists by visiting the IFT/ITC web site, www.telemetry.org. The web site
also provides information about the ITC and other telemetry and IFT related activities.

International Telemetering Conference (ITC)
The International Telemetering Conference (ITC) is the primary forum through which the
purposes of the International Foundation for Telemetering (IFT) are accomplished. It is
the only nationwide annual conference dedicated to the subject of telemetry. The
conference generally follows an established format which includes presentation of
tutorial courses and technical papers, and exhibition of equipment, techniques, services
and advanced concepts provided, for the most part, by the manufacturer or the
supplying company. To complete a user-supplier relationship, each ITC often includes
displays from major test and training ranges and other government and industrial
elements whose mission needs serve to guide manufacturers to tomorrow's products.
Each ITC is normally two and one half days in duration preceded by a day of tutorials
and standards meetings. A Keynote Technical Session, to which all conferees are
invited, is generally the initial event. A Moderator and Panel Members prominent in their
respective fields form the Keynote Technical Session which addresses a particular
theme and is also available for questions from the audience. The purpose of this event
is to highlight and further communicate future concepts and equipment needs to system
developers and suppliers. From that point, papers are presented in four half-day periods
of concurrent Technical Sessions that are organized to allow the attendee to choose the
topic of primary interest. The Technical Sessions are conducted by voluntary Technical
Session Chairmen and include a wide variety of papers both domestic and international.
Additionally, the program offers a Keynote Luncheon featuring a distinguished speaker
who will discuss a topic of direct interest to the telemetry community.
Each annual ITC is organized and conducted by a General Chair and a Technical
Program Chair selected and appointed by the IFT Board of Directors. Both chairmen are
prominent in the organizations they represent (government, industry, or academia) and
are generally well-known and command technical and managerial respect. Both have
most likely served the previous year's conference as Vice Chairs. In this way, continuity
between conferences is achieved and the responsible individuals can proceed with
increased confidence. The chairs are supported by a standing Conference Committee of
over twenty volunteers who are essential to the conference organizational effort. Both
chairs and all who serve in the organization and management of each annual ITC do so
without any form of salary or financial reward. The organizational affiliate of each
individual who serves not only agrees to the commitment of their time to the ITC but also
assumes the obligation of that individual's ITC-related travel expenses. This, of course,
is in recognition of the technical service rendered by the conferences.
Those companies and agencies that exhibit at the ITC pay a floor space rental fee which
provides the major financial support for each conference. Although the annual chairs
and the standing committee are credited for successful ITCs, the exhibitors also deserve
high praise for their faithful and generous support.
A major feature of each annual ITC is the proceedings in DVD-ROM format. The DVD
contains proceedings and technical papers from multiple prior conferences as well as
the current conference and is included with a paid regular conference registration. The
DVD is also is available for purchase after the conference through the IFT/ITC web site,
www.telemetry.org.

Telemetry Learning Center
Missouri S & T
April 5, 2018

Objective of Program
• Introduce telemetry and system level design
problems throughout program of study
• Encourage a variety of projects, including
telemetry applications in non-traditional areas
• Encourage graduates, and especially
undergraduates, to
– Participate in technical conferences
– Compete in national and international design
competitions
– Integrate telemetry into multi-disciplinary projects

IFT / S&T TLC Affiliated Faculty
•
•
•
•
•
•

Dr. Amy Belfi
Dr. Egemen Çetinkaya
Dr. Jie Huang
Dr. Kurt Kosbar
Dr. Melanie Mormile
Dr. Maciej Zawodniok

MS&T @ ITC 2017

ITC 2017
•

Seth Kitchen, Daniel Klinger and K. Kosbar, Telemetry System for
Intercollegiate Rocket Engineering Competition
First Place Undergraduate Student Paper Competition

•

Tristan Shatto, K. Kosbar and E. Çetinkaya, Graph Theoretic
Modeling and Energy Analysis of Wireless Telemetry Network
Second Place Undergraduate Student Paper Competition

•

Julia White, J. Huang and K. Kosbar, Optic Fiber Sensor for Strain
Measurements in High Temperature Sensing Applications

•

Nathan Price, Arul Chandran, K. Kosbar and M. Zawodniok,
Performance of IEEE 802.11S for Wireless Mesh Telemetry
Networks

ITC 2017
•

Rebecca Marcolina, Olugbenga Osibodu, K. Kosbar and M. Mormile,
Power Telemetry Onboard a Semi-Autonomous Mars Rover

•

Owen Chiaventone, Kyle Avola, Stetson Tuschhoff and K. Kosbar,
Inexpensive UHF Transciever Leveraging COTS Components

•

Judah Schad, Cameron Nichols, Katelyn Brinker and K. Kosbar,
Permanent Magnet Synchronous Motor Variable Frequency Drive
System

•

Husam Nassr and K. Kosbar, Performance Evaluation for DecisionFeedback Equalizer with Parameter Selection on Underwater
Acoustic Communication Channel

ITC 2018
•

Sara Dlouhy and K. Kosbar, An Improved Autonomous
Navigatoin System Using CNNs and LiDAR

•

Nathan Price, M. Zawodniok and K. Kosbar, Decoupling
Hardware and Software Concerns in Aircraft Telemetry SDR
Systems

•

Viraj Gajjar, Ze-Hao Lai and K. Kosbar, Leaf Classification for
Agricultural Remote Sensing Applications

•

Caleb Jett, Vincent Marco, Christian Upschulte and K. Kosbar,
Design and Construction of an Underwater Multi-Purpose
Remotely Operated Vehicle

ITC 2018
•

Blaine Allen, Stephen Trotnic, Alexander Arensmeier, A. Belfi
and K. Kosbar, An interactive EEG-Based Brain-Computer
Interface

•

Jacob Lipina, Andrew Van Horn, Judah Schad and K. Kosbar,
Wireless Sensor Pods for Long-Term Data Collection

•

Jonas Buxton, Garrett Bosanko, Roger Downs and K. Kosbar,
Autonomous Navigation in Dynamic Environments

ITC 2017 – Rocket Telemetry
• Seth Kitchen
• Daniel Klinger

ITC 2017 – Rocket Telemetry
• Intercollegiate Rocket Engineering Competition
• Spaceport America Cup

ITC 2017 – Rocket Telemetry
• Safety Checks
• GPS
–Position
–Velocity

• Other Sensors
–Altitude
–Acceleration
–Attitude

ITC 2017 – Rocket Telemetry

ITC 2017 – Rocket Telemetry
Design

• Receiver Directivity: 15 dBi
• Transmitter Power: 17 dBm
• Sensitivity: -80 to -100 dBm
• Free Path Losses: 112 dB
• Insertion/Feedline: 4 dB
• Polarization Mismatch: 3 dB

Decided on a 10-turn Helical: 15 dBi gain

~ 31 degrees

ITC 2017 – Rocket Telemetry
Fab and Test

ITC 2017 – Rocket Telemetry
Really Learning Electromagnetics

ITC 2017 – Graph Theory
• Tristan Shatto

ITC 2017 – Graph Theory

ITC 2017 – Graph Theory

ITC 2017 – Graph Theory

ITC 2017 – High Temp Sensors
• Julia White

ITC 2017 – High Temp Sensors
FPI Construction
●

The FPI consists of a 100 micrometer section of glass
tubing fused between two single mode fibers

●

The reflective surfaces reflect light at different delays
resulting in an interference pattern

ITC 2017 – High Temp Sensors
ΔL (mm)

ΔL/L

Δλ (nm)

Δλ/λ

Percent
Error (%)

0

0

0

0

0

0

1

0.0000254

0.000141

0.21

0.000136

3.623442

2

0.0000508

0.000282

0.455

0.000295

-4.40794

3

0.0000762

0.000423

0.665

0.000431

-1.73081

4

0.0001016

0.000564

0.91

0.000589

-4.40794

5

0.000127

0.000706

1.05

0.00068

3.623442

6

0.0001524

0.000847

1.295

0.000839

0.946316

7

0.0001778

0.000988

1.505

0.000975

1.328762

8

0.0002032

0.001129

1.75

0.001133

-0.39225

9

0.0002286

0.00127

1.995

0.001292

-1.73081

10

0.000254

0.001411

2.24

0.001451

-2.80166

Trial

λ = 1544.14 nm
L = 180 mm

ITC 2017 – WiFi Mesh Telemetry
• Nathan Price
• Arul Chandran

ITC 2017 – WiFi Mesh Telemetry
•
•
•
•

4 hop network
Routing is fixed via blacklisting
Measure single stream throughput across 1,2,3,4
hops
Nodes evenly spaced 10, 15, 20 m
STA (node)

Distance
from
Gateway (m)

Throughput
(bits/sec)

Retries

2

27.5

1.10 M

202

3

25

966 K

159

4

15

902 K

141

5

19

756 K

142

6

12

748 K

179

Total

4.472 M

Average
Throughput
Per Link

894 K

ITC 2017 – WiFi Mesh Telemetry
•
•
•
•

Nodes randomly placed
HWMP Routing enabled
Each node generates a continuous stream of data and sends to
Gateway node
Predictions:
– If all STAs are one hop
then avg throughput = 1/5(single hop)
– 0.2 to 0.84 Mbps/link

ITC 2017 – UHF Transceiver
• Owen Chiaventone
• Kyle Avola
• Stetson Tuschhoff

ITC 2017 – UHF Transceiver

ITC 2017 – Underwater Telemetry
• Husam Nassr

ITC 2017 – Underwater Telemetry

ITC 2017 – Underwater Telemetry

ITC 2017 – Underwater Telemetry
IMPACT OF K2 FOR SPACE08 CHANNEL

IMPACT OF K3 FOR SPACE08 CHANNEL

ITC 2017 – Mars Rover Telemetry
• Rebecca Marcolina
• Olugbenga Osibodu

ITC 2017 – Mars Rover Telemetry

Mars Research Station

ITC 2017 – Mars Rover Telemetry

ITC 2017 – Mars Rover Telemetry

ITC 2017 – Mars Rover Telemetry
Team Name
Mars Rover Design Team
Continuum
PCz Rover Team
BYU Mars Rover
Raptors
Queen's Space Engineering Team
Pharaohs
Mars Rover Manipal
Husky Robotics Team
Team Attendant
Cornell Mars Rover
Wisconsin Robotics
ITU Rover Team
OSURC Mars Rover
UWRT
University of Warsaw Rover Team
WSU NPSE Mars Rover Team
BRACU Mongol Tori
Robotics for Space Exploration
RUDRA
Ryerson Rams Robotics (R3)
Titan Rover
Sooner Rover Team
Project Scorpio
McGill Robotics
SJSU Robotics
Michigan Mars Rover Team
ROVER Society
Team Anveshak
Yonder Dynamics
MAVRIC
AIUB Robotic Crew
DUET TimeOut
IUT MARS ROVER
KMC RoboPhysicists
#mars_rover_uiu

University
Missouri University of Science and Technology
Uniwersytet Wroclawski
Czestochowa University of Technology
Brigham Young University
Lodz University of Technology
Queen's University
Military Technical College
Manipal University
University of Washington
Independent University of Bangladesh
Cornell University
University of Wisconsin-Madison
Istanbul Technical University
Oregon State University
University of Waterloo
University of Warsaw
Washington State University
BRAC University
University of Toronto
SRM UNIVERSITY
Ryerson University
California State University, Fullerton
University of Oklahoma
Wroclaw University of Technology
McGill University
San Jose State University
University of Michigan
University of Texas at Arlington
Indian Institute of Technology Madras
University of California, San Diego
Iowa State University
American International University - Bangladesh
Dhaka University Of Engineering & Technology
IUT Robotics Society
University of Delhi
United International University

CDR
81.4
84.3
83.6
85.7
87.1
85
85.7
92.9
82.1
92.9
92.1
89.3
87.1
80
80.7
87.9
85
81.4
89.3
92.1
82.9
78.6
85.7
93.6
90
84.3
87.1
76.4
81.4
75.7
78.6
90
80
78.6
81.4
76.4

Science
Cache
Task
70
90
91
100
98
92
83
100
93
70
94
95
96
70
80
71
75
80
85
80
83
75
80
72
70
80
57
56
65
75
68
52
54
60
0
0

Extreme
Retrieval
and
Delivery Task
100
22
28.8
24
65
38
10
16
22
44.8
6
24
9
0
10
10
12
0
18
10
12
26
2.5
6
0
0
8
0
0
0
0
0
0
0
0
0

Equipment
Servicing
Task
52
55
57
60
55
61
62
43
45
40
67
0
23
89
0
46
27
32.6
0
10
8
3
0
0
0
0
2
15
5
0
0
0
8
0
0
0

Autonomous
Traversal Task Total
100
403.4
85
336.3
70
330.4
55
324.7
10
315.1
25
301
55
295.7
40
291.9
40
282.1
23
270.7
5
264.1
40
248.3
55
243.1
0
239
55
225.7
5
219.9
5
204
3
197
0
192.3
0
192.1
5
190.9
5
187.6
5
173.2
0
171.6
5
165
0
164.3
5
159.1
5
152.4
0
151.4
0
150.7
0
146.6
0
142
0
142
3
141.6
0
81.4
0
76.4

ITC 2017 – Mars Rover Telemetry
•

Ensures that the power needs of
the rover’s subsystems are met.
• Battery Pack
• Battery Management System
• Power Distribution Board

Power Distribution System

ITC 2017 – Mars Rover Telemetry
Battery Management System
•
•
•

Power source for the rover’s systems
Made of 80-18650 LiPo battery cells
Each cell is rated for 3.7V, 2500mAh

• Controls the Battery Pack output
• Limits the output to 180A
• Monitors the pack voltage

ITC 2017 – Mars Rover Telemetry
•
•
•

Responsible for distributing power to the rest of the
rover systems
Protects high priority devices from fluctuations on
unstable devices
Communicates BMS telemetry to base station

Mission Control

ITC 2017 – Rover Motor Telemetry
• Judah Schad
• Cameron Nichols
• Katelyn Brinker

ITC 2017 – Rover Motor Telemetry
Non-line-of-site
Autonomous operation
45°+ slopes
Rock and boulder fields
One Meter vertical drops
Airborne rock and dust
Temperatures 100°+ F

ITC 2017 – Rover Motor Telemetry
On Rover Antennae
Two Skew Planar
LHCP/RHCP

ITC 2017 – Rover Motor Telemetry
2 x 2 MIMO
•

•

RX0/RX1 receive 4
possible channel
transfer functions
Best when the individual
channel elements are
not correlated

OFDM
•
•
•

Higher Spectral Efficiency
Immunity to selective fading
channels
Immunity to multipath delay

ITC 2017 – Rover Motor Telemetry

ITC 2017 – Rover Motor Telemetry
Clarke
Transform

Park
Transform

ITC 2017 – Rover Motor Telemetry
Real Time DSP Flux Estimation

ITC 2017 – Rover Motor Telemetry
•
•
•
•
•
•
•

60V / 40 Amps
DC Supply / Buck
Regulator
3-Phase Gate Drive
3 half-bridges
6 N-channel MOSFET
Dual Current Shunt Amps
SPI Control / Diagnostics

ITC 2017 – Rover Motor Telemetry

ITC 2017 – Rover Motor Telemetry

Impact
IFT funding helps students like these …

Impact
… build things like this …

Impact
… that make engineering feel like this.

Imaging Systems Laboratory

Hua Lee, Distinguished Professor
Department of Electrical and Computer Engineering
University of California, Santa Barbara
April 2018

I. Imaging Systems Laboratory
Student Members






Nancy Cheadle (P3)
Vince Radzicki (P2)
Abhejit Rajagopal (P2)
Connor Sanchez (MS)







Matthew Daily (BS)
Andrew Yang (BS)
Alex Berlanga (BS)
Miguel Berlanga (BS)

Current research topics






High-precision microwave and acoustic homing and docking
systems
High-resolution microwave sensing and power-line detection
Non-invasive electrocardiographic imaging
High-speed high-precision 3D angle-of-arrival estimation

Sample publications
Jing-Ming Guo and Hua Lee, “An Efficient Fusion-Based Defogging,” IEEE
Transactions on Image Processing, 2017.
Abhejit Rajagopal, Vincent Radzicki, Hua Lee, and Shivkumar
Chandrasekaran, “Towards non-invasive electrocardiographic imaging using
regularized neural networks,” SPIE Conference on medical Imaging, 2018.
(Best Paper, New Imaging Systems)

1. Non-invasive Electrocardiographic Imaging

Non-invasive Electrocardiographic Imaging

2. High-speed 3D angle-of-arrival estimation
(2018 capstone project)








Senior capstone project
Project lead: Andrew Yang
Industrial partner: Sonos
6-element passive receiver array
Real-time computation method
Code-book method
Demo in June 2018

System hardware

Performance evaluation

2017 capstone projects
(sensors and sensing)

ITC participation
ITC 2017




4 papers
1 faculty member
5 students

ITC 2018




4 papers
1 faculty member
5 students

II. Curriculum development





ECE 94R: Sensors and sensing technology
ECE 148: Signal processing applications
ECE 278C: Sensing and imaging systems

Undergraduate seminar course
(ECE 94R: sensors and sensing technology)





Winter quarter, 2018
Enrollment level: 42
Industrial speakers: 7
Technical topics: Underwater marine sensing
Medical telemetry
Microwave sensing
Radiation sensor networks

Seminar speakers from industry
Company

Speaker

Position

L3 MariPro

Steve Meehan

Engineering Director

US DoE Special Tech Lab

Kirk Miller

Department Manager

Karl Storz Imaging

Marc Amling

Executive Director

Goleta Star

John Kirk

President

Arthrex

David D’Alfonso

R&D Manager

InTouch Health

Yulun Wang

Chairman and CEO

Lucent Government Systems

Martin Fay

R&D Director

III. Financial plan
(Status of IFT endowment)






IFT endowment installments: 2008-17
Total installment received:
$ 500K
Account balance:
$ 600K
2018 IFT funding request:
$ 40K

VI: Components of UCSB Telemetry Program








Research program
Curriculum development
Support by direct industry
Expansion of topical coverage
Expansion of faculty involvement
Placement of students

Appendix

Detection procedure










Data conditioning (phase-only or cepstrum compression)
Phase estimation and correction
Range estimation
Coordinate transformation
Filtering and interpolation
Bearing angle estimation (horizontal)
Phase-offset estimation
Bearing angle estimation (vertical)
Formation of composite image

Subsequent activities






Company site visits
Summer internships (2018)
Summer workshop with industry
Technical interactions
Joint capstone projects

Industrial visits (2017)
Company

Location

Research area

FLIR

Santa Barbara

Infrared sensing

Arthrex

Santa Barbara

Medical telemetry

Advanced Research and Technology

Ventura

Radar imaging

Goleta Star

Torrance

Radar imaging

Palm Imaging

Oxnard

Medical imaging

Expansion of technical programs







Underwater sensing (Marine Science Institute)
Environmental sensing (Bren School)
Seismic sensing (Geological Sciences)
Medical telemetry (UCLA School of Medicine)
Future faculty positions (Computer Engineering Program)

IV. Tasks for 2018-19 academic year











Paperwork for IFT endowment
IFT liaison visit
Industrial visits
Selection of students
Planning for the 2018-19 capstone project
Research workshop
Textbook writing project
Coordination with faculty in MSI, Bren, and seismic sensing group
CE recruitment plan for junior faculty

Telemetering Activities - 2017-18
The University of Arizona

College of Engineering
Department of Electrical and Computer Engineering
Tucson, AZ

Michael W. Marcellin

Regents’ Professor
International Foundation for Telemetering Chaired Professor

marcellin@ece.arizona.edu
www.ece.arizona.edu/~mwm
+1-520-621-6190

Biographical Sketch - Marcellin
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Professor Marcellin is a Regents' Professor at the
University of Arizona. He has authored or coauthored
more than two hundred fifty publications. He was a major
contributor to JPEG2000, and wrote the compression
specification for the Digital Cinema standard currently
used for all motion pictures throughout the world. Dr
Marcellin is a Fellow of the IEEE, a recipient of the NSF
Young Investigator Award, and a recipient of the IEEE
Signal Processing Society Senior (Best Paper) Award. He
was named the San Diego State University Distinguished
Engineering Alumnus, and was a recipient of the
University of Arizona Technology Innovation Award. He
has received numerous teaching awards.

University of Arizona

3

University of Arizona


OUR SETTING
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The University of Arizona in Tucson is a land-grant doctoral
research university. Our research and development expenditures
place us among the nation's top public universities, and we have
membership in the Association of American Universities.
We offer a broad array of programs leading to degrees from the
baccalaureate through the doctorate. We have a total enrollment
of over 40,000 full-time and part-time students. As a land-grant
university, we maintain programs in production agriculture, mining,
and engineering, and serve the state through our cooperative
extension services, technology transfer, economic development
assistance, distributed education, and cultural programming.
The University provides distinguished undergraduate, graduate,
and professional education; excels in basic and applied research
and creative achievement; and promotes activities that advance
Arizona's economy.

University of Arizona


OUR VISION




OUR MISSION
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Through cross-cutting innovations distinctive to the University of
Arizona, we will expand the student experience through
engagement, advance knowledge through innovations in creative
inquiry and collaboration, and forge novel partnerships to
positively impact our community.
To improve the prospects and enrich the lives of the people of
Arizona and the world through education, research, creative
expression, and community and business partnerships.

Electrical and Computer Engineering


ECE is a comprehensive program







Emphasis areas include
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Undergraduate Education - 478 students (2,779 ENGR)
Graduate Education - 228 MS, 109 PhD students (565, 319 ENGR)
Research
Service
Autonomous systems and robotics
Biomedical technologies
Circuits, microelectronics, and VLSI
Communications, coding, information theory, and telemetering
Computer architecture and cloud computing
Optics, photonics, and THz devices and systems
Signal, image and video processing
Software engineering and embedded systems
Wireless networking, security, and systems

Selected Telemetering Classes at UofA
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Introduction to Communication Systems
Digital Communication Systems
Optical Communication Systems
Wireless Communication Systems
Error Control Coding
Digital Signal Processing
Fundamentals of Computer Networks
Fundamentals of Information and Network Security
Antenna Theory and Design
Radar

UofA Attendees from ITC 2017

8

2017 ITC Undergraduate Student Papers
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K. Boyer, L. Brubaker, K.B. Everly, R. Herriman, P. Houston, S.
Ruckle, R. Scobie, I. Ulanday (students), and M.W. Marcellin
(advisor), “An expanded communications system for off-grid
telemetry”
D. Hung, K. McKeever, R. Ramirez, (students) and M.W. Marcellin
(advisor), “Hybrid onboard-offboard target recognition system for
unmanned aerial vehicle”
D. Hung, C. Tang, C. Allred, K. McKeever, J. Murphy, R. Herriman,
(students) M.W. Marcellin (advisor), “Autonomous ground
reconnaissance drone using robot operating system (ROS)”
K. Boyer, L. Brubaker, K.B. Everly, R. Herriman, P. Houston, S.
Ruckle, R. Scobie, I. Ulanday (students), and M.W. Marcellin
(advisor), “A distributed sensor network for an off-road racing
vehicle”

2017 ITC Undergraduate Student Papers
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A. Schultz, (student) M.W. Marcellin (advisor), “Telemetry and data
logging in a Formula SAE race car”

5 undergrad papers submitted to ITC 2018

UofA Student Photos
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UofA Student Photos

12

UofA Student Photos

13

UofA Student Photos

14

UofA Student Photos

15

2017 ITC Graduate Student Papers
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G. Vanhoy, N. Teku, (students) T. Bose (advisor), “Feature
selection for cyclostationary based signal classification”
T. Peken, (student) R. Tandon, T. Bose, (advisors), “Elastic net for
channel estimation in massive MIMO”
X. Xiao, (student), B. Vasic, S. Lin (advisors), “Multi-bit bit-flipping
algorithm for column weight 4 LDPC codes”

6 grad papers submitted to ITC 2018

Other Papers


Journal Papers



F. Aulí-Llinàs, M.W. Marcellin, V. Sanchez, J. Bartrina-Rapesta, and M.
Hernandez-Cabronero, “Dual link image coding for earth observation
satellites,” accepted to IEEE Transactions on Geoscience and Remote
Sensing.
M. Hernández-Cabronero, M.W. Marcellin, I. Blanes, and J. Serra-Sagristà,
“Lossless compression of CFA mosaic images with visualization via
JPEG2000,” IEEE Transactions on Multimedia, Vol. 20, No. 2, pp. 257–270,
February 2018.
F. Liu, M. Hernandez-Cabronero, V. Sanchez, M.W. Marcellin, and A. Bilgin,
“The current role of image compression standards in medical imaging,” MDPI
Information, Vol. 8, No. 4, pp. 1-26, October 2017.
J. Bartrina-Rapesta, I. Blanes, F. Aulí-Llinàs, J. Serra-Sagristà, V. Sanchez,
and M.W. Marcellin, “A lightweight contextual arithmetic coder for on-board
remote sensing data compression,” IEEE Transactions on Geoscience and
Remote Sensing, Vol. 55, No. 8, pp. 4825–4835, May 2017.
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Other Papers


Conference Papers



E.L. Ahanonu, A. Bilgin, and M.W. Marcellin, “Lossless image compression using
reversible integer wavelet transforms and convolutional neural networks,” Proceedings,
2018 Data Compression Conference, Snowbird, Utah, March 2018.
F. Liu, Y. Lin, M. Hernandez-Cabronero, E.L. Ahanonu, M.W. Marcellin, A. Ashok, and
A. Bilgin, “A visual discrimination model for JPEG2000 compression,” Proceedings,
2018 Data Compression Conference, Snowbird, Utah, March 2018.
Y. Lin, M.W. Marcellin, A. Bilgin, and A. Ashok, “Task-based JPEG2000 image
compression: An information-theoretic approach,” Proceedings, 2018 Data
Compression Conference, Snowbird, Utah, March 2018.
J. Bartrina-Rapesta, V. Sanchez, J. Serra-Sagristà, M.W. Marcellin, F. Aulí-Llinàs, and I.
Blanes, “Lossless medical image compression through lightweight binary arithmetic
coding,” Proceedings, SPIE Optics and Photonics, San Diego, California, September
2017.
N. Amrani, J. Serra-Sagristà, and M. Marcellin, “Low complexity prediction model for
coding remote-sensing data with regression wavelet analysis,” Proceedings, 2017 Data
Compression Conference, Snowbird, Utah, April 2017.
F. Liu, E.L. Ahanonu, M.W. Marcellin, Y. Lin, A. Ashok, and A. Bilgin, “Visibility
thresholds in reversible JPEG2000 compression,” Proceedings, 2017 Data
Compression Conference, Snowbird, Utah, April 2017.
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2017-18 IFT Supported Activities


Graduate Student Fellowship




Senior Capstone Design Project




Mohsen Bahrami
Mobile Telemetry and Communications Console for Baja Racing
Team

Undergraduate Club Projects


Mini-Baja Club




Autonomous Vehicle Club




Participating in Formula SAE – Lincoln, NE, June 2018

Coaster Cats Club
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Participating in AUSVI – Baltimore, MD, June 2018

Formula Racing Club




Participating in Baja SAE – Portland, OR, June 2018

Ryerson Invitational Thrill Design Competition winner, Orlando, FL,
November 2017

Other IFT Activities




Technical Program Chair – ITC 2018
Telemetering Standards Coordination Committee member
ITC Online Proceedings Chair
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2017 proceedings currently online

Financial Data


IFT Endowment


Annual earnings approximately $30,000





Additional IFT Support


IFT provided $55,000
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Chaired Professorship Salary (includes benefits burden) $10,000
Discretionary Professorship Fund (student travel, equipment, added student
assistance, etc.) $20,000

Graduate Fellowships (funds were used with matching funds from external
agencies such as the National Science Foundation, as well as endowment
funds) $25,000
Undergraduate projects (funds were used for Senior Capstone Design,
Autonomous Vehicle Club, mini-Baja Club and Formula One Club
$30,000

Plans for the future


Funding for IFT Fellowships
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These funds will be used together with matching funds from
external agencies such as the National Science Foundation, as
well as endowment funds. The graduate students named as IFT
Fellows will conduct graduate student research in areas relevant
to telemetering, and will publish their work in the form of papers at
ITC 2019. They will attend both ITC 2018 and ITC 2019.

Undergraduate Projects


$25,000

$30,000

These funds will support undergraduate Capstone design projects
relevant to telemetering. In addition, the funds will support projects
for the Autonomous Vehicle club, the Mini-Baja club, the Formula
SAE club and the Coaster Cats club. The students working on
these projects will attend both ITC 2018 and ITC 2019, and will
publish their work at ITC 2019.

Total Funding Request

$55,000

Summary
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Our program is strong and thriving
Our activities would not be possible without the generous
funding that we receive from the IFT
We look forward to a bright future together

NMSU Report to the IFT Board of
Directors – April 2018
Dr. Charles D. Creusere, Frank Carden Chair in
Telemetering & Telecommunications
Klipsch School of Electrical and Computer
Engineering

Institution Information:
• New Mexico State University (Main Campus)
• Las Cruces, NM
• College Of Engineering
• Klipsch School of Electrical & Computer
Engineering

2

Telemetry Leadership
Dr. Charles D. Creusere, Professor, current
holder of the Frank Carden Chair for
Telemetering and Telecommunications
Dr. Deva Borah, Professor, Holder of the IFT
Professorship

III.

KEY PROFESSORS

Professor Charles D. Creusere
Dr. Creusere joined the NMSU faculty as an Assistant
Professor in January 2000 after working for NAVAIR China
Lake for 14 years. He was selected as the first IFT
Professor in 2008 and as the Carden Chair in 2010. He was
reappointed as the Carden Chair in March 2017. He
received a BS in ECE from U.C. Davis in 1985 as well as MS
and PhD degrees from U.C.S.B in 1990 and 1993. Dr.
Creusere’s research focus is in the area of digital signal
processing and he teaches a wide variety of classes related
to telemetry

Professor Deva Borah:
Dr. Borah joined the NMSU faculty in January 2000 as an
Assistant Professor and has since advanced to the rank of
Professor. He received his PhD in May 2000 in
Telecommunications Engineering from Australian National
University in Canberra, Australia. Prior to this, he received
MS and BE degrees in Electrical Communications
Engineering from the India Institute of Science in Bangalore,
India in 1992 and 1987, respectively. He was awarded the
IFT Professorship in 2011 and his research focuses on
physical layer communications systems

Professor Laura Boucheron
Laura E. Boucheron received the B.S. and M.S. degrees in
electrical engineering from New
Mexico State University, Las Cruces, in 2001 and
2003, respectively, and the Ph.D. degree in electrical
and computer engineering from the University of
California, Santa Barbara, in 2008. She has intern and
graduate research experience at both Sandia National
Laboratories and Los Alamos National Laboratory as well
as postdoctoral and research faculty experience in the
Klipsch School of Electrical and Computer Engineering at
New Mexico State University. She is currently Associate
Professor in the Klipsch School.

Professor David Mitchell
David G. M. Mitchell received the Ph.D. degree in
Electrical Engineering from the University of Edinburgh,
United Kingdom, in 2009. Since 2015, he has been an
Assistant Professor in the Klipsch School of Electrical and
Computer Engineering at the New Mexico State
University, USA. He previously held Visiting Assistant
Professor and Post-Doctoral Research Associate
positions in the Department of Electrical Engineering at
the University of Notre Dame, USA. He is a Senior
Member of the IEEE and his research interests are in the
area of digital communications, with emphasis on error
control coding and information theory.

Professor Steven Sandoval
Dr. Sandoval joined the Klipsch School of Electrical and
Computer Engineering at New Mexico State University as
an Assistant Professor in Spring 2017 after
completing the Ph.D. degree in Electrical Engineering
from Arizona State University in 2016. Prior to
joining NMSU he worked for 5 years in the defense
industry. He received the B.S. Electrical Engineering
and M.S. Electrical Engineering from New Mexico State
University in 2007 and 2010. Dr. Sandoval's current
research focus is in the area of time-frequency
analysis, audio and speech processing, and machine
learning.

IV.

INTRODUCTION TO NMSU

History

Current Status
• NMSU has 5 campuses spread across New
Mexico, but graduate degrees are only offered at
the main campus in Las Cruces
•

Additionally, degrees in engineering are only offered at
the main campus

• Current total enrollment in the NMSU system is in
excess of 22,000 students
• Enrollment in the College of Engineering: 2431
undergraduate and 400 graduate students

“All About Discovery!”

V.

TELEMETRY PROGRAM
DETAILS

Objectives, School
• The Klipsch School currently has 279 undergraduate majors,
50 MS students, and 40 PhD students
• The objectives of the Klipsch School ECE program are:
• To prepare students for challenging careers where they can apply a
broad spectrum of knowledge in electronics and computing to solve
real-world problems that help improve our lifestyles, create wealth,
and discover new technologies
• To provide an environment which fosters world class research
involving faculty and students as a component of a comprehensive
educational experience

Objectives, Telemetry
•

The telemetry program is an integrated part of the Klipsch
School, the specific objectives of which are:
•

Provide undergraduate and graduate students with skill set that they
need to pursue a career in a telemetry-related field

•

To introduce our student body to the telemetry field and to the
employment opportunities abounding within it

•

To encourage NMSU faculty to get involved in telemetry research
and to participate in the International Telemetering Conference

•

To support ground-breaking research in support of telemetering
practice

•

To support the Klipsch School in helping to provide the best possible
educational outcomes for our students

Direct Student Support
• IFT-endowed scholarships supported 5
students last year, each receiving $1928
• This was the same as the previous year
• 1 sophomore, 1 junior, 2 seniors & 1 graduate
were supported

• In addition, Carden Chair funds were used to
support an undergraduate research assistant
during the Summer and academic year
(~$5000)

Typical Program Undertaken
• A BS in Electrical and Computer Engineering is our
undergraduate degree
•

We have specializations in telemetry-related disciplines
like Communications and Digital Signal Processing, but
these designations only appear on the students
transcripts and not on their degrees

• MS & PhD having the same degree name and
possible specializations as above, along with an
explicit ‘Telemetry’ specialization

Outstanding Student
Accomplishment
• One supported IFT Scholarship student:
• Submitted an ITC paper this year on research
done under my direction
• Also working part time at PSL on telemetryrelated project

• A second scholarship student is being fully
supported as a grad student by Sandia Labs
in work that has a telemetering component

IFT-Funded Program Investments
• Carden Chair faculty stipend, $15,000/year
• IFT Professorship faculty stipend:
$6800/year
• Student capstone support: ~$2000/year
• Support communications/DSP teaching labs
as needed

Student Papers in 2017:
•
•
•
•
•

ITC 2017: 2
IEEE Conferences: 2
SPIE Conferences: 2
Journal papers submitted: 3
Journal papers published: 1

Number of students graduating with
telemetry experience
• This is hard to quantify
•

Undergraduate students only get ‘direct’ telemetry
experience through Capstone design projects that have
a data communications component
• I have advised 5 such projects in the last 4 years
consisting of a total of 20 students
• I would estimate that ¾ of the Capstone projects
attempted every year have a wireless
communications component, exposing approximately
20 students per year to telemetry concepts

Number of students graduating with
telemetry experience
• Graduate Student Exposure:
• I would consider any graduate student working
on research that impacts telemetering to be
getting exposure to it
•

This would include students working in
communications, information theory, signal
compression, error correction coding, etc.

• My this measure, we produce in an average year
1.5 PhDs and 2 MS graduates

Issues with Program
• ECE Department Head is stepping down
June 30
• I may be the next Department Head which will
necessitate finding a new Carden Chair holder
•

I would continue fulfilling the duties of the position
until the new person is selected

Financial Data
• Salaries:
•
•

$15,000/year stipend for Carden Chair
$6,800/year stipend for IFT Professor

• Scholarships:
•
•

$9,639
Supports 5 students

• Travel
•

~$4000 (ITC)

• Other available (used based on program needs):
•

~$15,000

Plans for Future
• Work to involve newer faculty in telemetery
•
•

Almost certainly the case under the circumstances!
If the Carden Chair position opens up, this will be an
opportunity to get new NMSU faculty involved in the
program
•

For example, if Dr. Borah takes over the Chair, one of the junior professors will
have an opportunity to become the IFT Professor

Summary
• The negatives are
• I may be the next head of the Klipsch School 
• The pool of New Mexican high school students
academically prepared to pursue engineering
degrees is not growing and may be shrinking
• National high school student demographics are
no better

Summary
• On the positive side:
•

Undergraduate admissions are improving
•

Undergraduate admissions up 17% for Fall 2018 university wide

•

Up 18.5% in the College, 6.1% in ECE (applications up 20%)

•

State funding appears to be stabilizing
• We will get the first raises in 5 years

•

The Aggie football team played in their first bowl game in 57 years
• And WON!

•

The Aggie men’s basketball team went to the NCAA Tournement
• And lost again 

Summary
•

The telemetry program is (still) one of the strongest in the
Klipsch School
• We have 5 tenured/tenure track faculty
• Dr. Phillip Deleon (who presented papers at ITC 2015
and 2016) is also a member of our faculty, although he is
currently the college’s Associate Dean of Research
• We have made an offer to a new faculty member in the
area of cybersecurity
•

Whomever is hired may be able to further enhance the telemetry
program

Brigham Young University
Ira A. Fulton College of Engineering and Technology
Department of Electrical and Computer Engineering
Michael Rice, Professor
Willie Harrison, Assistant Professor
Willie Harrison received his BS/MS degrees from Utah State
University in Electrical Engineering in 2007, and his PhD from
Georgia Tech in Electrical and Computer Engineering (ECE) in
2012. He was a faculty member of the ECE Department at
University of Colorado Colorado Springs from 2012-2017, and
joined the ECEn Department at BYU in 2017. His research
interests are in physical layer security, data compression for
aeronautical telemetry, and IRIG-106 modulation techniques.

BYU Telemetry Program
Provide opportunities for project-oriented application of basic engineering principles
to relevant problems in aeronautical mobile telemetry.
The opportunities are provided at both the undergraduate and graduate levels

Students in the
BYU Telemetry Program
Chad Josephson (PhD)
Farah Arabian (PhD)
Robert Leatham (MS)
Taylor DeGraw (BS)
Ximena Briceno (BS)
Bradford Clark (BS)
Benjamin Jensen (BS)
Dakota Flanary (BS)
Becca Thompson (BS)
Thalia Hull (BS)

Other Investments
Student travel
Faculty travel

Typical Program*
1. A student becomes involved in a project
as an undergraduate. IFT support is
usually in the form of tuition and/or an
undergraduate research assistantship.
The usual result is a mentored learning
experience and an ITC paper
2. The student transitions to a funded
research project (either as an
undergraduate or graduate student). IFT
support is usually in the form of tuition
and travel (not covered by the contract).
3. Some students stay on for a graduate
degree. These students are supported in
part by funded research projects and
IFT support in the form of tuition,
graduate research assistantship, and
travel.
* To the extent there is such a thing as typical.

Outstanding Recent Examples of Student Accomplishment

2017 Best Paper Award
Michael Rice, Chad Josephson, Erik Perrins,
“Optimizing Coded 16-APSK for Aeronautical
Mobile Telemetry”

2017 Graduate Student Paper Contest
Chad Josephson “On The Design Of A Squareroot Nyquist Pulse Shaping Filter For
Aeronautical Telemetry”

Outstanding Recent Examples of Student Accomplishment
Recent papers on telemetry-related subjects
1. Michael Rice, Joseph Palmer, Christopher Lavin, and Tom Nelson, “Space-Time Coding for Aeronautical
Telemetry: Part I—Estimators, to appear in IEEE Transactions on Aerospace and Electronic Systems, June 2017.
2. Michael Rice, Tom Nelson, Joseph Palmer, Christopher Lavin, and Kip Temple, “Space-Time Coding for
Aeronautical Telemetry: Part II—Decoder and System Performance, to appear in IEEE Transactions on
Aerospace and Electronic Systems, June 2017.
3. Michael Rice and Andrew McMurdie, "On Frame Synchronization in Aeronautical Telemetry," IEEE
Transactions on Aerospace and Electronic Systems, vol. 52, no. 5, pp. 2263 - 2280, October 2016.
4. Michael Rice, "Data-Aided and Non-Data-Aided Maximum Likelihood SNR Estimators for CPM," IEEE
Transactions on Communications, vol. 63, no. 11, pp. 4244 - 4253, November 2015.
5. Michael Rice, Md. Shah Afran, and Mohammad Saquib, "Equalization in Aeronautical Telemetry Using
Multiple Transmit Antennas," IEEE Transactions on Aerospace and Electronic Systems, vol. 51, no. 3, pp. 2148
- 2165, July 2015.
6. Christopher Shaw and Michael Rice, "Optimum Pilot Sequences for Data-Aided Synchronization," IEEE
Transactions on Communications, vol. 61, no. 6, pp. 2546 - 2556, June 2013.
7. Michael Rice, "On the Reversibility of Randomizers and Derandomizers in Aeronautical Telemetry," IEEE
Transactions on Aerospace & Electronic Systems, vol. 49, no. 2, pp. 1385 - 1391, April 2013.

ITC Participation

ITC 2017 Papers Involving
BYU Authors
1. C. Josephson and M. Rice, “On
the Design of Square-Root
Nyquist Pulse Shaping filter for
Aeronautical Telemetry”
2. Michael Rice, Chad Josephson,
Erik Perrins, “Optimizing
Coded 16-APSK for
Aeronautical Mobile Telemetry”
3. Md. S. Afran, C. Hogstrom, M.
Rice, M. Saquib “Sparse
Estimation and Equalization in
Aeronautical Telemetry”
4. C. Nash and M. Rice, “On IF-toBaseband Translation and
Resampling in the Sampled-Data
Domain”
5. M. Rice et al, “Experimental
result for Data-Aided Equalization
at Edwards AFB”

Planned ITC 2018 Papers Involving BYU Authors
1. R. Thompson and T. Hull, “Energy Harvesting for Sensors in Aeronautical
Telemetry”
2. F. Arabian and M. Rice, “Equalized 16-APSK in Aeronautical Telemetry”
3. K. Nelson., S. Dye, X. Briceno., W. Harrison, “Physical Layer Security in
Aeronautical Telemetry”
4. J. Roza, et al., “BYU Mars Rover Project”
5. J. Willis, et al, “A Hands on Introduction to Telemetry Gathering Avionics for
Undergraduate Engineers”

Graduates
2015: 5
2016: 2
2017: 4
2018: 4 (estimated)
2019: 4 (estimated)
2020: 4 (estimated)

Issues
1. There are no real issues with the program.
2. Sometimes it is hard to find enough interested
students to work on the T/M-related projects.
3. Sometimes there are enough students, but MDR does
not have the time to devote to each student as needed.
4. The addition of Prof. Harrison has really helped this
problem.
5. Funding is never the issue.

IFT Endowment Fund
fund value (end of 2017):

$1,234,766.34

funds generated in 2017

$52,559.00

funds spent in 2017:

$37,702.29

Plans for the future
ü New projects, new students, etc.
ü No new funding required.

Projects Funded by or Partially Funded by the IFT Endowment
• Spacecraft Club (Prof. David Long)
• Mars Rover Competition Team (Prof. Marc Killpack)
• Energy Harvesting (Prof. Michael Rice)
• Physical Layer Security (Prof. Willie Harrison)

Complementary Projects
• Coded 16-APSK for Aeronautical Telemetry (Spectrum Reallocation Fund) with Erik
Perrins (KU)
• Space-Time Coding for Multi-h CPM (Spectrum Reallocation Fund) with Erik
Perrins (KU) and Intelligent Automation, Inc.
• IRES: Practical Physical-Layer Security in Coimbra, Portugal (NSF), Willie Harrison

BYU Spacecraft Club

Six teams of students flew their "femtosats" at launch day.

BYU Mars Rover Team

Mars Rover Competition in Hanksville, Utah

Energy Harvesting

Self-powered sensors for aircraft testing – no wires!

Physical Layer Security

Using software defined radios to explore channel
properties: how secure are we?

Summary: Are we making a difference?
Involve Students in Projects that could make a difference
• Instrumenting a light dress
• Radio collar for wildlife tracking
• Software-defined radio for SOQPSK
• GNU Radio for aeronautical T/M.
• Energy Harvesting for aircraft instrumentation

Trying to solve real test range problems
• Space-Time Coding for Aeronautical T/M
• funding from TRMC/SET and CTEIP
• Appendix R in IRIG 106
• Multipath Channel Modeling Aeronautical T/M
• funding from TRMC/SET
• Data-Aided Equalization in Aeronautical T/M (with Erik Perrins at KU, M. Saquib at UT
Dallas, and A. Cole-Rhodes and F. Moazzami at Morgan State)
• funding from TRMC/SET
• Coded APSK for Aeronautical T/M (with Erik Perrins at KU)
• funding from National Spectrum Consortium
• Space-Time Coding for ARTM CPM (with Erik Perrins at KU, and I-A-I)
• funding from the National Spectrum Consortium

Involvement with the T/M Community
• ITC every year since 1992
• Associate member of RCC-TG (RF committee)

Telemetry @ KU
Department of Electrical Engineering and Computer Science
School of Engineering
University of Kansas

Telemetry @ KU
 Overall objectives of the program (highest first):





Complement externally-funded telemetry research program
Graduate student education (5 students currently)
Undergraduate student education (3 research/4 sr. design)
Faculty/staff research support (3)

Graduate Student Education
 Typical Program Undertaken:
 Travel support to present research results at conferences
(predominantly ITC): 45 ITC trips in 11 years (9 other
conference trips)
 “Bridge” GRA support between externally-funded projects: 4
occasions
 IFT Fellowships (stipends of $1k–$5k): 10 occasions
 Equipment support:





2-for-1 KU match on $200k of major test equipment
Software and hardware maintenance of test equipment
Computers
Minor equipment/research supplies

 Students:
 3 current MS (16 alumni)
 2 current PhD (6 alumni)

Student Spotlight: Farhad Mahmood
 Farhad has been a PhD student in our
program since 2013
 His area of research is developing
accurate energy efficiency models for
wireless handsets
 He is supported by a fellowship from the
Higher Committee of Education in Iraq,
which requires him to return to his home
country to fill a faculty position there. His
hometown is Mosul. He has filed for an
extension through 2019.
 Farhad’s goal is to have an American
university experience to the fullest
extent possible.
 Farhad received travel support to present
his most recent results at IEEE ICNC’18.

Student Spotlight: Sumant Pathak
 Sumant joined our M.S. program in
Fall 2016.
 He will defend his M.S. thesis in May
2018. His topic is a performance
characterization of APSK with coding
and adjacent channel interference.
 He will continue his education as a
PhD student at KU, switching over to
a new project on Space-Time coded
CPM.
 Although he is supported by
telemetry-related research
contracts, his travel to ITC is
supported by the IFT. He received the
Best Graduate Student Paper award
at ITC’17.

Undergraduate Student Education
 Typical Program Undertaken:
 Travel support to present research/senior design results at
conferences (exclusively ITC): 10 ITC trips in 11 years
 “Warm-up” research support for externally-funded projects: 7
occasions
 Senior design sponsorship (1-for-1 match with EECS department,
typically $500): 6 occasions (mandatory ITC trip)
 Equipment support:





2-for-1 KU match on $200k of major test equipment
Software and hardware maintenance of test equipment
Computers
Minor equipment/research supplies

 Current students (all seniors):
 3 research assistants (4 alumni)
 8 senior design students/2 groups (24 students/6 groups alumni)

Student Spotlight: Jason Baxter
 Jason is graduating with his BSEE in April
2018. He is continuing his education at KU
as an M.S. student.
 Jason is originally from Oklahoma. His
primary reason for applying to KU is that
“they did not require an essay.” He has
since distinguished himself as one of our
top undergrad students.
 Jason will be supported for the next two
years on our Coded APSK project. This
project makes extensive use of the major
test equipment purchased with the support
of the IFT.
 IFT funds played a key role in recruiting
Jason to our M.S. program as an undergrad
RA. He attended ITC’17 as a future grad
student. He will attend ITC’18 as a student
author. Also, his senior design group
received a 1-for-1 match using IFT funds.

Sponsored Research Project:
“Coded APSK for Improved Spectral
Efficiency in Aeronautical Mobile Telemetry”
 $2.5M, three-year project sponsored by the National
Spectrum Consortium (NSC), from funds raised by a $41B
spectrum auction
 Addresses fundamental questions about spectrum efficiency
vs. power efficiency in telemetry
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Program Accomplishments
 Publication Totals:
 45 ITC student papers in 11 years
 45 papers at IEEE conferences (predominantly Milcom/Globecom/ICC)
 18 journal papers on telemetry topics

 ITC Paper Awards
 Graduate student: 2003*, 2004*, 2007, 2009, 2013, 2017
 Best paper (non-student): 2005, 2008, 2015, 2017

 The 2013 Best Graduate Student paper was expanded into a journal
format, submitted in August 2013, revised in October 2013, accepted
one day later, and published in December 2013. To date it has been cited
23 times in the open literature.
 The 2017 Best Papers both dealt with cutting edge research on the
viability of APSK modulation in telemetry. APSK has the potential to
greatly impact future test range activities.

ITC 2017
 Attendees:
 3 undergraduate students
 1 graduate student
 2 faculty/staff

 Papers
 1 undergraduate
 1 graduate
 2 regular

ITC 2018
 Expected Attendees:
 4 undergraduate students
 2 graduate students
 2 faculty/staff

 Papers
 2 undergraduate
 2 graduate
 2 regular

Overview of University of Kansas
 Founded in 1865
 Member of Association of American Universities (AAU)
 Two campuses: main campus (Lawrence); medical school
(KC—K)
 Flagship university in Kansas
 Programs of National Prominence (outside of engineering):
Pharmacy, Public Administration, Music, Special Education.
 Professional schools include: Engineering, Law, Business,
Pharmacy, Education, Music, Architecture

KU School of Engineering
 Established in 1891 (first engineering degree conferred in 1873)







Electrical Engineering and Computer Science
Civil, Environmental, and Architectural Engineering
Chemical and Petroleum Engineering
Mechanical Engineering
Aerospace Engineering
Non-departmental programs: Bioengineering, Engineering Physics,
Engineering Management and Project Management

 2500 undergrads; 700 grad students
 Annual research expenditures of $17M
 12 undergrad degree programs; 30 grad degree programs
 Ranked 95th in 2018 US News & World Report

KU EECS Department
 700 undergrads; 170 grad students
 5 degree programs (EE, CoE, CS, Interdisciplinary
Computing, Information Technology)
 Annual research expenditures of $5M
 EE ranked 74th in 2018 US News & World Report
 Core areas of expertise: Communications & Networking;
Radar & Remote Sensing; Cybersecurity

Regional Stakeholders
 DoE National Security Campus/Honeywell





Kansas City—Missouri
Their mission is to “…”
Regularly sends multiple attendees to ITC
A major employer of KU EECS graduates

 Kansas Aerospace Companies
 Bombardier (Wichita)
 Boeing (Wichita)
 Beechcraft (Wichita)

Telemetering Standards Coordination Committee (TSCC)
The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a
focal point within the telemetering community for the review of standards documents
affecting telemetry proposed for adoption by any of the various standards bodies
throughout the world. It is chartered to receive, coordinate, and disseminate information
and to review and coordinate standards, methods, and procedures to users,
manufacturers, and supporting agencies.
The tasks of the TSCC include the determination of which standards are in existence
and published, the review of the technical adequacy of planned and existing standards,
the consideration of the need for new standards and revisions, and the coordination of
the derivation of new standards. In all of these tasks, the TSCC's role is to assist the
agencies whose function it is to create, issue, and maintain the standards, and to assure
that a representative viewpoint of the telemetering community is involved in the
standards process.
The membership of the TSCC is limited to 16 full members, each of which has an
alternate. Membership of technical subcommittees of the TSCC is open to any person in
the industry who is knowledgeable and willing to contribute to the committee's work. The
16 full members are drawn from government activities, user organizations, and
equipment vendors in approximately equal numbers. To further ensure a representative
viewpoint, all official recommendations of the TSCC must be approved by 10 of the 16
members.
Since its beginning, a prime activity of the TSCC has been the review of standards
promulgated by the DoD Range Commanders' Council (RCC)--formerly those of the
Inter-Range Instrumentation Group (IRIG) and later, those of the Telemetry Group (TG).
These standards, used within the Department of Defense, have been the major forces
influencing the development of telemetry hardware and technology during the past 30
years. In this association, the TSCC has made a significant contribution to RCC
documents in the fields of Radio Frequency (RF) telemetry, Time Division (TD)
telemetry, Frequency Modulation (FM) telemetry, tape recording and standard test
procedures.
As the use of telemetering has become more widespread, the TSCC has assisted
international standards organizations, predominately the Consultative Committee for
Space Data Systems (CCSDS). In this relationship, the TSCC has reviewed standards
for telemetry channel coding, packet telemetry, and telecommand.

SCOTT BRIERLY

TELEMETERING STANDARDS COORDINATION COMMITTEE

Boeing Space & Communications
Chairman

Steve Nicolo

GDP Space Systems
Chairman

James A. Yates
L3 Communications
OPEN
Vice-Chairman
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Chairman

WAYNE KLEIN

DAVID
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MARK BENDER
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SCOTT BRIERLEY
United Launch Alliance

PHILIP FLUERY
Boeing

BRAD FLUERY
Edge

GILLES FREAUD
Airbus France
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Telemetering Standards Coordination Committee –
Report- Page 1 of 2
To:
Directors of the International Foundation for Telemetering
Date: June 2018
Subject: June 2017-through June 2018 Annual report
The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a focal
point within the telemetering community for the review of standards documents affecting
telemetry proposed for adoption by any of the various standards bodies throughout the world.
With a diverse membership, representing government, aerospace industry, academia and
manufacturers, the TSCC offers a forum for discussion of issues for the telemetry community.

ALBERT GABALDON Jr.
NAWC China Lake

WAYNE KLEIN
Apogee labs

FILIBERTO MACIAS
White Sands Missile Range

MICHAEL MARCELLIN,
PhD
University of Arizona

MYRON MOODIE
Southwest Research Inst

STEVE NICOLO
GDP Space Systems

SERGIO PENNE
Embraer SA

JOE SULEWSKI

The TSCC held two general meetings during this reporting period. The first was held in
October 2017 in conjunction with the 2017 International Telemetering Conference (ITC) at
Bally’s in Las Vegas, NA. The second meeting was held in Lancaster, CA in conjunction
with the RCC meetings in April 2018. The next TSCC meeting will be at the 2018 ITC Show
outside of Phoenix, AZ followed by a spring meeting in 2019. The time and location of this
Spring meeting has not been determined yet. It is likely that the spring meeting will be
colocated with the Spring RCC meeting.
Due to several retiring members, we currently have a total of 13 full members out of a
chartered target of 16 members. We have 8 members from industry/manufacturers, 4
members from government agencies, and 1 from the academic organizations. We are actively
looking to fill the remaining 3 vacancies with members with either a government or academic
background, however, 1 of the 3 vacencies could also be from industry. We have several
candidates under consideration. This will maintain our required split between industry,
accedemic and government. We are currently looking for one of our members to fill the vice
chair position. It was proposed at the Srpring 2018 meeting that we suspend the Coding and
Data Compression and the Transducers subcommitties for now due to lack of activity and that
we add an Information Assurance subcommittee. This will be discussed further in the Fall.

L-3 Communications

The TSCC is very grateful to the IFT for continuing to fund our efforts. The TSCC requested
and was given funding of $1,000 by the IFT this year (2017).
CLIFF AGGEN
Ex-Officio IFT Rep

LEE H. ECCLES
MERV MACMEDAN
ERWIN H. STRAEHLEY
Members Emeritus

In addition to the TSCC standard committies, the TSCC is supporting a vendor working
group for the RF subcommittee. This group met in the Spring and Fall of 2017 as well as the
Spring of 2018. This group provides a unique mix of experts, from a wide range of RF
related disciplines with a desire and willingness to work jointly with the Government,
Vendors, and Academia. This group is supporting a variety of efforts with the goal of
ineroperablity between vendor hardware for the newley emerging standards related to new RF
functions in IRIG 106 (i.e. DQM/DQE, Adaptive Equilization, LDPC, IRIG 118 Test
Standards, STC, …).

SCOTT BRIERLY
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Telemetering Standards Coordination Committee –
Interim Report – Page 2 of 2
At the Fall 2017 ITC the RF Vendor Woreking group cosponsered a TMoIP IRIG 218
Industry Day in which 6 companies brought their TMoIP hardware and connected them up
together and with minor adjustments were all able to both send and receive telemetry data to
each other. This was the first of several meetings for TMoIP interoperability.
The TSCC presented the “Lawrence Rausch Telemetry Standards Award” at the ITC 2017.
This award is presented each year at ITC for the “Best Paper related to Telemetry Standards”.
The winning paper was “A Proposed Revision to IRIG 218 Based on Real World Experience”
by Mr Gary Thom of GDP Space Systems.
The TSCC members & committees reviewed (and commented where necessary) on the
following standards drafts and Pink Sheets:
 IRIG 218 TMoIP Draft updates to 218-10 (Pink sheets to follow in 2018)
 IRIG 106-17 Chapters 6/9/10
 IRIG106-17 Ch10 including creation of new Ch 11 (formerly Ch10.6) and CRs –RR17-00 thru 11in process
 IRIG106-17 Chapter 7 updates
 IRIG-106 Part 2 Chapters 21-18 (iNET standards)
 We continue our close relationship with the European Telemetry Standards
Committee (ETSC) and will be presenting there this year
We greatly appreciate the support of the IFT for our efforts and I would be happy to answer
any questions you may have.
Respectfully submitted,
Stephen Nicolo
Chairman, TSCC

INTERNATIONAL CONSORTIUM FOR TELEMETRY SPECTRUM
The frequency spectrum allocated for telemetry purposes is increasingly at risk of
reallocation to other purposes. For the aeronautical and astronautical
communities, the main present threats are from the mobile satellite services
(MSS), the personal communication services (PCS) and the digital audio
broadcast satellite services (DBS). Other safety critical telemetry applications,
such as missile termination, launch vehicle command/destruct, bio-medical and
industry use are also under threat from terrestrial broadcasting applications.
For the users, the application of radio telemetry is safety-critical or mission critical
to the development and sustainment of the economic and security imperatives of
many nations. But the importance of telemetry is little known or understood
outside the user, engineering and test community. Strong political backing is not
existent and a cohesive advocate group at regional and world radiocommunications conferences is lacking.
Currently, the impacts of potential spectrum losses to the telemetering
community are not adequately considered, consolidated or represented. This
needs to change. Therefore an international group has been established to help
consolidate impact statements and to advocate the protection of spectrum that is
critical to continuing telemetry application.
The initial steps taken to establish the International Consortium on Telemetry
Spectrum (ICTS) were presented at a special workshop of the European Test
and Telemetry Conference (ETTC) in Paris on 10 June 1999 and this was
followed by a special workshop of the European Telemetry Conference held 30th
May 2000 at Garmisch- Partenkirchen in Germany. The Charter and Bylaws
were formally accepted and approved by the International Foundation for
Telemetering Oct 25, 2001. The IFT at that time became the ICTS sponsoring
organization.

INTERNATIONAL CONSORTIUM
FOR TELEMETRY SPECTRUM

2018 ICTS Annual Report

Submitted by the ICTS Officers:
Mr. Scott A. Hoschar (USA), Chairman
Mr. Guy Williams (USA), Vice-Chairman
Mr. Tim Chalfant (USA), Secretary
Regional Coordinators:
Dr. Gerhard Mayer (Germany), Region I Coordinator
Mr. Sergio Penna (Brazil), Region II Coordinator
Mr. Tim Chalfant, (USA), Region III Coordinator (acting)

ICTS Meetings & Sessions
The ICTS held Business Meetings and General Sessions in October 2017 (Las Vegas,
Nevada, USA) and in June 2018 (Nuremberg, Germany).
The October/Fall meeting was held in the United States as part of the 2017 International
Telemetering Conference (ITC 2017). ICTS Vice Chairman Mr. Guy Williams prepared and
conducted the ICTS Fall Session. The Fall Session started with presentations on Regional
Reports of International Telecommunication Union (ITU)-Region 1-Europe/Africa (R. Urli),
ITU-Region 2/The Americas (Mr. T. Chalfant) and ITU-Region 3-Asia/Pacific (Mr. T.
Chalfant)”. Briefings followed on “Encroachment Threats to Aeronautical Telemetry in the
USA: Update #14A” (G. Williams),“2019 World Radio-communication Conference Issues for
AMT"( K. Keane), “AeroMACS and AMT operating at C-band – Interference Tests.” (L.
Fernando, S. Penna), and the session closed with “ICTS Way-Ahead and Closure” (G.
Williams/T. Chalfant). These briefings and presentations are included in the Proceedings
repository on the ICTS website (www.telemetryspectrum.org) . The 2017 Fall ICTS Business
Meeting was conducted at the same venue. In attendance were Guy Williams (Vice Chair),
Renaud Urli (Gerhard Mayer’s alternate, Region 1), Tim Chalfant (Secretary) Sergio Penna
(Region 2),Ray Faulstich (IFT Liaison), Ken Keane, and Eric Prescott. The meeting was
called to order by Mr. Williams with 4 of the 6 regular members present (quorum verified).
Dr. Mayer’s notes from the previous 2017 ETTC Business Meeting were reviewed and
approved. The agenda for this meeting was presented by Mr. Williams and approved without
change.
The Spring Session and Business meeting were hosted by the 2018 European Test and
Telemetry Conference in Nuremberg, Germany. ICTS Vice Chairman Mr. Guy Williams
prepared and conducted the ICTS Spring Session. The session started with presentations on
“Region I Report (Europe/Africa)” (G. Mayer), “Region II Report (The Americas)” (G.
Williams/S. Penna), “Region III Report (Asia/Pacific)” (T. Chalfant), “WRC-19 AMT
Update”(T. Chalfant), and concluded with the Spring ICTS Business meeting. In attendance
during the business meeting were Guy Williams (Vice Chair/ Region 2), Gerhard Mayer
(Region 1), Tim Chalfant (Secretary/Region 3), Sergio Penna (Region 2), Steve Lyons, and
Eric Prescott. The meeting was called to order by Mr. Williams with 4 of the 6 regular
members present (quorum verified). Minutes from the previous 2017 ITC Business Meeting
were reviewed and approved. Mr. Williams presented the agenda for ICTS session and it was
approved without change. The annual written report was submitted in the Fall for inclusion in
The Proceedings of the International Telemetering Conference. It was recommended that the
annual report be available on the website. Mr. Chalfant provided the secretary’s report. The
election of officers for the 2019/2020 term will be elected at the 2018 Fall meeting (6 Nov,
2018, Glendale AZ, USA). Nominations for Chair, Vice-Chair and Secretary-Treasurer shall
be submitted to the Nominating Committee by 15 September 2018. The ballot will be
distributed via email 30 days prior (by 6 Oct, 2018). Elections will be held at the 2018 ICTS
Annual Meeting. Members who are unable to attend may vote by proxy via their Alternate or
via their Regional Coordinators. Each current Regional Coordinator will be responsible for
soliciting nominations and holding elections for their replacement. Only Members in their
Region shall be eligible to nominate, vote, and serve. Each Regional Coordinator shall hold
elections prior to the ICTS Annual Meeting. Regional Coordinators shall announce their
replacement at the ICTS Annual Meeting. A concern remains over the lack of participation
from region 3 (Asia-Pacific). Members and associates are requested to forward any telemetry
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contacts to Tim Chalfant. Special interest in Australia, Indonesia, Singapore, and Japan- all
very active in telemetry but not the ICTS.
An Outreach Broadcast Email and Newsletter was sent in February noting the WRC19 AMT
Threats. The next Newsletter is planned for post ETTC meeting, update of WRC19 Threats
(July). The proposal to pursue subscriptions to our Telemetry Spectrum Newsletter to offset
member ITU attendance costs was not approved by the IFT. The ICTS’s ability to offset these
costs is unfunded by the IFT. Several CPM and WG meeting are scheduled in preparation for
WRC-19 (see website). ICTS members are encourage to support these meeting and report to
the ICTS for information distribution.

ICTS Membership
•

•

Regular members
• Chairman/Region 2 Coordinator – Mr. Scott A. Hoschar (USA/Patuxent River
MD) is the Head of the Middle Atlantic Area Frequency Coordination Office
(MIDLANTAC) and the Installation Spectrum Manager of the Naval Air
Warfare Center Aircraft Division (NAWCAD).
• Vice Chairman – Mr. Guy Williams (USA/Edwards AFB) Air Force Spectrum
Relocation Fund (SRF) Program Manager, ENS, of the Air Force Test Center
(AFTC).
• Secretary – Mr. Tim Chalfant (USA), COLSA Consulting to the Test Resource
Management Center (TRMC).
• Region 1 Coordinator – Dr. Gerhard Mayer (Germany) of the University of
Salzburg.
• Region 2 Coordinator - Mr. Sergio Penna (Brazil) of Embraer Sociedade
Anônima.
• Region 3 Coordinator – Acting - Mr. Tim Chalfant (USA), COLSA Consulting
to the Test Resource Management Center (TRMC). (NOTE: position is vacant
due to retirement of Mr. Darrell Ernst)
Associate members
• Mr. Jean Claude Ghnassia (France) Head of Instrumentation for Airbus
(retired).
• Mr. Steve Lyons (United Kingdom), QinetiQ Group.
• Mr. Luiz Fernando de Souza (Brazil) of Embraer Sociedade Anônima.
• Mr. Ken Keane (USA/Washington DC) of Duane-Morris LLP.
• Mr. Eric Prescott, Engineering Manager for Flight Test Instrumentation at
BAE Systems Inc. (retired), currently a Telemetry Consultant for Nprime.
• Mr. Ray Faulstich (USA/Patuxent River MD) of Pacific Architects and
Engineers Incorporated.

We have currently fair associate membership numbers from ITU Regions 1 and 2. Region 3
currently has no active members. ICTS members are getting the message out to the
international community through the IFT, the International Test and Evaluation Association
(ITEA), European Test and Telemetry Conference (ETTC), and our website
(www.telemetryspectrum.org). Besides the before-mentioned biannual Sessions, ICTS
Members regularly offer papers at related Working Groups, technical conferences, trade
journals and newsletters that bring the ICTS and its mission forward.
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WRC-19 Threats to AMT and Proposed Response:
For 2019 World Radiocommunications Conference (WRC-19), several potential ‘AMT
impact’ topics are being proposed as Agenda Items.
Agenda Item 1.14; High Altitude Platforms. This issue deals with additional spectrum
allocations for high-altitude platforms (advocated by Facebook and Google); the 6 GHz band
is one of a number of bands potentially affected. High altitude platforms operating in this
band could affect AMT operations in the upper C-Band (5925 MHz to 6700 MHz) as
allocated at WRC-07.
Agenda item 1.16; 5 GHz RLAN Rules. Agenda item 1.16 deals, among other things, with
possible relaxation of the rules for wireless access system known as radio local area networks
(“RLANs”) in the 5 GHz sub-band including 5150-5 250 MHz (an AMT Band for numerous
administrations). These include a power increase and elimination of the indoor-only
restriction. Efforts to relax the out-of-band emission (“OOBE”) limit for RLAN operations in
this band could also affect the internationally harmonized AMT allocation at 5091-5150
MHz.
Agenda Item 9.1.1; IMT Operations in Lower S-Band. This agenda item considers
compatibility issues between the terrestrial component of IMT (International Mobile
Telecommunications) and the satellite component of IMT (as Dish Networks downlinks). It
includes the frequency bands 1980-2010 MHz and 2170-2200 MHz. Many administrations
operate AMT system in the adjacent lower S-Band (2200-2300 MHz). The issue needs to be
monitored to ensure there is no increase in interference with AMT systems operating in the
lower S-Band in the adjacent band.
Agenda Item 9.1.2; AMT in 1452-1492 MHz. This agenda item is intended to ensure the
compatibility of IMT and BSS (sound) in ITU Regions 1 and 3 with a specific focus on the
protection of broadcast satellite reception against mobile broadband transmissions. Region 2
administrations conducting telemetry are protected (per Radio Regulation 5.343); however,
AMT has no such protection in other Regions such as Europe.
Agenda Item 9.1.3; NGSO Rules for C-Band. This agenda item looks toward the
development of ITU regulations to accommodate new nongeostationary satellite orbit (nonGSO) systems in the C-Band (4-6 GHz). The AMT community needs to ensure that non-GSO
systems do not cause harmful interference to, or otherwise preclude, the operation of AMT
systems in this spectrum.
Agenda Item, proposed. New Aeronautical Recommendation. This item is the outgrowth
of an effort by France to develop a new ITU recommendation specifying protection criteria
for AMT systems operating in the frequency band 5150-5250 MHz. The AMT community
needs to monitor development of this recommendation to ensure that AMT, and in particular
AMT Recommendation ITU-R M. 1459, are not impacted.
The ICTS needs to maintain good communication in the international telemetering
communities to protect IFT members who rely on these bands. The ICTS needs to seek
forums that include the other international telemetering organizations and corporations.

Europe (ITU Region 1)
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The European Conference on Postal and Telecommunications Administrations (CEPT, with
48 European counties cooperating to regulate posts, radio spectrum and communications
networks) and its activities are the main source of information to provide an independent
assessment of ITU-Region 1 issues & positions that could affect AMT capabilities, in
preparation of the WRC-19. Further sources (from meetings & reports) are monitored from
the African Telecommunication Union (ATU) and the Arab Spectrum Management Group
(ASMG).
Usage. AMT L-band are still used across Europe (despite of CEPT / ERC Rec. and WRC-95
allocations to the Satellite - DAB service in that band):
Russian Federation & Allies
1429 – 1535 MHz
France
1427 – 1429 MHz
Switzerland
1429 - 1445 MHz
Spain &UK
1427 – 1452 MHz
S-band for AMT (CEPT/ERC Rec.62-02E) is in use for AMT.
- Core band
2300 – 2330 MHz
- Extension band
2330 – 2400 MHz
Some countries still use parts of 2025 - 2300 MHz for AMT
WRC-07 C-band global 5091 – 5150 MHz band, with a Region 1 extension at
5150 –
5250 MHz, remains the only real harmonized AMT band in Europe. There are many plans
for C-Band in Region 1;
Austria: Payload tests for border surveillance
France: Airbus to test AB 350 et al
Spain; may be later part of the Airbus network
Germany: DLR and Fraunhofer doing operational tests, Airbus-Eurocopter in opl.status from end of 2018 onward
The Netherlands: NRL, systems procured & operational
Sweden/Norway: VIDSEL Range: procurement C-band tracking station in process,
flight tests concluded. Andoya Range in introduction process
Switzerland: Armasuisse and Swiss Copter Group in introduction process
United Kingdom: BAES and Qinetiq in planning status for 2018 onward.
Threats. The CEPT supports studies to be performed under AI 1.16 in accordance with Res.
239 (WRC-15). In the 5150 – 5350 MHz band, CEPT would support relaxing the access
conditions applicable to WAS / RLANs, if results show sharing and compatibility cannot be
achieved with EESS, radars, Sat-feeder links, aeronautical navigation and aeronautical
telemetry. However CEPT noted that the current studies have shown difficulties in achieving
co-existence with incumbent services“(3rd meeting, May 2017). CEPT revised that position
further in its fourth meeting (March 2018), especially with reference to the band 5150 – 5250
MHz. In the 5 150-5 250 MHz band, CEPT notes that an outdoor relaxation to WAS/RLAN
would affect the operation of the MSS feeder links, aeronautical radio navigation and
aeronautical telemetry (see No 5.446C). However, CEPT is still studying usage restrictions
(e.g. in vehicle use) combined with appropriate mitigation techniques to achieve co-existence
with incumbent services, to enable outdoor WAS/RLAN use in this band.
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Smart Manufacturing; This is on the roadmap to standardization, supported by ETSI, IEC,
ISA, IEEE, OneM2M et.al. Industrial radio links presently in the unlicensed 2,4 GHz band
investigate licensed allocations from 1,5 – 6 GHz, spectrum requirements 80 MHz
(2x40MHz). Candidates for studies include several AMT bands: 2340 - 2400 MHz & 5150 –
5Analysis of the current and future spectrum use for narrowband and broadband machine type
communications (MTC), as expressed in AI 9.1.8 Resolution 958 (WRC-15), concluded that
there is no need to identify specific spectrum for those applications in the Radio Regulations.
The current ITU WP5D position is that MTC/IoT applications and devices can be used
effectively with all the benefits of the existing bands and the new frequency bands under
study for IMT, as well as those for SRD and ISM applications”. 250 MHz. The one M2M
Partnership Project (>200 members worldwide) succeeded to bring that issue on the ITU (R)
list of urgent studies required in preparation of the WRC-19, as WRC 19 AI 9.1.8 Res.958
(WRC-15): Narrow & broadband machine-type communication infrastructures (to be studied
by WP5D)
Licensed Shared Access. LSA was seen as enabler to release additional spectrum for Mobile
Broadband Services, sharing with incumbents, on a secondary basis assessing protection of
existing services. Concept put forward by the Radio Spectrum Policy Group“(RSPG),
supported by DIGTALEUROPE. Per ECC Report 172: “Sharing with incumbent services as
secondary service feasible, by proper mitigation techniques“(adjacent channel ops,
geographical separation, time sharing). Modifications to the final report were accepted, as
recommended by the ICTS:
-

PFD by interferers must be not more than -180dBm (in any 4KHz part of the
AMT signal).
Availability of transmitted AMT data (with high integrity) must be better than
0,995 of the test period.

CEPT Report Nr. 52: describing the „technological and regulatory options for sharing
between WBB and the relevant incumbent services/applications in the 2,3 GHz band“ was
released. LSA Demo & Testing supported by Italy, Finland, France, The Netherlands and
Spain (and their industrial partners) further by the Joint Research Centre of the European
Commission, started from Oct. 2015 up to Jan. 2017. Further work was Proposed to delegate
to the ITU(R) Study Groups:
WP1B:“to develop the regulatory frame conditions for LSA implementation“
WP5A:“to study the necessary mitigation techniques“
With LSA issues on an ITU-level the LSA-idea is on way from a regional to a global level.
Licensed Assisted Access. The main LAA idea is, that LTE cells operating in other bands
synchronize secondary cells in C-band, 5150-5350 MHz (that band is presently allocated to
indoor WLAN on a power level +23 dBm, only). The problem is that outdoor cells can affect
AMT Ops.
ICTS has to monitor further intentions & studies in band 5150 -5250 MHz, with Res. 418
(Rev.WRC-15) allowing now a global allocation for AMT for that band (introduction from
2017). LAA-LTE bands are 5150 – 5350 MHz; 5470 – 5725 MHz in band 5150 – 5250
MHz: 5 channels x 20 MHz. In the Americas LTE-U bands are 5150 – 5250 MHz; 5250 –
5750 MHz in band 5150 – 5250 MHz: 4 channels x 20 MHz.
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Power levels:

Elevation
Elevation

0 < 30 deg.
> 30 deg.

Power flux density:

+ 36 dBm
+21 dBm
+ 17 dBm / MHz

Future. The Agenda Items for the WRC-19 and regional BWS- initiatives (LSA, LAA-LTE)
have to be carefully studied and assessed. The ICTS should provide early warning with
respect to spectrum threats emerging in other areas of the world. Support of relevant study
groups in AMT-critical issues, e.g. the technical & operational characteristics in band 5150 –
5250 MHz, in the ITU (R) Working Party 5B and Joint Task Group meetings (Geneva)
Monitoring CEPT & ATU, RCC and ASMG meetings and workshops,
The ICTS should also investigate the feasibility of augmenting the current AMT bands by
new allocations in Ku, K, and Ka bands (15 - 30 GHz).

The America’s (ITU Region 2)
United States (USA). In the USA Global mobile data traffic grew 63 percent in 2016 from
2015, 7.2 Exabyte’s (1B Gigabyte) from 4.4 Exabyte’s per month. Sources expect 7 fold
increase by 2021 to 49 Exabyte’s per month. North America expects a 5-fold increase. The
average smartphone usage grew 38 percent in 2016 representing 81 percent of total mobile
traffic. It is predicted that this will grow to 86% of mobile traffic by 2021. Mobile video
traffic accounted for 60 percent of total mobile data traffic in 2016 and over three-fourths (78
percent) of the world’s mobile data traffic will be video by 2021. The “next generation” is
significant. 5G estimates up to 3 million new jobs, $275 billion in private sector network
investment and $500 billion added to the GDP
The U.S. is executing a new “National Broadband Plan”. In this plan, at least 100 million U.S.
homes should have affordable access to actual download speeds of at least 100 megabits per
second and actual upload speeds of at least 50 megabits per second by the year 2020. The
United States desires to lead the world in mobile innovation, with the fastest and most
extensive wireless networks of any nation. Every American should have affordable access to
robust broadband service, and the means and skills to subscribe if they so choose. Every
American community should have affordable access to at least 1 gigabit per second
broadband service to anchor institutions such as schools, hospitals, and government buildings.
To ensure the safety of the American people, every first responder should have access to a
nationwide, wireless, interoperable broadband public safety network. To ensure that America
leads in the clean energy economy, every American should be able to use broadband to track
and manage their real-time energy consumption.
The total number of spectrum assignments doubled between 2012 and 2017 (7,050 to 14,207).
The total MHz-hours scheduled increased by ~25% between 2012 and 2017 (423K to 563K).
In the USA new technologies and efficiencies were widely introduced; MHz-hours per
frequency assignment were reduced by a third between 2012 and 2017 (60MHz-hours/request
to 40 MHs). Shorter average test durations and a higher number of requests account for this
change.
Spectrum Threats in the USA
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5150-5250 MHz OOBE will be a significant impact. Radio local area network (“RLAN”)
interests want to relax USA Federal Communication Commission (FCC) Out-of-Band
Emissions limits for emissions from RLANs into AMT band. AFTRCC (Aeronautical Flight
Test Radio Coordinating Council, representing the aerospace industry in the USA) has filed
Oppositions with FCC to RLAN proposal.
Wireless microphones at 1435-1525 MHz. FCC approved secondary wireless microphone
use in 2015 subject to stringent terms and conditions to protect AMT.
Medical telemetry is allowed to operate on secondary basis in 2360-2390 MHz AMT band,
again subject to stringent terms and conditions
Congress has enacted the MOBILE NOW bill which identifies 255 megahertz for potential
repurposing. Several organizations are conducting or support studies on 3 GHz, spectrum
incentives, bi-directional sharing, and unlicensed spectrum. Ongoing spectrum repurposing
activities include the Spectrum Pipeline Act, the implementation of the FCC’s Spectrum
Frontiers and CBRS (3.5 GHz) proceedings, and the AWS-3 transition.
Brazil; At WRC-15 the band 1427-1518 MHz was identified for International Mobile
Telecommunications (IMT), but Brazil has been operating AMT in the 1452-1472 MHz band
since 2005. However, their national telecommunication agency (ANATEL) will identify a 20
MHz-wide Brazilian AMT band that shall remain inside the 1435-1525 MHz range. Still,
chances are this AMT band will eventually be shifted from 1452-1472 MHz in order to
accommodate the supplementary downlink of the IMT.
The Brazilian ANATEL extended the time-frame for the use of frequencies temporarily
allocated in the 2230-2260 and 2330-2360 MHz bands. These are now the most heavily-used
AMT bands in Brazil. The ANATEL also approved a resolution to have the band of 2200 to
2290 Mhz allocated to AMT use. EMBRAER will accommodate its AMT link inside the new
S-band (2200 to 2290 Mhz)
Brazil is concerned about the status of the “Aeronautical Mobile Airport Communications
System” (AeroMACS) implementation in ITU Region 2; AeroMACS is a new data link
technology intended to support airport surface communications related to safety and
regularity of flight worldwide, it is based on IEEE 802.16e (the WiMAX standard) and uses
the 5091-5150 MHz AMT band.
WRC 19 – AI 1.16: The Brazilian Air Force intends to send a “no change” proposal to AI
1.16 to the Brazilian ANATEL; it will be a Brazilian contribution to next CITEL CCPII
meeting at Mexico in order to keep the band 5150-5250 Mhz allocated to AMT. At WRC07,
the frequency band 5150 to 5 250 MHz was allocated to aeronautical mobile service on a
primary basis, as follows:
“Footnote 5.446C - Additional allocation: in Region 1 (except in Algeria, Saudi
Arabia, Bahrain, Egypt, United Arab Emirates, Jordan, Kuwait, Lebanon, Morocco,
Oman, Qatar, Syrian Arab Republic, Sudan, South Sudan and Tunisia) and in Brazil,
the band 5150-5 250 MHz is also allocated to the aeronautical mobile service on a
primary basis, limited to aeronautical telemetry transmissions from aircraft stations
(see No. 1.83), in accordance with Resolution 418 (WRC-07). These stations shall not
claim protection from other stations operating in accordance with Article 5. No. 5.43A
does not apply. (WRC-12)”
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Brazil proposes no change to the Table of Frequency Allocations in the band 5150-5250
MHz, as further study of currently available mitigation measures. This indicates that there are
no feasible mitigation techniques to facilitate sharing between RLAN and Fixed Satellite
Services (FSS), in according the last chairman’s report WP5A (Annex 23), Mobile Services
and Aeronautical Radionavigation (ARNS) in the band 5 150-5250 MHz.

Asia/Pacific (ITU Region 3)
Currently the ICTS has no active membership from this region. In the past Australia, India,
Indonesia, Korea, and Japan have participate due to their very active AMT communities. The
ICTS is trying to re-establish those contacts.
The Asia-Pacific Telecommunications (APT) represents AMT interests in his region. A
Conference Preparatory Group for World Radio-communication Conference (APG) has been
developed with the objective of harmonizing views and developing common proposals from
the Asia-Pacific region for the World Radio Conference (WRC). The main objective of APG
is to organize coordinated regional activities to ensure that the interests of APT Members are
properly represented. The activities include but are not limited to:
Develop APT Common Proposals for WRCs and on matters related to ITU
Radiocommunication Assemblies (RAs);
Develop APT contributions to ITU-R Conference Preparatory Meetings (CPMs); and
Assist APT Member countries, especially developing countries, in their preparations
for WRCs, RAs and CPMs.
The APG reviews each WRC-19 Agenda item and continue developing APT preliminary
views based on input contributions from APT Members. They review the activities of other
regional organizations, in particular, their preliminary views/position with a view to fostering
inter-regional cooperation; Their Next Meetings are ;
APG19-4:
APG19-5:

7-12 January 2019, Republic of Korea
31 July – 6 August 2019, Japan

Usage. While many Region 3 administrations operate AMT in L and S band, there are not
ITU allocations for AMT in this region except for the global band (5 091 – 5 150 MHz).
These services operate primarily under local or domestic allocations that can be subject to
interference from operations in other countries. This will become problematic as AMT
footprints grown and signals cross national borders.
Threats. Spectrum encroachment threats are similar to other regions. Besides the protection
of 5 091-5 150 MHz. (AMT Global Band), region 3 AMT users and provides must be aware
of threats to L and S band operations (as in region 2 or 1).
RLAN; WRC19 Agenda item 1.16 seeks to to consider issues related to wireless access
systems, including radio local area networks (WAS/RLAN), in the frequency bands between
5 150 MHz and 5 925 MHz. These Radio local area network (“RLAN”) interests seek
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relaxation of OOBE limits for emissions from RLANs into AMT band, 5091-5150 MHz.
Relaxing Out-Of-Band Emissions from RLAN into the AMT band, outside the limits of
M1459, would interfere with AMT operations at 5 091 to 5 150 MHz in region 3 (see No
5.446B). APT members support studies being conducted in ITU-R in accordance with
Resolution 239 (WRC-15). APT members are of the view that the protection of incumbent
services including their current and planned use in the frequency bands 5 150-5 350 MHz.
A new proposed item, introduced by the French, seeks to secure a new protection criteria for
aeronautical mobile service (“AMS”) systems operating in the frequency band 4400 – 4990
and 5150-5250 MHz. While not a Region 3 AMT Band, it is a local allocation in Australia
and other Asia-pacific administrations. The AMT community needs to watch this
recommendation development to ensure that AMT (a subset of the AMS), and the established
AMT Recommendation ITU-R M. 1459, is not impacted. The protections of M-1459 must be
enforced from AMS interference with AMT.
Future. The ICTS needs to develop POCs and members in this region to represent the AMT
community. Primarily we need a region coordinator. This remains one of the main targets of
the ICTS OutReach plans for 2019.

Outreach
Website.The ICTS website (www.Telemetryspectrum.org) supports our mission, vision,
calendar, and file repository. Mitre provides the webmaster. The ICTS website has been
updated with the 2017 ITC Session Proceedings and the 2018 proceedings are pending Mitre
support. Mitre has suggested we re-host the website to make it supportable by the ICTS
members and not reliant of the webmaster to post updates. This is in work.
The ICTS has been reimbursed by the IFT for annual website hosting (Yahoo for $39.99).
The ICTS email address (ICTS@telemetryspectrum.org) has been updated in Yahoo and has
been used for the ICTS Fall outreach correspondence. Currently there are 89 total contacts in
ICTS distribution. Four primary distribution lists are maintained;
Region 1; 38
Region 2; 16
Region 3: 12
Newsletter. An Outreach Broadcast Email was sent in February noting the WRC19 AMT
Threats (attachment 1). The Contact list provided by ITC, filtered to 64 International
attendees. The ETTC staff also forwarded this to over 100 email addresses. 25 responses have
been received to date and replies have been sent to add them to our Newsletter Distribution. A
Spring Newsletter Email Broadcast has been place on hold pending the posting of the 2018
proceedings and website updates.
Region 3. Currently the ICTS has no active membership from this region. In the past
Australia, India, Indonesia, Korea, and Japan have participate due to their very active AMT
communities. The ICTS is trying to re-establish those contacts by emailing vendors and
supplies identified in this region. A sample Email is provided as attachment 2.
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Future for the ICTS
Ideally, ICTS would continue to be the “eyes and ears” for the IFT/AMT community with
regards to international spectrum threats and issues. ICTS continues to serve a crucial role in
the development of a network of telemetry allies and practitioners around the globe. It is vital
that that role be maintained given the pressure on AMT spectrum allocations from mobile
broadband.
Agenda Items for WRC-2019 have to be carefully studied and assessed. Via our distribution
list and Newsletter, the ICTS can provide early warning with respect to spectrum threats
emerging around the world. It would be advantageous to the AMT Community for ICTS
members to attend the relevant Study Group ITU Working Parties (WP) 4 & 5 for the
preparation of the WRC-19 meetings where the critical agenda points with potential to
threaten AMT spectrum are under discussion. When possible, ICTS members (funded by their
employer) attend relevant study group meetings when critical AMT issues are on the agenda,
such as:
Working Party 5B in Geneva
CEPT meetings
CITEL meetings
The importance of having on-call, immediately accessible AMT experts to amplify and clarify
complex telemetry spectrum issues for delegates face-to-face has been confirmed numerous
times. After all, WRC-07, WRC-12 and WRC-15 conclusively demonstrated that voting
delegates to ITU Study Groups can be made sensitive to AMT encroachment concerns by
ICTS Members.
The main objective of the ICTS is to provide a forum for information exchange on telemetry
spectrum issues, such as early warning on threats to our existing spectrum allocations. In
addition this forum will be used to share information on the use and research and
development of new technologies for improving spectral efﬁciency.
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Lawrence Rauch Award for Best Telemetry Standards Paper
2006 Michael T. Lockard and James A. Garling, EMC Corporation, Solutions Engineering
Group, Irvine, CA, “Chapter 10 Recording Standard Update”
2007 Brian Eslinger and Bob Kovach, TYBRIN Corporation, “Range Commander’s Council
(RCC) Telecommunications and Timing Group (TTG) Update on TM over IP Standard
Development”
2008 Todd Newton, Evan Grim, and Myron Moodie, Southwest Research Institute
Automation and Data Systems Division, San Antonio, TX USA, “Considerations for
Deploying IEEE 1588 V2 in Network-Centric Data Acquisition and Telemetry Systems”
2009 Thomas B. Grace, Naval Air Systems Command (NAVAIR) Patuxent River, Maryland;
Joshua D. Kenney, Myron L. Moodie, and Ben A. Abbott, Southwest Research Institute,
San Antonio, Texas, “Key Components of the INET Test Article Standard”
2010 John Hamilton, Timothy Darr, and Ronald Fernandes, Knowledge Based Systems, Inc.;
Joe Sulewski, L3 Communications - Telemetry East; and Charles Jones, Edwards AFB,
“IHAL and Web Service Interfaces to Vendor Configuration Engines”
2011 Tim Darr, John Hamilton, and Ronald Fernandes, Knowledge Based Systems, Inc.,
College Station, TX; and Charles Jones, Air Force Flight Test Center, Edwards AFB, CA,
“Design Considerations for XML-Based T&E Standards”
2012 Charles H. Jones, Edwards Air Force Base,
“IRIG 106 Chapter Versus INET Packetization: Data Storage and Retrieval”
2013 Johnny Pappas, Zodiac Data Systems; Balázs Bagó, Zodiac Data Systems GmbH;
Nikki Cranley and Gabriel Poisson, Zodiac Data Systems SAS,
“PCM Telemetry Downlink for IRIG 106 Chapter 10 Data”
2014 Alan Cooke, Curtiss-Wright, Dublin, Ireland,
“History and Evolution of Metadata Standards for the FTI Community”
2015 Carl Reinwald, CSC, Santa Maria, CA
“One Approach for Transitioning the iNET Standards into the IRIG 106 Telemetry
Standards”
2016 No Award winner
2017 Gary A. Thom, GDP Space Systems, “A Proposed Revision to IRIG 218 Based on Real
World Experience”

2018 Jakub Moskal, VIStology, Inc., Austin Whittington, Southwest Research Institute,
Mieczyslaw Kokar, VIStology, Inc., and Ben Abbott, Southwest Research Institute,
“Introducing TACL- Proposal for a New T&E Constraint Language”

ITC Student Paper Awards
1989

Leonard T. Lee, Cornell University, Liverpool, New York, “Jitter Sampling of Deterministic Signals and
Noise”
Daniel A. Durbin, California Polytechnic State University, San Luis Obispo, CA, “IBM PC Voice Mail
Cards”
Troy Gammill, New Mexico State University, Las Cruces, New Mexico, “Apache Telemetry Antenna
Analysis”

1990

No known awardee

1991

Julliette Lyn Moser, New Mexico State University, Las Cruces, New Mexico, “Subcarrier Placement in
PCM-FM-FM/FM Modulation Scheme”

1992

First Place – Stanley Hirsch, University of Texas at El Paso, “A Biotelemetry Unit for Monitoring
Nocturnal Bruxism”
Second Place – Anna Marie May, New Mexico State University, Las Cruces, New Mexico, “TDRSS
Availability from the Lunar Surface”
Third Place – Henry D. Jacobsen, Brigham Young University, Provo, Utah, “Some Measured
Performance Bounds and Implementation Considerations for the Lempel Ziv Welch Data Compaction
Algorithm”

1993

First Place Graduate Student – Christopher E. Loebner, New Mexico State University, Las Cruces, New
Mexico, “Bit Error Problems with DES”
First Place Undergraduate Student – Michael W. Josie, Brigham Young University, Provo, Utah, “An
Alternative Soft-Decision Decoder”

1994

First Place Graduate Student – Timothy O. Minnix, New Mexico State University, “CCSDS Data Link
Service Allocation for MIL_STD_1553B Bus Architecture on Small Payloads”
Second Place Graduate Student – N. Thomas Nelson, Brigham Young University, “Probability of Bit
Error on a Standard IRIG Telemetry Channel Using the Aeronautical Fading Channel Model”
First Place Undergraduate Student – Dawnielle C. Baca, New Mexico State University, “Data
Acquisition, Analysis, and Simulation System (DAAS)”

1995

First Place Undergraduate Student – Brian J. Mott and Kevin D. Wise, Brigham Young University,
“An ACTS Mobile Receiver Simulation”

1996

First Place Graduate Student – Ruben Caballero, New Mexico State University, “8PSK Signaling Over
Non-Linear Satellite Channels”
Second Place Graduate Student – Monica Sanchez, New Mexico State University, “Doppler Extraction
for a Demand Assignment Multiple Access Service for NASA’s Space Network”
First Place Undergraduate Student – Navid Sabbaghi, University of California, Berkeley, “Overcoming
the Constraints on Modeling Telemetry in VR Systems”
Second Place Undergraduate Student – Christopher S. Gardner, New Mexico State University, “ACTS
Propagation Experiment and Solar/Lunar Intrusions”

1997

First Place Graduate Student – Eric S. Otto, New Mexico State University, “Digital CPFSK Transmitter
and Non-Coherent Receiver/Demodulator Implementation”
Second Place Graduate Student – Ali Ghrayeb, New Mexico State University, “On Symbol Timing
Recovery in All-Digital Receivers”
Honorable Mention Graduate Student – Michael A. Swartwout and Christopher A. Kitts, Stanford
University, “Automated Health Operations for the Sapphire Spacecraft”
First Place Undergraduate Student – Kenneth Welling, Brigham Young University, “Analysis of JDAM
Tests at China Lake”

1998

First Place Graduate Student – Paul C. Haddock, Advisor: Stephen Horan, New Mexico State University,
“Telemetry Data Collection from Oscar Satellites”
Second Place Graduate Student – Kenneth Welling, Advisor: Michael Rice, Brigham Young
University, “A Narrowband Model for Aeronautical Telemetry Channels”
First Place Undergraduate Student – Brent L. Bachim, Advisor: Stephen Weis, Texas Christian
University, “Design and Testing of a Single Optical Fiber Telemetry Link for Use in Rugged
Environments”
Second Place Undergraduate Student – Donald E. Crockett and David V. Arnold, Advisors:
Michael A. Jensen and Michael Rice, Brigham Young University, “The Design and
Construction of a C-Band Rail–SAR and an S-Band Doppler Radar”

1999

First Place Graduate Student – Kenneth Welling, Brigham Young University, “Coded Orthogonal
Frequency Division Multiplexing for the Multipath Fading Channel”
Second Place Graduate Student – Atle Borsholm, New Mexico State University, “Modeling of the
Surface Attenuation Effects of Rain on Composite Antenna Structures at Ka-Band”
First Place Undergraduate Student – David Landon, Brigham Young University, “Doppler Bandwidth
Characterization of ARTM Channel Sounding Data”

Second Place Undergraduate Student – Jed Kelsey, Brigham Young University, “Autonomous SoccerPlaying Robots”
2000

First Place Graduate Student – Adam T. Davis, Brigham Young University, “Dynamic Behavior of
Multipath Interfernce in ARTM Channel Sounding Data”
Second Place Graduate Student – David Landon, Brigham Young University, “Parametric Estimation of
the Scattering Function for ARTM Channel Sounding Data”

2001

First Place Graduate Student – Michael Grubinger and Felix Strohmeier, University of Salzburg, Austria,
“Autonomous Acquisition of Environmental Data in a Global Network Environment”
Second Place Graduate Student – Vilas Uchil, University of Missouri – Rolla, “Feasibility of a Bluetooth
Based Structural Health Monitoring Telemetry System”
First Place Undergraduate Student – Kyle Hittle and Joel Coleman, University of Arizona, “A Small
Satellite for Measuring Atmospheric Water Content; Part II, Crosslink and Data Collection”

2002

First Place Graduate Student – Srivatrsan Kandadai, New Mexico State University, “Object Detction and
Localization in the Wavelet Domain”
Second Place Graduate Student – Anirban Chadraborti, New Mexico State University, “Using MDP for
Telemetry Data Transfers”
First Place Undergraduate Student – Rob Franklin and Walter Johnson, Brigham Young University,
“Effective Ball Handling and Control in Robot Soccer”
Second Place Undergraduate Student – Steven Olson, Chad Dawson, and Jared Jacobson, Brigham
Young University, “Design and Development of an Autonomous Soccer-Playing Robot”

2003

First Place Graduate Student – Erik Perrins, Brigham Young University, “Multi-Symbol Noncoherent
Detection of Multi-H CPM”
Second Place Graduate Student – Joseph Dagher, University of Arizona, “Compression for Storage and
Transmission of Laser Radar Measurements”
First Place Undergraduate Student – Kendall Mauldin, New Mexico State University, “Satellite Ground
Station Security Using SSH Tunneling”

2004

First Place Graduate Student – Erik Perrins, Advisor: Michael Rice, Brigham Young University, “An
Alternate Proposal for ARTM CPM”
Second Place Graduate Student – Clayton W. Commander, Advisors: Panos Pardalos and Carlos
Oliveira, Texas A&M University and University of Florida, “Reactive Grasp with Path Relinking for
Broadcast Scheduling”

First Place Undergraduate Student – Chad DeConink, Sarah DeConink, James Dean, and Brad Martin,
Advisor: Kurt Kosbar, Univerfsity of Missouri – Rolla, “EMI and Software Improvements to the Solar
Miner IV Telemetry Processor”
Second Place Undergraduate Student – Daniel Doonan, Mei-Su Wu, and Michael Lee, Advisors: Hua
Lee and Leroy Laverman, University of California, Santa Barbara, “Design and Development of Wireless
Flourometry Networks”
2005

First Place Graduate Student – Christopher Potter, Adam Panagos, and William Weeks, Advisor: Kurt
Kosbar, University of Missouri – Rolla, “Optimal Training Parameters for Continuously Varying MIMO
Channels”
Second Place Graduate Student – Mason Wardle, Advisor: Michael Rice, Brigham Young University,
“EFTS Receiver with Improved Performance”
First Place Undergraduate Student – Martin Hinterseer and Christoph Wegscheider, Advisor: Gerhard
Mayer, University of Salzburg, “Acquisition and Transmission of Seismic Data over Packet Radio”

2006

First Place Graduate Student – Adam Panagos, Advisor: Kurt Kosbar, University of Missouri – Rolla,
“Analytic Solutions for Optimal Training on Fading Channels”
Second Place Graduate Student – Tom Nelson, Advisor: Michael Rice, Brigham Young University,
“Reduced Complexity Trellis Detection of SOQPSK-TG”
First Place Undergraduate Student – Nicholas Clark and Fiona Dunne, Advisors: Hua Lee and Maurice
Chin, University of California, Santa Barbara, “Integrated Cameras as a Replacement for Vehicular
Mirrors”
Second Place Undergraduate Student – Brian Kirkpatrick, Chris Prounh, Clarence Rowland, Raymond
Ryckman, and Elizabeth Winton, Advisor: Erik Spjut, Harvey Mudd College, “Design and Construction
of an Optical Telemetry System”

2007

First Place Graduate Student – Xiaoyu Dang, Advisor: Michael Rice, Brigham Young University, “An
Optimum Detector for Space-Time Trellis Coded Differential MSK”
Second Place Graduate Student – Prashanth Chandran, Advisor: Erik Perrins, University of Kansas,
“Symbol Timing Recovery for SOQPSK”
Honorable Mention Graduate Student – Olusola Babalola, Advisor: Richard Dean, Morgan State
University, “Optimal Configuration for Nodes in Mixed Cellular and Mobile Ad Hoc Network for INET”

2008

First Place Graduate Student – Yacob Astatke, Advisor: Richard Dean, Morgan State University,
“Distance Measures for QOS Performance Management in Mixed Networks”
Second Place Graduate Student – Ricardo Luna, Hrishikesh Tapse, Advisor: Deva Borah, New Mexico
State University, “An Analysis on the Coverage Distance of LDPC-Coded Free-Space Optical Links”

First Place Undergraduate Student – Kristin Jagiello, Mahmut Zafer Aydin, and Wei-Ren Ng, Advisors:
William Ryan, Michael Marcellin, and Ali Bilgin, University of Arizona, “Joint JPEG2000/LDPC Code
System Design for Image Telemetry”
Second Place Undergraduate Student – Andrea Chaves, Bruno Mayoral, Hyun-Jin Park, Mark Tsang, and
Sean Tunell, Advisors: Michael Marcellin and Hao Xin, University of Arizona, “Wireless Sensor
Networks: A Grocery Store Application”
2009

First Place Graduate Student – Gino Rea, Advisor: Erik Perrins, University of Kansas, “A System-Level
Description of a SOQPSK-TG Demodulator for FEC Applications”
Second Place Graduate Student – Abhishek Gupte, Advisor: Kurt Kosbar, Missouri University of Science
and Technology, “A Method for Tracking the Accuracy of Channel Estimates in MIMO Receivers”
First Place Undergraduate Student – Wade Lichtsinn, Evan McKelvy, Adam Myrick, Dominic Quihuis,
and Jamie Williamson, Advisors: Elmer Grubbs and Michael Marcellin, University of Arizona, “Remote
Imaging System Acquisition (RISA)”
Second Place Undergraduate Student – John Seaber, Jacob Barkley, Tony Ngo, and Adam Poettgen,
Advisor: Kurt Kosbar, Missouri University of Science and Technology, “A Programmable Dual
Modulator Testbed for MIMO Applications”

2010

First Place Graduate Student – Han Oh, Advisors: Michael Marcellin and Ali Bilgin, University of
Arizona, “Visually Lossless Compression Based on JPEG2000 for Efficient Transmission of High
Resolution Color Aerial Images”
Second Place Graduate Student – Yacob Astatke, Advisor: Richard Dean, Morgan State University, “QoS
Performance Management in Mixed Wireless Networks”
First Place Undergraduate Student – Adrian Lizarraga, Britanny Lynn, and Jeremiah Lange, Advisors:
Elmer Grubbs and Michael Marcellin, University of Arizona, “Remote Imaging System Acquisition
(RISA) Space Environment Multispectral Imager”
Second Place Undergraduate Student – Clinton Guenther, Robert Mertens, and Adam Lewis, Advisor:
Kurt Kosbar, Missouri University of Science and Technology, “Telemetry System for the Solar Miner
VII”

2011

First Place Graduate Student – Kamakshi Sirisha Pathapati, Truc Anh N. Nguyen, and Justin P. Rohrer,
Advisor: P.G. Sterbenz, University of Kansas, “Performance Analysis of the AEROTP Transport
Protocol for Highly-Dynamic Airborne Telemetry Networks”
Second Place Graduate Student – Michael Lee, Advisors: Michael Liebling, Hua Lee, and Warren
Grundfest, University of California, Santa Barbara, “Image Reconstruction and Resolution Enhancement
Algorithm for FMCW Medical Ultrasound Imaging Systems”
First Place Undergraduate Student – Alex Cook and Gregory Kissinger, Advisor: Kurt Kosbar, Missouri
University of Science and Technology, “Using COTS Graphics Processing Units in Signal Analysis
Workstation”

Second Place Undergraduate Student – James Dianics, Malcolm Gibson, Hans Hony, Jun Li, Elliott
Liggett, Michael Palmer, Christopher Poole, James Powell, Joshua Tolliver, and Dimitri Ververelli,
Advisor: Hermann Fasel, University of Arizona, “Machine Vision and Autonomous Integration for an
Unmanned Aircraft System”
2012

First Place Graduate Student – Javier Perez-Ramirez, Advisor: Deva K. Borah, Klipsch School of
Electrical and Computer Engineering, New Mexico State University, “An Opportunistic Relaying
Scheme for Optimal Communication and Source Location”
Second Place Graduate Student – Nadim Maharjan and Paria Moazzemi, Advisors: Richard Dean,
Farzard Moazzami and Yacob Astatke, Morgan State University, “Telemetry Network Intrusion
Detection System”
First Place Undergraduate Student – Mark Hickle, Alexander Wilson, Joshue Kientzy, and Matthew
Myers, Advisor: Kurt Kosbar, Missouri University of Science and Technology, “Design of a SemiAutonomous Quadrotor Aircraft”
Second Place Undergraduate Student – Jared R. Fowler, Jon M. Austin, Kathy T. Estrada, Martin
Velazquez, Robyn Mohr, and Ruben Sanchez, Advisors: Kathleen Melde and Michael Marcellin,
University of Arizona, “Small Wearable Antenna for Animal Tracking”

2013

First Place Graduate Student – Ehsan Hosseini, University of Kansas, Department of Electrical
Engineering and Computer Science, Faculty Advisor: Erik Perrins,“ Synchronization of SOQPSK-TG
in Burst-Mode Transmissions”
Second Place Graduate Student – Xiaoju Yu, University of Arizona, Department of Electrical
Engineering and Computer Science, Faculty Advisor: Hao Xin,
“Direction of Arrival Estimation Improvement for Closely Spaced Electrically Small Antenna Array”
First Place Undergraduate Student – Chris Van Horne, University of Arizona, Department of Computer
Science, Faculty Advisors: Hermann Fasel and Michael Marcellin; Graduate Advisor: James Dianics,
“Machine Vision and Autonomous Integration Into an Unmanned Aircraft System”
Second Place Undergraduate Student – Rudy Chavez, Frank Faela, Adrian Ontiverus, Mathew Smith and
Mathew Wallace, New Mexico State University, Klipsch School of Electrical and Computer
Engineering, Faculty Advisor: Deva R. Borah,“Design and Development of a Digital Signal Processing
System that Responds Automatically to an Audio Trigger Event”

2014

First Place Graduate Student – Yafei Sun, Klipsch School of Electrical & Computer Engineering, New
Mexico State University, Faculty Advisor: David K. Borah, “Generalized Spatial Modulation with
Correlated Antennas in Rayleigh Fading Channels”
Second Place Graduate Student – Xiaoju Yu, University of Arizona, Department of Electrical
Engineering and Computer Science, University of Arizona, Faculty Advisor: Hao Xin,
“Direction of Arrival Estimation of Broadband Signal Using Single Antenna”

First Place Undergraduate Student – Tyler Morrow, Department of Electrical and Computer Engineering,
Missouri University of Science and Technology, Faculty Advisor: Kurt Kosbar,
“A Modular and Extensible User Interface for the Telemetry and Control of a Remotely Operated
Vehicle”
Second Place Undergraduate Student – Auni Kundu, Brianne Noriega, Connor O’Brien, Corey Speros
and Dawei Ju, Department of Electrical and Computer Engineering, The University of Arizona, Faculty
Advisors: Michael W. Marcellin and Kathleen Melde,
“Time Difference of Arrival for Small Mammal Tracking”
2015

First Place Graduate Student – Vincent R. Radzicki; Advisor: Hua Lee, Department of Electrical and
Computer Engineering, University of California, Santa Barbara,
“Detection and Imaging of Micro-Periodic Motion with FMCW Sensing System”
Second Place Graduate Student – Author: Sushruth Sastry; Advisor: Kurt Kosbar, Department of
Electrical Engineering, Missouri University of Science and Technology,
“A Modular Scheme to Detect and Combat Sinusoidal Variation in Fading Channels”
First Place Undergraduate Student – Christopher Nash and Christopher Hogstrom; Advisor: Dr. Michael
Rice, Brigham Young University,
“SOQPSK Software Defined Radio”
Second Place Undergraduate Student – Felix Shonubi, Ciara Lynton, Joshua Odumosu, and Daryl Moten;
Advisors: Dr. Richard Dean, Dr. Farzad Moazzami, and Dr. Yacob Astake, Morgan State University,
“Exploring Vulnerabilities in Networked Telemetry”

2016

First Place Graduate Student – Author: Ryan Christopher; Advisor: Deva K Borah, New Mexico State
University,
“Optimization of Symbol Distance Metric in Directional Modulation Systems”
Second Place Graduate Student – Authors: Christopher Nash and Christopher Hogstrom; Advisor: Dr.
Michael Rice, Brigham Young University,
“Locating and Removing a Preamble Sequence in Aeronautical Telemetry”
First Place Undergraduate Student – Authors: John Maruska and Judah Schad; Advisor: Kurt Kosbar,
Missouri University of Science and Technology,
“MARS-Colonization Sensor System for Soil Analysis”
Second Place Undergraduate Student – Authors: Kyle Boyer, Laura Brubaker, Kyle Everly, Richard
Herriman, Mark Sackett , and Huy Tran; Advisor: Michael Marcellin, University of Arizona,
“Telemetry System for Real-Time Monitoring of an Offroad Racecar”

2017

First Place Graduate Student – Author: Sumant Pathak; Advisor: Dr. Erik Perrins, University of Kansas,
“LDPC Coded APSK for Aeronautical Telemetry”
Second Place Graduate Student – Author: Chad Josephson; Advisor: Dr. Michael Rice, Brigham Young
University,
“On the Design of a Square-Root Nyquist Pulse Shaping Filter for Aeronautical Telemetry”

First Place Undergraduate Student – Authors: Seth Kitchen and Danial Klinger; Advisor: Kurt Kosbar,
Missouri University of Science and Technology,
“Telemetry System for Intercollegiate Rocket Engineering Competition Vehicle”
Second Place Undergraduate Student – Author: Tristan A. Shatto; Advisors: Egemen K. Cetinkaya and
Kurt Kosbar, Missouri University of Science and Technology,
“Graph Theoretic Modeling and Energy Analysis of Wireless Telemetry Networks”
2018

First Place Graduate Student – Author: Farah Arabian; Advisor: Michael Rice, Brigham Young
University,
“On the Performance of Filter Based Equalizers for 16APSK in Aeronautical Telemetry Environment”
Second Place Graduate Student – Author: David Oyediran; Advisors: Dr. Richard Dean and Dr. Farzad
Moazzami, Morgan State University,
“Spectrum Sharing MAC Protocol Applications for the Proposed 3.5 GHZ Band
First Place Undergraduate Student – Author: Andrew J. Phillips; Advisor: Charles D. Creusere, New
Mexico State University,
“The Effects of Lossy EEG Compression on ERP Analysis”
Second Place Undergraduate Student – Author: Anna Case; Advisor: Kurt Kosbar, Missouri University
of Science and Technology,
“Communications Systems for Cubesat Missions”

Annual Best Paper Award
1994

Eugene Law, “Binary PCM/FM Tradeoffs between Spectral Occupancy and Bit
Error Probability”

1995

Eugene Law, “Performance of PCM/FM during Frequency Selective Fading”

1997

Eugene Law and Kamilo Feher, “FQPSK versus PCM/FM for Aeronautical
Telemetry Applications; Spectral Occupancy and Bit Error Probability
Comparisons"

2002

Mark Geoghegan, “Bandwidth and Power Efficiency Trade-offs of SOQPSK”

2003

G. R. Barrett, R. J. Bamberger, W. P. D’Amico, and M. H. Lauss, “Analytical
Model for Handoff of Fast Moving Nodes in High-Performance Wireless LANs
for Data Telemetry”

2004

Michael A. Jensen, Michael D. Rice, Thomas Nelson, and Adam L. Anderson,
“Orthogonal Dual-Antenna Transmit Diversity for SOQPSK in Aeronautical
Telemetry Channels”

2005

Chang won Jung, Ming-jer Lee, Sunan Liu, G. P. Li, and Franco De Fiaviis,
“Reconfigurable Patch Antenna for Frequency Diversity with High Frequency
Ratio”

2006

Evan T. Grim, “Achieving High-Accuracy Time Distribution in Network-Centric
Data Acquisition and Telemetry Systems with IEEE 1588”

2007

Adam Panagos and Kurt Kosbar, “The Sum-Rate Capacity of a Cognitive Access
Sensor Network”

2008

Justin P. Rohrer, “End-to-End Disruption-Tolerant Transport Protocol Issues and
Design for Airborne Telemetry Networks”

2009

Kip Temple, Air Force Flight Test Center, Edwards AFB, “Adjacent Channel
Interference Criteria for Aeronautical Telemetry Operations with the Tactical
Targeting Network Technology System”

2010

Michael Rice and Oluwasegun Tinubi, Brigham Young University, Provo, UT,
“The Range Area Network: A New Approach for Aeronautical Telemetry”

2011

Arnaud Gueguen and David Auvray, Zodiac Data Systems SAS, Bretteville
l’Orgueilleuse, France, “Multipath Mitigation on an Operational Telemetry Link”

2012

Satya Prakash Ponnaluri and Babak Azimi-Sadjadi, Intelligent Automation, Inc,
“Quasi-Orthogonal Frequency Division Multiple-Access for Serial Streaming
Telemetry”

2013

Darren Kartchner and Michael Rice, Brigham Young University, “Does a
Spinning Missile Cause Tracking Error at C-Band?”

2014

Aditya Kulkarni, Missouri University of Science & Technology, Faculty Advisor:
Kurt Kosbar, “Performance Analysis of Zero Forcing and Minimum Mean Square
Error Equalizers on Multiple Input Multiple Output System On A Spinning
Vehicle”

2015

Michael Rice, Brigham Young University and Erik Perrins, University of Kansas,
“Maximum Likelihood Detection from Multiple Bit Sources”

2016

Enkuang Wang and Timothy Brothers, Georgia Tech Research Institute, “OFDM
and SOQPSK Transceiver Hardware Implementation of with Preliminary
Results”

2017

Michael Rice, Chad Josephson, Brigham Young University, and Erik Perrins,
University of Kansas, “Optimizing Coded 16-APSK for Aeronautical Mobile
Telemetry”

2018

Achilles Kogiantis, Eddie Fung, William Johnson, and Kiran Rege, Vencore
Labs, “Doppler Estimation and Compensation for LTE-Based Aeronautical
Mobile Telemetry”

Author
Abbott, Ben
Abe, Katsuhiko
Afran, Md Shah
Alam, Tasmeer
Alvarez, Jesus
Anderson, Kohl
Aoyama, Daiki
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Arabian, Farah
Backhaus, Chirstopher
Bahrami, Mohsen
Bapty, Theodore
Barton, Aaron
Bauer, William
Baxter, Jason
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Morimatsu, Takafumi
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Schmalz, Daniel
Schultz, Aaron
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Shea, Donald
Shen, John
ShiWei, Guo
Shukla, Daksh
Shunqin, Xie
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Smith, Jackson
Stout, Christopher
Svenson, Rebecca
Swaminathan, Kannan
Tanaka, Toshihisa
Tandon, Ravi
Tao, Dai
Tao, Liu
Teku, Noel
Thom, Gary
Thomason, Michael
Thomure, Logan
Thurston, Noah
Timme, Wayne
Triolo, Anthony
Uetrecht, James
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Vanhoy, Garrett
Vasconcelos, Luiz
Vasic, Bane
Wallin, Nikolai
Walton, Patrick
Wang, Enkuang
Wang, JianJun
Wang, Wei
Wang, Zanchao
Wang, ZhongJie
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Wei, Guobo
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Willis, Jacob
Wong, Larry
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Xianglu, Li
Xin, Zhang
Xingwen, Ding
Yan, Yihong
Yang, Andrew
Yang, Zhe
Yao, Di
Yasuda, Susumu
Yi, Xiaoqian
Young, Tom
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IFT Pioneer Award Winners
1984

Dr. William Pickering (1st Award Recipient)

1985

Dr. Larry Rauch

1986

Dr. Myron Nichols

1987

Dr. Eberhardt Rechtin

1988

No Award

1989

Dr. James Fletcher

1990

Dr. Bernard Oliver, Dr. John R. Pierce, Dr. Claude Shannon

1991

No Award

1992

Mr. Hugh Pruss

1993

Mr. Eugene Law

1994

No Award

1995

Mr. Stan Reynolds

1996

Mr. Harold Jeske

1997

Mr. Bill Rymer

1998

Mr. Benson Weinberg

1999

Mr. Walter Lipe

2000

Mr. Norman Lantz

2001

No Award

2002

Mr. Jud Strock

2003

Mr. Melvin Levine

2004

No Award

2005

Mr. Arthur Sullivan

2006

Dr. Jim Means

2007

No Award

2008

No Award

2009

Dr. Gerhard Mayer

2010

Mr. Chuck Buchheit

2011

Mr. Lee Eccles

2012

No Award

2013

No Award

2014

Mr. Vic Hammond

2015

Mr. Bob Jefferis

2016

No Award

2017

Dr. Stephan Horan

2018

Mr. Terry Hill

Myron Hiram Nichols Award for Best Paper on Telemetry Spectrum
2010 Michael K. Painter, Ronald Fernandes, Jason Gohlke, Satheesh Ramachandran, and Ajay
Verma, Knowledge Based Systems, Inc., College Station, TX; and Charles H. Jones, Air
Force Flight Test Center, Edwards AFB, CA, “Dynamic Frequency Assignment and
Management Technologies for Future Test and Evaluation Operations”
2011 Grant Gerstner and Hans Lillevold, Naval Air Warfare Center Aircraft Division, Patuxent
River, MD, “Spectrum Stewardship Through Best Source Selection”
2012 Maria S. Araujo and Ben A. Abbott, Southwest Research Institute, “PCM vs. Networking
Spectral/Efficiency Wars – A Pragmatic View”
2013 Scott Kujiraoka and Russell Fielder, NAVAIR (Pt. Mugu and China Lake), “C-Band
Missile Telemetry Test Project”
2014 Steven A. Musteric and Nathan King, 96th Range Support Squadron Eglin AFG, FL,
“Tri-Service C-Band Roadmap Study (TSCRS) Findings and Way Ahead”
2015 Jesus Nevarez, WSMR Range Operations Telemetry and Joshua Dannhaus, WSMR
Systems Engineering Directorate “C-Band Transmitter Experimental (CTrEX) Test at
White Sands Missile Range (WSMR)”
2016 Kenneth (Kip) Temple, 412 Test Wing, Edwards AFB, "An Internal Look at Adjacent
Band Interference between Aeronautical Mobile Telemetry and Long-Term Evolution
Wireless Service"
2017 Michael K. Painter, Ronald Fernandes, Karthic Madanagopal, Knowledge Based
Systems, Inc.; and Charles H. Jones, C.H. Jones Consulting, LLC, “Defending T&E
Spectrum through Automated Frequency Management Metrics Calculation”
2018 Phiroz H Madon, Vencore Labs Inc. and Tom Young, USAF AFMC and Thomas
O'Brien, Mark Radke, Test Resource Management Center (TRMC), and Mariusz Fecko,
Robert Ziegler, Sunil Samtani, Vencore Labs, “The Spectrum Management System (SMS)
– Frequency Assignment De-Confliction and RF Link Quality Prediction”
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THANK YOU TO OUR
ITC VOLUNTEERS!
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ITC continues to be run by an all-volunteer
organizing committee without whom the
event would never come to pass.The Board
of the International Foundation for
Telemetering wishes to thank all ITC
volunteers, and the companies who sponsor
them, for their generous contributions to
making this forum the premier event it has
been for the past 54 years.
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Michael Marcellin, PhD

Lena Moran
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and Technology
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COME JOIN US AT ITC 2018
Welcome to ITC 2018. I encourage you to explore the full range of educational,
training, research and professional enrichment opportunities available over three
and a half days this year in Glendale, Arizona.
Perhaps the best way to start your week, is by attending one of the eleven short
courses offered on Monday. All given by industry experts, these classes can help
with your continuing education needs. The instructors summarize new
developments in various fields related to telemetry, in a clear and engaging
format. We need to limit enrollment in these classes, so I encourage you to
register early, if possible, to assure yourself a spot in the course you will find
most helpful.
All ITC attendees are invited to the Monday evening welcome reception. This is
one of the most heavily attended events of the week and provides an excellent
networking opportunity.
The ITC theme this year is Reliable and Secure Data, Links and Networks.
This will be reflected in Tuesday morning’s keynote address by Galen Rasche
from the Electric Power Research Institute. His address on Protecting the Grid —
Cyber Security in the Electric Sector, will cover some of the threats, challenges, and
opportunities facing infrastructure systems in particular, and all cyber systems in
general.
Immediately after the keynote address, the two exhibit halls will open. Exhibitors
from across the telemetry spectrum will be available to demonstrate how their
products and services can help you address the issues you may be facing. The
exhibit halls will remain open for the duration of the event through mid-day on
Thursday.
Over one hundred technical presentations on all facets of telemetry system
design, implementation and operation will be presented in the technical program
on Tuesday afternoon, all day Wednesday, and Thursday morning
The rapid development of technology continues to present incredible
opportunities, challenges, demands and threats on the telemetry community.
ITC 2018 provides a forum to help you better understand the issues, and learn
about the tools, techniques, people and organizations who are available to help.
As has been a tradition for over half a century, the ITC is organized by an allvolunteer staff, who work throughout the year to provide this opportunity to
the telemetry community. I wish to thank them, and their sponsoring
organizations, for their dedication and ingenuity — and on behalf of them,
welcome you again to ITC 2018.
~ Kurt Kosbar

PLANNING GUIDE

PLANNING GUIDE
No other venue provides the depth of telemetry industry coverage to be found at
ITC 2018. As always, we are kicking the conference off with a Welcome Reception
on Monday night. Please join us for this “magical” event. On Tuesday we are
honored to have Galen Rasche, Senior Program Manager with the Electric Power
Research Institute, as our Keynote Speaker. Come listen to this interesting and
informative presentation on “Protecting the Grid – Cyber Security in the Electric Sector”. Immediately following
Tuesday’s Keynote Address, ITC launches into a rigorous technical program and opens extensive exhibitor
displays occupying two halls. On Wednesday afternoon, the exhibits will close and the Technical Sessions
will be suspended to allow attendees and exhibitors to attend the Awards Luncheon.
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DATE

TIME

Registration

Sunday, November 4

3:00pm–6:00pm

Monday, November 5

8:00am–5:30pm

Tuesday, November 6

8:00am–5:45pm

Wednesday, November 7

8:00am–12:00pm / 2:00pm–5:45pm

Thursday, November 8

8:00am–10:00am

Monday, November 5

9:00am–5:00pm

Exhibitor Setup

Sunday, November 4
Monday, November 5

8:00am–6:00pm
8:00am–6:00pm

Exhibits Open

Tuesday, November 6

10:30am–6:00pm

Exhibits Open

Wednesday, November 7

9:00am–12:00pm / 2:00pm–6:00pm

Exhibits Open

Thursday, November 8

8:00am–12:00pm

Tuesday, November 6

1:00pm–3:00pm / 3:30pm–5:30pm

Wednesday, November 7

10:30am–12:00pm / 2:00pm–4:20pm

Thursday, November 8

9:00am–11:00am

Welcome Reception

Monday, November 5

6:30pm–8:30pm

Opening Ceremony &
Keynote Speaker

Tuesday, November 6

9:00am–10:30am

Special Session: (see pg. 6 for more info)

Wednesday, November 7

8:30am–10:00am

Awards Luncheon

Wednesday, November 7

12:00pm–1:30pm

Prize Drawing in the Event Center

Wednesday, November 7

5:00pm–5:30pm

Prize Drawing in the Solana Ballroom

Thursday, November 8

11:30am–12:00pm

Short Courses
(See pages 7–8 for complete short course information)

Exhibition Hours

Technical Sessions
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G
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Special Events

Follow Us on
T witter at
#ITCUSAROCKS
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Calendar subject to slight modifications. Consult on-site program for latest information.
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Special sessions consist of late-breaking technical presentations and will not have material in the Proceedings.
Times and locations subject to change. Consult on-site program for latest information.

GUEST SPEAKERS

ITC 2018 KEYNOTE SPEAKER
OPENING CEREMONY & KEYNOTE SPEAKER
>Tuesday, November 6th 9:00am – 10:30am | Solana A-D

PROTECTING THE GRID — CYBER SECURITY
THE ELECTRIC SECTOR

IN

Cyber security has become a critical priority for electric utilities. The
evolving electric sector is increasingly dependent on information
technology and telecommunications infrastructures to ensure the
reliability and security of the electric grid. Cyber security measures
must be designed and implemented to support grid reliability. These
measures must also support grid resilience against attacks by terrorists and hackers, natural disasters, and inadvertent threats such as equipment failures and user errors.
Both the number and sophistication of attacks on the energy sector have risen significantly in the last several years.
The attacks on Ukraine’s electric grid in 2015 and 2016 demonstrated the ability for targeted cyber attacks to
disrupt the delivery of power. Additionally, US-CERT released an alert in March of 2018 detailing information
about foreign government actions targeting organizations in the energy, nuclear, commercial facilities, water, aviation, and critical manufacturing sectors. This presentation will review recent attacks on industrial control systems
and their networks, discuss how the electric sector is responding to protect its networks and systems, and provide
lessons learned for other critical infrastructure sectors.

Keynote Speaker:

Galen Rasche
Senior Program Manager, Power Delivery & Utilization Sector,
Electric Power Research Institute (EPRI)
Galen Rasche is a Senior Program Manager in the Power Delivery and Utilization
Sector at the Electric Power Research Institute, managing its Cyber Security Program.
This program performs applied research in the areas of protective measures, threat
and incident management, risk management, and information assurance. In addition to
collaborating with electric power utilities around the world, EPRI’s Cyber Security
Program has been involved in several federally funded research projects to improve
the resiliency of the electric grid. Mr. Rasche is experienced in the areas of cyber
security, Smart Grid security and the penetration testing of embedded systems. He
was also responsible for launching EPRI’s Cyber Security Program in 2012.

Mr. Rasche earned a Master of Science in electrical engineering from the University of Illinois at UrbanaChampaign and a Master of Business Administration and Bachelor of Science in electrical engineering from the
University of Kentucky.

ITC 2018

Prior to joining EPRI, Mr. Rasche led the Embedded and Application Security Group at Southwest Research
Institute (SwRI). In this position, he was the project manager for multiple Advanced Metering Infrastructure penetration testing projects. Mr. Rasche has also performed cyber security research for various U.S. government and
commercial clients.

GUEST SPEAKERS

SPECIAL SESSION
>Wednesday, November 7th 8:30am – 10:00am | Solana A-D

CREATING THE FUTURE TEST RANGE INFRASTRUCTURE: WIRELESS INTERRANGE NETWORK ENVIRONMENT
A major challenge to testing is balancing the development of complex systems requiring the transmission of
increasingly large amounts of data with diminished access to RF spectrum. A major test infrastructure paradigm
shift towards a bi-directional, highly integrated, wireless, inter-range network environment that seamlessly supports
any and all range operations and data types is required to continue testing systems efficiently. The implementation
of a wireless, inter-range network environment relies on leveraging network-based telemetry capabilities and applying a mobile wireless “cellular” paradigm.

ITC 2018

Thomas O’Brien, Test Resource Management Center, will chair a panel of experts to address this
important topic.

Complete bios will be shown in the Onsite Guide at the event.

AWARDS LUNCHEON

AWARDS LUNCHEON
>Wednesday, November 7th 12:00pm – 1:30pm | Solana A–D
Please join your fellow telemetry enthusiasts for the awards luncheon. There will be a buffet spread,
during which the following awards will be presented:

• Best Conference Paper
• Lawrence Rauch Award for Standards
• Myron Nichols Award for Telemetry Spectrum
• Undergraduate Student Papers
• Graduate Student Papers
• Pioneer Award
Advanced tickets: $25.
** Includes delicious buffet featuring iceberg salad with apple cider vinaigrette, fresh baked rolls,
beer-braised beef pot roast, garlic thyme-roasted chicken-on-the-bone, rosemary-roasted red skin
potatoes, Thanksgiving-style green beans, assortment of fruit pies, and iced tea.

ITC 2018

SHORT COURSES

SHORT COURSES

>MONDAY, NOVEMBER 5, 2018 | 9:00AM–5:00PM
Short Course

Description

Instructor

Advanced Modulation
Explores modulation techniques currently employed or proposed for telemetry. Material covers the legacy PCM/FM
& Demodulation
waveform, SOQPSK, and Multi-h CPM. Demodulation techniques for these waveforms are also addressed with particular
Techniques For
emphasis on synchronization techniques and performance.
Telemetry

ITC 2018

Basic Signals
& Modulation

Terry Hill,
Quasonix, LLC

This course is directed towards beginning technical personnel or telemetry personnel with limited experience in
Dr. Stephen
communications and modulation systems. The course will cover basic concepts necessary to understanding the data
Horan,
communications process within the telemetry system. This will include signal descriptions, the Pulse Code Modulation NASA Langley
(PCM) process, concepts of analog and digital modulation and demodulation, and signal bandwidth representations. Research Center
Emphasis will be on graphical representations with minimal mathematical requirements.

iNET Telemetric
Networks

This course introduces participants to telemetric networks as applicable to the integrated Network Enhanced Telemetry
(iNET) project. Participants will gain an understanding of telemetric networking principles, applicable networking
technologies, trade-offs in applying networks to telemetry, and end-to-end telemetric applications. Specifically, the RCC
Telemetry Network Standard (TmNS) based demonstration system will be presented illustrating the test article network,
radio access network, range operations network, mission control network, system management operations, and
telemetric applications. The presentation will include current performance and capabilities of developmentally flight
tested capabilities. This course is intended for anyone who needs an introduction to TmNS technologies and system
capabilities. It will be useful for participants to have a basic knowledge of networking concepts. This short course is
particularly beneficial for persons responsible for or involved in flight test instrumentation and telemetry systems.

Thomas Grace,
NAVAIR
Patuxent River
& Ben Abbott,
SwRI

IRIG 106-17 Chapter
7 Packet Telemetry
Downlink Basis and
Implementation
Fundamentals

This course will focus on presenting information to establish a basic understanding of the 2017 release of the IRIG 106,
Chapter 7, Packet Telemetry Downlink Standard. It will also focus on the implementation of airborne and ground system
hardware and methods to handle IRIG 106, Chapter 7, Packet Telemetry data. The presentation will address the
implementation of special features necessary to support legacy RF Transmission, data recording, RF Receiving, Ground
Reproduction, and Chapter 10 data processing methods.

Johnny Pappas,
Zodiac Data
Systems, Inc.

Principles &
Implementation of
the IRIG 106 Chapter
10 Digital Recording
Standard

Al Berard,
This course will present an in-depth look at the latest IRIG 106 Chapter 10/11 Digital Recording Standard. Each section
within the standard will be covered along with implementation, compliancy, interoperability, data processing and validation Air Force Test
methods. Lessons learned and insight into development and applications of Chapter 10 recorders, test equipment and Center, Eglin AFB
software throughout the test and operational communities will also be presented. A review of emerging implementations & Mark Buckley,
Telspan Data
and the next release of the standard will also be conducted.

Telemetry for HighLatency, Error-Prone
Networks

Global telemetry networks present many challenges with high-latency and error-prone transport conditions. This tutorial
will present detailed information on packet-based telemetry standards that are designed to operate reliably in such
conditions, with emphasis on RF systems, Forward Error Correction, delivery assurance, efficient packet structures in
asymmetric links, Internet Protocol considerations, security, interoperability and more. With practical applications for
ground, sea, air and space telemetry systems, much of the emphasis will be on Consultative Committee for Space Data
Systems (CCSDS) standards, and how those standards (and select elements) can be considered for more broad telemetry
applications. This course provides a protocol stack depiction of these concepts with reference to the common OSI stack.
Students should have a general technical competency and understanding of communications theory, protocols and systems.

Robert Ritter,
IMI/RT Logic

Fundamentals
of Microwaves
and RF

The course begins with an overview of electromagnetic theory and the many common uses of RF-microwaves today.
Concepts such as the frequency spectrum, basic physics of electro-magnetic wave reflection and propagation, standing
waves, power density, phase and polarity are discussed. The second section discusses RF-microwave components
typically found in telemetry systems, touching on design and applications. Consideration of antennas, transmissions lines,
couplers/splitters/combiners, hybrids, RF amplifiers,VCOs, isolators, attenuators, modulators, etc. is given. Concepts such
as “intermodulation”, “dynamic range” and, “linearity” are introduced. The final section of the course addresses the application of an end-to-end digital telemetry transceiving system. A typical airborne to ground station radio link is presented
with emphasis placed on “RF-centric issues” impacting radio link performance.

Mark
McWhorter,
Lumistar, Inc.

* Short courses continued on page 9

SHORT COURSES &
TECH SESSIONS

SHORT COURSES, continued

>>MONDAY, NOVEMBER 5, 2018 | 9:00AM–5:00PM
Short Course

Description

Instructor

Basics of Aircraft
Instrumentation

This course will describe the data acquisition system design criteria used to meet the customer's data requirements. An
example accelerometer measurement is used to illustrate the design process from the sensor to the engineering unit
display. The presentation will cover pre-sample filtering, sampling, digital encoding, and the trade-offs to consider when
designing an airborne data acquisition system. Recording of data sources and RF telemetry are presented along with
measurement uncertainty. Standards and best practices are highlighted throughout.

Ken Miller,
NAVAIR

Introduction to
Analyzing
Ethernet Data

With the proliferation of Ethernet as a data transport on multiple commercial and military aircraft and weapon systems
it is becoming even more important to get a basic understanding of how to analyze Ethernet data. This course will start
with an introduction to the OSI model and lay out the basics that make up Ethernet traffic. Then we'll look at the open
source Wireshark program and go through a crash course in using it to examine different types of Ethernet traffic. We’ll
also examine wireless traffic and how it differs from traditional wired Ethernet. Finally we'll look at using the Python programming language along with several libraries to actually analyze and decode data embedded in Ethernet traffic.

Paul Ferrill,
Avionics Test
and Analysis
Corporation

With the increased emphasis that industry and DoD are placing on the use of scientific principles in the test and evaluation
environment, you may have heard of the term STAT (Scientific Test and Analysis Techniques). This course will provide an
overview of some of the most important scientific test and analysis techniques used in test and evaluation activities. This
Introduction to
course is intended for executives, leaders, managers, and practitioners who need to know what STAT includes and what it
Scientific Test &
can do for their organizations even if they might never design a test or evaluate its results. No prior statistical knowledge is
Analysis Techniques
needed to garner some key principles and take-aways from this course as the presentation will be in the KISS (Keep It Simple
Statistically) mode. The course will be very practical, giving many examples and case studies of the techniques presented, as
well as Rules of Thumb which help bypass complexity.

Mark Kiemele,
Air Academy
Associates

This course begins by introducing the capability of transporting PCM telemetry over an IP network (TMoIP), including discussion
of the benefits and limitations of this technology. Essential network topics are covered including the OSI network model and
associated TMoIP network protocols. The three key RCC IRIG standards for TMoIP are described: IRIG 218, IRIG 106 Chapter
10 over UDP, and iNET. Interactive and scripted setup, configuration, status, and diagnostics approaches are presented. Advanced
topics include minimizing latency, handling poor-quality WAN networks, inter-vendor interoperability, one-to-many and mesh
networks, configurable quality-of-service, time/data correlation, future-proofing, and security.

Preston Hauck,
NetAcquire
Corporation

Telemetry
over IP

*Short course certificates provided upon request.

ITC/USA 2018 TECHNICAL SESSIONS
>Tuesday, November 6

>Wednesday, November 7

>Thursday, November 8

Session 1. Signal
Processing
Rodger Charroux,The
Aerospace Corporation
Session 2. Antenna &
RF Systems
Michael VanMeter, NAVAIR
Session 3. Software
Systems & Tools I
Jakub Moskal, VIStology, Inc.
Session 4. Telemetry
Networks I
Ben Abbott, Southwest
Research Institute (SwRI)
Session 5. ICTS *
Guy Williams, Air Force Test
Center
Session 6. Modulation
& Coding I
Kip Temple, AFTC, Edwards
Air Force Base
Session 7. Range
Systems & Mobile

Session 11.
Modulation & Coding
II
Tim Gatton,
Aerogear Telemetry

Session 21. Channel Equalization
Hakima Ibaroudene, Southwest Research
Institute (SwRI)

Session 12. RF
Spectrum I
Dr. Stephen Horan, NASA
Langley Research Center
Session 13. Software
Systems & Tools II
Timothy Brothers, Georgia
Tech Research Institute
Session 14 iNET *
Thomas Grace NAVAIR
Session 15.Medical
Applications
Joseph Sulewski,
L3 Technologies

Session 16. Security
Brian Keating, NAVAIR
Session 17. Sensors &
Data Acquisition
Dennis Shipley, US Army
ADD-Eustis
Session 18 Channel
Modeling &
Synchronization
Behyar Goudarzian, Boeing
Session 19. Telemetry
Networks III
Lee Eccles, Boeing (retired)
Session 20. Robotics
Mark Smedley, NAVAIR

Session 22. RF Spectrum II
Mark McWhorter, Lumistar, Inc.
Session 23. Recording & Storage
Bruce Johnson, NAWCAD
Session 24. Telemetry Networks IV
Todd Newton, Southwest Research Institute
(SwRI)
Session 25. Image & Video II
Myron Moodie, Southwest Research
Institute (SwRI)
Session 26. Calculating the
Economic Importance of
Telemetry *
Tim Chalfant, COLSA Corporation

* Special Session

ITC 2018

Ground Systems
Jon Morgan, JT4, LLC
Session 8. Software
Defined & Cognitive
Radio
James Yates, L3 Technologies
Session 9. Telemetry
Networks II
Thomas Grace, NAVAIR
Session 10. Image &
Video I
Gilles Freaud, AIRBUS Flight
& Integration Test Center
Session 27.
Electromagnetic
Spectrum
Reallocation *
Guenever Aldrich, PE,
Spectrum Reallocation
Lead, Dept. of the Navy,
Office of the Chief
Information Officer

SPECIAL EVENTS

SPECIAL EVENTS
>MONDAY, NOVEMBER 5TH
Welcome Reception

ree!

F
me!
All Welco

6:30pm–8:30pm
>Solana A-D

We kick off the week by meeting and networking with your fellow peers and colleagues from across the
industry. The opening reception will bring together delegates from across the country as well as locally.
What a great way to connect with attendees, exhibitors, and speakers while you enjoy a fantastic night of
food and fun!
You won’t want to miss this “magical” night filled with great food and mind-bending tricks! Award-winning
close-up magician, Michael Paul, will astonish the audience with cutting edge visual magic, impossible displays
of mind reading, and impress you with his sleight of hand. Everyone is welcome to this event!

>TUESDAY, NOVEMBER 6TH
Opening Ceremony & Keynote Speaker

Protecting the Grid — Cyber Security in the Electric Sector

9:00am–10:30am
>Solana A-D

We are honored to have Galen Rasche, Senior Program Manager for the Power Delivery and Utilization Sector with the
Electric Power Research Institute (EPRI) as our Keynote Speaker this year. His presentation will review recent attacks on
industrial control systems and their networks, discuss how the electric sector is responding to protect its networks and systems, and provide lessons learned for other critical infrastructure sectors. Come enjoy continental breakfast while you listen
to this interesting presentation.

>WEDNESDAY, NOVEMBER 7TH
Special Session

Creating the Future Test Range Infrastructure:
Wireless Inter-Range Network Environment

8:30am–10:00am
>Solana A-D

A major challenge to testing is balancing the development of complex systems requiring the transmission of increasingly large
amounts of data with diminished access to RF spectrum. A major test infrastructure paradigm shift towards a bi-directional,
highly integrated, wireless, inter-range network environment that seamlessly supports any and all range operations and data
types is required to continue testing systems efficiently. The implementation of a wireless, inter-range network environment
relies on leveraging network-based telemetry capabilities and applying a mobile wireless “cellular” paradigm. Thomas O’Brien,
Test Resource Management Center, will chair a panel of experts to address this important topic.

Luncheon

ITC 2018

Awards Presentation

12:00pm–1:30pm
>Solana A-D

Come enjoy a buffet lunch while you applaud the award recipients. Exhibits will close and Technical Sessions will be
suspended to allow attendees and exhibitors to attend the Luncheon. The following awards will be presented:
• Best Conference Paper
* Purchase advanced Luncheon tickets online available
• Lawrence Rauch Award for Standards
through November 2nd — go to www.telemetry.org.
• Myron Nichols Award for Telemetry Spectrum
You can also buy tickets on-site at the registration desk
• Undergraduate and Graduate Student Paper Awards
starting Sunday, November 4th at 3:00pm.
• Pioneer Award.
* Advanced Purchase: $25.00

Prize Drawing
Complete the ITC scavenger hunt and be entered into the drawing for a chance to win
door prizes valued at $256, $512 and $1,024. Must be present to win. See page 14 for details.

5:00pm–5:30pm
>Event Center

>THURSDAY, NOVEMBER 8TH
Prize Drawing
Complete the ITC scavenger hunt and be entered into the drawing for a chance to win
door prizes valued at $256, $512 and $1,024. Must be present to win. See page 14 for details.

11:30pm–12:00pm
>Solana Ballroom

ABOUT
ITC 2018

ABOUT ITC 2018
An acclaimed international technical symposium for 54 years
running, ITC remains the world’s most comprehensive telemetry
event. With everything from in-depth technical short courses
and technical briefs presented by real-world experts to worldclass speakers and cutting-edge exhibits, this show has
something for everyone in the industry. Don’t miss out!
Background
ITC is an annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation dedicated to serving
the technical and professional interests of the telemetering community, including
the establishment and support of scholastic telemetry programs at six universities.
The 3½-day event consists of technical presentations, tutorials, and short courses
arranged in concurrent sessions and complemented by a technical exhibition area
that features latest-technology product demos and displays from more than 100
industry suppliers.
The unique relationship between the manufacturing community and users in both
government and industry has produced yearly event that have led to continued
advancements of the telemetering and instrumentation systems/equipment we rely
on today, as well as the continuing education of telemetering professionals
worldwide.

Who Should Attend?
If you are involved with any kind of aerospace, vehicular, biomedical, meteorological,
or industrial telemetry applications, then you belong at ITC 2018. This premier
forum brings together customers, suppliers, academics, and the engineering
community to discuss how technology is revolutionizing the field.

Why Attend?
> Unprecedented opportunity to network with the industry’s leading experts and
innovators
> Robust technical program covering the latest policies, trends, constraints, and
breakthroughs shaping the industry
> Expert commentary from keynote speakers
> Wide selection of short courses to keep you on top of technology
developments
> Attain Continuing Learning Points (CLPs) to further your professional
development

Why Exhibit?
ITC 2018

> Extremely affordable way to reach the telemetry industry’s movers and shakers
> Captive audience of over 2,000 telemetry engineers, scientists, and management
personnel
> Outstanding opportunity to stay abreast of the competition and get new ideas
to expand your product base
> Highly targeted direct mail opportunities to attendees

EXHIBITOR LIST

ITC 2018 EXHIBITOR LIST (
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AS OF JUNE

19, 2018)

Company Name . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .Booth

Company Name . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .Booth

AIT . . . . . . . . . . . . . . . . . . . . . . . . . . . .820

NASA Armstrong . . . . . . . . . . . . . . . . .406

Apogee Labs, Inc. . . . . . . . . . . . . . . . . .303

NASA Wallops Flight Facility . . . . . . . .214

Apollotek Ltd . . . . . . . . . . . . . . . . . . . .816

NetAcquire Corporation . . . . . . . . . .1001

AstroNova Inc . . . . . . . . . . . . . . . . . . .115

NEXEYA . . . . . . . . . . . . . . . . . . . . . . . .917

ATAC . . . . . . . . . . . . . . . . . . . . . . . . . . .815

OnTime Networks . . . . . . . . . . . . . .1021

Brandywine Communications . . . . . . .215

ORCA Technologies . . . . . . . . . . . . . . .313

CALCULEX . . . . . . . . . . . . . . . . . . . . .307

Quasonix . . . . . . . . . . . . . . . . . . . .903

Clear-Com . . . . . . . . . . . . . . . . . . . . . .721

Raytheon . . . . . . . . . . . . . . . . . . . . . . . .621

Creative Digital Systems
Integrations, Inc. . . . . . . . . . . . . . . . . . .609

Rotating Precision Mechanisms Inc. . . .821
RT Logic . . . . . . . . . . . . . . . . . . . . . . .1109

Curtiss-Wright . . . . . . . . . . . . . . . . . . .101
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2018 MOBILE APP

The New ITC Mobile App —
What does it do for attendees
and exhibitors?
You are now able to download the ITC Mobile App to your Android,
iPhone or iPad. You will also be able to access the mobile app web
version on your laptop. With the mobile app, you will be able to:

> See the conference schedule
See the full event schedule with activity times, room numbers, speaker details and descriptions.
Search for sessions by keyword, or browse by time or type and create your own itinerary. Pick
sessions and add them to your personalized agenda with reminders. If you want more details, simply
click on a session and/or short course.

> Networking with attendees
Connect with your fellow attendees by exchanging your “digital business cards”. Any new contacts
made will be housed within the “My Contacts” section of the app.

> Search exhibitor directory, speaker profiles, and sessions
Learn about presenters and where to find them. Information such as picture, company, and bio’s will
be available.

> View interactive venue and show floor maps
Interested in a session or attraction? Find out how to get there with the click of a button. Find
locations of events such as tech sessions, short courses, and exhibits! Attendees can scroll and zoom
to navigate their way around the show floor.

> Tag your favorites
Tag events as your favorites and see your schedule of conference events in which you are interested.
Add your own appointments and set reminders for when your session of interest is about to begin!

> See Exhibitor listings
Directory includes a searchable list of exhibitors along with descriptions, booth locations, and
sessions.

> Push notifications
Receive real-time alerts and updates right on your device! Alerts are displayed in the center of the
screen.
ITC 2018

The mobile app will be ready to download October 1st.
Look for an email from us at that time with instructions on
how to download the app.

ITC SPONSORSHIP

SPONSORSHIPS ARE A

GREAT WAY TO HELP YOU EXTEND YOUR
REACH AND MAXIMIZE YOUR EXPOSURE TO OUR ATTENDEES
AND READY-TO-BUY DECISION-MAKERS, AS WELL AS:

> Draw attention to a new product or service
> Generate more sales leads
> Increase booth traffic

Sign Up
Today!

> Make a lasting impression

>Sponsorship Opportunities Include
ITC Mobile App Banner Ad – Display your logo or advertisement in a rotating banner and
attract more leads. Attendees can tap on your advertisement to see other resources in the
app or in the web. An effective banner can drive traffic to your booth or website, increase
visibility, and boost sales.
Premier Listing in the Mobile App – Highlight your company listing to make your brand
more visible as well as upload photos and marketing material. This is the easiest way to stand
out in a long list of exhibitors and receive more attention!
ITC Website Advertising – Your company’s logo or fixed image advertisement will run
prominently on the ITC Telemetry.org home page or the ITC 2018 page.
Meeting Space -– If you need meeting space, don’t wait to reserve a meeting room because
they will sell out. Food and beverage orders for the meeting rooms must be made thru the
hotel. Please contact Lena Moran at Lmoran@traxintl.com if you have any questions.
Exhibit Floor Meeting Rooms -– Exhibit floor meeting rooms are designed to be used
during the exhibit hours. The room comes with one round table and 4 chairs. — perfect for
speaking with customers!

For the complete list of sponsorship opportunities please visit our website
at www.telemetry.org

ITC 2018

D O O R P R I Z E D R AW I N G S !
On Wednesday afternoon at 5:00pm and Thursday morning at 11:30am, we
will be awarding 3 door prizes valued at $256, $512 and $1,024. To enter
the drawing, you must complete the ITC scavenger hunt, have it certified at
the mobile app help desk prior to the drawing, and be present to win in the
event hall where the drawing is being held.

HOTEL INFORMATION

HOTEL INFORMATION
Event Location
ITC/USA 2018 will be hosted at Renaissance Glendale
Hotel & Spa in Glendale, Az. This Marriott hotel is
located adjacent to the Westgate Entertainment District.
With first-class spa facilities, entertainment options across the
street, and gracious accommodations, the Renaissance
Glendale Hotel & Spa is ideal for vacationers and convention
delegates alike. All events, including short courses, technical
sessions, and exhibits, will occur in or in close proximity to
the Convention Center area of the hotel property. The hotel
is located at 9495 W. Coyotes Blvd., Glendale, AZ 85305

Renaissance Reservation Info:
Room block cut-off: October 18, 2018
Rate: Prevailing Government Rate
Reservations via Web: Go to www.telemetry.org and click
on the venue tab. Then click on the Renaissance reservation
link to be directed to the online reservation system.
Important Information: A minimum 4-night stay (Sunday –
Thursday) is required. Your credit card will be charged for the
entire amount 3 days after you book your reservation. No
cancellations after the 3 days or early checkouts will be
allowed. However, name substitutions will be allowed.

* For a list of other hotels in the local area,
please visit our website at
www.telemetry.org
Residence Inn and
SpringHill Suites

NEARBY HOTELS:
Residence Inn / SpringHill Suites
The Residence Inn and SpringHill Suites are located at 7350
N. Zanjero Boulevard and 7370 N. Zanjero Boulevard,
respectively. These hotels are only 1 mile away from the host
hotel. Free hot breakfast and WiFi included! 1-623-7728900/1-623-772-9200

Hampton Inn & Suites

Hampton Inn & Suites
The Hampton Inn & Suites is located across the street from
the host hotel at 6630 North 95th Avenue. Free hot breakfast
and WiFi included! 1-623-271-7771

Home2 Suites by Hilton
Home2 Suites is located across the street from the host hotel
at 6620 N. 95th Avenue. This newly built, all-suite hotel
provides a free breakfast and free WiFi. 1-623-877-4600

Imporatailnst
Det

Transportation from/to the Airport

>

• Uber now services the Phoenix airport
• Super Shuttle: $24 one way. This shuttle stops at
multiple stops along the way. 800-258-3826
• Zetian Transport: NONSTOP $60 for up to 3 people
per shuttle. 480-518-8033
• Taxi: Estimated fare is $75 one way

WiFi included in
Renaissance guest rooms.
Room guest parking is
$10/night.
Parking for Non-Hotel
Guests at the Renaissance
is $11 self / $15 valet
WiFi for Non-Hotel Guests
at the Renaissance is $30++

ITC 2018

The Renaissance is located 20 miles from the
Phoenix Sky Harbor International Airport.

REGISTRATION INFO

ITC 2018 REGISTRATION INFORMATION
To Register, Go Online

>

www.telemetry.org
CONFERENCE REGISTRATION TYPES
Provides access to all exhibit areas, technical sessions and
keynote speakers.

Regular

$100

Short
Course

Fee to attend one short course of your choice.

Active Duty
Military

For individuals on active military duty. Provides access to all
exhibit areas, technical sessions and keynote speakers.

$10

Full-Time
Student

For full-time students. Provides access to all exhibit areas,
technical sessions and keynote speakers.

$10

1

$400

2

2 Easy Ways
to Register!
Online:

Go
to
www.telemetr y.org
and click on the
registration link. This is
your quickest and easiest
option!

In Person: If you don’t
register by November 2, 2018,
you’ll need to register at the
conference. On-site registration begins Sunday, November
4, 2018 at 3:00 p.m.

ITC/USA 2018
REGISTRATION POLICIES

For those individuals whose technical paper has been published in
ITC 2018 Technical Proceedings and/or individuals who will be
No Charge
chairing a technical session. Includes access to all exhibit
areas/technical sessions and keynote speakers.

Author/
Session
Chair

Online Registration Deadline

Don’t wait…
go to www.telemetry.org. Online
registration ends November 2,
2018.
Substitutions

Thursday
Only
Registration

ITC 2018

Exhibitor
Booth Staff

Provides access to all exhibit areas, technical sessions, and
keynote speakers.

For those individuals working at their company’s booth. Provides
access to all exhibit areas, technical sessions, and keynote
speakers.

Substitutions are allowed.
Please e-mail requests to:
telemetry@comcast.net

No Charge

Cancellations

Refunds will be accepted for
cancellations received before
November 2, 2018.
Badging Info

$100

** 2 free registrations per 10x10. Price is for
additional registrations.

Badges for anyone that registers
online will be available for pickup
at the ITC registration desk beginning Sunday, November 4, 2018 at
3:00 p.m.

NOTE: Space for short courses is limited. Acceptance is on a first-come, firstpayment basis. Online registration is highly recommended.

ITC’18 Exhibitors: Please register your show personnel, guests, and sales representatives online!

SPONSOR ADS

• L-, S-, and C-Band

Quasonix now offers the complete
RF telemetry link solution.
Come see it all in booth 903.

• Space-Time Coding (STC)
• Telemetry over IP (TMoIP)
• Data Quality Metric / Encapsulation
(DQM / DQE)
• Adaptive Equalization
• HyperTrack™
• Con-Scan or E-Scan Feeds
• Best Channel Selector (BCS)

VISIT US IN BOOTH 207 | 2018 PLATINUM SPONSOR

TELEMETRY SOLUTIONS FOR THE MOST DEMANDING REQUIREMENTS.

L3 offers fully integrated, miniaturized
and tested airborne solutions, including
airborne data acquisition, telemetry
encryption, and ﬂight termination
systems and support. L3T.com/TRF
Use of U.S. DoD visual information does not imply or constitute DoD endorsement.

ITC 2018

L3T.COM

ITC 2018 Technical Program
Tuesday, November 6th, 1:00 – 3:00 p.m.

Aurora A

Session 1
Chair

Signal Processing
Rodger Charroux, The Aerospace Corporation

1:00 p.m.
18-01-01

“Codebook Based Techniques for High-Performance Geolocation”
Andrew Yang (University of California, Santa Barbara); Dylan Goldsworthy (University of
California, Santa Barbara); Drew Nakamura (University of California, Santa Barbara); Hua
Lee (University of California, Santa Barbara)
Conventional geolocation techniques were developed based on time-delay estimation,
followed by computation of the angle of arrival (AOA). The AOA computation is the main
cause of latency, which significantly degrades the feasibility of real-time bearing-angle
detection. The computation also adds to hardware complexity and power consumption,
which is critical for small, light-weight and mobile devices. This paper presents a
codebook based approach to geolocation. The delay profiles are mapped to a precomputed
codebook to match the optimal estimation of the geolocation. This simplifies the
computation procedure and makes real-time computing feasible. It utilizes limited memory
capacity to reduce latency and hardware complexity. This approach also allows us to
accurately assess the resolving capability. In addition, it reduces computation for joint
estimation with multiple receiver units, especially in mobile format.

1:20 p.m.
18-01-02

“Wiring Harness Construction and Data Protocol Selection for High Noise
Applications”
Aaron C Schultz (Wildcat Formula Racing); Michael Marcellin (University of Arizona)
The main problem with wired data transmission is exposure to electrical noise. In
environments with extremely high noise levels, special care needs to be taken in order to
accurately send data between two or more devices. In the case of motorsports, extreme
noise on any critical data lines can cause engine failure, putting the driver’s safety at risk.
The purpose of this paper is to explain effective construction techniques for noise reduction
in a wiring harness, as well as to review how certain serial data protocols will handle
errors in harsh conditions.

1:40 p.m.
18-01-03

“Real-time Monitoring Technology of Inlet Distortion Signal”
Ruchang Huang (Chinese Flight Test Establishment); Guobo Wei (Chinese Flight Test
Establishment); ZhongJie Wang (Chinese Flight Test Establishment); Panwen Li (Chinese
Flight Test Establishment)
In the flight test, the matching compatibility of the fighter inlet and the engine is the key to
the test flight of the engine performance quality. Especially at high incidence of high attack
angle and over stall maneuver, the characteristics of the inlet are very important to the
engine. The current traditional test scheme cannot real-time telemeter the inlet distortion
signal.This paper aims at the problem by designing an embedded airborne real-time
processing unit which can real-time calculate and telemetry of the inlet distortion signal.
Then the results are displayed in the ground monitoring station by cloud image mode. So we
can evaluate the matching performance of the inlet and engine during aircraft flight, and
achieve the aim of prejudging the risk of inlet distortion.
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2:00 p.m.
18-01-04

“Flight Test Data Airborne Restructurable Fast Processing Technology”
ZhenHua Wu (Chinese Flight Test Establishment); Jianjun Wang (Chinese Flight Test
Establishment); Xiaoya Li (Chinese Flight Test Establishment)
In multi-bus, long-endurance flight test, the huge experimental data is recoded by
networked airborne testing system. After the flight, to ensure that engineers can analyze
engineering data immediately ,the processing platform must use limited resources quickly
complete test data processing. Because the test parameters sets on different test tasks are
different, we design an airborne restructurable fast data processing system: during the
flight, uploading the phased data processing configuration information through telemetry
uplink in real time according to the execution state of the ongoing test task ,based on these
task requirements, the airborne processing system restructure its processing logic and
workflow，avoiding the repeated calculation of parameters, and ensuring the limited
onboard computing resources can meet the needs of multitasking comprehensive flight test
data processing.

Tuesday, November 6th, 1:00 – 3:00 p.m.

Aurora B

Session 2
Chair

Antenna and RF Systems
Michael VanMeter, NAVAIR SRF Lead

1:00 p.m.
18-02-01

“Spectrum Access R&D (SARD) Program: Broadband Conformal C-Band Antenna
Project”
Max Apalboym (NAWCWD); Kamal Bhakta (NAWCWD); Michael Chavez (NAWCWD);
Scott Kujiraoka (GBL Systems)
Currently in the second year of development, Broadband Conformal C-Band Antenna
(BCCA) is being transitioned and matured out of prototyping phase. This paper will discuss
encountered challenges in designing, optimizing, and developing a weapon system
telemetry antenna operating in C-Band spectrum.

1:20 p.m.
18-02-02

“Antenna Precise Pointing Calibration using Low Cost DGPS”
Pedro Rubio (Airbus Defence & Space); Jesus Alvarez (Airbus Defence & Space)
The use of directional antennas is a must to increase the range. But it does it at a cost:
directional accuracy. This kind of antenna has a narrow radiation pattern. The main beam of
the radiation pattern can be as narrow as 1.8 degrees (3db) in a C Band 2.4m parabolic
antenna. An antenna has to be pointing its radiation pattern main lobe to the flying target
with an error of less than the main lobe width in order not to degrade reception. A method
has been implemented to properly calibrate the mechanical pointing vector to overlap with
the radiation pattern main lobe. The calibration method presented in this paper allows a very
precise calibration that can be performed locally with the aid of DGPS, RF Beacon, RF
Spectrum Analyzer and software to manage the whole process. Main advantages: • High
precision. Adequate for C Band narrow radiation patterns • Low cost • Highly integrated
procedure thanks to developed software • No need of far satellites or the sun.
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1:40 p.m.
18-02-03

“Application of Massive MIMO to CRTM”
Robert J Picha (Nokia Corporation of America)
The Cellular Range Telemetry (CRTM) project seeks to evaluate the use of 3GPP Long
Term Evolution (LTE) as a radio link alternative for AMT on test ranges. The approach
taken for this project is to leverage antenna technology used to support communication
between commercial aircraft and an LTE ground network at S-band frequencies in Europe.
The European system uses fixed-beam antennas to provide sectorized coverage for ground
stations spaced up to 300 kilometers apart and serving aircraft flying between commercial
cruising altitudes and 3,000 meters. Initial coverage estimations undertaken in Phase 1 of
the CRTM project using simulated C-band antenna patterns have indicated that the antennas
will have difficulty providing coverage over the full range of altitudes expected on the test
range. This presentation will propose some alternative antenna configurations that may
address this issue, including the possible application of massive MIMO with the LTE
waveform.

2:00 p.m.
18-02-04

“Homing and Docking Algorithms for Circular Transmission and Receiver Arrays”
Vincent R Radzicki (University of California, Santa Barbara); Hua Lee (University of
California, Santa Barbara)
Homing and docking are two major components in the navigation of UAV’s and UUV’s. It
involves the estimation of the six-element displacement vector based on the received
signals, where three of the vector elements are associated with the translational
displacement and the other three are for the rotation vector. The homing procedure is based
on the estimation of the rotation vector with far-field approximations. In the docking range,
the displacement estimation becomes more sensitive and critical. Far-field approximationbased algorithms are no longer effective, and high-precision techniques become important
and need to be developed. In this paper, we examine and model the multi-dimensional
displacement estimation for circular arrays. It allows us to accurately assess the
performance as well as the limitation of the algorithms, with respect to various system
parameters such as the size of the arrays, range distance, transmitted waveforms, and signal
processing algorithms.

2:20 p.m.
18-02-05

“The Coaxial Waveguide Antenna - A Natural Design for Multi-band Applications”
Donald F. Shea (Applied Antenna Technology)
Coaxial waveguide was described in the M.I.T. Radiation Laboratory Waveguide
Handbook, Vol. 10, published in 1950. Subsequent to this publication, use of coaxial
waveguide as an antenna has not been common. A dual band radar system deployed at
White Sands Missile Range in 1963 was one of the first designs using a coaxial waveguide
feed. In 1967, coaxial waveguide was shown to possess the ability to operate as a dual
mode L and S-Band tracking feed. A prototype was built and tested . It was recognized that
this new approach was far superior to existing telemetry feeds and would allow a single
tracking antenna to perform the work of multiple single band systems. More recently, the
first tri-band tracking system was developed using a dual mode coaxial feed. This design
enabled the ability of one antenna to cover all designated telemetry frequency ranges. The
intent of this paper is to show how this antenna approach can be exploited to meet many of
today's antenna system requirements.
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Aurora C

Session 3
Chair

Software Systems and Tools I
Jakub Moskal, CTO, VIStology, Inc

1:00 p.m.
18-03-01

“Common Data Processing applications Across Decommutation Vendors”
William A Bauer (Raytheon); Phillip W Mann (Raytheon Missile Systems)
Traditional Decom Systems usually require vendor specific data descriptions and provide
vendor specific processing capabilities. The processing capabilities require an operator to
be very familiar with the vendors software, firmware and applications. Using a Software
Data Decom allows the Decom hardware to be setup with a minimal subframe only
configuration. The additional capability of a UDP Multicast over Ethernet for the framed
decommed data allows for common Applications to perform all the heavy lifting of
Archiving, Real time display, and distributed processing.. Any PC device on the LAN can
access the data in real-time. This allows common real-time displays, archive tools, and data
forwarding applications to all run simultaneously. This further consolidates the tools and
data/frame description to common formats and code archives.

1:20 p.m.
18-03-02

“Progress in the Migration of Flight Test Analysis Routines to Python”
John C Bretz (Symvionics)
In recent years, the Python language and its associated scientific libraries have been
enjoying increasing acceptance. Scientific Python’s ability to replace MATLAB® for many
disciplines makes its consideration as an alternative imperative. Python is popular in the
engineering academic arena; many entry-level Engineers have experience coding
engineering tools in Python already due to its open-source nature and status as a low-cost,
low-risk alternative to MATLAB. The IADS group has been working on uses of Python and
ways to allow users to write Python code from within IADS to help streamline their data
processing efforts. This paper will document the progress made since 2015. Experience
gained with some of the available Python libraries will be shared, and various tools that
have been developed in Python by IADS programmers for their users will be introduced and
described in detail. An attempt will also be made to assess the acceptance of Python in the
Flight Test community.

Tuesday, November 6th, 1:00 – 3:00 p.m.

Cira C

Session 4
Chair

Telemetry Networks I
Ben Abbott, Southwest Research Institute (SwRI)

1:00 p.m.
18-04-01

“Simulated Radios for Stress Testing of iNET Link Manager”
Mariusz A Fecko (Perspecta Labs); Heechang Kim (Perspecta Labs); Andrzej Cichocki
(Perspecta Labs); Larry Wong (Perspecta Labs); Mark Radke (Tybrin Corp.); Tom Young
(USAF AFMC); Thomas Grace (NAVAIR)
IP-based telemetry systems such as iNET require extensive lab testing prior to fielding.
Current iNET testbeds typically use several real radios and a mix of pre-recorded and live
telemetry traffic. However, the scalability of the iNET Radio Access Network (RAN) is hard to
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verify experimentally because of the limited number of available telemetry radios. To scale up
the testing to a larger number of nodes, we developed portable, low-cost VM-based telemetry
radio simulators that interact with the iNET Link Manager (LM) and real radios to provide
additional links and queue depth reports. This approach makes it possible to establish the
upper limit on the numbers of Test Articles that the LM can handle while allowing for fast
reconfiguration of the number and set-up of simulated radios to test out specific use cases. It
also frees up real radios for off-site tests while preserving the ability to test new LM features
using simulated radios until real radios can be reclaimed.

1:20 p.m.
18-04-02

“LTE Handover Enhancement for High Speed Cellular Range Telemetry”
Vinayak Hegde (Nokia Corporation of America); Robert J Picha (Nokia Corporation of
America)
A goal of the Cellular Range Telemetry project (CRTM) is to evaluate the use of commercial
LTE technology for AMT. LTE networks rely on signal strength measurements to make
handover decisions. For CRTM, these measurements are made by an Airborne Terminal (AT).
To support mobility at higher speeds, the following challenges need to be addressed by the AT
design: • RF Signal Measurements: The extremely high Doppler shifts complicate the airborne
terminal’s ability to make serving cell and neighbor cell signal quality measurements. •
Handover Processing Time: The serving eNodeB needs to process measurements reported by
the AT and initiate handover in a timely manner. Delays in handover processing can result in
radio link failures. The higher speeds of test articles in the AMT environment reduce the time
available to the eNodeB for handover processing. This presentation explains what 4G LTE
handover procedure enhancements are needed based on the testing done as part of the CRTM
project.

1:40 p.m.
18-04-03

“A Survey of Optimal Packet Scheduling Methods for Energy Harvesting
Communications”
Noel Teku (University of Arizona); Alexander A Berian (University of Arizona); Tamal Bose
(University of Arizona)
In Energy Harvesting (EH) communication systems, alternative forms of energy (i.e. solar,
wind, vibration) are used to supply power to the system instead of a constant power source. EH
communications provide many benefits compared to traditional communication systems such
as longer lifespans, autonomous operation without battery replacement, and being more
environmentally-friendly. However, the challenge with using EH sources is that there can be
fluctuations in the power delivered to the system due to the instability of these alternative
energy sources, which can make transmissions unreliable. This can prevent communication
systems from achieving data rates as close to the theoretical capacity limits as possible. Thus,
the objective of this paper is to provide a survey of research efforts investigating optimal
packet scheduling policies for EH systems.

2:00 p.m.
18-04-04

“Network Centric Range Architecture”
Gary Thom (GDP Space Systems)
Today’s telemetry ground stations are migrating from traditional serial PCM data distribution
to Telemetry over IP architectures. The Range Commanders Council has published IRIG 21810 TELEMETRY TRANSMISSION OVER INTERNET PROTOCOL (TMoIP) STANDARD,
which attempts to standardize PCM distribution over IP networks and is currently working on
a revision. Ranges have begun investigating new TMoIP systems. This paper attempts to
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facilitate this migration by discussing the TMoIP, networking and architectural concepts that
need to be considered when deploying a TMoIP system. The paper draws on the lessons
learned over the previous 10 years of designing, installing, troubleshooting and optimizing
telemetry data distribution over IP networks. It discusses the critical component and
architectural decisions to be made and some of the pitfalls to be avoided. Key Words: IRIG
218, TMoIP, IP, TCP, UDP, network, PCM.

2:20 p.m.
18-04-05

“Practical Considerations in Civil Aircraft Flight Test Missions implementing TMoIP
techniques using Satellite Communication Links”
Xianyu Du (COMAC Flight Test Center); Yi Zhou (COMAC Flight Test Center); Xiaoqian Yi
(COMAC Flight Test Center)
In order to cover the complete flight path of a large civil aircraft during its flight test missions,
Telemetry-over-IP (TMoIP) systems have become a standard technique solution in COMAC
Flight Test Center. In this paper, practical considerations in implementing the TMoIP systems
using a satellite communication link will be discussed, along with the applicable satellite
modem parameters. Based on the Command & Control Center located besides the Shanghai
Pudong International Airport, several typical cities represent different directions and climatic
conditions across the mainland of our country are analysed. Thanks to the high mobility and
rapidly deployable satellite communication systems, high-risk flight test subjects can be
monitored and instructed at the head-quarter where more specialist can participate and better
ground test and verification equipments can be arranged to support the missions.

2:40 p.m.
18-04-06

“Research on Application Technology of Intelligent Wireless Sensor Network in Flight
Test”
Peng Chen (Chinese Flight Test Establishment); Hongwei Jiang (Chinese Flight Test
Establishment); Yihong Yan (Chinese Flight Test Establishment)
Aimed at the problems of many test parameters, complicated lead wires, large additional
weight, lack of flexibility and expandability as well as low level of intelligence and
networkability of existing aircraft test flight test systems, with the application requirements of
intelligent wireless sensor network for flight test technologies as the lead, this paper makes
research on key technologies of intelligent wireless sensor network in aircraft flight test, and
focuses on the synchronous acquisition system architecture, real-time protection method, and
data transmission reliability checking method and the development of acquisition and
recording system for wireless sensor networks based on the iNET standard for aircraft flight
test. Besides, this paper also performs simulation and engine ground test verification which
laid the foundation for the application of intelligent wireless sensor network technology in
aircraft flight test.

ITC 2018 Technical Program
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Session 5
Chair

Cira B

“International Threats to Telemetry Spectrum for 2018” hosted by the ICTS
Guy Williams, Air Force Test Center

This special session, sponsored by the IFT's International Consortium for Telemetry Spectrum
(www.telemetryspectrum.org), will cover potential threats to the life-blood of telemetry; RF
Spectrum. Telemetry professionals, providers, and customers should monitor these threats
closely and take action as needed to ensure that the needs of the greater telemetering
community are reflected in international and domestic regulations and policy.
Tuesday, November 6th, 3:30 – 5:30 p.m.

Cira B

Session 6
Chair

Modulation and Coding I
Kip Temple, Technical Expert – Telemetry, Air Force Test Center, Edwards AFB

3:30 p.m.
18-06-01

“Software Randomized NRZ-L Decoder”
Richard A Graham (US Navy)
This paper is an examination of how to decode Randomized NRZ-L in software. It will
explain the theory behind the standard IRIG decoder (106-17 A.2 3.4). It will present a basic
algorithm and will explain the steps in the algorithm.

3:50 p.m.
18-06-02

“Link Dependent Adaptive Radio performance on Dynamic Channel”
Tasmeer Alam (Morgan State University); Farzad Moazzami (Morgan State University);
Richard Dean (Morgan State University)
This paper includes analysis of aeronautical channel dynamics in flight simulations of the
Link Dependent Adaptive Radio (LDAR). LDAR system includes realistic measurement of the
throughput gain with the adaptation of the modulation and coding parameters for telemetry
applications. To increase the accuracy, channel dynamics have been incorporated in the
simulation. Dynamic channel simulator is developed by the customized two ray ground
reflection channel model including Doppler shift, delay spread, and other channel dynamics.
This paper shows the comparison of the performance of LDAR using both static and dynamic
channel. The impact of creating accurate simulation results with this dynamic channel
simulator reaches beyond LDAR and will help the telemetry community to improve the
accuracy of computer simulation in the design and pre-test stages.

4:10 p.m.
18-06-03

“AM-AM/AM-PM in a C-Band Telemetry Transmitter Using 16-APSK”
Jason Baxter (University of Kansas); Erik Perrins (University of Kansas); Dan DePardo
(University of Kansas)
Due to the economic importance of spectrum allocation, modulation schemes traditionally
used in telemetry are being replaced with more spectrally efficient schemes. Amplitude and
Phase Shift Keying (APSK) is one modulation scheme being considered for implementation in
aeronautical telemetry. However, an APSK modulated signal is vulnerable to nonlinearities of
a transmitter's RF power amplifier (PA). Driving a PA into saturation produces two undesired
nonlinearities: amplitude-to-amplitude modulation (AM-AM) and amplitude-to-phase
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modulation (AMPM). This paper characterizes the PA in a C-Band transmitter using a 16APSK test signal in terms of these nonlinearities.

4:30 p.m.
18-06-04

“Unification of Signal Models for SOQPSK”
Erik Perrins (University of Kansas); Michael Rice (Brigham Young University)
This paper begins by summarizing a recent advancement in the way that shaped offset
quadrature phase shift keying (SOQPSK) waveforms can be viewed. This new viewpoint
succeeds in eliminating the need for SOQPSK to be thought of as a "special" kind of
correlated, ternary continuous phase modulation (CPM). Instead, SOQPSK can be viewed as
an ordinary, binary CPM. We provide all of the details necessary to achieve a complete
unification of SOQPSK models at the waveform level, at the bit sequence level, and in terms of
waveform initialization. With this information, SOQPSK users can easily mix and match
SOQPSK models at the transmitter and receiver in order to make use of the advantages of
each model.

4:50 p.m.
18-06-05

“Optimum Parameter Combinations for Multi-h Partial Response Continuous Phase
Modulation”
Ding Xingwen (Beijing Research Institute of Telemetry); Chang Hongyu (Beijing Research
Institute of Telemetry); Chen Ming (Beijing Research Institute of Telemetry)
It is well known that partial response CPM signals usually have better spectral efficiency than
full response CPM signals, and the performance of CPM signals can be further improved by
combining with multi-h phase codes. According to IRIG 106, the ARTM CPM waveform, a
kind of multi-h partial response continuous phase modulation (CPM), has almost three times
the spectral efficiency of PCM/FM and approximately the same detection efficiency of
PCM/FM. This paper presents other optimum parameter combinations for multi-h partial
response CPM, by taking the minimum Euclidean distance, spectral efficiency and detection
complexity as judgment criterions.

Tuesday, November 6th, 3:30 – 5:30 p.m.

Aurora A

Session 7
Chair

Range Systems and Mobile Ground Systems
Jon Morgan, Computer Scientist, JT4, LLC

3:30 p.m.
18-07-01

“Updated Status on the Telemetry Range Support Aircraft (TRSA) Program”
J. Kyle Roudebush (NAWCWD); Jose Hernandez (NAWCWD); Scott Kujiraoka
(NAWCWD); Kenneth Sanchez (NAWCWD); Michael Pace (Raytheon Albuquerque)
In November 2017, a contract was awarded to Raytheon Missile Systems to develop a new
advanced telemetry system for the U.S. Navy’s Range Support Aircraft. Based within the
Gulfstream 550 airborne early warning airframe, Raytheon’s modern solution will offer
multirole capabilities in telemetry data collection and re-transmit, range surveillance and
clearance, flight termination, and communications relay. This paper will detail the current
status of the integration of these systems into the airplane, along with the one major
developmental system called CBITS (Commercial Based Instrumentation Telemetry System).
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3:50 p.m.
18-07-02

“Telemetry Applications of TENA and JMETC”
Gene Hudgins (TENA / JMETC); Juana Secondine (TENA / JMETC)
Often, TM requires operators on location with receive system(s) or at a remote console (with
a remote antenna control unit), resulting in TDY for operators and possibly a shortage of
operators to support all scheduled operations. A remote-control capability could eliminate
existing personnel requirements at both the local system antenna site as well as the control
facility, greatly reducing operational costs. TENA provides for real-time system
interoperability, as well as interfacing existing range assets, C4ISR systems, and
simulations; fostering reuse of range assets and future software systems. JMETC is a
distributed, LVC capability using a hybrid network solution for all classifications and cyber.
TENA and JMETC allow for the most efficient use of current and future TM range resources
via range resource integration, critical to validate system performance in a highly costeffective manner.

4:10 p.m.
18-07-03

“A Portable Solution for On-Site Analysis and Visualization of Racecar Telemetry
Data”
Chirstopher Backhaus ( University of Arizona Baja Racing Team); Kyle Boyer (University
of Arizona Baja Racing Team); Safwan Elmandani (University of Arizona Baja Racing
Team); Sean Ruckle (University of Arizona Baja Racing Team); Paul Houston (University of
Arizona Baja Racing Team); Michael Marcellin (University of Arizona)
The University of Arizona Baja Racing Team competes annually in a grueling off-road
racing competition designed to test the durability of each team’s vehicle. For the last several
years, we have been creating and improving upon a telemetry system for the car in order to
provide live data and analysis to the driver and pit crew during races, as well as to inform
the design of future vehicles. This year, we have created a portable system consisting of a
high-performance computer running a custom software package in a ruggedized case with a
variety of networking gear. The software is built around a modular, multithreaded analysis
engine and can perform live and retrospective analysis on data received from multiple
sources, the results of which can be displayed using the built-in GUI or accessed via web
interface.

4:30 p.m.
18-07-04

“Non-Traditional Implementation of a Traditional Safety System”
Paul Cook (Curtiss-Wright Defense Solutions)
Safety system implementation for Flight Termination involves the interconnection of specific
signals from one (no redundancy) or both (redundancy) Flight Termination Receivers (FTR)
to be telemetered to the ground for monitoring by the Range Safety Officer (RSO). The
number of specific signals per FTR can be as high as 12 independent signals resulting in a
large wire harness. The addition of an RS-232 programming interface on the radar
transponder and telemetry transmitters adds weight and cost, takes up space and creates
installation and maintenance issues. This paper discusses how switching to a serial wiring
approach, such as a multidrop bus, will reduce wiring and allow for other features including
more in-depth status information and quick system configuration reprogramming.
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Tuesday, November 6th, 3:30 – 5:30 p.m.
Session 8
Chair

3:30 p.m.
18-08-01

Aurora B

Software Defined and Cognitive Radio
James William Yates, V.P. Business Development, L-3 Technologies T&RF
“Communication Systems for CubeSat Missions”
Anna Case (Missouri University of Science and Technology); Kurt Kosbar (Missouri S&T)
Several design iterations of communication systems at the Missouri S&T Satellite Research
Team reveal that software defined radios (SDR) are viable for low cost, fully functional,
and reliable communication systems. Recent licensing policy changes have impacted a
number of CubeSat missions, prompting the necessity of bandwidth efficient communication.
In searching for solutions to minimize spectral congestion, these systems need to minimize
power consumption and maximize data throughput. The flexibility that SDRs provide
allows for dynamic link control in orbit. Once completed, the code used to implement this
system will be open-sourced for future missions use.

3:50 p.m.
18-08-02

“Decoupling Hardware and Software Concerns in Aircraft Telemetry SDR Systems”
Nathan D Price (Missouri University of Science and Technology); Kurt Kosbar (Missouri
S&T)
Prior work has shown that software defined radio has the ability to reduce the size, weight,
power and cost of telemetry and avionics. We propose a virtualized transceiver
architecture that supports multiple concurrent software defined radio (SDR) applications
running on shared SDR hardware. This paper applies the concept of virtual transceivers to
SDR for telemetry and avionics. The proposed design allows for transceivers to be shared
between different SDR applications by taking advantage of time separation and frequency
adjacency. This paper addresses the system layout, hardware selection, and software
organization. Improvements include a scalable and considerations for both redundancy
and upgradability.

4:10 p.m.
18-08-03

“4G LTE and Telemetry Interference Analysis on a Flexible Software-Defined Radio
Testbed Platform”
Juan F Gonzalez (The University of Texas at El Paso); Mirza Elahi (The University of
Texas at El Paso); Jose Castillo (The University of Texas at El Paso); Virgilio Gonzalez
(The University of Texas at El Paso); Pabel Corral (ATEC WSMR); Susumu "Duke"
Yasuda (ATEC WSMR)
With the upcoming AWS auctions by the FCC, the shared radio frequency spectrum is to be
impacted in a way that its current users will have to maintain their operations with a
reduced amount of spectrum. Mainly focusing on the L, S, and the lower C-bands, the 4G
LTE and the White Sands Missile Range telemetry systems will be the primary affected
users. With the implementation of a flexible software-defined radio testbed, it is possible to
simulate both communication systems to qualify and quantify their behavior while studying
the interference between systems. The testbed allows the implementation of both systems
with adjustable parameters with the purpose of mitigating interference and to produce a set
of rules to obtain a clean telemetry signal and to reduce LTE interference, and vice-versa.
The flexibility of this testbed is reflected in its ability to change the modulation types, power
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levels, frequency bands, and the ability to transmit in a closed-loop or wireless
environment.

4:30 p.m.
18-08-04

“Spectrum Sharing MAC Protocol Applications for the Proposed 3.5 GHz Band”
David O Oyediran (Morgan State University); Farzad Moazzami (Morgan State University);
Richard Dean (Morgan State University)
The DoD has a documented requirement of 865 MHz by 2025 to support telemetry but only
445 MHz is presently available. Research is presently on-going at DoD to realize, test and
evaluate spectrum efficient technology with the aim to develop, demonstrate, and evaluate
technology components required to enable flight and ground test telemetry operations. In
Cognitive Radio network, the activity of the licensed user is protected against harmful
interference from the unlicensed users. We developed a protocol model and implemented a
Cognitive Radio Media Access sensing mechanism using cyclostationary feature detector
(CFD). The results shows that using the Carrier Sense Multiple Access Collision Avoidance
(CSMA/CA) and CSMA/CA RTS-CTS, higher throughput is obtained with CSMA/CA RTSCTS. We suggest that with proper sensing mechanism, CSMA/CA RTS-CTS could be
adopted for licensed user protection.

4:50 p.m.
18-08-05

“Doppler Estimation and Compensation for LTE-Based Aeronautical Mobile
Telemetry”
Eddie Fung (Perspecta Labs); William Johnson (Perspecta Labs); Achilles Kogiantis
(Perspecta Labs); Kiran Rege (Perspecta Labs)
High Doppler shifts pose a challenge to Aeronautical mobile telemetry (AMT) implemented
on a 4G LTE network. A Doppler estimator/compensator (DEC) that proactively shifts the
uplink (UL) signals from the Test Article (TA) addresses the problem. The DEC can be
inserted between the transmit/receive ports of a COTS TA transceiver and its antenna(s). It
estimates the Doppler shift using UL signals from the TA, which include the Doppler shift.
Use of uplink signals provides us with a clean, noise- and fading-free signal for Doppler
estimation, and eliminates the need for an indication of the desired base station. A prototype
of the DEC has been developed using Universal Software Radio Peripherals (USRPs) and a
Linux PC for compute-heavy tasks, and tested in a laboratory environment emulating AMT
channels. (An FPGA-based implementation is currently under development.) An
architectural description of this prototype along with a representative sample of test results
is given in the paper.

Tuesday, November 6th, 3:30 – 5:30 p.m.

Cira C

Session 9
Chair

Telemetry Networks II
Thomas Grace, NAVAIR

3:30 p.m.
18-09-01

“Early Flightline Radio Network Demonstration”
Robert J Picha (Nokia Corporation of America); Vinayak Hegde (Nokia Corporation of
America)
One of the challenges of the current AMT environment is that the same RF spectrum is used
for both ground-based and airborne test segments of a test even. In most cases, the airborne
test segment is only a small percentage of the total test duration. The Flightline Radio
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Network project will develop and demonstrate an IP-based Flightline Radio Network (FRN)
operating in non-telemetry spectrum for ground operations and will support seamless
handoff to and from an in-flight Aeronautical Mobile Telemetry network with low handoff
delay. The use of commercially available spectrum for the FRN system allows the test range
to take advantage of low cost commercial technology and system deployment/installation/
management services available to large scale commercial operators. This presentation will
provide a brief overview of the FRN project, describe an early demonstration of LTE
technology in a flight line test scenario, and present test results from that demonstration.

3:50 p.m.
18-09-02

“RF Planning for 3D Coverage in Cellular LTE Range Telemetry”
Dan Harasty (Perspecta Labs); Achilles Kogiantis (Perspecta Labs); Jenny Maung
(Perspecta Labs); Kiran Rege (Perspecta Labs); Anthony Triolo (Perspecta Labs)
Initial analysis and lab experiments have provided confirmation of the viability of 4G LTE
Cellular Technology for Aeronautical mobile telemetry. COTS LTE equipment is deployed
for the test range frequency bands. To achieve spectrum efficiency, a multi-cell network is
planned. Mobility is managed with native LTE handovers. To address extreme Doppler
cases, additional support is provided to mobility management via a central entity that
estimates the TA’s trajectory and issues handover commands. Within this framework we
present aspects of an RF planning study covering the air space around Edwards Air Force
base. The analysis is conducted with a custom RF planning tool to assess signal strength,
interference and achievable rates from a placement of cells at various locations in the test
range, with antenna pointing that is relatively restricted. Results cover base station density,
antenna pointing strategies, backhaul needs, achievable rates, and multi-user aspects.

4:10 p.m.
18-09-03

“BSS with Heterogeneous Ethernet Sources”
Julien J.M. Maliverney (NEXEYA)
Nowadays, Telemetry Ground Station over a Range are all connected through Ethernet.
Telemetry data can be dispatched from that layer to the Main Control Room. Nevertheless,
Ethernet Protocols are so open that the data transmitted can be heterogeneous (Throughput
Ch10, Unpacked /Packed Synchronized data, PCM over Ethernet…). This paper describes
an architecture based on a three layers software (Proprietary layer, Software Frame sync,
BSS) to manage BSS with these heterogeneous Ethernet sources. Two practical cases are
exposed: BSS with 12 sources (throughput & synchronized data) with generation of Best
stream UDP Ch10 & BSS from 3 heterogeneous sources (UDP Ch10, MAGALI ethernet
source, ADAS PCM over ethernet module) with Quick Look Message generation containing
extracted parameters coming from the Best Source. The assets (Flexibility, Easy upgrade) &
the backwards (Encrypted data mismatch) are also finally described.

4:30 p.m.
18-09-04

“Performance Test of Initial iNET-Like RF Network Using Helicopter (2018)”
Sei Ito (Kawasaki Heavy Industries. ltd.); Takeshi Honda (Kawasaki Heavy Industries. ltd.);
Toshihisa Tanaka (Kawasaki Heavy Industries. ltd.); Daiki Aoyama (Kawasaki Heavy
Industries. ltd.); Katsuhiko Abe (Kawasaki Heavy Industries,Ltd); Takafumi Morimatsu
(Kawasaki Heavy Industries,Ltd)
Kawasaki Heavy Industries, Ltd. (KHI) has been authorized to use S-band IP Transceivers
since 2014 in Japan. We have been involved with tests for two-way high-capacity
communication. We presented the results of the performance test using a helicopter at
ITC2016. We continued further performance test in 2017-2018.
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4:50 p.m.
18-09-05

“A Testing Method of Measuring Time Delay of the Flight Test AFDX Avionic System
Caused by Data Acquiring Network”
JianJun Wang (Chinese Flight Test Establishment); Guojin Peng (Chinese Flight Test
Establishment); Yihong Yan (Chinese Flight Test Establishment)
Full Duplex Switched Ethernet AFDX is gradually replacing the traditional 1553B as the
architecture of the new generation avionics system. AFDX bus has the characteristic of
Ethernet delay. However, special needs for measuring avionics AFDX network delay are
required to meet in flight test. According to the characteristics of flight test, this paper
proposes a method of data acquisition network delay measurement for AFDX avionics
system to solve the puzzle of delay measurement. The experiments on a test aircraft
demonstrate that the method can improve the calculation accuracy of an avionics system and
it’s effective in engineering applications.

Tuesday, November 6th, 3:30 – 5:30 p.m.

Aurora C

Session 10
Chair

Image and Video I
Gilles Freaud, AIRBUS Flight & Integration Test Centre,
Head of Test Instrumentation Components

3:30 p.m.
18-10-01

“Obtaining Measurement Data Using Cockpit Video Cameras”
Hakima Ibaroudene (Southwest Research Institute); Myron Moodie (Southwest Research
Institute); Ben Abbott (Southwest Research Institute)
Rather than classic data bus-based acquisition and extraction, we can use cockpit video
cameras to extract measurements. These technologies can reduce installation costs and
complexity and minimize aircraft modification to obtain parameter data and may be
sufficient for some quick-turn, limited-scope flight test operations. This paper explores the
challenges and possible approaches for extracting measurements from video imagery of
cockpit displays and provides an in-depth case study of a portable cockpit display video
measurement system that reads digital measurements from aircraft instrument panels.

3:50 p.m.
18-10-02

“Using Photogrammetric Analysis with High-Speed Cameras in Flight Testing
Applications”
Russ Moore (Curtiss-Wright Defense Solutions)
The cameras used in store separation FTI applications must be very environmentally
rugged and perform optimally and accurately in harsh environments. Any potential failure
must be mitigated because of the high cost of keeping a test platform in the air. Post-test, it
is important that the images can be correlated so the data is suitable for photogrammetric
analysis. This paper discusses what is required for successfully capturing data in flight tests
for photogrammetric analysis and outlines a high speed camera system solution.
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4:10 p.m.
18-10-03

“Leaf Classification for Agricultural Remote Sensing Applications”
Viraj Gajjar (Missouri S&T); Ze-Hao Lai (Missouri S&T); Kurt Kosbar (Missouri S&T)
In this paper, we introduce a technique to classify the leaves using machine learning
classification. In the agricultural remote sensing field, there has recently been substantial
effort put into leaf classification, as it can be useful for plant phenotyping and precision
agriculture. Convolutional Neural Networks (CNN) have been extensively used in computer
vision for image classification. However, CNN can be computationally expensive, so we
propose a method which achieves a comparable accuracy, using a support vector machine
classifier. We apply a 2-D Fast Fourier Transform to extract frequency patterns, and
integrate them with time-domain features such as, eccentricity, width-to-height ratio, and
perimeter-to-area ratio as data pre-processing for classification. The performance of the
algorithm is further improved by using only monochromatic images. We tested our
algorithm on the publicly accessible data sets Flavia and Swedish, and saw promising
results.

4:30 p.m.
18-10-04

“Development and Validation of an Application for Pitch Drop”
Luiz Eduardo G Vasconcelos (ITA / IPEV / INPE); Andre Yoshimi Kusumoto (IPEV);
Leandro Roberto (IEAV); Joao Vitor Zanette (IPEV); Nelson P O Leite (IPEV); Cristina
Lopes (IAE / ITA)
Of all the stages of the process of store separation, the flight test stage is the most expensive
stage. Thus, the smaller the number of flights, the better. One step prior to in-flight tests is
the pitch drop. In this stage, the use of a computer vision solution can assist engineers
during the test to determine whether the test point was safe or not. When using cameras in
any activity that requires accuracy in the results, it is necessary to perform the calibration
of the optical system used in the tests. The IPEV has developed a solution that (1) the
construction of a calibration field so that camera calibrations can be performed using a
single frame; (2) a method for carrying out pitch drop test; (3) and an application that uses
computational vision to process data from high-acquisition-rate cameras and generate the
results in 6DoF. The development and validation of the solution are described in this work.

4:50 p.m.
18-10-05

“Motion Parameters Measurement of the Drag Parachute Based on AI Vision”
Xiaolin Feng (Chinese Flight Test Establishment); Jie Zhang (Chinese Flight Test
Establishment); Zhongjie Wang (Chinese Flight Test Establishment); Zanchao Wang
(Chinese Flight Test Establishment)
Drag parachute is an essential guarantee for flight safety. The offset angle on drag
parachute deployment is an important parameter to evaluate its performance. In this paper,
the principle of space constraint is applied to design a motion parameters measurement
method based on monocular vision with high-speed camera , and an intelligent real-time
tracking algorithm based on image features is proposed to obtain images of drag parachute
in the deployment process. The real-time position and offset angle of the drag parachute are
achieved with this method in the flight test which provides a reliable and effective means for
the design and improvement of the drag parachute, and also expands the application of
visual measurement in flight test.
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Chair

Cira A

“Electromagnetic Spectrum Reallocation”
Guenever Aldrich, PE, Spectrum Reallocation Lead, Department of the Navy Office of
the Chief Information Officer

A discussion with a question & answer session on spectrum reallocation to include bands that
have been auctioned off; and bands that are potentially coming up for auction. Including the
AWS-3 auction, the Spectrum Efficient National Surveillance Radar (SENSR) feasibility
studies, and other ongoing projects which impact the telemetry community, and the push
towards spectrum diversity and efficiency.
Wednesday, November 7th, 10:30 a.m. – 12:00 p.m.

Cira B

Session 11
Chair

Modulation and Coding II
Tim Gatton, Aerogear Telemetry

10:30 a.m.
18-11-01

“Initial Observations of 16-APSK Modulation use in C-Band Aeronautical Telemetry”
Dan DePardo (University of Kansas)
The implementation of more advanced modulation formats such as Amplitude Phase Shift
Keying (APSK), which can be spectrally more efficient and potentially less susceptible to
adjacent channel interference than current aeronautical telemetry modulation schemes,
could serve to mitigate telemetry frequency spectrum reductions and reallocations. This
paper will detail initial laboratory transmitter measurements and observations of 16-APSK
modulation performance in comparison to SOQPSK-TG.

10:50 a.m.
18-11-02

“Generalized Spatial Modulation Symbol Design for Correlated Rician Fading MIMO
Channels”
Elam A. Curry (New Mexico State University); Deva Borah (NMSU)
In generalized spatial modulation (GSM), information is conveyed both by the indices of
multiple activated antennas and the modulation symbols they transmit. GSM includes
generalized space shift keying (GSSK) and spatial modulation (SM) as special cases. In a
multiple-input multiple-output (MIMO) system with correlated antennas, a large number of
possible GSM symbol sets exists, and the use of a particular set affects the error
performance. This problem has been addressed recently for visible light communication
systems using an iterative combinatorial symbol search algorithm. This paper investigates
the adaptation of the this iterative algorithm for GSM symbol design in MIMO radio
frequency systems. Several approaches to calculating the inter-symbol distances are
introduced. The performance of the designed GSM, GSSK, and SM symbol sets is compared.
The effects of the Rician fading channel parameters and the spectral efficiency are
investigated.
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11:10 a.m.
18-11-03

“A Channel Spacing Analysis for Coded-APSK”
Sumant M Pathak (University of Kansas); Erik Perrins (University of Kansas)
Amplitude Phase Shift Keying (APSK) is an attractive alternative to continuous phase nonlinear modulations in telemetry systems with its low Peak-to-Average Power Ratio (PAPR).
Since the PAPR is not exactly unity, we use APSK paired with Low-Density Parity Check
(LDPC) codes to compensate for loss in power efficiency due to the power amplifier
operating with backoff. In this paper we consider the adjacent channel spacing of a system
with multiple configurations using LDPC coded APSK and SOQPSK-TG. We consider
different combinations of 16 and 32-APSK and SOQPSK-TG and find the minimum spacing
in frequency between the respective waveforms that does not distort system performance.

Wednesday, November 7th, 10:30 a.m. – 12:00 p.m.

Aurora A

Session 12
Chair

RF Spectrum I
Dr. Stephen Horan, NASA Langley Research Center

10:30 a.m.
18-12-01

“Spectrum Usage Measurement System”
Phiroz H Madon (Perspecta Labs Inc. ); Mariusz Fecko (Perspecta Labs); Robert Ziegler
(Perspecta Labs); Sunil Samtani (Perspecta Labs); Daniel Harasty (Perspecta Labs); John
Shen (Perspecta Labs); Mike Painter (Knowledge Based Systems, Inc.); Charles H Jones (C.
H. Jones Consulting, LLC); Tom Young (USAF AFMC); Thomas O'Brien (TRMC); Mark
Radke (Tybrin Corp.)
DoD flight test ranges need to track telemetry spectrum usage to defend against future selloffs, as well as operate with high spectral efficiency. The Spectrum Usage Measurement
System (SUMS) characterizes spectrum usage and requirements at test ranges. The system
relies on mission planning and scheduling data acquired from test range planning systems,
as well as measurements obtained from telemetry receivers and frequency scanning sensors.
SUMS key capabilities include: (1) collecting over-the-air evidence of actual assigned
frequency usage; (2) combining this data with mission plans to produce an accurate
representation of telemetry spectrum usage through the space, time and frequency
dimensions; (3) providing users with a data warehouse of spectrum usage, potentially
spanning multiple years, with test ranges across CONUS, and (4) providing data analytics
and visualization techniques that combine 3-D terrain-based heat maps with synchronized
usage metrics charts.

10:50 a.m.
18-12-02

“Comprehensive Spectrum Monitoring System (COSMOS) for Next-Generation
Spectrum Situational Awareness”
Robert Ziegler (Perspecta Labs); Anthony Triolo (Perspecta Labs); Sunil Samtani
(Perspecta Labs); Joshua Weaver (US Naval Sea Systems Command)
This paper will document Comprehensive Spectrum Monitoring System (COSMOS),
Perspecta Labs’ solution for NGS2AS. NGS2AS is a Spectrum Access R&D Program under
the auspices of the National Spectrum Consortium that will help to verify compliance with
sharing agreements between incumbent DoD airborne training systems (specifically ACTS
variants) and new commercial licensees in upper L-band (1755-1850 MHz). COSMOS
incorporates low-cost unattended RF sensors, networked using industry-standard
interfaces; versatile back-end processing and storage of sensor data; spectrum data
analytics, reporting and visualization; and incorporation of historical and projected
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frequency usage data from DoD systems for planning of airborne training and test missions.
We will define the primary use cases for COSMOS, outline the COSMOS system
architecture, and describe the software architecture and implementation of the COSMOS
prototype (including both sensors and back-end processing).

11:10 a.m.
18-12-03

“Spectrum Supply and Demand Prediction Models”
Charles H Jones (C. H. Jones Consulting, LLC); Mike Painter (Knowledge Based Systems,
Inc.)
There is a general belief that there is not enough spectrum available to meet T&E needs.
How do we know this is true? The very few studies that have analyzed this have done so
with limited data and limited modeling. Spectrum is a natural resource. An analogy to gold
mining can be useful. A certain amount of gold exists in the ground, but it takes equipment
to extract it. It is only the extracted quantity that is available as supply. Transmitters and
receivers are the mining equipment that extract spectrum. Demand is different from
requirements. A quagmire of debate surrounds requirements. Whereas, what testers want is
their choice. There is evidence that not all demand is input into spectrum scheduling
systems due to a combined perception by some testers of low priority and a lack of
spectrum. Thus, use and request data do not even capture demand. This paper provides
models and techniques that can aid analyses trying to predict the gap between spectrum
supply and demand.

11:30 a.m.
18-12-04

“Spectrum Usage Measurement System (SUMS)”
Michael Rodby (Laulima Systems); Mark Wigent (Laulima Systems)
DoD T&E and Training ranges are under pressure from two sides: externally to share or
vacate RF spectrum to make it available for commercial purposes, and internally to
increase that usage to support more missions per day, and more data per mission. To
appropriately respond to these pressures, the DoD CIO developed the DoD
Electromagnetic Spectrum Roadmap and Action Plan. A key recommendation from that
plan is to develop a spectrum usage monitoring program at T&E and training ranges.
SUMS is being developed in response to that recommendation. The primary objective of
SUMS is to give individual T&E and training ranges, as well as the DoD CIO and other
senior DoD leadership, a comprehensive picture of spectrum usage at those ranges. This
paper will describe the need for a capability like SUMS, some of the challenges of
developing SUMS, its overall architecture, and some of the benefits we expect the DoD to
realize when SUMS is fully implemented and deployed.

ITC 2018 Technical Program
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Aurora C

Session 13
Chair

Software Systems & Tools II
Timothy Brothers, Senior Research Engineer,
Georgia Tech Research Institute, Electro-Optical Systems Laboratory (EOSL)

10:30 a.m.
18-13-01

“Building a Fully Customizable Windows C# Software Client to Display Telemetry
from a Real-Time Soft Decom and Distribution Server”
Steven Burns (Raytheon Missile Systems)
Once the telemetry is de-commutated by the Real-Time Soft Decom and Distribution Server,
a software client is required to display the engineered values in real time. To display the
engineered values, the client must connect to the Real Time Soft Decom and Distribution
Server using the Server’s message based subscription process. In addition, to be fully
customizable, the client must allow the user to select specific telemetry parameters and
build screens to display the parameters. The RttmClient is a fully customizable real time
Windows client built using C#, Windows Presentation Foundation (WPF), Telerik Controls
for WPF and NetMQ (C# lightweight messaging library). It is capable of displaying
hundreds of real time parameters in several screens. The parameters are displayed using
different controls (widgets) including Numeric, Indicator (light), Gauge, Strip Chart and
Table widgets.

10:50 a.m.
18-13-02

“Software PAM”
Richard A Graham (US Navy)
This paper is an examination of how to process PAM (Pulse Amplitude Modulation) in
software. It will explain the basics of PAM (IRIG 106-17 A.1). The processing will include
both post-processing a Ch10 file and live from a Ch10 UDP output.

11:10 a.m.
18-13-03

“Introducing TACL - A Proposal for a New Standard T&E Constraint Language”
Jakub Moskal (VIStology, Inc.); Austin Whittington (Southwest Research Institute);
Mieczyslaw Kokar (VIStology, Inc.); Ben Abbott (Southwest Research Institute)
It is expected that XML-based languages for configuring telemetry systems like MDL and
TMATS will eventually replace their non-XML predecessors. However, despite its numerous
benefits, XML does not solve all the related problems. In particular, it cannot harness the
complexity of constraints that may pertain to vendor hardware or to express system-level
constraints that span across entire networks of devices. In this paper, we present TACL, a
T&E extension to W3C Shape Constraints Language (SHACL) for formulating constraints
on configurations represented in MDL and TMATS, independently of any configuration
software. TACL introduces high-level components that help to form constraints close to the
user's intent and less concerned with the low-level syntax details. It exhibits much better
resilience to changes in the XML schemas than the languages that refer directly to the XML
trees. A proof of concept TACL engine has been successfully developed and applied to
MDL/TACL configurations.
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11:30 a.m.
18-13-04

“Current and Future Developments in Flight Test Configuration Techniques”
Austin J Whittington (Southwest Research Institute); Hakima Ibaroudene (Southwest
Research Institute); Ben Abbott (Southwest Research Institute); Joseph Hite (Vanderbilt
University); Di Yao (Vanderbilt University); Theodore Bapty (Vanderbilt University);
Jakub Moskal (VIStology, Inc.); Michael Neumann (Boeing)
As technologies like network-based telemetry and standardized configuration languages
begin to see wider adoption within the flight test community, new techniques exploring the
new possibilities they provide are also developed. This paper reviews a subset of these
techniques, including successful use in commercial flight test, focusing on the concepts of
constraints and their application in the field, specifically their use in helping users to create
correct-by-construction configurations. We then explore ongoing efforts with the Air Force
and DARPA to extend these techniques into constraint satisfaction and real-time
adaptation, providing the ability to create and adapt configurations to match (possibly
changing) test requirements.

Wednesday, November 7th, 10:30 a.m. – 12:00 p.m.
Session 14
Chair

Cira C

Special Session - iNET
Thomas Grace; NAVAIR

The Telemetry Network Standard (TmNS) (IRIG I06 Chapters 21-28) has been publicly
released as IRIG I06-17 by the Range Commanders Council (RCC) Telemetry Group. This
effort, started by CTEIP’s iNET project, was launched to revolutionize telemetry across the
DoD Ranges and Test Articles. These standards are a T&E force multiplier that provides
flexible and secure bidirectional wireless IP networking capabilities that enable data delivery
of multiple independent, concurrent flight tests. These standards are being utilized through
various flight demonstrations and will be discussed. Ample time will be allocated for
community questions and answers.
Wednesday, November 7th, 10:30 a.m. – 12:00 p.m.

Aurora D

Session 15
Chair

Medical Applications
Joseph Sulewski, Lead Engineer, L3 Technologies T&RF

10:30 a.m.
18-15-01

“The Effects of Lossy EEG Compression on ERP Analysis”
Andrew J Phillips (New Mexico State University); Charles Creusere (New Mexico State
University)
This paper analyzes lossy data compression in the specific context of event-related potential
(ERP) analysis of electroencephalography (EEG) data. The lossy data compression
techniques analyzed here are bit-rate quantization and frequency truncation using the
discrete cosine transform (DCT). Within the context of both methods it is demonstrated that
ERP analysis waveforms yield significant data compression advantages over raw EEG data.
It is found from the experimental results that for any given quantization error bound,
utilization of ERP analysis requires approximately 3 fewer bits per EEG sample than
normalized EEG data. Additionally, given any error bound for frequency truncation, at least
30% more total DCT coefficients can be discarded when utilizing ERP analysis instead of
raw EEG data. The results hold significant implications for large-scale medical applications
that rely on ERP analysis of EEG data.
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10:50 a.m.
18-15-02

“A Scalable Medical Devices Localization Service Modeling”
Wondimu K Zegeye (Morgan State University); Farzad Moazzami (Morgan State
University); Richard Dean (Morgan State University)
Medical applications of telemetry continue to evolve with the demand for real time
networked medical data, and with minimum intrusion to the mobility of the patient. This
paper presents several architectures for managing a scalable hospital’s medical devices
localization service and shows how these can be represented using the Unified Modeling
Language (UML) model. It targets medical devices which are equipped with wireless
technologies such as WiFi, Bluetooth Low Energy (BLE), etc. which can be incorporated into
a networked telemetry system. The UML modeling demonstrates a scalable medical devices
localization service for a hospital which can make use of client-server and cloud based
architectures. The resulting model is a step towards a practical implementation of the service
in tackling several problems which can arise due to the misplacement and improper sharing
of medical devices in a healthcare scenario such as hospitals.

Wednesday, November 7th, 2:00 – 4:20 p.m.

Aurora D

Session 16
Chair

Security
Brian Keating, NAVAIR Ranges Department, Aircraft Instrumentation Division

2:00 p.m.
18-16-01

“Monitoring and Protecting the 1553 Avionics Bus”
Aaron Fansler (Ampex Intelligent Systems)
The Department of Defense is faced with a daunting task of not only monitoring all of the
data on all of their aircrafts but with today's advancing technology they now need to ensure
that not only is the data correct but is it also secure. As seen with many other protocols, data
sets and infrastructures as with the example of control systems the technical means of these
systems and data can be exploited. The energy community thought that Nuclear power
plants where their networks are "air gaped" were not exploitable but time and time again
that has been proven untrue. For the platforms running 1553, its not a matter of can it be,
it's a matter of when it will be. At Ampex, we have developed a technology that has the
ability to ingest, monitor and protect 1153 traffic with patented unique algorithms that
provides secondary means of data validation, more in-depth network situational awareness.
Our technology also allows for automated defense for network resiliency.

2:20 p.m.
18-16-02

“Physical-Layer Security for Aeronautical Telemetry”
Willie K Harrison (Brigham Young University); Kaela Nelson (Brigham Young University);
Scott Dye (Brigham Young University)
In this paper, we investigate the application of physical-layer security coding for next
generation aeronautical telemetry communication systems. The coding we refer to is similar
to error-control coding, but the codes are deployed for two purposes: to achieve reliable
communications, and to achieve secure communications. We consider a single eavesdropper
on an air-to-ground aeronautical telemetry link, and show how the overhead measured by
the rate of the code can be used to keep secrets from eavesdroppers over noisy channels,
rather than recover from channel errors. We show simple examples that work over erasure
channels to achieve a security constraint, and then consider approaches to more practical
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coding constructions for Gaussian channels that satisfies both reliability and security
constraints on the network.

2:40 p.m.
18-16-03

“Intelligent Jamming Using Deep Q-Learning”
Noah R Thurston (University of Arizona); Garrett M Vanhoy (University of Arizona); Tamal
Bose (University of Arizona)
The threat of a malicious user interfering with network traffic so as to deny access to
resources is an inherent vulnerability of wireless networks. To combat this threat, physical
layer waveforms that are resilient to interference are used to relay critical traffic. If a
malicious user has perfect knowledge of the waveform being used, it can avoid detection and
deny network throughput, but this knowledge is naturally limited in practice. In this work, the
threat of a malicious user that can implicitly learn the nature of the waveform being used
simply by observing reactions to its behavior is analyzed and potential mitigation techniques
are discussed. The results show that using recurrent neural networks to implement deep Qlearning, a malicious user can converge on an optimal interference policy that
simultaneously minimizes the potential for it to be detected and maximizes its impediment on
network traffic.

3:00 p.m.
18-16-04

“Hidden Markov Model (HMM) based Intrusion Detection System (IDS)”
Wondimu K Zegeye (Morgan State University); Farzad Moazzami (Morgan State
University); Richard Dean (Morgan State University)
Networked Telemetry faces the threat of intrusion like any other cyber network. In this paper,
we address the problem of modeling an Intrusion Detection System (IDS) using Hidden
Markov Model (HMM). It is part of a bigger objective towards capturing and analyzing
network traffic to identify anomalous traffic which in turn will be used to alarm a system
administrator. The network traffic analysis phase involves feature extraction, dimension
reduction and vector quantization (VQ) techniques which play a significant role in large data
sets as the number of data being transmitted is increasing day by day from one network to
another. The IDS framework developed makes use of multi-class HMM where each of the
HMM layers are trained for a specific network traffic type. In order to test the resulting
model’s capability to predict anomalous traffic, the system is tested with a testing data set.
Performance of the model against the KDD ‘99 dataset demonstrates accuracy greater that
99%.

3:20 p.m.
18-16-05

“Can Homomorphic Encryption Reduce the Security Risks in Telemetry Post
Processing Environments?”
Jeff Kalibjian (Perspecta)
Homomorphic encryption is a branch of cryptography in which data transformation
operations can be performed on already encrypted data—promising better protection of data
as the data no longer must be decrypted in order for specific analysis operations to be
performed. Thus, better security is achieved by absolutely minimizing the amount of time
sensitive data is potentially exposed. After reviewing homomorphic encryption principles,
system level architectures will be presented discussing where homomorphic encryption may
best fit in the generally accepted data security taxonomy involving disk, file, and application
encryption. Emphasis will be placed on application to telemetry post-processing
environments.
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3:40 p.m.
18-16-06

“Risk Assessment in Telemetry Networks: Academic Network Environment Case
Study”
Moses Odejobi (Morgan State University); Wondimu K Zegeye (Morgan State University);
Ronald King (Morgan State University); Farzad Moazzami (Morgan State University);
Richard Dean (Morgan State University); Adebisi Oladipupo (Morgan State University)
Recent attacks on more than 300 U.S. universities targeting university professors, students,
and faculty to collect credentials of the victims’ university library accounts have been
identified by the PhishLabs. The aim of this research work is to develop a model for cyberattack risks to secure distributed and decentralized servers and server resources in academic
environments from unauthorized access so as to prevent the kind of network attacks stated
above. This paper develops and implements a method for analyzing, modeling and
simulating cyber risks in a networked academic environment as part of a risk management
model by incorporating a practical approach which will be using a real network data. The
risk assessment considers Morgan State University’s network as a case study which can be
migrated to a networked telemetry system. Key words: Risk Assessment, Cyber Security,
Telemetry Networks

Wednesday, November 7th, 2:00 – 4:20 p.m.

Aurora A

Session 17
Chair

Sensors and Data Acquisition
Dennis Shipley, US Army ADD-Eustis

2:00 p.m.
18-17-01

“Integrated Data Acquisition Solutions for Aerospace Platforms with Highly Restrictive
Space and Weight Requirements and Harsh Environmental Conditions”
Patrick Quinn (Curtiss-Wright Defense Solutions)
Space and weight are key factors in designing, mounting and installing data acquisition
systems on UAV and missile development programs. Additionally, there are an increasing
number of measurements and avionic busses that must be captured reliably and transmitted
to the ground. This paper discusses the challenges faced by the current generation of
solutions and proposes and integrated and expandable solution that addresses these
challenges, meeting the requirements while future proofing the platform architecture for
additional data acquisition requirements.

2:20 p.m.
18-17-02

“Wireless Sensor Pods for Long-Term Data Collection”
Jacob Lipina (Missouri S&T); Andrew Van Horn (Missouri S&T); Judah Schad (Missouri
S&T); Kurt Kosbar (Missouri S&T)
This paper discusses the applications of a wireless telemetry module used to collect remote
sensor data for use in a teleoperated electric vehicle that competed in the 2018 Mars
University Rover Challenge (URC). Using a 32-bit microcontroller with embedded IEEE
802.11 b/g/n Wi-Fi, remote sensor pods, 100cc in volume, were distributed at key locations
to relay soil moisture values over a local repeater to a remote base station. Combined with a
low power deep sleep mode (1.84mW), a 2500mAh lithium-ion polymer battery, and voltage
regulation electronics, such a device could periodically relay telemetry data for multiple
years without recharge. The small size presents the opportunity for large scale production
and distribution across exoplanetary surfaces for monitoring soil characteristics over time.
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2:40 p.m.
18-17-03

“Eliminating Wiring in Aircraft Instrumentation Through Energy Harvesting”
Rebecca Svenson (Brigham Young University); Thalia S Hull (Brigham Young University);
Michael Rice (Brigham Young University)
Installing the many sensors required for flight testing is currently a difficult and awkward
process requiring significant wiring. Short term sensor installation could be greatly
improved if individual sensors did not have to be connected to a distant power source. This
paper proposes that small aerodynamic vibration energy harvesting devices could provide
power directly to sensors and sim- plify installation. To investigate feasibility the simplest
known energy harvester configuration is chosen. A mathematical model to represent the
device is then developed. A test scenario using the aerodynamic vibrations present on the F15B aircraft is then incorporated into the model. The test results are analyzed to determine if
the energy harvesting device can produce sufficient energy to justify further analysis.
Finally, potential design improvements are discussed.

3:00 p.m.
18-17-04

“Remote Monitoring of Forces on Head for Detection of Traumatic Brain Injuries on
Amusement Park Rides”
Laura Camp (University of Arizona); Stephanie Marcellin (University of Arizona); Jodi
Rickel (University of Arizona); Tierny Rubenow (University of Arizona); Michael Marcellin
(University of Arizona)
The ASTM F24 Committee pays substantial attention to the potential safety risks that roller
coasters pose to riders. Although the G-forces exerted on rides are strictly controlled to
prevent traumatic brain injury and other conditions, operators may wish to monitor the
impact forces guests experience to determine if they need to be removed from the ride. We
have designed a system to monitor data and relay the findings to the operators. To measure
the effect roller coasters have on the brains of guests, we used a combination of gyroscopes,
accelerometers, and impact force sensors are incorporated into a headpiece worn by the
guest. During the ride, the sensor data is wirelessly transmitted to a base station where it can
be monitored in real time by an operator. The system compares the gathered data with limits
based on pre-existing research on traumatic brain injuries, and then alerts the operator to
potential issues.

3:20 p.m.
18-17-05

“An Improved Telemetry System for Monitoring an Off-Road Racecar”
Kohl Anderson (University of Arizona Baja Racing Team ); Kyle Boyer (University of
Arizona Baja Racing Team); Laura Brubaker (University of Arizona Baja Racing Team);
Daniel Fuehrer (University of Arizona Baja Racing Team ); Richard Herriman (University of
Arizona); Paul Houston (University of Arizona Baja Racing Team); Sean Ruckle (University
of Arizona Baja Racing Team); Michael Marcellin (University of Arizona)
The University of Arizona Baja Racing Team competes annually in a grueling off-road
racing competition designed to test the durability of each team’s vehicle. For the last several
years, we have been developing a custom telemetry system to monitor and analyze the
performance of the vehicle in order to provide live diagnostics to the pit crew and driver, as
well as to inform future designs. This year, we have redesigned the core of the system to be
more modular and use more COTS parts in order to allow easier upgrade and repair, and
have upgraded many existing sensors, added sensors to monitor driver vitals, improved the
driver’s display, and embedded USB hubs in our power distribution boards to allow
programming of all microcontrollers on the vehicle over a single USB interface. These
changes will make future development easier, and will produce far more data than we have
had in previous generations.
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3:40 p.m.
18-17-06

“Femtosats: Elegant Flight Telemetry Payloads for Model Rockets”
Jacob Willis (Brigham Young University); Jacob Holtom (Brigham Young University);
Patrick Walton (Brigham Young University); Jackson Smith (Brigham Young University);
Nikolai Wallin (Brigham Young University); David Long (Brigham Young University)
An elegant telemetry payload, which transmits IMU, atmospheric, or light data during flight
and deployment from a small model rocket, is presented. Data is received by a custom,
mobile, hand-pointed ground station. The payload is patterned after a thumb-sized satellite,
called a femtosat. Its design is optimized for ease of implementation. The femtosat system
resulted from a grassroots, student peer-mentoring program developed at Brigham Young
University.

4:00 p.m.
18-17-07

“Aeroballistics Modular Modalities (AMM): A Modular Instrumentation System for
Projectiles”
Aaron Barton (US ARMY ARDEC); Rich Granitzki (US ARMY PICATINNY ARSENAL);
Vincent Cascella (US ARMY ARDEC); Christopher Stout (US ARMY ARDEC); Eric
Marshall (US ARMY ARDEC)
Munition telemetry engineers are posed with the challenge of developing ruggedized,
precision instrumentation for various projectile bodies. Much of the hardware is custom,
and engineers must address numerous concurrent electrical and mechanical integration
issues within a limited schedule. The Aeroballistics Modular Modalities (AMM) system is a
miniaturized, modular, open-architecture platform which provides a pre-made, tailorable
system for developing projectile instrumentation electronics. The system excels at capturing
projectile dynamics data, where the sensors can be chosen a-la-carte. The system is highlycustomizable, and can be tailored to any instrumentation package.

Wednesday, November 7th, 2:00 – 4:20 p.m.

Cira B

Session 18
Chair

Channel Modeling and Synchronization
Behyar Goudarzian, Boeing

2:00 p.m.
18-18-01

“Sparse Channel Estimation with Regularization Methods in Massive MIMO Systems”
Ture Peken (University of Arizona); Ravi Tandon (University of Arizona); Tamal Bose
(University of Arizona)
Massive multiple-input multiple-output (MIMO) technology has recently gained a lot of
attention as a candidate technology for the next generation wireless systems. With a higher
number of antennas, pilot-based channel estimation faces a limitation in the number of
orthogonal pilots to be used among users in all cells. Sparse channel estimation by using
regularization methods can reduce the pilots compared to pilot-based channel estimation. In
this paper, we study two regularization methods: least absolute shrinkage and selection
operator (lasso) and elastic net. We investigate the performance of least squares (LS), lasso,
and elastic net when the sparsity of the channel changes over time. We study the optimum
tuning parameters for lasso and elastic net based channel estimators to achieve the best
performance with the different number of pilots and values of signal-to-noise ratio (SNR).
Finally, we present the asymptotic analysis of LS, lasso, and elastic net based channel
estimators.
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2:20 p.m.
18-18-02

“Obtaining Superior Performance from Dual-Channel Receivers using Best-Channel
Selection”
James Uetrecht (Quasonix)
A Pre-Detection Maximal-Ratio Combiner (Pre-D MRC) provides optimal performance in
the face of additive noise but sub-optimal and even potentially degraded performance in the
face of other common channel impairments such as multipath. Using Data Quality Metric
(DQM) information from the Pre-D MRC and its two input channels, a Best-Channel
Selector (BCS) can correlate the three demodulated data streams and select the best
available data on a bit-by-bit basis. Thus, the BCS can produce a single receiver output with
optimal performance in additive noise and superior performance across all types of channel
impairment – fulfilling the promise the Pre-D MRC cannot always keep. Further, since the
BCS need only accommodate small and predictable latency differences between its inputs, its
local performance may exceed that of an external source selector designed to handle seconds
of delay between channels. This paper describes the BCS and presents performance results
from several test scenarios.

2:40 p.m.
18-18-03

“Using GPS Receiver 1PPS Output to Verify Time Stamp Accuracy and Measure
Propagation Delay”
Kevin M Knudtson (NASA); Antonio Moreno (Arcata Associates, Inc)
An in-house simple circuit was developed to combine an IRIG-B 1PPS signal with a standard
PCM telemetry data stream. This unique highly accurate time signal, <100ns, was used to
validate vendor’s claim that their Chapter 10 Recorder will increase time sync accuracy to
better than 1us, if an IRIG-B 1PPS signal is added as input to their recorder. This circuit
also provided the capability to easily measure time latencies and time stamp delays within
other standard telemetry equipment such as bit syncs, mux/demux, data processing and
archive systems.

3:00 p.m.
18-18-04

“CFO Estimation by Exploiting Channel Sparsity in Aeronautical Telemetry”
Md Shah Afran (UT Dallas); Mohammad Saquib (UT Dallas); Michael Rice (Brigham
Young University)
In this paper, we explore a carrier frequency offset (CFO) estimation scheme with sparsityconstraint (SC) on the aeronautical telemetry channels. This SC CFO estimator is
implemented in two steps. In the first step, channel support is recovered by combining
compressed sensing techniques with the CFO estimate based on the non-sparsity constraint
(NSC) on the channel. Next we use the estimated channel support to derive the SC CFO
estimator. Simulations are performed to compare the performance of the SC CFO estimator
against the existing NSC CFO estimators using shaped offset QPSK version TG (SOQPSKTG) modulated iNET-formatted data over an aeronautical test channel.

3:20 p.m.
18-18-05

“Flight Simulation with Dynamic Aeronautical Channel Model”
Tasmeer Alam (Morgan State University); Farzad Moazzami (Morgan State University);
Richard Dean (Morgan State University)
This paper includes the design, modeling and analysis of the aeronautical channel which
includes the dynamics of flight simulation. For any given flight path scenario in the cruise
state it is well understood that the channel is fitted by a 2 ray model. The dynamics of this
model can be generated using the two-ray ground reflection model which is based on the
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position, velocity, and direction of the aircraft. The dynamic aeronautical channel model
includes Doppler shift and delay spread for each path of a channel model. This paper shows
how each parameter is created for modelling the dynamic channel. The design of such
channel model will help the telemetry community to incorporate channel dynamics in
computer simulation to improve the accuracy of flight simulation in the design and pre-test
stages. Further, it can provide insight to the selection of modulation, equalization and coding
for such channels.

3:40 p.m.
18-18-06

“Summary of CRTM C-Band Lab Test Results”
Robert J Picha (Nokia Corporation of America); Vinayak Hegde (Nokia Corporation of
America)
One of the primary goals of the Cellular Range Telemetry project (CRTM) is to evaluate the
ability of commercial LTE technology to meet the needs of Aeronautical Mobile Telemetry
(AMT) and determine what enhancements may be required to operate effectively in this
environment. One of the main challenges is the estimation and compensation of Doppler
frequency offset introduced to the ground/air links due to the high velocity of military test
articles relative to ground stations at C-band frequencies. During Phase 1 and Phase 2 of
the CRTM project, algorithms designed to handle frequency offsets up to 12kHz have been
evaluated, simulated, and prototyped. This paper summarizes the lab test results obtained
with a set of promising algorithms. The paper covers effects of both Doppler and SINR cell
search performance, cell attach performance, uplink throughput performance, downlink
throughput performance, UE measurement accuracy, and handover success rates.

4:00 p.m.
18-18-07

“Code-Aided Timing Synchronization for Multi-h CPM at Low Signal-To-Noise Ratio”
Xie Shunqin (Institute of Electronic Engineering, China Academy of Engineering Physics);
Zhou Ke (Institute of Electronic Engineering, China Academy of Engineering Physics); Chen
Dahai (Institute of Electronic Engineering, China Academy of Engineering Physics); Li
Xianglu (Institute of Electronic Engineering, China Academy of Engineering Physics)
In order to solve the problem of timing synchronization at low signal-to-noise ratio(SNR) for
Multi-h CPM, a code-aided early-late loop(ELL) algorithm is proposed. The algorithm is
based on the iterative detection of serially concatenated Multi-h CPM with convolutional
codes. The ELL timing estimator based on sequence detection is extended to the maximumlogarithmic maximum a posteriori (max-log MAP) detection. By using the information
updated by iterative detection, the timing accuracy of multi-h CPM can be improved at low
SNR. The simulation results show that, even when the bit signal-to-noise ratio (Eb/No) is as
low as 3dB~5dB, the estimating variance of the proposed synchronization can be close to the
Cramer Rao bound(MCRB) of ARTM CPM. After this timing synchronizing, the detection
performance of the 10th iteration is only 0.03dB loss compared with the performance with
ideal synchronization.
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Wednesday, November 7th, 2:00 – 4:20 p.m.

Cira C
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Chair

Telemetry Networks III
Lee Eccles, Boeing Retired

2:00 p.m.
18-19-01

“Telemetry Data on Demand: The Key to Understanding the Telemetry Network
Revolution”
Carl Reinwald (Laulima Systems)
The telemetry network revolution takes aeronautical flight testing from a broadcast-only
paradigm to a TM-data-on-demand paradigm. This paper explores this paradigm shift,
focusing on fundamental architectural changes enabled by incorporating telemetry
networking technologies into a flight test system. Two concepts are presented to help
understand the TM-data-on-demand paradigm: retrieving and processing recorded data
from a test article during a mission and onboard dynamic data analysis and compression.
An example flight test system with both SST and TmNS components provides a foundation to
further explore the paradigm-shifting capabilities a telemetry network brings to flight test.
In addition to TM-data-on-demand, the current static spectrum allocation methodology
must also be replaced with a more agile, bandwidth-on-demand paradigm. When both TMdata-on-demand and bandwidth-on-demand capabilities have been realized, a new era of
efficient flight testing will emerge.

2:20 p.m.
18-19-02

“Accelerating Standards Compliant TmNS Radio Implementations”
Todd Newton (Southwest Research Institute); Wayne Timme (Southwest Research
Institute)
IRIG 106-17 defines interoperable two-way network telemetry interfaces for the wired as
well as the dynamic TDMA air interface. While the air interface is based on the familiar
SOQPSK-TG waveform, a TmNS-based radio contains a dynamic TDMA MAC regulated by
Link Management through the use of RFNMs. This paper illustrates the TmNS-based radio
aspects of the IRIG standard by describing our experience utilizing a two-track approach
for accelerated TmNS compliant radio development. We have divided the architecture by
engineering discipline lines (Communications vs. Computer Engineering). Doing so
allowed us to accelerate the design, simulation, and test tasks while using a common code
base across various transceiver implementations. Discussion includes a description of the
software modules that provide TmNS interfaces for standards compliant radio functionality
such as the TDMA MAC, RFNM processing, system management, and MDL configuration
as well as system-level integration testing.

2:40 p.m.
18-19-03

“Network Based Timing Mechanisms to Support Precise Alignment of Real-Time
Streams”
Bob Kovach (IPtec, Inc.)
The efforts to implement the distribution of real-time information streams via IP packetbased networks in the range environment has largely utilized the recovery of timing
information via implicit techniques, such as adaptive clock recovery. These techniques
allowed the alignment of streams to accuracy on the order of 1 millisecond. With the
availability of techniques to distribute high accuracy timing information to network nodes,
the capability to recover and align real time streams on the order of microseconds is
possible. This paper will focus on one high accuracy clock distribution scheme: IEEE 1588
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Precision Time Protocol (PTP). The paper will review expectations for timing accuracy
and discuss architectural considerations that impact performance. Additionally, system
elements and their effects on timing accuracy will be identified and characterized, with a
focus on technical considerations in the design of TM gateways.

3:00 p.m.
18-19-04

“Telemetry System Based on MESH Network and its Application”
Pingfan Guo (CHINESE FLIGHT TEST ESTABLISHMENT); Ming Liu (CHINESE
FLIGHT TEST ESTABLISHMENT); Hong Li (CHINESE FLIGHT TEST
ESTABLISHMENT); Hongxiang Zhu (CHINESE FLIGHT TEST ESTABLISHMENT)
In the flight test, the advantages of network telemetry have gradually emerged, and their
application fields will also be expanded. This paper introduces a network telemetry system
based on MESH net and its application in flight test, a ground station can receive telemetry
signals of several planes at the same time; the components and functions of the system are
described, the advantages of this network telemetry system, existing problems and
suggestions on future improvements are presented.

3:20 p.m.
18-19-05

“Network Scheduling Algorithm with Efficient Backfill Process in the iNET”
Dongseok Roh (Agency for Defense Development); Jong-hoon Oh (Agency for Defense
Development)
One of the major advantage of integrated Network Enhanced Telemetry (iNET) system is
data backfill. In the iNET, network data server requests signal retransmission from the onboard recorder when the signal dropout is detected, and data is retransmitted which leads
successful reception. If there are numerous test articles (TA), however, multiple backfill
process for signal request and data retransmission can cause undesirable capacity waste.
This paper describes the improved backfill process in iNET with multiple TAs. This process
includes grouping and scheduling algorithm within TAs, and the orthogonal and nonorthogonal transmission. The system model and results are analyzed by simulation.

3:40 p.m.
18-19-06

“A New Network Telemetry Technique in Aviatic Flight Tests”
Xingguo Zhang (Chinese Flight Test Establishment); Hong Li (Chinese Flight Test
Establishment); Guojin Peng (Chinese Flight Test Establishment); Zanchao Wang (Chinese
Flight Test Establishment)
In order to address the issue of insufficient telemetry frequencies in flight tests, a telemetry
transmission solution is proposed to transmit the principal parameters and HUD video for
multiple aircrafts based on bi-directional wireless network. All the key points including the
wireless transmission architecture for airborne and ground integration, network resources
management, and dynamic configuration of airborne test system are illustrated. The
research result has been verified in flight tests, and the experimental methods and results
are presented as well.
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Wednesday, November 7th, 2:00 – 4:20 p.m.

Aurora C

Session 20
Chair

Robotics
Mark Smedley, NAVAIR

2:00 p.m.
18-20-01

“BYU Mars Rover at URC 2018”
Jace Rozsa (Brigham Young University); Marc Killpack (Brigham Young University);
Michael Rice (Brigham Young University)
This paper describes the design and performance of the BYU mars rover with an emphasis
on the wireless communications system and the transmission and reception of data vital to
the performance of the rover.

2:20 p.m.
18-20-02

“Dynamic Obstacle Characterization and Avoidance for Unmanned Aerial Systems”
Kyle Norland (University of Arizona); Michael Marcellin (University of Arizona)
To address the challenge of avoiding dynamic obstacles during the course of the 2018 SUAS
competition, a multistage obstacle characterization and avoidance algorithm was designed
and implemented. The obstacle characterization section begins with simple base
assumptions about behavior and goes through several more advanced stages of obstacle
characterization and prediction as more data arises and advanced behavior is detected. The
path finding section of the algorithm uses a recursive Monte Carlo path sampling function
with a flexible structure that allows for usage with varying computational budgets. It also
restricts its computational usage depending on the level of variability in the obstacles.

2:40 p.m.
18-20-03

“Autonomous Navigation in Dynamic Environments”
Jonas Buxton (Missouri S&T); Logan Thomure (Missouri S&T); Roger Downs (Missouri
S&T); Garrett Bosanko (Missouri S&T); Kurt Kosbar (Missouri S&T)
Robotic systems that operate indoors are often unable to rely on GPS, and dynamic
environments prove difficult to navigate for robotic systems that rely on SLAM
(Simultaneous Location and Mapping). Autonomous navigation without the use of GPS or
SLAM techniques require a system to rely on more fundamental hardware and software
concepts. The challenge is made even greater when the system is intended to fly, interact
with moving targets, and avoid moving obstacles. This is the design criteria that our
autonomous multirotor is adhering to for the International Aerial Robotics Competition.
This paper will describe the purpose behind each of our multirotor's sensors, such as
LUDAR systems and Optical Flow sensors, that enable it to accurately interact with its
environment without SLAM techniques, as well as the multirotor's onboard software that
powers its autonomous capabilities.
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Thursday, November 8th, 9:00 – 11:00 a.m.

Cira A

Session 21
Chair

Channel Equalization
Hakima Ibaroudene, Sr, Research Engineer,
Southwest Research Institute

9:00 a.m.
18-21-01

“On the Performance of Filter Based Equalizers for 16APSK in Aeronautical
Telemetry Environment”
Farah Arabian (Brigham Young University); Michael Rice (Brigham Young University)
16APSK is a candidate modulation for aeronautical telemetry because it has better spectral
efficiency than SOQPSK-TG, but requires a linear RF power amplifier. This paper
investigates the BER performance of filter-based equalizers for 16APSK operating over
multipath channels measured at Edwards AFB. The results show that decision feedback
equalizers outperform the other equalizers and are capable of providing excellent multipath
mitigation.

9:20 a.m.
18-21-02

“Comparison of FPGA Equalizer Implementations for High-Speed Data Telemetry”
Daniel Schmalz (Georgia Tech Research Institute); Joseph Lennon (Georgia Tech Research
Institute); Enkuang D Wang (Georgia Tech Research Institute); Timothy Brothers (Georgia
Tech Research Institute)
This paper examines the real-time implementation of equalization techniques. Telemetry RF
channels are formidable due to the nature of desert test ranges -- specifically due to
multipath, changing path loss from environmental effects, and thermal distortions. This
challenge is further complicated by the high velocity nature of test assets. Optimization of
channel equalization in a real-time scenario is essential for high speed data telemetry over
extended distances. This paper examines the mathematical background of equalization
techniques and presents results based on FPGA implementations. The results were obtained
from Vivado High Level Synthesis (HLS), which generates HDL from C/C++, as well as
traditional VHDL coding. The contribution to the state of the art in this paper is the
determination of the technological maturity of HLS versus traditional hand coding and the
comparison of FPGA implementations of equalization algorithms against current platforms.

9:40 a.m.
18-21-03

“Cognitive Equalization for HF Channels”
Noel Teku (University of Arizona); Tamal Bose (University of Arizona)
In the High Frequency (HF) band, ranging from 3-30 MHz, long-range communications
can be obtained by bouncing signals off the ionosphere without any significant
infrastructure. However, the ionosphere changes rapidly, which can cause potentially
harmful effects to the transmitted signal. This has motivated research into using adaptive
equalization in this band to reverse these effects. However, a disadvantage of this technique
is that based on the equalizer model and learning algorithm used, the error propagation
may become significantly large, resulting in insufficient equalization to respond to these
variations. To counter this, we investigate the usage of cognitive equalization, where an
adaptive equalizer is equipped with the ability to change its structure (i.e. number of taps,
step size, etc.) based on the current channel conditions and use probability of error to
characterize its performance.
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10:00 a.m.
18-21-04

“Complexity Reduction for Turbo Equalization Utilizing Channel Characteristics”
Husam Nassr (Missouri S&T); Kurt Kosbar (Missouri S&T)
In wireless communication systems, turbo equalization has been used to mitigate the
intersymbol interference caused by dispersive channels. Despite its computational
complexity, turbo equalization achieves high performance compared to systems that
implement the equalization and coding processes separately. The performance gain
achieved through turbo equalization comes from exchanging soft information between the
equalizer and decoder in an iterative manner. However, the computational complexity of
turbo equalization can be a significant challenge for systems with limited hardware
capabilities. This paper examines the performance gain versus computational complexity
trade-off for a soft-decision feedback turbo equalizer. We show how to select parameters
that achieve a desired performance specification, while minimizing implementation
overhead. Sample results are presented from a simulation of a system using a Proakis
channel exhibiting severe ISI using QPSK, 8PSK and 16QAM modulation.

10:20 a.m.
18-21-05

“Blind Adaptive Equalizer for Multipath Environment in Low Elevation Aeronautical
Telemetry”
Zhou Ke (Institute of Electronic Engineering, China Academy of Engineering Physics);
Yang Dalong (Institute of Electronic Engineering, China Academy of Engineering Physics);
Xie Shunqin (Institute of Electronic Engineering, China Academy of Engineering Physics);
Li Xianglu (Institute of Electronic Engineering, China Academy of Engineering Physics);
Dai Tao (Institute of Electronic Engineering, China Academy of Engineering Physics)
It has been proved that multipath and timing-varying channels usually cause significant
performance degradation, especially for low elevation scenario (0o~5o) in aeronautical
telemetry. Channel models for various scenarios of the whole take-off process will be
described in this paper. And we will present the experimental testing results to characterize
the performance of a blind adaptive constant modulus algorithm (CMA) equalizer applied
for PCM-FM receiver in low elevation aeronautical telemetry scenarios, including parking
scenario, taxiing scenario, take-off scenario and far-flight scenario. The test results showed
that the equalizer improved the signal quality and achieved a remarkable bit error rate
(BER) performance gain in the multipath fading scenarios.

Thursday, November 8th, 9:00 – 11:00 a.m.

Aurora A

Session 22
Chair

RF Spectrum II
Mark McWhorter, V.P. of Sales and Marketing, Lumistar, Inc.

9:00 a.m.
18-22-01

“Test Range Spectrum Management with LTE-A”
Robert J Picha (Nokia Corporation of America)
Currently, allocating spectrum resources on test ranges is a very manual process that must
take into account many variables. Use of LTE Advanced (LTE-A) for Airborne Mobile
Telemetry (AMT) can result in a much simpler approach to spectrum management on the
test range. In this presentation, we examine elements of the 3GPP Long Term Evolution
(LTE) standards that apply to spectrum management and will show how many of the manual
operations currently required for spectrum management can be handled autonomously by
an LTE Radio Access Network (RAN) and Enhanced Packet Core (EPC) network. The
presentation will look at LTE RF carrier configurations and how they relate to spectrum
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occupation, intra-system interference effects and how they are managed, spectral emissions,
and how spectrum is shared between multiple users within the LTE system. The presentation
will also look at various test range scenarios and how LTE can be configured to support
each scenario.

9:20 a.m.
18-22-02

“NOAA GOES DCS Uplink Spectrum Sharing”
Jonathan Harris (University of North Florida); Brian Kopp (University of North Florida)
The National Oceanic and Atmospheric Administration (NOAA) Geostationary Operational
Environmental Satellite (GOES) Data Collection System (DCS) receives environmental data
from approximately 28,000 Data Collection Platforms (DCPs) that transmit up to the GOES
spacecraft in the Ultra-High Frequency (UHF) band between 401.7 Mega-Hertz (MHz) and
402.1 MHz. The radio spectrum near 402 MHz is also available to commercial satellite
companies and several have recently begun using the spectrum. There are questions
regarding whether the shared use of the spectrum by small satellites may pose an
interference problem to the NOAA DCS program and if so how such issues might be
mitigated. This paper discusses some of the pertinent technical issues regarding the
performance of the DCS system. After reviewing some of the known commercial satellite
systems sharing the spectrum, an analysis regarding the potential for interference to the
NOAA GOES DCS program is presented.

9:40 a.m.
18-22-03

“The Spectrum Management System (SMS) – Frequency Assignment De-Confliction
and RF Link Quality Prediction”
Phiroz H Madon (Perspecta Labs Inc. ); Tom Young (USAF AFMC); Thomas O'Brien
(TRMC); Mark Radke (Test Resource Management Center (TRMC))
DoD test ranges are experiencing ever-expanding needs for air-to-ground telemetry
bandwidth, and hence must manage the telemetry spectrum resource efficiently. SMS
provides test range operations staff with advanced tools for frequency de-confliction and
air-to-ground RF link quality prediction, for planned test flights. Features of the system
include: automated frequency de-confliction and assignment; automated archiving of
frequency assignments, to be used for spectrum defense; 3-D GIS terrain-based coverage
maps, displaying predicted air-to-ground link quality; determination of opportunities for
frequencies reuse. Innovations include: addressing the NP-hard problem of frequency
assignment, by applying multiple real-world constraints in a specified order; using a
spectrum white space closest-fit algorithm to minimize spectrum fragmentation; creating
space-time-frequency quanta in the database to store RF emissions for rapidly-moving
aircraft.

10:00 a.m.
18-22-04

“Telling the T&E Spectrum Story using Analytics-based Narrative Visualization”
Mike Painter (Knowledge Based Systems, Inc.); Karthic Madanagopal (Knowledge Based
Systems, Inc.); Kannan Swaminathan (Knowledge Based Systems, Inc.); Charles H Jones
(C. H. Jones Consulting, LLC)
There continues to be growing pressure to sell off spectrum currently allocated for defense
purposes in favor of private sector applications. Using RCC 707-14 as the standard, a
Spectrum Management Metrics Toolkit (SMMT) has been developed to calculate, plot, and
display a baseline set of metrics measuring spectrum utilization, demand, efficiency, and
operational effectiveness. This presentation describes progress toward the development of
a methodology and a set of analytics based on the RCC standard to inform and construct
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the arguments needed to maintain access to the needed spectrum. The methodology is
based on a data analytics and communication concept, called “Narrative Visualization” or
“Story Points,” which seeks to guide users in the discovery, composition, and delivery of
targeted, compelling narratives and supporting graphics derived through mining available
data sources. DISTRIBUTION STATEMENT A. Approved for public release; Distribution
is unlimited 412TW-PA-18217.
Thursday, November 8th, 9:00 – 11:00 a.m.

Aurora D

Session 23
Chair

Recording and Storage
Bruce Johnson, Naval Air Warfare Center Aircraft Division (NAWCAD)

9:00 a.m.
18-23-01

“Is NVMe Storage Right for Telemetry Applications?”
Chris Budd (SMART High Reliability Solutions)
Generally, telemetry applications are not on the cutting edge of storage technology for
several reasons: they do not need the high performance, cannot provide the power for high
performance, and cannot afford the instability of new technologies. While Non-Volatile
Memory Express (NVMe) might initially seem to be the opposite of those goals, it does in
fact have the ability to meet them; power and performance can be matched to an
application’s needs, and NVMe is gaining stability as it gains overall market share. With
the overall data storage industry moving to NVMe, other storage interfaces will begin to
decline and future improvements will occur only on NVMe. With the right ruggedization
and customization options, NVMe can be a good fit for telemetry applications.

9:20 a.m.
18-23-02

“Constraint Gain for Two Dimensional Magnetic Recording Channels”
Mohsen Bahrami (University of Arizona); Bane Vasic (University of Arizona); Michael
Marcellin (University of Arizona)
We investigate performance gains of different constrained codes for Two-Dimensional
Magnetic Recording (TDMR) channels using the notion of constraint gain. The constraint
gain is defined as the gap between the ultimate channel coding performance, in which a
code is designed to satisfy both channel constraints and error correction code (ECC)
constraints, and the average performance of the schemes where ECCs are designed
separately without considering channel constraints. In this paper, we investigate the
performance gain of different two-dimensional constraints using a lower bound estimate of
the constraint gain for Voronoi based TDMR channels with realistic grain, bit, track and
head dimensions. A lower bound estimate on the constraint gain of a 2D channel is the
difference between the noisy max-entropic and uniform input capacities of the channel. We
focus on schemes that employ the Generalized Belief Propagation algorithm for computing
channel capacity estimates for TDMR channels.

9:40 a.m.
18-23-03

“Proposed U.2 Storage Pin Out for Telemetry Applications”
Chris Budd (SMART High Reliability Solutions)
The Non-Volatile Memory Express (NVMe) storage interface takes advantage of the
internal parallel memory architecture found in many Solid-State Drives (SSDs) to provide
high performance bandwidth. While relatively new, NVMe is gaining in popularity, but
most vendors do not provide the features needed by telemetry applications. Recognizing
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that the standard does not define these features, several vendors have collaborated on a
standard pin out for the 2.5” U.2 form factor that will provide these features such as write
protection, data elimination, encryption, security, and authentication. By following this pin
out, both system designers and SSD designers can benefit from this compatibility.

10:00 a.m.
18-23-04

“The Fly-Over Terabyte Offload (FOTO) Concept”
Michael D Thomason (Bevilacqua Research Corp.)
During military aircraft flight testing, data recorders, typically with a terabyte data
capacity, are sometimes being filled to capacity before the flight test is complete. An
innovative solution designated as the Fly Over Terabyte Offload (FOTO) program has been
proposed to develop and evaluate a prototype air-to-ground optical link capable of
operating in high data rate (> 10 Gbps) burst mode to downlink large volumes of recorder
data in minutes. A reasonable circular geometry could be achieved by a jet aircraft at
10,000 feet executing a 1-G turn at Mach 1/3. Because of the short air-to-ground
transmission ranges involved, along with the near vertical beam path which minimizes
atmospheric degradation, very high data rates are feasible. The DOD SAR&D has
announced a contract award to the NRL and EAFB group for the FOTO concept which was
submitted in 2016. The funding is currently scheduled for program initiation in 2018.
Current status of FOTO developments will be presented.

Thursday, November 8th, 9:00 – 11:00 a.m.

Cira C

Session 24
Chair

Telemetry Networks IV
Todd Newton, Southwest Research Institute

9:00 a.m.
18-24-01

“DTN Routing Protocols for Drone Swarm Telemetry”
Jason Brown (Naval Postgraduate School); Justin P Rohrer (Naval Postgraduate School)
Drone swarms pose a particular challenge to telemetry networks, due to the number of
airborne nodes involved, and their potential to overwhelm the available bandwidth on the
communications channel with simultaneous telemetry streams. Previously, we saw that
mobile ad-hoc (MANET) routing protocols could exacerbate this issue by flooding the
network with routing-control packets. In this work we model the Naval Postgraduate
School fixed-wing drone swarm and compare the performance of several disruption-tolerant
networking (DTN) routing protocols designed to address these challenges.

9:20 a.m.
18-24-02

“Scalability of Mesh Network Telemetry for Swarms of Unmanned Aerial Systems”
Shawn Keshmiri (University of Kansas); Dustin Hauptman (University of Kansas); Daksh
Shukla (University of Kansas); Aaron Blevins (University of Kansas)
Swarms of autonomous unmanned aerial systems (UASs) are becoming increasingly
popular as efficient replacement for manned aircraft. The major component that makes the
swarm of UASs possible is an efficient exchange of aircrafts states (e.g. position & velocity)
for all agents and the ground station. Advanced communication technologies are required
to be implemented on each agent to enable real-time communication at high frequencies
(e.g. 20 Hz) to avoid inter collisions and holding formations. To assess mesh network
limitations and to identify bottlenecks, a series of simulations are carried out using actual
hardware that is used for swarms of UASs, which are: (1) Amount of bandwidth that can be

ITC 2018 Technical Program
guaranteed given the communication system being used (XBee-900HP), each plane that the
KU team uses, transmits 127 variables, 4 bytes each, at 20 Hz which means each plane
needs 10 KBps and the mesh network might be able to support 53 UASs theoretically (2)
Range limitations (3) Latency issues.

9:40 a.m.
18-24-03

“An Engineer’s Guide to TMoIPv6”
Richard W Hoffman (GDP Space Systems)
As an increasing number of telemetry range architectures move toward a TMoIP-centric
distribution system, operators are being confronted with another evolving requirement to
ensure future IPv6 capability and a migration path from an IPv4-based system design. In
order to facilitate a better understanding of some of the challenges and opportunities that
IPv6 migration presents the modern range operator, this paper endeavors to present the
past decade’s experience of range TMoIP implementation in the context of the emergent
IPv6 technology and requirements. An overview of a myriad of concepts such as address
space allocation, device-specific implementation differences, management protocol
handling, and the differences between IPv4 and IPv6 versions, will provide opportunities to
discuss the implications of these issues on the successful implementation of high-availability
telemetry delivery systems in an IP-based environment.

10:00 a.m.
18-24-04

“Centralized Real Time Monitoring System Based on Multilayer Network
Architecture for Flight Test Telemetry”
Can Feng (Flight Test Center of the COMAC); Liu Tao (Flight Test Center of the
COMAC); Wei Mao (Flight Test Center of the COMAC); Wei Wang (Flight Test Center of
the COMAC)
The flight test telemetry real-time monitoring system is an indispensable part of the flight
test process of civil aircraft. With the current trend of networking, the traditional real-time
monitoring model has huge challenges in satisfying the requirements for a large number of
test flight parameters, complex types, large-scale, and high concurrency. In response to the
above issues, this paper proposes a monitoring system based on a three-tier architecture
(data layer, business logic layer, and presentation layer). The system uses TMoIP
technology and Best Data Engine (BDE) to complete the selection of the best data source
for multi-site test flight data. At the same time, the use of portability and rapid integration
enables hundreds of terminals to work simultaneously.The system has been used
successfully in China’s developing large civil aircraft C919 flight test program. The
preparation time of the system has been greatly reduced, and the system performs stably.

10:20 a.m.
18-24-05

“The Design and Application of C-Band Base Station Based Multi-Target Telemetry
Network System”
Guo ShiWei (Chinese Flight Test Establishment); Wang Zhongjie (Chinese Flight Test
Establishment); Zhang Xin (Chinese Flight Test Establishment); Huo Zhaohui (Chinese
Flight Test Establishment)
A C-band base station based multi-target telemetry network system for flight test is designed
in this paper. The requirements of multi-target transmission are realized by TDMA and
TDD technology. And the transmission rate of up to 50 Mbps is provided by the high
efficient modulation method. An integrated air-to-ground telemetry network is built with Cband wireless two-way link. The telemetry signals of super large airspace are covered
seamlessly through multiple base stations, therefore the shortage of current telemetry is
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solved, and the demand of multi-target and mass date transmission for flight test is satisfied.
The development of the system provides technical support for the high speed data
transmission of the flight test, which will lay a foundation for the construction of integrated
air-to-ground test and the test network system.

10:40 a.m.
18-24-06

“Research on Embedded Real-time Processing Technology of ARINC429 Bus
Dynamic Logic Block”
ShengYuan Qi (Chinese Flight Test Establishment)
ARINC429 bus is widely used. In a new type of logic block communication method, the logic
layer of the application layer is composed of a plurality of ARINC429 messages, and the
message length and content dynamically change. The telemetry monitoring needs real-time
analysis of the application layer communication protocol to correctly interpret the userdefined message content. This paper proposes an embedded real-time processing scheme,
which integrates real-time processing hardware and software in data acquisition unit. It
can dynamic analysis the application layer protocol of the logic block, extract user-defined
information according to the telemetry for downloading, the problems encountered in
telemetry monitoring of the type of communication are solved. At the same time, this
solution is also applicable to real-time analysis of other avionics bus in the application
layer protocols.

Thursday, November 8th, 9:00 – 11:00 a.m.

Aurora C

Session 25
Chair

Image and Video II
Myron Moodie, Manager-R&D, Southwest Research Institute

9:00 a.m.
18-25-01

“Randomized Model for Optimization of Telemetry System Design”
Amir Liaghati (Boeing); Nick Chang (Boeing); Mahsa Liaghati (Boeing)
The telemetry system used in the space vehicle requires to provide constant data output,
including video and instrumentations to the telemetry/transmitter box through the mission.
There are two types of video formats: real-time, and storage. One problem with the current
design implementation is that the stored video data are transmitted as multiple 1500 bytes
datagrams, and those datagrams are transmitted only when there is not enough real-time
video to keep the constant output rate. The scattered IP datagrams are not transmitted at
the same time, and sometimes the receiver is not able to decode the received storage
datagram due to extended waiting time in order to de-fragment the datagrams into the IP
frame. In this work, a Matlab simulation model is developed to simulate the telemetry
system performance by generating the random frames as inputs to the model, aggregating
the received frames and transmit with a constant output rate.

9:20 a.m.
18-25-02

“Compression, Why, What and Compromises”
Paul Hightower (Instrumentation Technology Systems)
Each 1080 video frame requires 6.2 MB of storage; archiving a one minute clip requires
22GB. Playing a 1080p/60 video requires sustained rates of 400 MB/S. These storage and
transport parameters pose major technical and cost hurdles. Even the latest technologies
can pass only one channel of such video. Content creators needed a solution to these road
blocks to deliver video content to viewers and monetize efforts. Over the past 30 years a
pyramid of techniques have been developed to provide ever increasing compression
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efficiency. These techniques make it possible to deliver movies on Blu-ray disks, over WiFi
and Ethernet. However, there are tradeoffs. Compression introduces latency, image
errors and resolution loss. The exact effect may be different from image to image. BER
may result the total loss of strings of frames and freeze frames. We will explore these effects
and how they impact test quality and reduce the benefits that HD cameras/lenses bring to
telemetry.

9:40 a.m.
18-25-03

“Assessment of Handling Qualities of Light Combat Aircraft (LCA-Tejas) in Air-toAir Attack Mode by Analysis of Head-up Display (HUD) Video of the Chase Aircraft”
Prateek Kumar Sinha (Aeronautical Development Agency)
LCA-Tejas is undergoing an extensive flight test before induction into the Indian Air Force.
Air-to-air attack is one of the major missions where the handling quality of the aircraft has
to be evaluated. In an air-to air attack mission, the main objective is to chase the enemy
aircraft and maintain aim on the enemy aircraft. This paper is intended to assess the
handling quality of LCA in air-to-air attack mode using image processing techniques. In
this paper we have presented a methodology to detect the target aircraft in every frame of
the HUD video of the chase aircraft during an air-to-air attack mission. Based on the
detection of the aircraft in every frame of the HUD video, percentage of time the aircraft is
being targeted during a given test point is arrived at. This percentage is an indicator of the
handling quality of the aircraft and is used to assess the ease with which the pilot can aim at
the enemy aircraft while in close combat.

10:00 a.m.
18-25-04

“Real-time Processing and Integrated Monitoring Technology for Telemetry Multichannel Digital Video”
Zhe Yang (Chinese Flight Test Establishment); Pingfan Guo (Chinese Flight Test
Establishment); Zhaohui Huo (Chinese Flight Test Establishment)
In flight test telemetry digital video real-time monitoring, some technical problems about
single function of the video playback software, needing a dedicated player software (poor
extensibility) and lacking the necessary fault diagnosis methods are analyzed.Intelligent
playback technology, component video playback plug-in, ground full-link real-time status
monitoring and fault diagnosis technology are adopted to realize real-time monitoring
telemetry multi-channel digital video under different airborne acquisition systems.Multichannel video images can be on-demand inserted in any flight test subjects monitoring
software.At the same time, it can realize visual real-time status monitoring of the video links
of each aircraft.The flight test results show that this technology fully meets the new
requirements of the new model test flight for real-time monitoring of video, and greatly
improves the quality and efficiency of real-time monitoring of telemetry digital video of the
flight test.
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Thursday, November 8th, 9:00 – 11:00 a.m.
Session 26
Chair

Cira B

“Calculating the Economic Importance of Telemetry”
Tim Chalfant, COLSA Corporation

An open forum to discuss factors and considerations necessary to assess the requirements
and economic importance of adequate aeronautical telemetry spectrum. Discussions and
information gathered will assist the US DOD AT&L’s Test Resource Management Center
in updating the 2007 MITRE Technical Report which estimated the economic impact of
inadequate telemetry spectrum access.

CODEBOOK BASED TECHNIQUES FOR
HIGH-PERFORMANCE GEOLOCATION
Andrew Yang, Dylan Goldsworthy, Drew Nakamura
Department of Electrical and Computer Engineering
University of California, Santa Barbara

Faculty Advisor:
Hua Lee

ABSTRACT
Conventional geolocation techniques were developed based on time-delay estimation, followed
by computation of the angle of arrival (AOA). The AOA computation is the main cause of
latency, which significantly degrades the feasibility of real-time bearing-angle detection. The
computation also adds to hardware complexity and power consumption, which is critical for
small, light-weight and mobile devices.
This paper presents a codebook based approach to geolocation. The delay profiles are mapped to
a precomputed codebook to match the optimal estimation of the geolocation. This simplifies the
computation procedure and makes real-time computing feasible. It utilizes limited memory
capacity to reduce latency and hardware complexity. This approach also allows us to accurately
assess the resolving capability. In addition, it reduces computation for joint estimation with
multiple receiver units, especially in mobile format.
INTRODUCTION
Computational efficient techniques for acoustic geolocation systems have drawn renewed
research interest as of late due to emerging applications for audio mobile devices, video
conferencing, indoor localization and speech tracking. Acoustic geolocation is a well-studied
signal processing problem and given the emphasis on these applications the focus of new
implementations is on computational efficiency while maintaining sufficient resolving capability.
To achieve this, current approaches combine both array and acoustic processing in a joint
manner.
A popular choice for acoustic geolocation are circular microphone arrays, due to their symmetry
and other desirable properties. Densely populated circular arrays provide full 360o coverage of
source detection and allow for computationally efficient techniques. As a result, this research
effort was evaluated using a commercially available circular microphone array for all data
acquisition and pre-processing. Further details on the data acquisition system are laid out in the
following sections.

A codebook-based algorithm approach for estimation of the angle of arrival (AOA) is presented
in detail for the given hardware system. The algorithm will be described for the circular array
system used in this research, however, the core aspects of it can be generalized to other array
designs. The efficiency is gained through a code-book based look-up table to coarsely estimate
the source location, and then a finer resolution technique can follow to determine the optimal
source location. Lastly, a series of experimental data collections were carried out in a variety of
source and array geometries to evaluate the effectiveness and accuracy of the proposed approach.
Numerical results demonstrating the system accuracy are given followed by concluding remarks
on future work.

HARDWARE SYSTEM
The hardware platform chosen to evaluate the proposed technique was a 6-element circular
acoustic array, where all 6 acoustic channels are recorded simultaneously. Circular arrays are a
prevalent configuration for acoustic source localization due to their full 360 degrees of angular
coverage, geometric symmetry, and convenient mechanical form factor. For this research effort,
the Seeed ReSpeaker Mic Array was chosen as the array system and can be seen in Fig. 1. The
array acquires and streams data in a real-time manner, which is pipelined and saved to a
Raspberry-pi embedded system for future analysis.

Figure 1. Seeed ReSpeaker Acoustic Array
The acoustic array sampled the 6-channels simultaneously at a sample rate of fs=32kHz, and
produced 24-bit high quality audio data. The system operated with low-power requirements and
with its common USB and digital peripherals could easily be integrated with other sensor
systems. The 6-acoustic elements were distributed uniformly with an angular spacing of 𝛼 = 60𝑜
and had a diameter of L = 32.5mm for a small overall form-factor. The 6-element array provides
a suitable compromise between spatial sensor density, and data bandwidth and computational
requirements for a real-time geo-location tasks. The geometry of the array is given in a diagram
in Fig. 2, along with a description of the angle of arrival θ relative to the center of the array.

Figure 2. Diagram of circular array and the Angle of Arrival of source signal s(t)
The overall data processing pipeline began with pre-processing and conditioning by the
ReSpeaker array, followed by data acquisition and storage by the Raspberry-pi module, and
lastly the final parameter estimation was performed on a desktop PC. All of the algorithmic
processing was performed in the MATLAB programming environment for ease of use.
MATLAB’s audio processing toolbox was utilized to help speed the algorithm development, but
the core computation of the algorithm can easily be miniaturized onto an embedded system.

Figure 3. Data Processing Pipeline
The hardware system provides a versatile base platform for geo-location, as it is offers a good
balance between spatial resolution and data bandwidth requirements. The embedded Raspberrypi’s functionality can be expanded into a network configuration mode, so that multiple system
modules designed around the base system presented here could coordinate together to produce a
more accurate and robust geo-location system. Furthermore, other peripheral sensors such as
GPS or optical cameras can also be integrated with this platform to provide absolute geolocation, as well as higher level scene understanding to end users. In the next section we will
discuss the core geo-location algorithm based on acoustic signal processing.

ACOUSTIC GEOLOCATION CODEBOOK-BASED APPROACH
The algorithm procedure for acoustic geo-location that will be the focus of this section is
estimation of the angle of arrival (AoA) of an active source with respect to the array. From the
AoA, the relative direction of an active source can be determined, and if multiple AoA estimates
are available from spatially diverse arrays, multilateration techniques could be employed to
localize the source in space.
For active source localization, the receiver array passively records signals produced by the
source, and the AoA is typically performed through temporal processing and parameter
estimation from multiple recorded signals at different array locations. A common intermediary
parameter used to estimate AoA is the time difference of arrival, or time delay, of the active
signal between array elements. In the simple two element case, the angle of arrival is typically
referenced to the center of the element baseline as seen in Fig. 4.

Figure 4. Angle of Arrival θ for a two-element array
Assuming far-field wave-propagation the angle-of-arrival can be related to the time-delay td
between the signal arrival of both elements, through a trigonometric relationship as
𝑡𝑑 = 𝐿 sin( 𝜃)
The performance of the estimation routine for array processing is typically dependent on proper
utilization of the time-delay term to compute the AoA. For arrays comprised of multiple
elements computational complexity of estimating the AoA from these terms can quickly become
intractable for real-time operation, and further efficiencies must be realized to improve
computation speed.
For the circular array case, the time-delay between the nth and mth acoustic elements can be
defined as
𝑡𝑛𝑚 = 𝐿 sin( 𝜃 − (𝑛 − 1) 𝛼 )
where the AoA is now referenced to the center of the circular array, as was shown in the
previous section in Fig. 2. The angular offset 𝛼 is due to the relative rotation of the pairwise
baseline of adjacent elements in the circular array. Note the adjacent pairs have been chosen as
the time-delay terms due to their rotational symmetry and simplified parameterization, however,
various array configurations and time-delay pairs can be chosen for more general cases.

For an active source that emits a signal s(t) at some distance away from the array, each element
would record a scaled and time-shifted version of the same waveform. The time delay terms can
be computed by correlating the relative signals recorded by each element, and the time argument
which maximizes the correlation between the recordings will be the time delay term of interest.
∗
𝑡𝑛𝑚 = arg max{ 𝑠𝑛 (𝑡) ∗ 𝑠𝑚
(𝑡) }

With Fast Fourier Transform (FFT) algorithms, these time-delays can be computed for each
corresponding pair in a efficient manner as the first step of the geo-location algorithm.
The time-delays between each element can be concatenated into a final vector t
𝒕 = [ 𝑡12 , 𝑡23 , 𝑡34 , 𝑡45 , 𝑡56 , 𝑡61 ]
for all six correlation pairs. Typical circular AoA estimation algorithms will try to invert these
measurements to determine the source location, however, although these approaches can provide
a high degree of accuracy they also impose a high computational burden.
As an alternative approach, we propose pre-computing the expected time-delays for a given AoA
estimate 𝜃̂ according to
𝑡̂𝑛𝑚 (𝜃̂) = 𝐿 sin( 𝜃̂ − (𝑛 − 1) 𝛼 )
This produces an array of values, which can then be stored in a codebook of potential time-delay
vectors.
𝒕̂(𝜃̂) = [ 𝑡̂12 , 𝑡̂23 , 𝑡̂34 , 𝑡̂45 , 𝑡̂56 , 𝑡̂61 ]
This time-delay codebook can be allocated for various angular resolutions given the system
specifications and performance predictions. In this codebook, there should be a vector equivalent
to the measured time-delay vector t computed after a recording cycle. This matching codebook
entry will have a one-to-one correspondence to an AoA value, which would then be chosen as
the optimal estimate by the processor.
The angle-of-arrival that produced the measured time-delay, will be closest in the vector space to
the vector code-book. Therefore, one option to determine the corresponding AoA is to minimize
the distance between the measured vector t and the values in the code book 𝒕̂(𝜃̂).
𝜃̂ = arg min{ | 𝒕 − 𝒕̂(𝜃̂) |2 }
Here an L-2 norm has been chosen as the distance metric for computational efficiency, but other
norms could be implemented as well. After correlation, the remaining geo-location task has now
been simplified to a distance computation and minimum search procedure. Furthermore, for
specific array enumeration and sampling conditions, the algorithm could be simplified into a
single Look-Up Table (LUT) operation for further computational savings.
This codebook approach provides a coarse AoA estimate at reduced computational complexity
compared to other source inversion techniques. By trading memory to build large LUTs, a fast
AoA algorithm can be implemented for real-time operation. In cases where finer resolution is
desired, the code-book approach could be used to initialize source inversion techniques by
limiting the search space in the optimization phase. Experimental analysis and accuracy
determination of the hardware and algorithms is presented in the next section.

EXPERIMENTS AND ANALYSIS
A series of experiments for various AoA situations were explored, to evaluate the effectiveness
of the proposed system. The experiments were carried out in an outdoor environment to limit
multi-path effects while also ensuring some level of ambient noise is present in the data
recordings. A person speaking was set as the active source, to be applicable to many speech
tracking systems that are of commercial interest today. The person voiced a single phrase at a
normal speaking volume as the source signal, from which the system could determine the
appropriate AoA location.

Figure 5. Experimental Setup
The speaker’s position moved around the entire experimental setup and multiple data sets were
acquired in this manner. For the experimental campaign, 60 different test scenarios with various
AoA configurations and look-angles were examined. The ground truth AoA was surveyed for
each scenario and the AoA estimate was also computed to determine the angular resolving
accuracy. The average estimation error was calculated and a histogram of the average error of the
azimuth AoA was plotted in Fig. 6. The average error ranged from 0-12 degrees over the entire
data set, with the most frequent error being 3 degrees.

Figure 6. Experimental Angle of Arrival Accuracy

The accuracy of these results is suitable for many speech tracking and direction-finding
applications. The AoA estimate was computed using approximately 0.25 seconds of speech,
leaving it practical for near-real time processing. To achieve the resolving accuracy a final
source inversion stage was implemented, which can be optimized for a variety of pre-defined
scenarios for improved resolution. Overall these results show strong promise for the system to
work as a mobile, low cost acoustic geo-location system.
CONCLUSION
Here we presented an efficient approach for estimation of the AoA parameter for multiple
element acoustic arrays. A commercial hardware platform was presented as a low-cost, base
module for acoustic geo-location. This platform was utilized in an extensive experimental
campaign to evaluate the effectiveness of the proposed approach. The numerical results reported
an accuracy of approximately 3 degrees, which is comparable to current systems, and are
promising to continue optimization and improvement of the current system’s algorithmic
framework. Future work will focus on integration and coordination of multiple acoustic arrays
for 3-dimensional geo-location and tracking.
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ABSTRACT
The main problem with wired data transmission is exposure to electrical noise. In environments
with extremely high noise levels, special care needs to be taken in order to accurately send data
between two or more devices. In the case of motorsports, extreme noise on any critical data lines
can cause engine failure, putting the driver’s safety at risk. The purpose of this paper is to
explain effective construction techniques for noise reduction in a wiring harness, as well as to
review how certain serial data protocols will handle errors in harsh conditions.
KEY WORDS
Coupled Noise, Crosstalk, Interference, Telemetry, Wiring Harness, FSAE, Motorsports
INTRODUCTION
Formula SAE is an engineering design competition where students are given the task of
designing, building, and testing an open wheel, autocross race car. Teams must work within a
strict set of rules to optimize their car for a low cost, high performance setup. Each year, a new
car is built entirely from scratch, using knowledge and data gathered from previous testing.
The goal for the 2018 electronics team for Wildcat Formula Racing at the University of Arizona
was to not only build a platform for data-logging and telemetry to improve our car, but to
understand the different sources of electrical interference that subtract from the accuracy of this
system. Since testing data from the car is immediately compared against a MATLAB car model,
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any incorrect data resulting from electrical interference or other sources would directly have a
negative impact on our car. In such a talented field with other Universities’ cars, this impact
could mean the difference between a first place finish, and a Did Not Finish at competition.

PLANNING
The first step to creating any system is the planning phase. In our case, we started by selecting
our electrical components to align with the FSAE 2018 rulebook. The heart of the electronics
system in our car was an Engine Control Unit (ECU) from Performance Electronics. An ECU
has inputs from the sensors on an engine, such as air temperature, coolant temperature,
crankshaft position, camshaft position, etc. It then decides how much fuel to inject, and when to
ignite that fuel. The next basic component was our battery. Since our rulebook limits us to a 12V
Battery based on lithium chemistry, we selected a Lithium Ferrous battery because of its
consistent output regardless of voltage.
The components listed above were a couple of the most important parts to get the car running,
but not enough to understand how our car was actually performing. In order to start data logging
and tracking our vehicle dynamics, we had to create a device to interface with all of our sensors,
and send that data to a computer. We called this device the Data Management System.

THE WF18 DATA MANAGEMENT SYSTEM
The WF18, our competition car for the 2017-2018 season, would carry the second generation of
our Data Management System (DMS). By factoring in the faults that we had discovered from the
first generation, we were able to define a new set of requirements for this year.
The center of this system was an Arduino Mega with an ATMega2560 processor. We chose a
controller with this architecture because our system could be rapidly prototyped with arduino
libraries. If this ability was not available, we would have selected an ARM based processor,
because of the higher processing power for a similar price. The arduino on the car would convert
all of the analog signals from sensors into digital information, and send that information through
a NRF24L01+ Wireless Transceiver. On the other side of the data transmission, we had a second
transceiver and arduino that took the transmitted data and put it into a MATLAB file for later
analyzation.
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BASIC CONSTRUCTION
Now that the components for the electrical system were selected, the next step was to begin
creating the harness. Our team started the electrical schematic with all of the high power
electronics. Last year, we had experienced problems with our ECU because of certain power
wires interfering with important sensor data lines. Because of this, we decided to treat wires
carrying over 1 amp differently than the data lines. All of the power lines ran through Raychem
spec 55 wire, utilizing twisted and shielded pairs. By twisting two wires together, with the
currents in both wires facing opposite directions, you can help cancel out the created magnetic
field that causes interference in other wires. The shielding around the twisted pair takes this one
step further by grounding the EMI that is either created by or acting on these wires. As a final
step, we separated the ‘power harness’ from the ‘data harness’ by at least a half inch everywhere
on the chassis.
Our data harness was far simpler than the power harness. Because of the relatively low current,
we found that 24 AWG would suit all of the wires in this section. The data harness was a mixture
of analog signal wires and a CAN bus. We chose to use a CAN bus instead of I2C or SPI
because of the error checking capabilities. Even with the reduced EMI from the seperate power
harness, we wanted to take the safer option in case there were any other unexpected sources of
noise.
Another source of unwanted data errors is in the physical construction of the wiring harness.
Anywhere there are nicked wires, a bad splice, or an improper connection, data from one wire
can directly affect the next wire over. To help prevent this, we set a couple standards for harness
creation. First, we used the Mil-Spec wire, labeled M22759, because of the thick outer jacketing
and flame resistance properties. Second, we used zero soldered splices on our car, because the
intense vibrations can cause the splice to become brittle and crack. Third, we tried to use as few
butt splices as possible, because they created more points for the harness to fail. In the rare case
that we would have to use a butt splice, we tested the connection with a 25-pound pull test.
Lastly, we used the Deutsch DT series connectors everywhere on the car. We selected these
connectors because of the low cost and protection against water and dust. As a final check, we
tested the resistance on every connection, making sure that there was never more than 1 ohm
between two endpoints.
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ADVANCED TECHNIQUES
One more advanced technique we used is called concentric twisting or helical lay. This is a
Mil-Spec standard which creates equal strain on all of the wires. We used this both to package
the wires closer together, and make the harness flexible without breaking electrical connections.
Concentric twisting is not a basic concept, and a lot of time and patience is required to correctly
manufacture a harness that utilizes it. This kind of harness is best described in layers. Layer 1
consists of one wire that runs down the length of the harness. Layer two is made from eight wires
that wrap around the center, with a full clockwise twist every half inch or so. Layer three has
fifteen wires that wrap counter clockwise around the harness, while layer four has twenty two
wires that wrap clockwise again. For every layer, you will add seven wires to how many there
were in the last layer.
This concept is best practiced on straight sections of a harness, but this is not always applicable.
In a harness that has branches, as most will have, the wires that travel furthest will be at the
center of the harness, so that the branch wires can be easily separated from the twist at the
desired point.

CONCLUSION
Unfortunately, our car was unable to run before our last competition, so there is no data available
from driving so far. What we have learned is that our DMS can transmit at a distance of around
1.5 miles while operating at 2.4 GHz. The range drops to around a quarter mile when operating
at 5 GHz, but we didn’t need to send at the higher data rates that 5 GHz offered.
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ABSTRACT
In the flight test, the matching compatibility of the fighter inlet and the engine is the key to
the test flight of the engine performance quality. Especially at high incidence of high attack
angle and over stall maneuver, the characteristics of the inlet are very important to the engine.
The current traditional test scheme cannot real-time telemeter the inlet distortion signal.This
paper aims at the problem by designing an embedded airborne real-time processing unit
which can real-time calculate and telemetry of the inlet distortion signal. Then the results are
displayed in the ground monitoring station by cloud image mode. So we can evaluate the
matching performance of the inlet and engine during aircraft flight, and achieve the aim of
prejudging the risk of inlet distortion.
INTRODUCTION
1.1 Background
The compatibility of the intake port and the engine is an important indicator for a
comprehensive evaluation of the aircraft propulsion system. The working stability of the
engine is closely related to the stable operation of the intake port. In the evaluation of engine
stability, the operating characteristics of the intake port play a major and even decisive role
for the engine[1]. Among the characteristic parameters of the inlet, the integrated distortion
index (W) is one of the most critical parameters. The comprehensive distortion index is
mainly obtained by adding sensors such as steady-state, dynamic, and temperature to the test
cartridge and obtaining a certain algorithm.
Because the inlet distortion information is the result of multiple parameter calculations, the
dynamic pressure signal involved in the calculation has a high sampling rate and occupies a
large bandwidth for telemetry. Therefore, in the test flight process, the real-time telemetry of
the distortion of the air intake cannot be performed in real time, and the use of post-event data
processing methods, which to a certain extent affect the efficiency of the test flight mission.
Secondly, the calculation of the inlet distortion index will involve multiple types of
parameters to participate in the calculation and correlate the collected data within two
seconds. If the bandwidth is allowed, it cannot be ensured that all telemetry data can be
transmitted without loss in two seconds. If there is a lost point, the calculation accuracy will
be reduced. Therefore, we chose the on-board real-time calculation scheme to transmit the
on-board calculation results in real time without using the telemetrically measured raw data

for real-time calculations.
1.2 Current Situation Study
At present, the characteristic parameters of the inlet port are obtained mainly by adding a
measuring rake (shown in Figure 1), which is usually installed at the same section of the inlet
port of the aircraft at 6 or 8 rake body circumferential angles[2]. The key parameters of
engine inlet flow field quality, flow rate and distortion are measured in flight test.

Fig.1 Measuring Rake

In order to obtain the above key parameters, when designing the measuring rake, a number of
parameter measuring points are usually arranged on the upper torus of the rake body, which
can be used to collect the information of dynamic, steady state pressure and temperature. The
rake sensor is responsible for the perception of the front-end information, and the data
acquisition function is accomplished by the special intake port distortion parameter collector
and the general data acquisition device. After the data acquisition of inlet distortion
parameters is completed, the data is encoded into PCM data stream which conforms to
IRIG106 telemetry standard and recorded by airborne digital recorder[3]. Because the signals
collected and recorded include high frequency parameters such as pulsation signals, it is
limited by the bandwidth of telemetry and cannot be used for real-time telemetry of all
collected information. Therefore, the distortion characteristics of the inlet are calculated by
data processing after the event.
1.3 Research Significance
In the course of risk flight testing, the real-time monitoring of characteristic parameters of
inlet distortion testing can be realized, which will provide a comprehensive and systematic
real-time data support for flight test safety monitoring. It is of great significance to find the
symptoms of flight safety accidents quickly and to reduce the risk of flight safety. At the
same time, the real-time monitoring of the characteristic parameters of the inlet distortion is
realized, which changes the dilemma that the relevant conclusions can only be obtained by
the calculation and analysis of the recorded data after flight. It is of great significance to
improve the efficiency of flight testing in related subjects[4][5].
OVERALL SCHEME OF TEST SYSTEM
Aiming at the problem of real-time monitoring of the distortion characteristic parameters of
the airways, this paper studies the airborne embedded real-time calculation technology,
realizes the real-time calculation of the characteristic parameters of the inlet distortion, and

realizes the telemetry and safety monitoring of the calculation results.
2.1 Design of Test Scheme Based on General Collection
In the real-time calculation of the characteristic data of the inlet port, it is necessary to obtain
the original data from the measuring rake. In the existing scheme, the original data collection
adopts the "special and general" data acquisition scheme. The special collector completes the
signal acquisition of the dynamic pressure sensor. The general collector completes the
acquisition of steady state pressure, total temperature and other signals. If the measurement
data comes from different data acquisition devices, the airborne embedded computing must
coordinate and schedule the data flow from different acquisition devices based on the "special
and general" data acquisition scheme which will lead to the delay of real time calculation of
the distortion characteristic parameters of the inlet. The correlation of the sampling time in
different acquisition equipment is uncertain, which will lead to a large error in the real time
solution of the distortion characteristic parameters. For the above reasons, this scheme uses
the universal data acquisition equipment to realize the original variable data acquisition of the
inlet, as shown in Figure 2. The test parameters related to the calculation of inlet distortion
information are all from the same test equipment. The data routing and transmission are only
on the internal bus of the device. The acquisition time of different test parameters has a
definite correlation. The internal bus data transmission bandwidth of general data acquisition
is large, and the delay is small, which can meet the requirements of real-time calculation of
the characteristic parameters of the inlet distortion.
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Fig.2 System Block Diagram Based on General Acquisition Unit

2.2Design of Embedded Hardware Computing Module
The embedded hardware computing module is based on the design of general data acquisition
equipment. The module is embedded directly into the internal work of the general data
acquisition device. The calculation module realizes the data communication with the
universal data acquisition equipment through the internal bottom bus interface, getting the
raw data that needs to participate in the calculation. After the original data is calculated into
the distorted signal by the real-time calculation module, the result information is transmitted

to the main control module of the universal acquisition equipment through the bus of the
inner bottom plate of the collector. The main control module realizes the recording and
telemetering of the operation results.
2.3 Structure of Embedded Hardware
The internal design of embedded computing module adopts the hardware development
technology based on the System On Chip. The advantage of this scheme is that it makes use
of the advantages of the internal bus data transmission bandwidth of general data acquisition,
and the efficiency of real-time computing data throughput is high. At the same time, the
calculation modules and different types of data acquisition units can meet the requirements of
different data applications. The hardware module adopts the embedded processing system
based on ARM+FPGA+DSP, and the operating system adopts embedded Linux operating
system. According to the hardware structure of the equipment, it is mainly divided into the
design of ARM processor module, the FPGA secondary controller module and the DSP
digital signal processor. The arm processor module is mainly responsible for control task
scheduling, resource allocation, data analysis and evaluation, transplant of the operating
system, development of the control instruction set and the communication with the FPGA and
the DSP. The FPGA secondary controller module is mainly responsible for development of
various control interfaces, collection of various data types, timing control, bad block
management of the memory chip and communication with arm processor. The DSP module
realizes the real-time processing of parameters. The distortion parameters of the inlet
collected by the collector are solved in real time by the real-time algorithm of the distortion
parameters transplanted from the embedded system, and the calculated distortion
characteristic parameters are transmitted to the acquisition system for recording and
telemetering monitoring. The logical function of the hardware structure is shown in Figure 3.
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ALGORITHM MODELING AND SOFTWARE IMPLEMENTATION
The raw signal sensed by the measurement sensor is collected by the universal module and
acquired by the real-time calculation module via the backplane bus. According to the

calculation method of the inlet distortion characteristic parameter, the calculation is carried
out. Based on the measurement points of steady pressure, dynamic pressure and total
temperature on the inlet of the rake, the parameters of the calculation can include the air
conversion flow rate, the total pressure average value, the total pressure recovery coefficient
and the distortion index of the inlet.
3.1 Algorithm Modeling
The distortion index is one of the key parameters in the inlet distortion characteristic
parameters. It characterizes the quality of the flow field at the inlet, composed of two
components: Steady state circumferential distortion index

and the average value of

turbulenceε.


Steady state circumferential distortion index

Means on air interface plane ( AIP), the relative difference between the average total pressure
recovery coefficient and the average total pressure recovery coefficient in the low pressure
sector area, expression is (1):
(1)
In the expression:
——AIP average total pressure recovery coefficient in low pressure region
——AIP average total pressure recovery coefficient
 The average value of turbulenceε
It is the mean value of the total pressure fluctuation root mean square value along the
circumferential direction at the inlet section

of the engine, expression is (2):

（2）
In the expression:
n——Dynamic total pressure measurement point number
m——Data sample size (The sample size of the general duration of 1s-2s time)
 Comprehensive distortion index W
Expression is (3):
（3）
Referring to the above calculation model, the real-time calculation algorithm is designed by
embedded software programming. The algorithm design mainly considers the numerical
accuracy and timeliness.

3.2 Algorithm Optimization
The hardware resources of the embedded computing module are limited. In order to improve
the computing power of the real-time computing module and improve the calculation
accuracy and failure, the following optimization scheme is mainly adopted.
(1) Some calculations are discretized to reduce computation complexity and computational
complexity. It is mainly point at integral calculation, which is realized by introducing
continuous finite quantity functions into finite discrete points.
(2) Converting floating-point calculation into plastic calculation, make full use of real-time
computing module integer computing power. In this scheme, the calculation coefficient is
amplified by 10N times (10N times of the physical value) in order to reduce the rounding
error of the integer calculation and improve the precision of the result.
(3) Adding interpolation operation, for example, because the number of measurement points
is limited (the number of sensors is limited), in order to find the range of the low pressure
area of the actual measurement more accurately, only the limited measurement points will
lead to the decrease of the calculation precision. Therefore, the three order spline
interpolation method is adopted to improve the calculation precision.
3.3 Algorithm Flow
The real-time calculation module calculates the distortion index according to the computation
needs and reads the data of the buffer. The computing program is based on the development
of embedded Linux operating system. The realization of the real-time algorithm is completed
in the user program. The user program can be written flexibly according to the needs of the
task. After compiling and completing a user program, the compiled results and the required
library files are packed into the embedded real time processing module. The flow chart of
embedded real-time computing program is shown in Figure 4 below.
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3.4 Real-time Monitoring and Realization
The inlet characteristic parameters calculated by the calculation module are transmitted to the
main control module via the backplane bus. The main control module integrates it with other

monitoring parameters in the PCM frame structure for real-time telemetry. After the ground
monitoring hall receives the PCM data stream，the distortion results of the calculation will be
displayed by timeline curve and cloud chart mode through ground monitoring software. The
results of display must have certain alarm and anticipation ability. See Figure 5:

Alarm indication

Comprehensive distortion index
Fig.5 Monitor Screen

TEST VERIFICATION AND DATA ANALYSIS
4.1 Test Rake Installation
A measuring rake with six arms is chosen as an example to verify the computing power and
accuracy of the real-time computing system. The angle interval between the rake arm is 60
degrees. The rake arms are equipped with steady steady voltage measuring points, dynamic
pressure measuring points and temperature measuring points. The installation diagram is as
shown in Figure 6.

Fig.6 Sensor Installation Points Diagram

4.2 Test Result Data
The experiment simulated three stages of engine slow train, express train and slow train. The
circumferential distortion, turbulence and are calculated through experiments. The results
of real time calculation are shown in Figure 7.

Fig.7 Real-time Calculation Results of Experimental Data

4.3 Data Result Analysis
（1）Error analysis
The real time calculation results of inlet circumferential distortion are compared with those of
ground surface algorithm. The result is that maximum error of circumferential distortion is
0.0097% and the average error is 0.0032%. And also the maximum error of turbulence is
0.0038%, and the average error is 0.0014%.
（2）Delay analysis
The time delay is mainly composed of two parts：one is raw data parameter sampling time
（less than one main frame cycle）; the other is real-time processing of computational delay
（one main frame cycle）. The total delay is 2 main frame cycles. This experiment is aimed at
the PCM frame acquisition system with the main frame frequency of 32Hz. The theoretical
results are delayed to 64ms. The actual verification results show that the time interval
between the starting time of the raw parameter acquisition and the time calculation results
output by the main control module is 64ms, that is, two main frame cycles, which is in
accordance with the theoretical delay.
CONCLUSIONS
Aiming at the difficult problem of real-time monitoring of the distortion characteristic
parameters of the inlet, the real-time calculation technology of airborne embedded system is
studied, and the results of the calculation are displayed on the real-time monitoring
screen.The real-time calculation algorithm and monitoring technology of the characteristic
parameters of the inlet have been verified by the simulated blowing test, and good results
have been obtained.

Through the research of the real-time algorithm of the characteristic parameters of the inlet
and the monitoring technology, the problem of real-time monitoring of the characteristic
parameters of the inlet is solved. The safety monitoring of incoming /outgoing matching
flight test is limited by the technical bottleneck of telemetry bandwidth, and the capability of
safety early warning and efficiency of flight test are improved.
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ABSTRACT
In multi-bus, long-endurance flight test, the huge test data is recorded by networked airborne
testing system. After the flight, to ensure that engineers can analyze engineering data
immediately, the processing platform must use limited resources quickly to complete test data
processing. Because the test parameters sets on different test tasks are different, we design an
airborne restructurable fast data processing system: during the flight, uploading the phased data
processing configuration information through telemetry uplink in real time according to the
execution state of the ongoing test task, based on these task requirements, the airborne
processing system restructures its processing logic and workflow, avoiding repeated calculation
of parameters, and ensuring the limited onboard computing resources can meet the needs of
multitasking comprehensive flight test data processing.
INTRODUCTION
Flight test is large-scale system engineering with high technical requirements, high risk, strict
test time, many test parameters and complex types. The test data obtained under real test
conditions can directly reflect the indexes and characteristics of a weapon system, which is the
basis of evaluating the technical performance of weapon equipment. Therefore, the ability and
efficiency of data analysis and processing in test flight are important factors influencing the test
flight process.
Under the architecture of the new generation network test system, the analysis and processing of
test flight data has the characteristics of complexity of task, heterogeneity of complexity of task,
heterogeneity of data, diversity of parameters, and so on. First, with the upgrading of all kinds of
on board bus technology, the amount of test parameter data has exploded, and the number of
single flight sorties has reached hundreds of GB. Secondly, the flight test is also developing
towards multi machine cooperation and joint test. Therefore, the test data center needs to
complete the comprehensive processing of airborne test data of multiple aircraft and multiple
sorties in a short time. The traditional ground data processing mode is more and more difficult to
meet the engineer’s requirement for data timeliness. The advance of data processing to machine
is the inevitable trend of technological development.
1 The current situation of flight test data processing
The ground distributed networked data processing system adopted CS/BS Hybrid architecture,
which deployed on the flight test data center[1], contains flight test database, NAS/SAN storage,

high performance computing cluster, data processing middleware and other modules, can help
engineer established data processing tasks and define the test parameters and time ranges to be
processed, and then realize centralized management and centralized processing of massive flight
test data. The data processing based on this system mainly includes multiple steps such as data
offloading, data solution, engineering volume conversion, professional analysis and other steps.
As a rise in the test complexity and amount of data, the software architecture and technical
architecture have been difficult to support the future demand to a variety of online data
processing and large data processing pressure, mainly concentrated on two aspects.
(1) In the process of flight, the different professional engineer only focus on the test parameters
related to their own research topics, but the airborne testing system will record all
throughout the data on the bus (see Figure 1), the data recording and processing pattern
would occupy the limited data storage space on board, on the other hand it also can increase
the workload of the ground data processing, especially for long-endurance flight test, this
situation is more obvious.
(2) In the traditional ground data processing mode, only after the flight is completed, the high
sampling rate parameter analysis, window calculation / statistical analysis and multi
parameter fusion processing are carried out based on the unloaded data file. Now we need to
complete the above tasks during the flight and return the corresponding results to the ground
monitoring station. Due to the limited bandwidth of telemetry, it is impossible to directly
transmit all unprocessed airborne raw data, so it cannot support such services.

Figure1 Flight test data processing schematic diagram

Therefore, the single ground data processing model cannot meet the actual requirements of the
experimental data acquisition, and the unprocessed original data will also occupy a large number
of limited airborne equipment storage spaces. Therefore, it is necessary to establish an efficient
data processing system on machine, which can carry out the data processing control instructions
in the flight process of the aircraft according to the performance of the test task, and start the
corresponding data analysis process and complete the computing task on the machine system. At
the end of the test, engineers can get the final calculation result of the test profession directly
from the recorder and generate the test report, so as to improve the efficiency of work.

2 System Overall Design
Design concept: airborne data processing system as the core, set up a air-ground cooperation data
processing platform, with test task oriented and high automation level and powerful computation
ability, the system architecture is shown in Figure 2, the processing involves airborne data
processing unit, airborne testing system, telemetry system, ground data processing system, the
preparation and implementation process of data processing includes the following three steps.
(1) Before the test: according to the requirements of the flight test mission, through the test
mission parameter planning, the system will generate the test parameter object set and
software algorithm object set involved in this flight test, and then load the object sets into the
airborne data processing system.
(2) During the test: with the advance of the test task, the airborne processing system obtains data
processing task control command given by the ground system through the ground-to-air link,
completes dynamic adjustment of processing logic, and carries out calculation and
processing of test parameters at a certain task stage.
(3) After the test: all data are directly exported from the built-in storage module of the airborne
data processing unit through the unloading device, and then the result sets are imported to
the flight test data center.

Figure2 Overall structure diagram of the system

The airborne data processing system mainly consists of three modules: processing preparation,
comprehensive processing and state monitoring. The system is integrated into the whole air-

ground cooperation data analysis and processing platform. The functional structure of the system
is in Figure 3.

Figure3 Functional structure diagram of the system

3 Test parameter planning/matching method
During the test task designing, the test parameter information mainly reflects the engineering
significance (units, range, characteristic, description) for the test machine and the test subjects.
During the test data processing, the test parameter information mainly reflects the physical
condition (bus, type, fetch bit, length) of the airborne system. Through the parameter database
establish test subjects and parameter's mapping relationship, analyze airborne testing system's
bus protocol and format, and establish the information model transformation method for test
planning system and processing system. In this way, the docking between test task parameters
and airborne data processing system is completed, and the data integrity is ensured. See in Figure
4.

Figure4 Test subject parameter matching method introduction

4 Comprehensive processing of multi-source test data
In the flight test iNET networked test system, the core switch connects multiple subnet switches,
each subnet switch connects multiple collection chassis, the system will collect multiple data
flows at the same time, these data in the data flows is derived from other on-board bus systems
[2]; meanwhile, the data frame structure of iNET is relatively complex, so the calculation process
of the on-board rapid processing system will involve multiple steps, as shown in the Figure 5.

Figure5 Illustration of the calculation process of the on-board rapid processing system

With the development of the embedded processor and embedded operating system, the
generalization of hardware platform and the componentized of application software is the trend
of the development of the embedded software technology, this model has been widely used in the
traditional industry[3]; therefore, based on VxWorks platform to build airborne data processing
system, through to realize automatic resource management (distribution and recycling), dynamic
install and uninstall application components, and other functions, cooperate with the uploaded
algorithm template in advance and data processing control instruction received in the process of

the flight test, and implement the reconfiguration of business logic of data processing. The
software architecture is shown in Figure 6.

Figure6 Airborne processing system software architecture diagram

CONCLUSIONS
The trend of flight test is developing to multiple airplane cooperation, cross airspace/cross region,
and multiple test sites joint testing. The requirement of test plane test data processing has
changed to the fusion processing of multiple regions, multiple test planes from independent
processing of single region, single test plane and single mission. The onboard data processing
system which could dynamically reestablish onboard data processing logic according to test
development and test demand could be built by an air/ground two-way link. Parallel processing
of flight test with automation and high efficiency could be realized, timeliness of flight test data
processing could be improved, and therefore, the real requirement of efficient processing of
current and future mass flight test data would be met.
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ABSTRACT
Currently in the second year of development, Broadband Conformal C-Band Antenna (BCCA) is
being transitioned and matured out of prototyping phase. This paper will discuss encountered
challenges in designing, optimizing, and developing a weapon system telemetry antenna operating
in C-Band spectrum.
INTRODUCTION
With conclusion of the third Advanced Wireless Services (AWS-3) auction, a transition and
mitigation plan was established to relocate, compress, and augment telemetric capabilities into CBand. Efforts in extending test range functionality beyond 2.29 GHz throughout infrastructure,
software, and hardware are currently being executed to meet demands of L, S, and C Band
telemetry. While thirty years of expertise and experience is prevalent for the two former bands, the
latter presents capability gaps in infancy of test and demonstration. As telemetry systems for
airborne applications mature to meet range requirements in C-Band, RF subsystems and
components are upgrading to function with minimal loss and maximum performance between 4.4
GHz and 5.15 GHz under stressful aerodynamic environments.
In mitigating flight risk and retaining performance, traditional methods in transmitting and
receiving data, while surviving shock, temperature cycling, and vibration, demand the use of
conformal microstrip and stripline antennas. With an RF bandwidth of 750 MHz, C-Band is
pushing the envelope of narrowband antenna architectures at the price of key characteristics. The
BCCA effort addresses development, characterization, and maturation of utilizing conformal
antennas and maximizing performance for maintaining telemetry range wireless links. An
investigation and development strategy shall provide background and insight in achieving
comparable effective isotropic radiated power (EIRP) to that of legacy S-Band antennas while
minimizing gain variation effects across weapon system roll angles, a critical characteristic for
range planning and accommodating test conditions, for future C-Band endeavors.
BACKGROUND
Power gain and voltage standing wave ratio (VSWR), principal characteristics of conformal
telemetry antennas, provide low power reflection, electrical efficiency, and stable data links.
Additionally, these passive radiators are designed to minimize roll axis gain pattern variation,
transmitter intermodulation, and receiver noise figure degradation across antenna resonant modes.
Historically, 5” medium diameter test vehicles leveraged the capabilities of micro/stripline antenna
architecture due to significant low profile and proximity to ground plane. Antenna performance
was designed, developed, and tuned for L and S-Band telemetry. A C-Band antenna was designed
to benchmark performance while retaining form, fit, and function of the telemeter frame and
chassis. Objectives for this effort were to retain stable gain patterns over the roll axis, low VSWR,
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and provide 90% gain coverage over the full spherical volume satisfying current test ranges
performing operations on the test vehicle.
With a significant band separation of 2530 MHz between center S-Band (2245 MHz) and center
of Lower C-Band (4775 MHz), the wavelength reduces by 47.03%. This change produces a variety
of challenges including imbalanced radial antenna element spacing, increased gain shape
variation across the rotational axis, and complex feed networks across wide bandwidths. The
presented difficulties drive key performance parameters influencing design processes for this
effort. These include broadband resonance covering lower and mid C-band, 2:1 VSWR, optimal
element spacing, and minimized broadband gain variation.
The allocated C-band telemetry spectrum shown in Figure 1 includes a block of restricted spectrum
(4940 MHz - 5091 MHz) separating lower C-band (4400 MHz - 4940 MHz) from mid C-band
(5091-5150 MHz). Incorporating this discontinuity within a broadband conformal antenna poses
design challenges for microstrip patches, radiators limited in bandwidth to a percentage resonant
frequency.

Figure 1: Lower and Mid C‐Band Spectrum Allocation

ANTENNA ARCHITECTURES
Traditionally, with limited availability for internal mounting and aerodynamic constraints,
telemetric vehicle applications have leveraged conformal microstrip and stripline antenna
architectures. With an inherent narrowband nature, design techniques improving resonant
bandwidths have been established within the RF community. These include, but are not limited to,
varying dielectric constant of materials, adjusting substrate thickness, element shape optimization,
feed geometry, parasitic components, and impedance matching networks. Aperture coupled
microstrip antennas, stacked patches, and unique geometries are continually being documented by
academia and industry, providing enhanced impedance bandwidth over standard rectangular
microstrip elements.
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While serving as ideal electromagnetic sources for telemetry applications, basic microstrip
antennas suffer from narrow bandwidth between five to ten percent. A typical C-band microstrip
patch element centered at 4700 MHz has a maximum of 470 MHz bandwidth. Nominally,
achievable bandwidth calculations assume unbounded antenna thickness larger than that of
practical weapon system aerodynamic profiles. Legacy lower S-band antenna VSWR bandwidths
accounted for 90 MHz of allocated spectrum, approximately 4% of resonant frequency. In contrast,
identical microstrip structure and thickness at C-Band would provide 5% (235 MHz) bandwidth
at a resonant center frequency of 4700 MHz. With a cumulative bandwidth of 599 MHz spanning
lower and mid C-band, a delta of 364 MHz would be required to achieve the broadband spectrum
requirement.
In meeting broadband functionality across lower C-Band, design techniques were explored in
meeting the additional RF bandwidth. Trade-offs in design, assembly complexity, and antenna
efficiency were documented in comparison to legacy S-Band TM antennas. While multiple options
were simulated during analysis of alternatives, the developmental units presented in this paper
utilized slot-aperture coupled rectangular microstrip patch antennas. This architecture was downselected to achieve optimal performance while abiding by the form, fit, and function capabilities
of baselined S-Band antennas. Adjusting the aspect ratio of the linear parasitic element, dimensions
of the radiating slot, shape of slot, and impedance matching network of the coupled driving stub
improved overall impedance bandwidth over a wide band. Additionally, dual resonances were
explored to retain maximum performance in both lower and mid C-Band.
Figure 2: Return Loss Performance in Lower C-Band illustrates wideband performance with a
response better than 2:1 VSWR over approximately 515 MHz. By providing a wideband match,
reflections toward TM transmitters are mitigated. This results in optimal performance due to low
power loss in the antenna and prevention of source equipment damage. Figure 3: Return Loss
Performance in Lower and Mid C-Band illustrates the capability of leveraging dual resonance to
obtain a match on both lower and mid C-Band. This configuration meets 200 MHz RF BW in
lower and 120 MHz in mid C-band. By splitting the resonant performance of the radiating element,
a compromise in broadband matching is exhibited.

Figure 2: Return Loss Performance in Lower C‐Band
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Figure 3: Return Loss Performance in Lower and Mid C‐Band

ELEMENT SPACING
To produce roll stable gain patterns, antenna arrays are designed with two functions in mindnumber of elements and spacing. Within flat antenna array theory, a rule of practice is to space
elements at a distance of to minimize grating lobes and maximizing gain. When designing roll
stable conformal antennas, it is important to note that electromagnetic fields react constructively
and destructively depending on element spacing. Nominally, mechanical requirements determine
the diameter to which antenna elements must be spaced on. Elements are placed completely along
the roll axis with a strategy to minimize nulls and gain variation in the radiation pattern. Within
broadband elements, large variation in exist, directly affecting EM field characteristics as a
function of frequency due to fixed spacing. To determine the optimal number of elements while
respecting symmetrical spacing and reducing mutual coupling, the number of elements is
determined by dividing the circumference of the antenna by the element width at spacing.
RADIATION PATTERN VARIATION
Narrow beam-widths, produced by sparse number of elements and asymmetry, observed by farfield radiation patterns, present challenges in meeting omni-directional response around test
vehicles when presented with physical obstructions around the rotational axis. Legacy S-band
antennas were less prone to this phenomenon due to wider beamwidths, permitting electrical and
physical element configurations to provide stable gain coverage across gaps. This includes seams
created by physical obstructions and keep-out zones. To mitigate drastic gain variation or nulling,
techniques in amplitude and phase spoiling can be deployed to steer unwanted gain pattern
variation. Additionally, strategic spatial separation antenna elements can achieve similar
outcomes.
In the case of C-band, narrow beamwidths caused radiation patterns to null beyond spacing.
While spacing, changing phase, and reducing the number of elements can avoid an obstruction, it
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comes as the cost of gain variation. Observed regions where fields were constructively combining,
EIRP levels were nominal in performance and vice versa. As a result of nulling or substantial gain
variation tracking antennas may experience difficulty in maintaining a healthy link and low bit
error rate (BER).
Distributed over a spherical volume, a simulated analysis was completed to compare the gain max
difference performance of a conformal antenna on a 5” diameter. The study iterated number of
elements up to twelve over 90% and 100% coverage of a spherical EIRP. For each element
configuration, normalization against the highest gain at each frequency was implemented. A sin
distribution operated over the volume where the poles of the conformal antenna (0⁰, 180⁰) weighed
the least, while the roll axis (90⁰), perpendicular to the antenna, weighed the highest. Practical
limits were reached at 12 elements as space along the circumference congested, hindering isolation
and impedance match of resonant elements.
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Figure 4: Number of Elements vs. 90% Gain Max Difference on 5" Diameter

Simulated performance provided options for various element configuration. Figure 4: Number of
elements vs. 90% Gain Max Difference on 5” Diameter illustrates performance based on the top
90% of each dataset, a common specification over the spherical volume for conformal antennas.
From the simulated data, presented above, it can be perceived that a three element configuration
provides stable gain variation of approximately 1dB across frequency. In the case of an external
obstruction along the rotation axis, three elements may be the only option; however, in closer
examination, it must be noted where the remaining 10% of the lowest gain values reside. Figure
5: Simulated 3 Element Intensity Plot, 4.7 GHz presents an intensity plot, mapping the farfield
realized gain values over every roll (phi) and azimuth (theta) angle. With large circumferential
separation between elements, it is important to note nulls occurring periodically between elements.
10% of the lowest values reside in these regions, a potential area telemetry dishes track, leading to
greater probability of link degradation.
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Figure 5: Simulated 3 Element Intensity Plot, 4.7GHz

By factoring 100% of the gain dataset for each element configuration, it can be recognized in
Figure 6: Number of Elements vs. 100% Gain Max Difference on 5” Diameter that the three
element configuration varies over 3 dB from one band edge to the other, making it difficult to
maintain broadband gain stability. Interactions between slots, element, feed networks, lossy
material, and irregular ground planes cause fluctuations in the radiation pattern, resulting in
varying shapes across frequency. As the number of elements increase to 9, coherence between gain
values across frequency emerge.
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Figure 6: Number of Elements vs. 100% Gain Max Difference on 5" Diameter

Implementation of symmetrical 9,10,11, or 12 element configurations are recommended for 5”
diameter C-band conformal antennas. The presented simulations in the figures above do not factor
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in feedline losses associated by driving each element through complex corporate network.
Choosing large amounts of elements may be detrimental as design complexity of feed networks
increase chances of phase and magnitude drift on individual elements due to line geometry,
bending, and fabrication tolerance.
For practical purposes in design, assembly, and fabrication a 9 element configuration was selected.
Figure 7: Simulated 9 Element Intensity Plot, 4.7 GHz illustrates a stable gain transition over the
majority of the roll angles at a defined azimuth, specifically at the highest weighted pitch angle of
90⁰.

Figure 7: Simulated 9 Element Intensity Plot, 4.7 GHz

After building confidence in the simulated model, a multilayered broadband conformal C-band
antenna was fabricated, assembled, and tested. All RF tests were performed in an anechoic
chamber, including network analysis and far-field measurement. Data was captured and postprocessed across lower and mid c-band, this included phase and amplitude as a function of all
angles, producing spherical measurements. With the prevalence of material, mismatch, and
antenna efficiency losses, realized gain was recorded. Figure 8: Measured 9 Element Intensity
Plot, 4.7 GHz provides data that was correlated to the simulated models. As expected, the interelement radiation, non-ideal ground plane, and anisotropic material stack-up produced artifacts in
the measured data, difficult to simulate in a discretized EM environment. Overall, gain variation
was stable over the rotational axis across the matched frequencies and an average of -4 dBiL
realized gain was observed over 90% of the dataset. Feeding this data into a link analysis tool shall
provide test ranges metrics on telemetry links and what to expect in meeting specified BER under
particular test conditions and configurations.
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Figure 8: Measured 9 Element Intensity Plot, 4.7 GHz

CONCLUSION
C-Band antenna technology developments for telemetry applications provided insight in design
and performance trade-space. As test ranges leverage and augment vast bandwidth in C-Band
spectrum, inherent RF characteristics will present engineering challenges. These include thermal
and power management, narrow beam-widths, wider VSWR requirements, increased elements,
and greater free space path loss. Methods in optimizing antenna architecture for 5” weapon systems
have been presented along with measured data for radiation pattern performance. Increasing the
number of elements rendered performance with minimal gain pattern variability along the
rotational axis. Due to practical limitations a 9 element antenna was fabricated, measured, and
correlated to simulated results. Collected data provided metrics aiding in moving toward a realistic
test flight environment, a proving ground for the next generation in range telemetry.
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ANTENNA PRECISE POINTING CALIBRATION USING LOW
COST DGPS
Pedro Rubio, Jesus Alvarez
AIRBUS DEFENCE & SPACE Flight Test

ABSTRACT
Pan&Tilt directional antennas are present in every Airspace Test Center. They are used to
receive telemetry data from the target in test (usually a rocket or an aircraft).
Required telemetry range can be usually around 200nm which leaves no option but to use
directional antennas (parabolic among others).
The use of directional antennas greatly enhances the telemetry range by a factor of 1000. But it
does it at a cost: directional accuracy.
This kind of antenna has a narrow radiation pattern with its nominal gain at the center of the
antenna dish. The main beam of the radiation pattern can be as narrow as 1.8 degrees (3db) in a
C Band 2.4m parabolic antenna.
An antenna has to be pointing its radiation pattern main lobe to the flying target with an error of
less than the main lobe width in order not to degrade reception.
A method has been implemented to properly calibrate the mechanical pointing vector to overlap
with the radiation pattern main lobe.
The calibration method presented in this paper allows a very precise calibration that can be
performed locally with the aid of DGPS, RF Beacon, RF Spectrum Analyzer and software to
manage the whole process.
Main advantages:
•
•
•
•

High precision. Adequate for C Band narrow radiation patterns
Low cost
Highly integrated procedure thanks to developed software
No need of far satellites or the sun.

Alternative application:
•

3D Radiation pattern determination

Key words: dgps, rtk, pointing, antenna, calibration, radiation pattern, telemetry
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INTRODUCTION
A Flight Test Ground Station (GS onwards) or Telemetry Station provides support to Test
Flights by receiving real time telemetry from the Aircraft and forwarding engineers feedback
back to the Aircraft Crew.
Telemetry transmission to ground from flying vehicles is a key factor in the testing phase of any
new development. With every new prototype more data is acquired and sent to ground for real
time analysis. As the data rate increases, a higher frequency band is preferred for the air channel.
Due to the highly crowded radioelectric environment and the higher bandwidth requirements, it
was approved a new worldwide official band for telemetry transmissions: C Band from 5090 to
5250.
Flight tests centers used to have parabolic antennas for telemetry reception up to 200 nm.
Standard parabolic antenna in a ground station ranges from 1.5m to 2.4m. At that frequency and
diameter, they tend to have a very narrow beam thus imposing an important restriction to the
pointing accuracy.
In the following image can be seen the narrow main lobe.

Figure 1

PARABOLIC ANTENNA POINTING METHODS
Parabolic (or any directional antenna) needs to be pointed at its target in order to attain its
highest range.
What really happens is that the main lobe of the radiation pattern is pointed to the transmitter
antenna in the aircraft providing the highest peak gain.
There are several methods to point an antenna to a moving target:
 GPS Tracking
 Autotracking
These methods have advantages and disadvantages.
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For example, GPS method allows for a lower price and lower complexity antenna but needs an
external calculation and a very precise calibration.
1 AUTOTRACKING
Autotracking method needs no external information. It relays on the measured incoming power
at different offsets in order to guess its own pointing error. It requires a complex/expensive feed
design that allows antenna ACU to calculate the error vector based on RF power analysis
2 GPS TRACKING
Using this method requires having a valid GPS position of the tracked vehicle at all time.
Position can be retrieved using its own telemetry data or by external methods like ADSB, Flight
Radar, etc.
Based on the GPS position of the aircraft and the ground antenna, Azimuth and Elevation of the
antenna can be calculated easily.
Any antenna can be operated using this method with the advantage of price and simplicity.
However the simpler and lower budget comes at a cost, the antenna has to be very precisely
calibrated in order to perform well.

MISALIGNMENT EFFECT
Telemetry centers are already using C Band with Parabolic dish diameter from 1.5 to 2.4m.
Radiation pattern of that setup could be very similar to the one shown below.

Figure 2

Notice the narrow main beam of the radiation pattern in azimuth axis.
The 3db gain bandwidth is only ~1.6 (-0.8 to 0.8) deg wide. This imposes a big constraint in the
maximum admissible pointing error.
3

In order to understand how critical the pointing error is, just remember: 6db loss means half the
range.
ANTENNA CALIBRATION OVERVIEW
There are basically two calibration parameters associated to a Pan-Tilt Antenna.
 Horizontality of Pedestal Plane
 True North
1 CALIBRATION PARAMETERS OVERVIEW
1.1

Horizontality of Pedestal Plane

Horizontality of the antenna pedestal is mainly done the moment the antenna is installed by
physical means.
Basically the antenna base has to be as perfectly horizontal as possible in order to provide precise
elevation position at any azimuth.
Any offset in the base plane relative to the horizontal plane (perpendicular to gravity vector)
would translate in a variable elevation error depending on the azimuth position.

Figure 3

It can happen that, due to bad installation or aging, the antenna pedestal no longer is perfectly
horizontal. If it happens, it can be fixed with a physical calibration or with a much easier
Horizontal-plane offset software compensation.
Due to the difficulty of a physical calibration, effects of horizontality errors are often ignored
unless they are very noticeable.
1.2

True North

Azimuth offset calibration to align 0deg to true north is one of the most critical configurations of
a pan&tilt antenna.
Ensuring that true north orientation matches with 0deg software azimuth is critical.
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As we have seen previously, typical desired maximum error should not exceed 0.5deg
2 LEGACY CALIBRATION METHOD
In this section, it will be shown how a pan&tilt antenna is usually calibrated.
2.1

Horizontality of Pedestal Plane

It is calibrated at installation time by physical means and qualified personnel.
Antenna pedestal provides some kind of adjustment by using thin metal plates or any other
means.
Horizontality is measured using a precision digital level.
Operator has to follow a manual measure-correct method for each X/Y axis until pedestal is
completely horizontal.
2.2

True North

Antenna horizontal calibration must be done previous to true north calibration.
True north calibration is usually done by tracking sun position or by tracking a well-known
satellite.
The process needs to know the tracked item position.
Using a RF power meter, the antenna is pointed manually or automatically (if autotracking is
available) precisely to the item by maximizing the apparent input power in the analyzer.
Once the antenna is finely positioned, actual AZ and ELEVATION is obtained by knowing
antenna position and tracked item position.
This method requires good sun visibility for a first broad positioning and can only calibrate one
sector.
PROPOSED CALIBRATION METHOD
Airbus DS has developed a method to calibrate all the parameters of a pan&tilt antenna with a
single procedure.
The aim is to automatize and minimize manual work in order to limit errors and to bust
productivity.
The proposed calibration method is based upon one principle:

Compare the indicated AZ and ELEV from uncalibrated ACU to the calculated AZ/ELEV
by DGPS Baseline

The proposed method does not rely on external satellites or the sun and thus it is not exposed to
shortages or weather problems.
The calibration will be based on opensource software for DGPS postprocessing and cheap L1
GPS hardware.
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1

BENEFITS





2

High precision
One measurement – Two calibrations
Low cost
High availability

BOM (Bill Of Materials)

RF Generator + Omni Antenna (C Band)
An RF transmitter is needed in order to transmit a beacon signal from designated points around
the antenna site.
It has to be able to transmit in the used band with at least 100mW and a isotropic radiation
pattern.
C Band 100mW TX

Figure 4

Antenna C Band Isotrop

Figure 5

GPS L1 with Phase Recording
A GPS unit capable of phase observation recording is needed. It has been used a L1
GPS/GLONASS inexpensive unit with integrated Intel Edison processor.
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This module allows for a very small footprint with no need of additional equipment.

Figure 6

Spectrum Analyzer
Received power is measured with a spectrum analyzer in wattmeter or power channel meter
mode.

Figure 7

Analysis Software
Airbus DS has developed software for data analysis.
It allows inputting GPS observations at different locations along with its measured azimuth and
elevation. It will post process GPS observations to calculate precise DGPS positions of antenna
and rest of locations. Once the software has precise location it can calculate the baselines and
actual elevation and azimuth at those points.
The final output of the software is a correction horizontal plane and azimuth correction number.
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FUNDAMENTALS OF DGPS

DGPS (Differential GPS) is a method to calculate precise GPS receiver coordinates by applying
corrections from a nearby GPS receiver with well-known coordinates.
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Figure 8

Differential GPS is based on the fact that similar errors (ionosphere, etc) affect similarly to
receivers in the same zone. Errors are strongly correlated in gps.
This method needs two GPS receivers capable of gps phase measurement.
One receiver will be called BASE and will be placed in a known location. It will not move and
will provide correction to the other GPS receiver (called ROVER).
The ROVER receiver will be the one that actually measures the positions of the interest points.
In the correction process, called RTK, the RTK Software will compare the BASE
known/imposed position to the one calculated and will derive corrections to be applied to the
ROVER.
The correction process can be done in real time or offline in post-process.
RTK methods were usually only used with high-grade topography L1/L2 GPS receivers. Using
this high quality equipment allows a wide baseline distance of up to hundreds of kilometers and
very quick convergence times in the RTK Integer Ambiguity resolution.
Nowadays, with the increasing availability of satellites constellations, L1-only GPS receivers
obtain very good results for a number of applications.
L1-only GNSS
L1 GNSS Receivers have increased their popularity in the last years. They have increased the
number of tracked constellations (the more satellites available the better the solution can be)
allowing longer baselines and quicker times-to-fix.
More satellites and better RTK algorithms means that L1 GNSS receivers can be a good
alternative for many applications while maintaining a very low cost.
RTK Software
Opensource RTKLIB suite has been selected as the processing software.
It features:
 Real time and post-processing solution
 L1/L2/L5 Bands
8






4

Multiconstellation
Forward/Backward solution
Multiple Input file format
AR Engine tuned for L1-only receivers
Opensource SW. Improvements and changes possible.

COMPLETE PROCEDURE

The complete procedure has two main parts, the field data gathering and the office postprocessing.
It has been chosen RTK post-processing instead of real time as it is less complex in hardware
and provides more benefits like the combination of forward and backward solution.
Field data gathering
The parabolic antenna will be located precisely with the aid of DGPS location.
Four points around the antenna will be chosen to:
 transmit a beacon signal
 measure indicated AZ/ELEV by ACU
 Calculate actual AZ/ELEV in post-process.
The pattern for the field locations will be similar to next figure:
P1

R > 200m

P4

P2

P3

Figure 9

Radius shall be greater than the Far Field boundary.
For 5.150 Ghz and a 2.4m antenna, Far field begins at 198m.
The simplified procedure can be listed as follows:
A. Setup BASE in a known position and assign a fixed position LLA. Start recording
B. Setup ROVER. Start Recording.
C. At Antenna location.
o Trigger ROVER Event (to record time)
o Leave recording 5 minutes
D. At perimeter points
9

o
o
o
o

Trigger ROVER Event
Leave recording 5 minutes
Transmit beacon
Operate Antenna to attain maximum input power using Watt meter of Spectrum
Analizer.
o Annotate Indicated AZ/ELEV reported by ACU
E. Stop BASE and ROVER Recording
Office post-processing
Post-processing software will calculate precise locations for antenna and perimeter points.
Vectors from antenna to every perimeter point will provide the actual AZ/ELEV that the antenna
should have based on DGPS processed locations.
Based on this information, the software will calculate the offset plane and the true north azimuth
offset to be applied to the Antenna ACU.

CONCLUSIONS
The calibration method described in this paper allows for a very precise antenna calibration
while not relying in any external satellite.
It uses advanced DGPS techniques with custom tailored software to provide a quick and robust
calibration algorithm.
The proposed method provides a plane calibration on top of the usual azimuth north calibration.
Horizontal plane calibration increases the degree of pointing accuracy by adjusting the elevation
offset dynamically as the azimuth changes.
Methodology described in this paper can be evolved to create complete radiation patterns by
automatizing antenna movement with spectrum analyzer zerospan sweep.
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Cellular Range Telemetry (CRTM) concept
A “cellular” approach to RF coverage
• RF coverage is attained using three “sectors” of
coverage around a single site
• Each sector is driven by an antenna and Remote Radio
Head (RRH) with all RRHs at a site connected to a single
LTE baseband unit
• Sites are placed so as to provide continuous coverage
over the desired test space
• Each sector contains 1 or more LTE carriers (“cells” in
3GPP speak). The number of carriers within a sector
depends on the data throughput required within that
sector
• Typically all sectors contain the same number of
carriers, and each carrier can be thought of as part of a
single-frequency layer that extends across the system.
This allows the capacity of a single LTE carrier to be reused many times across the system
• An airborne test article is “handed over” as it passes
from one coverage area to the next and can also be
handed over from one frequency layer to another

Antenna approaches
• Antennas for terrestrial systems are designed for
optimal ground coverage from elevated towers
using antenna downtilt
• Vertical beamwidth typically narrow ~10∘
• Narrow vertical beamwidth allows larger azimuthal gain

• Antennas with greater vertical coverage required
for test range applications
• An antenna designed and deployed for the European
Aviation Network (EAN) operating at S-band frequencies
has increased vertical coverage when used in conjunction
with antenna uptilt
• For the CRTM project, a C-band version of that antenna is
being designed

• Shortcomings of the current approach
• Initial RF coverage simulations are optimistic for high
altitude coverage or for lower altitude coverage, but not
for both simultaneously.
• Antenna gain may limit the ability to reach high SINR (UL
throughput) over high percentage of the range
• Insufficient gain to support larger distances for interrange and over water coverage

Forward looking CRTM antenna ideas
• Additional antennas
• Add a second antenna / radio in each sector focused on
lower altitude coverage

High
Altitude
Coverage

• Creates a six sector site with increased capacity
• Configuration requires no new LTE capability

• Panel arrays with beamforming
• Allows the ground station to form a narrow beam
antenna pattern aimed at a user - reduces interference
from airborne transceivers on other test articles
• Wide antenna aperture allows wider range of altitude
coverage
• Focused beams provide higher gain
• Allow larger inter-cell distances (fewer sites required)
and/or provide higher average throughput over a larger
portion of a range
• Support inter-range coverage and possibly over-water
coverage

Lowering the required interference margin and
adding antenna gain should result in a significant
improvement in coverage area.

Low
Altitude
Coverage

Beamforming approaches
Assumptions
• No beamforming on the test article antenna
• Keep the implementation of the airborne transceiver
simple

• Fixed beam for the downlink transmit signal
• Airborne terminal needs a broad pattern to be able to
determine best serving cell to attach to

• Beamforming implemented on the uplink receive
signal at the ground station
Approaches
• One beam (test article) per frequency per sector
• Simplest approach implementation – beam formed
based on maximizing power received in the carrier
bandwidth
• Limits use of carrier to one test article per sector

• Multiple beams (test articles) per frequency per
sector
• Supports multiple test articles per carrier per sector
• Requires antenna element weights to be calculated
simultaneously per test article

Serving
cell

Target
Handover
cells

Beam steering implementations
Test
Article
1

Test
Article
2

Traditional
beamforming

• One beam (test article) per frequency per
sector

Test
Article
3

TA 1 PRB
Allocation

• Calculation of antenna element weights can be done
at antenna without signal decoding

TA 2 PRB
Allocation

Scheduling
Interval
(1msec)

• Simple integration with a standard 1Tx / 1 Rx LTE base
station configuration

• Multiple beams (test articles) per
frequency per sector

Test
Article
1

• Antenna element weights calculated for each test
article transmission in each scheduling interval
Beamforming +
massive MIMO

• Requires knowledge of PRB allocation and decode
parameters for each test article – allocations can
change every 1msec

Test
Article
2
Test
Article
3

• Application of Multi-user massive MIMO
• Test articles are assigned to groups based on spatial
separation

TA 3 PRB
Allocation

TA 1
Same
scheduling
Interval

TA 2

• Spectrum can be re-used between spatially diverse
groups within the same cell

TA 3
Same PRBs in
same cell

Comparison of antenna approaches
Dish Approach

• Mechanically steered parabolic dishes
• Re-use existing antenna installations

LTE
BBU

• Modify C-band feeds to support bi-directional LTE waveform

C-band
feed

LTE
RRH

• Tracking limited to one test article per antenna
Tracking
Rx

• No downlink MIMO capability (single transmit path)
• Extremely high gain / narrow beam

SST
Rx

• Fixed panel arrays with beam steering
• Azimuth arrangement of panels optimized for geographical
coverage area

Azimuth configurations

Altitude

• Panel vertical tilt allows full range of altitude coverage
• Multiple test articles per panel can be tracked

Cell 3
Cell 2

• Downlink MIMO possible
• Multi-user uplink MIMO possible

Cell 4

Cell 1

Cell 1
Cell 6

Cell 2

Cell 2
Cell 1

Cell 3

Cell 5

Cell 3
Cell 4

Massive MIMO for terrestrial LTE systems
Spectrum Efficiency improvement
• MU-MIMO
• 8/16 or more streams

Massive MIMO is the extension of traditional
MIMO technology to antenna arrays having a
large number (>>8) of controllable antennas
3D coverage

Transmission signals from the antennas are
adaptable by the physical layer via gain or phase
control

TDD can utilize reciprocal channel with Release 9
(TM8) devices. FDD uses Release 10 (TM9) or
Release 13/14 (TM10) devices for feedback.

• Separate UEs in both
horizontal and vertical

Better User Experience
• Reduce inter-cell interference
• Better UL performance

Capabilities of massive MIMO

Practical at high bands >1.7...3 GHz

Antenna size becomes smaller as operating frequency increases

Works better in TDD than in FDD

TDD can use reciprocal channel with Release 9 (TM8) devices since uplink
and downlink use the same frequency. In FDD, mMIMO UL capacity gain is
the same as in TDD. FDD provides excellent coverage as there is no time
based multiplexing. With slow adaptation and Rel10 (TM9) / Rel13/14
(TM10) UEs DL can work well as well
TDD Works with currently existing UEs

Creates a path to 5G

Beamforming is integral part of 5G from Day 1

Capacity & coverage solution

Beamforming is a capacity solution in LTE however can also improve
coverage

Active antenna

Beamforming requires use of active antennas. Integration of radio helps
increase efficiency and realize compact site solutions
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ABSTRACT
Homing and docking are two major components in the navigation of UAV’s and UUV’s. It
involves the estimation of the six-element displacement vector based on the received signals,
where three of the vector elements are associated with the translational displacement and the
other three are for the rotation vector.
The homing procedure is based on the estimation of the rotation vector with far-field
approximations. In the docking range, the displacement estimation becomes more sensitive and
critical. Far-field approximation-based algorithms are no longer effective, and high-precision
techniques become important and need to be developed.
In this paper, we examine and model the multi-dimensional displacement estimation for circular
arrays. It allows us to accurately assess the performance as well as the limitation of the
algorithms, with respect to various system parameters such as the size of the arrays, range
distance, transmitted waveforms, and signal processing algorithms.

INTRODUCTION
Remote sensing and guidance for Unmanned Autonomous Vehicles (UAVs) is a critical
component for the navigation and controls systems necessary for operation. In the research and
design of advanced controls systems for UAVs, its often assumed that high quality navigation, as
provided by the Global Position System (GPS), is available to deliver robust and accurate
positioning data. With accurate position information, control and robotics systems have
improved significantly and become completely automated without the need for manual guidance
or intervention. UAV systems will navigate over far distances along a set of way-points
autonomously and adapt to obstacles along the way. One task that remains difficult to automate,
however, is precision homing and docking of UAVs with its respective base station. In cases
where high quality position data is not available, such as GPS-denied environments, this task
becomes intractable. Further research is needed in remote tracking to support high-precision
navigation tasks like homing and docking [1-4].

Current solutions for remote navigation of UAVs include Inertial Measurement Units (IMUs)
and optical navigation systems, which have proved to be effective in many situations.
Commercial IMUs are available that can provide accuracy comparable to GPS tracking over
short time periods. Recent advances in Simultaneous Localization and Mapping (SLAM) camera
systems have also been successful in allowing UAV systems to navigate complex and obstacle
burdened scenes. However, without fiducial geo-spatial markers both systems tend to suffer
long-term error accumulation effects and limit the overall precision. For the homing and docking
task, where positioning of both the docking platform and the UAV is required to be known to
high accuracy, the accumulated position error can leave these solutions undesirable and, in some
cases, unusable. As a result, in this paper we propose a cooperative navigation and tracking
system, with circular acoustic transceiver arrays based on both the docking platform and UAV.
The motivations for this work stemmed from past efforts on designing automated navigation
procedures for Unmanned Underwater Vehicles (UUVs) [5,6]. The UUVs concept of operation
consisted of autonomously completing a surveillance mission, and upon returning to its home
base station, it required manual piloting to complete the more complicated docking procedure.
To conserve pilot time and communication bandwidth, it would be beneficial if the approach and
docking of the UUV with the home base was completely automated. A conceptual diagram of
this scenario can be seen in Fig. 1. The underwater environment imposes very low-power and
size constraints on any tracking system to be integrated with the UUV, as well as restricted the
use of optical and GPS tracking systems. To operate in these requirements, our proposed system
operates in the acoustic modality to implement the tracking system.

Figure 1. UUV homing and docking conceptual diagram
The homing-docking procedures in UUV navigation involve three key components. The first is
the estimation of the bearing angle in the far field for the homing process. The second
component is dynamic path planning for the optimal approach. As the UUV reaches the near
field, the docking procedure is then activated, as the third and final task. For this work, we will
review bearing angle estimation procedure with circular acoustic transceiver arrays and introduce
the sensing and tracking approach during the docking phase. Specifically, the tracking system
will focus on estimating the angular position of the UUV, which can be used by the controls
system to autonomously complete the task. A system overview will be presented in the following
sections, as well as mathematical analysis and numerical results to support these claims.

ACOUSTIC NAVIGATION SYSTEM
The navigation system proposed here is comprised of a dual acoustic transceiver array, where the
transmit array resides on the docking station and the receiver on the UUV. The transmit array
emits an active acoustic signal that the UUV can acquire and use to navigate safely back to the
docking station. The acoustic modality is chosen due to its propagation characteristics in water
and conventional availability in underwater sensor systems. Due to the unmanned nature of the
vehicle, it is critical that the navigation system be of low complexity and power.

Figure 2. Angular Rotations of UUV upon Approach
The control objective for the UUV is autonomous maneuvering into the base station from a far
distance and safe docking in a controlled manner. For this task, the UUV does not need to
determine its absolute geolocation, and instead only needs its relative position with respect to the
dock. Furthermore, the key position parameter to determine is its relative angular position,
which can be defined in terms of its yaw, pitch, and roll angles as 𝒑 = [𝜃, 𝜙, 𝜓] with respect to
the base station. This parameter can be seen in Fig. 2 and reducing the navigation task to
estimation of the angular position vector allows for implementation of an acoustic transceiver
system with minimal bandwidth requirements.
The two main design components of the acoustic transceiver system are the array geometry and
waveform design. The transmit and receive array geometries proposed here can be seen in Fig. 3.
The transmit array will be comprised of N acoustic transducer elements arranged in a circular
manner, and the receiver will also be designed as a circular array with an additional receive
element in the center. Circular arrays provide sufficient spatial coverage for the UUV to estimate
its angular position. The symmetrical properties of the arrays can also be exploited for
computationally efficient techniques for parameter estimation, which allows for a low
complexity design that will not overburden the UUV and impede operation.

Figure 3. N=8 element acoustic transmit array (a.) and receive array (b.)

The waveform design for the transmit array will be based exclusively on a Continuous-Wave
(CW), single frequency format. Due to the requirement for relative angular position, low
bandwidth CW signaling provides sufficient navigation information to the UUV for homing
while limiting the overall system complexity. The transmit and receive arrays will operate in full
quadrature, as a dynamic phased array with appropriate array factor weighting for parameter
estimation. The critical feature of operation here for transmission and receive signaling will be
the splitting of the task into two separate tasks: homing and docking operations. Both schemes
will utilize the same transceiver array, but with different signaling requirements as will be
discussed in the following sections.
HOMING OPERATION
The homing operation is the first stage of the navigation task, where the primary objective of the
sensor system is to estimate the relative bearing angle of the UUV with respect to the
transmitting homing station. The UUV’s receiver array must detect and record the transmitting
beacon signal, and from only this measurement estimate its relative bearing for full autonomous
navigation. From the bearing angle estimate, the yaw and pitch angles can be determined, and the
appropriate heading can be achieved by the controls system. It’s important the estimate be
computed in a real-time manner to ensure adequate response and navigation of the UUV.
The phased array transmission and receive design for the homing operation requires all
transmitter elements emit an acoustic CW signal with appropriate phase shifting, and the receiver
simultaneously records all transmit signals. For the homing stage, the receiver array only
requires activating the center receiver element. From the quadrature measurement at the center
receiver element, the superposition of all transmit signals is recorded and from the accumulated
phase difference between each signal the relative bearing angle can be determined. Optimal
estimation of the bearing angle parameter from phased-transmit arrays and single element
receiver elements has been investigated extensively in prior work [7,8]. Here we present a short
summary of the results, where in Fig. 3 the estimation accuracy vs. SNR is displayed.

Figure 4. (a) Bearing Angle Estimation Results and (b) Performance vs. SNR
The homing operation will continue until the UUV successfully aligns in bearing within
sufficient precision of the angle estimation procedure. Once the bearing is aligned, the docking
operation for the UUV will engage as explained in more detail in the next section.

DOCKING OPERATION
Upon successful homing, the UUV will be completely aligned in bearing and the docking
operation can begin. With the bearing angle successfully aligned in 𝜃, 𝜙, the only remaining
task is to estimate the roll angle offset of the UUV with respect to the docking station. Given the
array configurations this is equivalent to estimating relative roll angle offset of the circular
transmitter array with respect to the receiver array. Once the arrays are aligned the UUV can
dock with the base station to complete its mission.
The array signaling configuration for the docking mode is similar to the homing mode, however,
the receiver will implement a modified estimation procedure to compute its roll angle offset
relative to the transmit array. For this mode, all the transmit elements in the array will emit a
single frequency homing signal. The central receive element will actively record the beacon
signals, and in addition all the circular receiving elements will also actively measure the beacon
signals again in full quadrature with appropriate phased array weighting. From these multiple
measurements, the roll offset can be estimated using the mathematical model presented here.
Firstly, the base transmit signal to be emitted is the CW single frequency waveform, which can
be expressed mathematically as:
𝑠(𝑡) = ex p(2 𝜋 𝑓0 𝑡)
Each nth transmit element will phase shift this signal by its corresponding angular position of its
array geometry, and emit a CW signal of the form
𝑛
𝑠𝑛 (𝑡) = ex p(2 𝜋 𝑓0 𝑡) exp (𝑗 2 𝜋 )
𝑁
and each mth receiver will measure a delayed superposition of all transmit signals as
𝑁

𝑛
𝑟𝑚 (𝑡) = ( ∑ 𝑠𝑛 (𝑡 − 𝑡𝑛𝑚 ) exp (𝑗 2 𝜋 ))
𝑁
𝑛=1

where 𝑡𝑛𝑚 and 𝑑𝑛𝑚 are the propagation delay and propagation distance from the nth transmitter
to the mth receiver. This delay information will provide the critical measurement for estimation
of the roll angle 𝜓.
For two circular transceivers arrays each with a radius R and separated in range by a distance D,
it can be shown that the propagation distance between the nth transmitter and the mth receiver
will be expressed in terms of the roll offset as
1

𝑑𝑛𝑚 = 𝑡𝑛𝑚

2
2𝜋
⋅ 𝑐𝑝 = [ 2 𝑅 2 (1 − 𝑐𝑜𝑠 (𝜓 + (𝑛 + 𝑚 − 2)
)) + 𝐷2 ] 𝑓𝑜𝑟 𝑛 ≠ 0
𝑁

It is important to note that n=0 corresponds to the center receiver element in the array, which
can not acquire any roll offset information.

From the receive signals, a new intermediary signal can be defined as the sum of each receiver
signal weighted by the conjugate of their angular position in complex form. For example, the
n=1 and m=1 transmitter and receiver elements have an angular position of 0 degrees. The
weighted sum can then be demodulated by the received signal from the center element to
properly account for the mean propagation distance. This intermediary signal is then defined as
𝑁

𝜌(𝑡) = ( ∑ 𝑟𝑚 (𝑡) exp (−𝑗
𝑚=1
𝑁

𝑁

𝑚=1
𝑁

𝑛=1

2𝜋
𝑚) ) ⋅ 𝑟0∗ (𝑡)
𝑁

𝑛
2𝜋
= ( ∑ (∑ 𝑠𝑛 (𝑡 − 𝑡𝑛𝑚 ) exp (𝑗 2 𝜋 )) exp (−𝑗
𝑚) ) ⋅ 𝑟0∗ (𝑡)
𝑁
𝑁
≈

1
2𝜋
2𝜋
∑ exp ( 𝑗 𝛽 𝑐𝑜𝑠 ( 𝜓 + 𝑛
)) exp (𝑗 𝑛
)
𝑁
𝑁
𝑁
𝑛=1

The approximation is valid at distances greater than the wavelength of the propagation signal,
which would be the case for most realistic scenarios. It can be seen that the roll offset is entirely
present in the phase component of the demodulated signal scaled by a constant phase factor 𝛽
which depends on the temporal frequency and propagation distance. This parameter will be
normalized by calculating the phase argument of the summed signal, and the final roll parameter
estimate can be computed as
𝜓̂(𝑡) ≈ arg{ 𝜌(𝑡) }
The estimate over time can then be fed into the controls system until the roll alignment is
achieved with sufficient precision.
A numerical simulation for the algorithm was performed to validate the approximation used in
the estimation procedure. The physical parameters for the simulation were set to have a
transceiver array radius of R=1m, N=8 elements, at a distance of D=25m, and a CW frequency
of f0 =150Hz in an underwater ocean environment. The roll estimate vs. actual roll position can
be seen plotted in Fig. 4, where the estimate visibly tracks the actual roll position very closely
with a small bias offset of approximately 5 degrees. This bias offset can be attributable to the
approximation error in the estimation procedure but can potentially be calibrated out in a
deployed system. Overall, the roll angle estimation tracking shows strong promise as an efficient
navigation system for automated docking procedures for UUVs.

Figure 5. Roll Angle Offset Estimation Results

CONCLUSIONS
This paper presents an overview of an acoustic navigation system for UUV homing and docking
tasks. The navigation problem was reduced to the estimation of the bearing and roll angle offsets
of the UUV with respect to the docking station, and a computational efficient estimation
procedure was presented as a solution. The solution showed strong accuracy in both bearing and
roll estimation to be a tractable system for navigation and was implemented with the goal of low
complexity to reduce size and power requirements of the UUV. Analysis and numerical
simulations were presented supporting the accuracy of the methods as well. Future work, will
involve system operation of the design parameters here, and integration of the navigation and
controls systems for full-system analysis.
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Abstract
The coaxial waveguide antenna exhibits efficient multi-band operation in both tracking and nontracking applications.
Radiation from coaxial waveguide operating in the TE 1,1 mode produces an on-axis pattern
similar to that of open-ended circular waveguide.
A second mode, the TE2,1 mode, produces a difference pattern similar to that of a four arm spiral.
An inner waveguide cavity operating in the TE 1,1 mode and a concentric outer waveguide cavity
simultaneously operating in the TE2,1 mode provides this antenna the ability to operate as a
tracking feed.
It is the intent of this paper to show how the coaxial waveguide antenna is ideally suited to meet
many of today's antenna system requirements.

Background
Coaxial waveguide was analyzed and described in the M.I.T. Radiation Laboratory Waveguide
Handbook, Vol. 10, published in 1950; however, subsequent to this publication, use of coaxial
waveguide as an antenna has not been common. One of its earliest uses was in the design of a
dual band radar system deployed at White Sands Missile Range in 1963. This was an extremely
high power, VHF/UHF radar used for radar signature studies of ballistic missile warheads (see
Figure 1).

Figure 1. VHF/UHF Radar System

1

In 1967, coaxial waveguide operating in the TE1,1 and TE2,1 modes was shown to produce
patterns required by a dual mode tracking feed. This concept was studied for use in an
SCM(Single Channel Monopulse) tracking system and a dual band prototype (Figure 2) was
built and tested .
It was recognized that this new approach was far superior to the feed systems then being used
and showed that a parabolic reflector with a multi-band feed could perform the work of several
reflectors using single band feeds without sacrificing performance.

Figure 2. LS Band SCM Tracking Feed
A mobile tri-band SATCOM system, using a coaxial waveguide feed (Figure 3), was developed
for the Army on an SBIR contract in 1999. The design was voted the program's Best Technical
Innovation for that year.

Figure 3. Tri-band SATCOM Antenna
Antennas of this type were subsequently manufactured and deployed in both commercial and
military SATCOM systems. Examples are shown below:

Large Tri-band SATCOM
Ground Station

Tri-band Programmed
Track Antenna

Transportable Tri-band
SATCOM Antenna

2

A tri-band SCM tracking system (Figure 4) was recently developed and is operational at several
tracking sites. This antenna covers all designated telemetry frequency bands and provides the
operational capability of three separate single band systems.

Figure 4. Tri-band Telemetry Tracking Antenna

Principle of Operation
The field distribution of the TE1,1 mode in coaxial waveguide is shown in Figure 5.

2a

2b

Figure 5. Electric Field Associated with TE1,1 Mode in Coaxial Waveguide
Propagation can occur when the mean circumference is greater than one wavelength. The cutoff
wavelength is therefore given by the formula:
co = (a+b)
An open-ended waveguide of this type radiating into space produces an on-axis (SUM) pattern
as shown in Figure 6. An orthogonal TE1,1 mode (see Figure 7) can be simultaneously excited in
the waveguide to produce either dual linear or dual circular polarization. A beamformer network
for producing a dual circularly polarized SUM pattern is shown in Figure 8.
3

Figure 6. TE1 1 Pattern Produced by
Open-ended Coaxial Waveguide

Figure 7. Cross-polarized TE 1,1 Fields
in Coaxial Waveguide

LCP
RCP

Legend
:

90º Hybrid

180º Hybrid

Figure 8. Beamformer for Producing Dual Circular Polarization
The field distribution of the TE2,1 mode in coaxial waveguide is shown in Figure 9.

2a
2a

2b
2b

Figure 9. Electric Field Associated with TE2,1 Mode in Coaxial Waveguide
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Propagation can occur when the mean circumference is greater than two wavelengths. The cutoff
wavelength for this mode is therefore given by the formula:
co = (a+b)/2
An open-ended waveguide of this type produces a null (DIFFERENCE) pattern as shown in
Figure 10. A second TE2,1 mode, rotated 45º, as shown in Figure 11, can be simultaneously
excited in the waveguide to produce a dual circularly polarized DIFFERENCE pattern. An eight
port beamformer to produce these modes is shown in Figure 12.

Figure 10. Difference (mode TE2,1) Pattern

Figure 11. Dual TE 2,1 Modes excited in Coaxial Waveguide
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Legend:
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Figure 12. TE2,1 Mode Beamformer
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A Non-Tracking Multi-Band Feed Design Example
The following describes a dual circularly polarized coaxial waveguide feed which can operate
over the following frequencies:
L-Band: 1.000 to 1.750 GHz
S-Band: 2.050 to 2.500 GHz and
X-Band: 7.800 to 9.000 GHz
This design can be implemented with three concentric coaxial waveguide cavities arranged as
shown in Figure 13.
L-band
S-band
C-band

Figure 13. Waveguide Configuration for Tri-band Non-Tracking Feed
The two outer waveguide cavities are fed with four finline transitions as shown in Figure 14.

Figure 14. Coaxial Waveguide to Coaxial Transmission Line Transitions
These cavities operate in both left and right circular polarization using a four port beamformer
as shown previously in Figure 8. The inner waveguide cavity is fed with an OEM septum
polarizer.
HFSS (High Frequency Structure Simulator) software was used to design the feed shown in
Figure 15.
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Figure 15. Tri-Band Non-Tracking Feed
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X-Band

An SCM/Monopulse Tracking Feed Design Example
The following describes a dual circularly polarized coaxial waveguide tracking feed which can
operate over the following frequencies:
L-Band: 1.435 to 1.540 GHz and 1.755 to 1.850 GHz
S-Band: 2.200 to 2.400 GHz
C-Band: 4.400 to 5.150 GHz
This design is implemented with four concentric coaxial waveguide cavities arranged as shown
in Figure 16.

L-Band DIFFERENCE
L-Band SUM / S-band DIFFERENCE
S-Band SUM / C-band DIFFERENCE
C-Band SUM

Figure 16. Waveguide Configuration for Tri-band Tracking Feed
The three outer waveguide cavities are fed with eight finline transitions as shown in Figure 17.

Figure 17. Coaxial Waveguide to Coaxial Transmission Line Transitions
As seen in Figure 16, two of the waveguide cavities operate simultaneously in both SUM and
DIFFERENCE modes. They are fed using the beamformer shown in Figure 18.
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Figure 18. Eight Port SUM/DIFFERENCE Beamformer
The central cavity (C-Band SUM) is fed with an OEM ortho-mode septum polarizer.
HFSS (High Frequency Structure Simulator) software was used to design the feed shown in
Figure 19.

Front

Back
Figure 19. Tri-Band Telemetry Tracking Feed
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Conclusion
This paper describes how the coaxial waveguide antenna satisfies the requirements of both
non-tracking and tracking feeds with near text book perfect results. Several designs of this type
have been fielded and the performance predicted by HFSS simulation has been repeatedly
confirmed by testing.
Other advantages of this type of feed is that it can operate in all bands simultaneously, it is
polarization diverse. and can generally be designed as a plug-and-play replacement for existing
SCM and conical scan tracking feeds.
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COMMON DATA PROCESSING APPLICATIONS ACROSS
DECOMMUTATION VENDORS
By William Bauer and Phillip Mann
Raytheon Missile Systems
May 6, 2018
ABSTRACT
Traditional Decom Systems usually require vendor specific data descriptions and provide vendor
specific processing capabilities. Using a Software Decom allows the Decom hardware to be
setup with a minimal configuration. The added capability of a UDP Multicast over Ethernet for
the framed decommutated data allows for common Applications to perform the heavy lifting of
Archiving, Real Time Display, and Distributed Processing. Any PC listening on the Local Area
Network can access the telemetry data in real-time. This allows common real-time displays,
archival tools and data forwarding applications to all run simultaneously.
Keywords: Telemetry, Decom Systems, Software Decom, UDP Multicast, Real-Time Tools

INTRODUCTION
Many organizations pick their “go to” vendor for decommutation and processing of their
telemetry data. An inherent problem with using a specific vendor’s hardware requires the
organization to use that specific vendor’s data descriptions and processing capabilities. For
instance, Vendor A may use a Graphic User Interface (GUI) to define each telemetry data
parameter. Vendor B may use a scripting language to define each telemetry data parameter.
Vendor C might use yet another method for programming their proprietary Decom. The end
result can amount to several hundreds of man hours spent inputting each specific telemetry data
parameter into a Decom database. The organization must gather up all the documents defining
the telemetry data definitions before a database can be created. Sometimes all the telemetry data
definitions can be found in one document. In other cases, the telemetry data definitions can be
spread over several different documents. Sometimes the embedded Software organization
creates a Master Measurement File (MMF) containing all the telemetry data parameters.
However, the MMF does not automatically jump itself into the Decom’s database. A custom
converter must be created to convert the MMF into a file that can be imported into a specific
Vendor’s Decom format. A second converter may be necessary to import the MMF into a
competing Vendor’s Decom format. Once the database is completed, it works for a while and
gets the job done. At least until the embedded Software organization decides to update the
telemetry data parameters and telemetry frame layout. Once the telemetry data parameters and
layout change, the current database must be updated to reflect the new changes. More man hours
will be spent updating the old database to make the necessary changes. Additionally, a telemetry
format that uses Packetized data requires even more effort to create a database to decommutate
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the Packet telemetry data. When it comes to creating a real-time display, the organization is
constrained to using Vendor A’s, Vendor B’s or Vendor C’s real-time tools. Vendor A may use
a GUI for creating real-time displays and Vendor B may use a text based scripting language for a
creating real-time displays. Hence the idea of using a Software Decom was developed and
implemented by Raytheon. A Software Decom allows for a faster method to decommutate
telemetry data parameters, create real-time displays and distribute the decommutated telemetry
data to other common Applications.

SOFTWARE DECOM
A Software Decom assumes that a frame description has been defined and a data dictionary has
been created and is available for use. Most embedded Software organizations generate a data
dictionary as an output when the new embedded Software is compiled. Usually, there is a data
dictionary for the Analog data parameters and a dictionary for the Packetized data parameters.
The Software Decom reads in the telemetry frame description and various dictionaries (i.e.
Analog and Packet). The Software Decom can filter for a specific telemetry data parameter list
or can just process the full set of telemetry data parameters. A Software Decom is reliant on a
means to receive the full telemetry data set. A User Datagram Protocol (UDP) Multicast where
the full frame telemetry data is broadcast over Ethernet can achieve this [1]. The Software
Decom can be a separate Server and Client scheme or a combined Server and Client. For data
Archiving a combined Server and Client scheme is used. The combined Server and Client
running as a Local Host can reside on the same host PC as the vendor’s Decom software. This
architecture works great for the archiving tool. Otherwise, separate instances of the Server and
Client can be executed. This architecture works best if there are multiple users on the network
each running different real-time tools. A single Server can support many Clients. For instance,
User 1 can be watching Range Safety information while User 2 can be watching Launch
Progress events as the test is happening in real-time. Figure 1 shows a representation of a
solution using a combined Server/Client and a solution using separate Server and Client
architectures.
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Figure 1: Software Decom Architecture Diagram
A typical flight test event where a military missile is flown can employ some form of telemetry
data encryption. The current Government encryption environment is allowing companies to
develop their own scheme of encryption. A popular method of encryption is AES encryption
which relies on public domain algorithms. A Software Decom can embed these algorithms
within and be an efficient method for decryption of the telemetry data without the need for
Government furnished equipment. To deploy a Software Decom, there is an assumption that the
Decom vendor has developed a means to allow the full frame telemetry data to be distributed
over Ethernet via UDP Multicast. Most vendors will work with their Customer when it comes to
developing the UDP Multicast processing algorithm.

HARDWARE DECOM
A Hardware Decom only requires a simple database definition when employing a Software
Decom. This is a side benefit which allows the Hardware Decom to be configured for a single
minor frame per major frame and invoking the UDP Multicast processing algorithm.
Implementing a UDP Multicast form of data distribution is needed when you have a lots of
information that is transmitted to various hosts over a network. UDP Multicast is much like
radio in the sense that only those who have tuned their receivers to the broadcast channel can
receive the information. UDP Multicast is “fire and forget”. If you aren't listening, then you will
miss the data. By its nature, UDP Multicast is considered “best effort” which means it is not
reliable. Messages may be lost or delivered out of order. However, if the network is
“controlled”, then the UDP delivery is very reliable. Ways to control the network are to carve
out a Virtual Local Area Network (VLAN) dedicated to UDP traffic only or limiting the
congestion on the network. Common uses for this style of architecture are in places where data
is updating very quickly and each message sent has a very short lifespan. One implementation of
the UDP Multicast algorithm adds an IRIG time stamp along with the full framed telemetry data.
The IRIG time stamp can be a millisecond or microsecond timestamp. The IRIG time stamp
allows the data Analyst the ability to align multiple sources of telemetry data when creating a
3

merged archive telemetry data file. In this case the IRIG timestamp is added between the Frame
Sync Pattern and the Subframe ID (SFID). See Figure 2.

Figure 2: Hardware Decom Structure
Once the minor frame format is defined, the next consideration is the UDP buffer size. The
buffer size depends upon the telemetry data rate. For example a 10 Mbps data rate might use a
buffer size of 32768 bytes. A 2.5 Mbps data rate might use a buffer size of 8192 bytes. The goal
is to have the UDP algorithm output buffers fast/slow enough to allow the Server to catch all the
data without data loss. This is mostly dependent on the PC specifications running the Server and
whether the Server needs to further process the data such as in the case of data decryption. Some
vendors have added Header bytes at the beginning of each buffer of data. This Header needs to
be accounted for when extracting out minor frames of telemetry data. Also, each buffer of data
can start or stop on an uneven boundary of telemetry data. Once the specified buffer size (i.e.
32768 bytes) is reached, that buffer is then output over Ethernet. Figure 3 shows a structure
representation of typical UDP Multicast buffers versus time.

Figure 3: Typical UDP Multicast Buffer Structure
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The Server must concatenate multiple buffers before racking and stacking minor frames. Figure
4 shows an example of where one buffer ends and a second buffer begins. The boundary is
random. The Server must be able to account for these random boundaries.

Figure 4: Hardware Decom Structure

ARCHITECTURE
IRIG 106 Chapter 10 defines a way for PCM recorders to output telemetry data via a UDP
Multicast or Publish the telemetry data that they are recording [2]. However, this Published
telemetry data employs a Packetized format for the data. The UDP Multicast data employed here
is much simpler and resembles a fixed frame format. Once multiple vendors have implemented
the full frame data and IRIG time buffer structure, then the Software Decom and common
Applications that perform the Archiving, Real Time Display, and Distributed Processing can be
reused across multiple programs. This scheme saves development time (man hours) and reduces
costs for developing applications. Figure 5 shows the UDP Multicast distributed architecture.
Multiple PCs on the network can access the UDP data buffers. Individual Servers can be
allocated for supporting real-time launch processes events, range safety parameters and “bird’s
eye view” or situational Visualization or VIS display. Multiple Hardware Decoms can reside on
the same network as long as each UDP Multicast algorithm transmits on different UDP Multicast
Ports.
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Figure 5: UDP Multicast Distributed Architecture

CONCLUSION
This paper has described a method of using a Software Decom in conjunction with a UDP
Multicast data distribution which allows common Applications to perform the heavy lifting of
Archiving, Real-time Display, and distributed processing. The Decom hardware can be setup
with a minimal configuration. Any PC device on the network can access in real-time all of the
full framed telemetry data. Multiple hardware Decoms can reside on the same network and
transmit data using different Ports.
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ABSTRACT
In recent years, the Python language and its associated scientific libraries have been enjoying
increasing acceptance. Scientific Python’s ability to replace MATLAB® for many disciplines
makes its consideration as an alternative imperative. Python is popular in the engineering
academic arena; many entry-level Engineers have experience coding engineering tools in
Python already due to its open-source nature and status as a low-cost, low-risk alternative to
MATLAB.
The IADS Development Group (IDG) has been working on uses of Python and ways to allow
users to write Python code from within IADS to help streamline their data processing efforts.
This paper will document the progress made since 2015. Experience gained with some of the
available Python libraries will be shared, and various tools that have been developed in Python
by IADS programmers for their users will be introduced and described in detail. An attempt will
also be made to assess the acceptance of Python in the Flight Test community.
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INTRODUCTION
In “Can We Migrate Our Analysis Routines to Python?”1, the “Conclusions and Future
Directions” section attempted to predict where the IADS developers would go with this capable
new scientific computing toolset. This paper will begin by comparing what the IDG actually did
with what was predicted in the previous paper. New discoveries and difficulties have widened
the scope of the work that is being done. Excerpts from “Migrate” follow along with comparisons:
1. “we can and should migrate our MATLAB test and analysis routines to Python” – all
internal routines used to test/verify IADS core signal processing capabilities have indeed
been translated into Python scripts. In addition, two filter design applications have been
created in Python as user aids for verification of their filtering specifications. Work is in
progress to develop new analysis routines that would have been difficult to incorporate
into IADS’ core code.
2. “All analysis routines in the core code of IADS can easily be translated to Python for
development of application-specific tools” – this one can be interpreted as a prediction of
future development (and has). Algorithms like the Logarithmic Decrement which do not
have a direct SciPy (a Python Library) function call can easily be written in Python as the
need arises. Other routines like the PSD and the FRF already exist in SciPy.
Due to the growing acceptance of Scientific Python, statements like “WAIT! Let me make sure I
still have a valid Signal Processing Toolkit license file!” and “I could run that example if I had the
Statistics Toolbox. Let me contact IT. It may take a little while before I’m up and running.” are
being heard less and less often.
The Anaconda Distribution was mentioned in the paper in passing because at the time, a few
other Scientific Python packages were getting equal mention. Since that paper, it is worth noting
that industry acceptance of the Anaconda Python Distribution for Data Science has been better
than anticipated by the author. Another installation package known as Enthought Canopy is
used at Edwards Air Force Base and advertises a Python Integration Kit for LabVIEW ®.
MATLAB has stepped up in their 2017 Release as well; a good set of modal analysis functions
are now available in the Signal Processing Toolbox.
The IDG is working steadily on bringing increasing user access to Python as a way of
interfacing with IADS. There is an existing IADS library equivalent to the iadsread DLL that is
used to interface with MATLAB in realtime. This allows users to send data to Python for nearrealtime analysis. IIR and FIR filter design tools now exist to assist users with the design and
understanding of discrete filtering in IADS. An IDE has also been developed called PyADS that
reflects debugging capabilities that the IDG felt were desirable or necessary. These capabilities
were not present or were not as seamless as they could have been in Spyder. Research also
progresses in System Identification and Modal Analysis tools that would have been difficult
without uninterrupted access to a scientific programming tool.
A discussion of these efforts follows in this paper.
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MAIN BODY
PYTHON-SPECIFIC DISCOVERIES
Different Versions of Python
At the time of the previous presentation, the IADS Development Group felt it necessary to
develop and support Python versions 2.X and 3.X in parallel for the following reasons (from
https://wiki.python.org/moin/Python2orPython3):
Firstly, if you are deploying to an environment you don't control, that may require use of
a specific version, rather than allowing you a free selection from the available versions.
Secondly, if you want to use a specific third-party package or utility that doesn't yet have
a released version that is compatible with Python 3, and porting that package is a nontrivial task, you may choose to use Python 2 in order to retain access to that package.
Since that time, all development in the IDG has been using Python 3 and installations of
Anaconda that support Python 2 are being upgraded to Python 3. Provisions in scripts to handle
both versions are also going away because they just aren’t necessary.
The TKinter Python Library
MatPlotLib is effective for the display of data and results of analysis in the proof-of-concept
stage of Python tool development, and it possesses event handling and picking capabilities, but
TKinter is Python’s standard GUI package and is more commonly used. It is a thin objectoriented layer on top of Tcl/Tk (http://www.tcl.tk/). The IDG typically uses MatPlotLib for rapid
prototyping and has become familiar enough with TKinter to develop distributable widgets for
IADS users. The proliferation of help and examples on the internet for both of these Python
libraries makes for a rather moderate learning curve. For details, please see
https://docs.python.org/3/library/tk.html. The TKinter library was used extensively in the
development of the IADS FIR and IIR Filter Designers.
The Pillow/MatPlotLib Reinstallation Sequence
The Anaconda Distribution is fairly comprehensive, but the IDG did run into a small difficulty with
library installation order. The two filter designer tools presented below use a Python library
called mpldatacursor. In order for everything to function properly in the GUI, after the Anaconda
Installation is complete, the user must uninstall matplotlib and pillow and then install pillow,
matplotlib and mpldatacursor (in that order). In comparison to the drudgery of manually installing
Python libraries in the past, this extra step is tolerable. Perhaps the Continuum Analytics®
installation package has already corrected this matter.
FILTER TOOLS
The Cascaded Integrator-Comb (CIC) Filter Compensator
A user came to the IDG with a need to use a FIR filter in IADS to compensate for a CIC filter
operation carried out upstream of the Ground Station. A CIC filter has some efficiency
advantages and can be useful in a hardware set with limited computational resources
(https://en.wikipedia.org/wiki/Cascaded_integrator%E2%80%93comb_filter), but in order to
flatten the response curve back out on the ground, a compensating FIR filter is required. Details
regarding the compensating filter can be obtained by following this link:
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https://dsp.stackexchange.com/questions/160/fir-filter-compensator-when-using-a-cicdecimation-filter.
This user provided the required FIR filter coefficients with the request, so the IDG had to figure
out how to implement the filter. The FIR filter needed too many taps (coefficient/delay pairs) to
implement directly in the IADS Derived Equation Engine, so the IDG seized this opportunity to
create a general-purpose FIR Filter COM DLL that could be useful to any user that desired a
FIR filter in IADS. The specific function call is “FilterFuncs.WindowFIR( inputParameter,
filterDataPathAndFileName )”, and the implementation is a simple ring-buffer Direct Form FIR
similar to the diagram in Figure 1.

Figure 1 – Direct Form FIR Filter Implementation
It was not possible to obtain filtered flight data from the user to test the CIC-Compensator, so
the DLL was tested using window-based FIR filters generated with the MATLAB Filter Design
Tool and the FRP in IADS. After thorough testing, the DLL was delivered to the user and it is
assumed that the FIR compensator worked as intended. The “Direct Form” structure was
implemented in this library for simplicity; other FIR filter structures can be added to this DLL
should the need arise and it is available to all users as part of the IADS installation.
The IADS FIR Filter Designer
Once the DLL mentioned above was working, it was realized that essentially any FIR filter could
be used in IADS without disturbing the core IIR filtering code; a distributable tool that could
conveniently generate FIR filter coefficients could improve IADS’ signal processing capabilities.
As FIR filters had been requested in the past by users due to their linear phase response and
simplicity, the IDG went forward with the development process. The IDG coded a prototype filter
tool GUI written in Python that was designed to look and operate like the legacy IADS IIR Filter
Designer (written in VB). This tool is no longer part of the IADS distribution due to its
dependence on obsolete libraries.

Figure 2 – Original IADS Filter Designer
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The old tool, shown in Figure 2, was designed to help users set up their IIR Filters in IADS. As
use of Windows XP waned, the tool was eventually taken out of the install package. Filter type
(Butterworth, Elliptic), Pass Type (Low, High and Band Pass), Filter Order (1-8), Ripple (Elliptic
Filters only) and Filter Frequencies are required as input from the user.
Once the basic GUI layout was in place, the author reviewed the FIR filter options provided by
the MATLAB Filter Designer, and it was decided that only Window-based FIR filters would be
supported in the initial design of the tool. Accommodating 15 different window types and their
associated input requirements was an appreciable effort, but this type of filter demands little
effort on the user’s part. Because filter impulse response had been a common topic for
discussion with users, an Impulse/Step Response Plot was added. A method to export filter
coefficients to a file (so the COM DLL could read them) was implemented as well (the main
reason the tool exists).
Additional capabilities added beyond the legacy tool include the ability to annotate on the data,
the ability to display multiple filter responses and the ability to zoom in on the data using a
mouse. These complex user interactions would have been difficult to achieve using MatPlotLib,
so the developers became familiar enough with the TKinter Python Library to make it work.
Many of the widgets that were used from VB are available in TKinter, and interrupt handling is
reasonably easy to understand. The data graphs are MatPlotLib Objects. Screenshots of typical
filter designs are shown in Figure 3.

Figure 3 – IADS FIR Filter Designer with Annotations (left) and Multiple Responses (right)
User inputs that are required for all FIR filters are Sample Rate, Order (number of taps), Pass
Type (Low/High/Band Pass and Band Stop), Window Type (Bartlett, Bartlett-Hanning,
Blackman, Blackman-Harris, Bohman, Boxcar, Chebyshev, Flat Top, General Gaussian,
Hamming, Hanning, Kaiser-Bessel, Nuttall, Parzen and Triangular) and Filter Frequencies. The
Chebyshev, General Gaussian and Kaiser-Bessel Windows require additional input parameters,
but they all have default values in place.
Testing of the tool consisted of comparison of several filter designs with results obtained from
the MATLAB Filter Designer. Once confidence in the tool’s accuracy was obtained, the IDG
generated filter coefficients, exported them to files, and then derived parameters were created in
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IADS using the FIR filter COM DLL. FRPs in IADS were compared closely with frequency
responses from the tool to confirm the efficacy of these new tools.
The IADS IIR Filter Designer
Once the IADS FIR Filter Designer was complete enough to distribute, it made sense to create
a matching IADS IIR Filter Designer to replace the lost functionality of the IADS Filter Designer.
FIR filter mathematics were replaced by IIR mathematics, and the tool was modified to
accommodate slightly different user inputs. All functionality of the old tool was included, and
support for the Band Stop filter pass type and the Bessel filter type were added to reflect
upgrades in IADS. A screenshot of this tool is shown in Figure 4.
The algorithms that computed the filter’s responses came from Python’s scipy.signal library
rather than the math in IADS, so the output of the tool had to be tested against FRPs of filters in
IADS. The Bessel and Butterworth algorithms in SciPy use the same inputs as the algorithms in
IADS, but the Elliptic filter in SciPy requires order, passband ripple, stop band attenuation and
pass band frequencies. Some fairly extensive research and mathematics were required to
“feed” scipy.signal.ellip() the same input as IADS requires.

Figure 4 – IADS IIR Filter Designer
User inputs that are required for all IIR filters are Sample Rate, Order, Pass Type
(Low/High/Band Pass and Band Stop), Filter Type (Bessel, Butterworth and Elliptic) and Filter
Frequencies. The Elliptic Filter requires a Ripple (passband only) input.
Testing of the tool consisted of comparison of several filter designs with results obtained from
FRPs in IADS. Due to the complicated nature of the cascade implementation in IADS, the ability
to export filter coefficient arrays was not developed for this tool, but the capability could be
developed in the future by the IADS Development IDG or even IADS users that are familiar with
Python. Some instability in elliptic filter calculations was noticed for filter orders beyond 8 and
the IDG attributed this instability to the direct implementation of the filter coefficients. It is
believed that a cascade configuration like the one in IADS may provide stability should anyone
wish to extend the filter order beyond 8.
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MODAL ANALYSIS AND SYSTEM IDENTIFICATION TOOLS
Mode Indicator Function Prototype
Various methods exist to calculate a Mode Indicator Function2,3. One very simple method was
found by the author while researching the subject online. It states that the values of the array
created by dividing the real part of the FRF by the magnitude of the FRF cross zero on a
negative slope in the vicinity of a mode. This operation can be carried out on a single FRF
(which can be exported readily from an IADS FRP) and perhaps provide some aid in the
identification of modal parameters. A few hours coding in Python produced the MIF widget
shown in Figure 5. On the left, the tool identifies all four modes in the FRF due to their good
separation. On the right, the two highest frequency modes are too close together for the simple
algorithm to identify the (visually obvious) mode at ~125 Hz.

Figure 5 – IADS Mode Indicator Results
Stability Diagram Prototype
The IADS Development Group has been experimenting with Stability Diagrams for some time.
Natural frequencies of a frequency response are estimated using some sort of a curve fit with
increasing model orders and stability is judged based on the occurrence of a modal frequency
and/or damping that is within a tolerance of those modal parameters from a previous model
order. This tool analyzes a single FRF which is read directly from an IADS FRP data export and
uses a Rational Fraction Polynomial curve fit. Maximum Model Order, Frequency Range,
Frequency Tolerance and Damping Tolerance are hard-coded in the scripts at this time.

Figure 6 – IADS Stability Diagram Results
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Figure 6 confirms the results obtained by the MIF shown in Figure 5 and also correctly identifies
the mode at ~125 Hz that the MIF failed to identify. Future developments of this tool will add the
ability to interact with the plot to set parameters like Maximum Model Order and also some
graphic method of indicating a confirmed pole so that this analysis can be used as a basis for
mode shape calculations.

PyADS – A Python IDE
After some use of the Spyder IDE, a few things seemed to be inconvenient or missing when
comparing debugging capabilities with MATLAB and Microsoft Development Studio®. There is
no variable watch window for variables (the Variable Explorer forces a user to scroll through all
in-scope variables every time a breakpoint is hit), and hovering over variables on a break does
not produce any indication of the variable’s value. The IDG was developing an in-house Python
IDE anyway, so these two weaknesses were addressed in the design.
PyADS has been designed to provide a familiar and intuitive development interface for quick
and efficient debugging of Python code. One of the ways efficiency is achieved is by utilizing the
Python C API to hook directly into the Python engine for code execution. Other features include:
1. Tabbed interface for editing of multiple files at once
2. Syntax highlighting
3. Intelligent code completion - autocomplete popups that provide function arguments,
object variable names, etc.
4. Graphical debugging through the setting of breakpoints, and ability to step into/over
blocks of code
5. Breakpoints persist between application shutdown/restart
6. Stack trace information
7. Debug values displayed on hover over variables via tooltips
8. Watch window to monitor user-specified variables as code is stepped through
9. Separate windows for multi-element objects (lists, dictionaries, etc.)

Figure 7 – The PyADS IDE
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Figure 7 is a screenshot of the PyADS IDE a few steps past a breakpoint. The watch window is
showing values in their present state, a mouse hover is prompting a value box and an array is
open in a window to view its contents. This IDE is much simpler than the Spyder IDE because it
can be tailored to suit flight test data analysis needs. PyADS is still in active development and
ideas/suggestions are always welcome.

ONGOING RESEARCH
NeXT and ERA
The Natural Excitation Technique (NeXT) is a method of modal testing that allows structures to
be tested in their ambient (operational) environment4. This technique would seem to be a good
fit for the analysis of flight test vibration data due to the lack of measurement of the forcing
function(s) driving the structure to vibrate. When combined with the ERA5, natural frequencies,
mode shapes and damping values for a structure in flight can be estimated.
The NeXT technique calculates cross-correlations between measured accelerations of channel
pairs either directly or via IFT of cross-spectral densities. These cross-correlations have the
same characteristics as free vibration and can be modeled as a sum of decaying sinusoids. A
matrix can be constructed using these cross-correlations that will produce a state space model
for the structure using the ERA. The B and D matrices of the state-space model cannot be
determined, but the modal parameters of the system can be calculated from the A and C
matrices.
The author has found some excellent examples of how to use this technique. Due to the scarcity
of real (and complete) flight test data, current efforts are focused on generating a test data set
from a simulation in order to benchmark the performance of any developed algorithm against a
known standard. Once a working prototype is complete, work will shift toward building a GUI in
Python for this algorithm.
Linear Phase Filtering Techniques
The SciPy library has a filtfilt() function (scipy.signal.filtfilt) that filters (with an IIR filter
specification) a data slice forward and then backward to achieve linear phase. Filter order is
doubled with this technique, so using a filter specification with half of the normal order would
achieve the desired attenuation on the time slice while dividing the impulse response between
the beginning and the end of the slice. There are provisions in the function call for setting up the
initial conditions for the filter, and perhaps these can be chosen to minimize transient response.
There are many instances in IADS analyses that may benefit from using this type of filtering
instead of using the forward-only IIR filtering that is available in IADS. Many time-domain
algorithms like Logarithmic Decrement and Random Decrement use a defined data slice length
that could be processed by a filtfilt algorithm before anything else takes place to minimize or
eliminate the differential delays associated with an IIR filter’s nonlinear phase response. The
frequency-domain displays in IADS all use a defined array length, so forward/backward filtering
would be an easy fit with the existing algorithm.
Immediate efforts with forward/backward filtering are aimed at assessing the benefit that can be
obtained using the technique with IADS analysis routines. All of this research can be done in
Python to avoid disturbing the core code and shorten the time it takes to assess added value.
The Autospectrum and PSD plots are already coded in Python, so perhaps the IDG should start
with these.
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Python Simulink® Clones
The author has periodically searched for a Python Simulink replacement, and some things have
surfaced recently; BMSpy (a block-model simulator for Python) and PySimLib have appeared on
GitHub recently and deserve a look as time permits. Any help in this area by Simulink-savvy
users would be greatly appreciated.

LESSONS LEARNED
There is so much that can be done with Python that a difficulty arises in the prioritization of
efforts and tasks. Essentially any signal processing task needed for IADS, whether it is intended
to be added into core code or run in a DLL via the derived equation engine, can be first modeled
and tested in Python safely and efficiently. Small projects (tools and widgets), that have been in
the IDG’s bug/feature request database that have been shelved due to the effort required to
implement them in C++, can now be developed in Python with much less effort. These projects
can also be easily shared with IADS users. With all of this newfound ability, MATLAB is still a
necessary tool at this time due to the amount of example code available for flight test data
analysis. Their Filter Designer tool was definitely helpful during the initial design of the FIR Filter
Designer.
While building analysis tools using Scientific Python, a conscious effort to avoid “gilding the lily”
is sometimes necessary because there are so many visual options in MatPlotLib and TKinter
that it’s easy to forget about the tool’s actual purpose. Perhaps some more experience building
these tools will give the author a better sense of when something is “good enough”.

CONCLUSIONS
Scientific Python can be thought of as a MATLAB that is free or very low cost with libraries that
make previously arduous GUI design very easy. The IDG will continue to use Scientific Python
as the first choice for prototyping analysis concepts and building standalone helper widgets for
users.
Acceptance of Python in the Flight Test community appears to be steadily growing as the
benefits of a no/low-cost scientific programming language with widespread academic support
become increasingly well-known. There are enough resources available to produce useful tools
and perform flight test data processing, analysis and presentation with this language, and if one
actually does run into a wall, MATLAB can be used as a guide.
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ABSTRACT†‡
IP-based telemetry systems such as iNET require extensive lab testing prior to fielding. Current
iNET testbeds typically use several real radios and a mix of pre-recorded and live telemetry traffic.
However, stress testing the iNET Radio Access Network (RAN) is hard to perform experimentally
because of the limited number of available telemetry radios. To scale up the testing to a larger
number of radios, we developed portable, low-cost VM-based telemetry radio simulators that
interact with the iNET Link Manager (LM) and real radios to provide additional (emulated) links
and queue depth reports. This approach makes it possible to establish the upper limit on the
numbers of Test Articles that the LM can handle under various conditions. It also allows for fast
reconfiguration of the number and set-up of simulated radios to test out specific use cases. The
simulated radios free up real radios for off-site tests while preserving the ability for the continuous
testing of LM features until real radios can be reclaimed. The developed testbed is portable owing
to its lightweight set-up on the low-cost mac-mini computers. This makes it easy to use simulated
radios also in off-site testbeds and field experiments.
I.

INTRODUCTION

The iNET [1] Radio Access Network (RAN) segment provides a multiple-access telemetry
network with RF links shared across geographically dispersed nodes. Within RAN, the iNET Link
Manager (LM) [2] is responsible for allocating capacity [3] among Test Articles (TAs) and Ground
Stations (GSs) to achieve QoS guarantees for multiple mission priority levels. Figure 1 shows a
conceptual depiction of the LM system architecture. In the LM configuration, every QoS class is
assigned a “class weight” based on DSCP, and every link is assigned “link priority weight” based
on Mission Service Level Profile (MSLP) Weight/Priority. The LM instance at a ground node
obtains the current per-mission/per-QoS class queue depths from Queue Managers (QMs)
deployed at each airborne Test Article (TA) and each ground network node. Using these inputs,
LM acts as a TDMA controller to allocate slots by assigning the RF channel capacity. It does so
through generation of Transmission Opportunities (TxOps) messages that establish uplinks and
downlinks and allocate transmission resources based on traffic and mission priority.
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The LM functionality requires
extensive lab testing prior to fielding.
Current iNET testbeds typically use
several real radios and a mix of prerecorded and live telemetry traffic.
However, stress testing the iNET
Radio Access Network (RAN) is hard
to perform experimentally because of
the limited number of available
telemetry radios. The concept of VMbased radio simulators is meant to
scale up the testing to a larger number
of nodes. The simulated radios
interact with the LM by providing
additional RF links and queue depth
reports. The benefits of this approach
are as follows:

Figure 1: Conceptual LM system architecture

•

Scalability: Stress test the LM by establishing upper limit for the numbers of telemetry
radios/queues that LM can handle.

•

Fast test reconfiguration: Quickly change the number and set-up of simulated radios to test
out specific use cases for LM.

•

Backup: Free up real radios for off-site tests while preserving the ability to test new LM
features using simulated radios until real radios can be reclaimed.

•

Portability: Lightweight setup with mac-mini computers makes it easy to use simulated
radios in off-site testbeds and field experiments.

The eDLEP (enhancing Dynamic Link Exchange Protocol for iNET) is a T&E/S&T program that
supports the above objectives through the development of an experimental testbed in which an IPbased real Telemetry Radio is emulated with two pieces of software modules: Signaling Message
Converter (SMC) and the custom Kernel. These modules emulate radio’s TE (Traffic Engineering)
queues and dynamic TDMA scheduling behavior. In the current testbed, they run on two separate
virtual machines that are typically installed on the same virtual machine host. We migrated the
simulated radios to a set of mac-mini computers located at the iNET system integrator’s lab, where
they are able to interface with the live LM. The latest testbed deployment contained two emulated
ground radios and two emulated airborne radios. We also completed the system validation
activities as part of eDLEP Phase 3 effort.
The rest of the paper is organized as follows. Section II describes the simulated radios architecture
and design. Performance evaluation study is presented in Section III. Section IV describes future
work and concludes the paper.
II.

SIMULATED RADIOS ARCHITECTURE

The Signaling Message Converter (SMC) communicates with the LM (Link Manager) by
exchanging Radio Frequency Link Management Messages (RFLMMs) related to TxOP
assignment and queue management. It receives a per-link TxOp message from the LM for the
emulated-source radio (the consumer of the TxOp assignment for transmitting packets over the
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air) and translates it into per-queue TxOp assignments required by the fine-grained queue control
in the custom Kernel [4]. The computed per-queue TxOp assignments are then sent to the custom
Kernel of the same radio, which uses this information to schedule transmission of packets accrued
in each TE queue.
The SMC also receives a Queue Status Report containing the current layer 2/3 queue sizes from
the custom Kernel, converts it to an appropriate queue management message whose format the
LM can parse, and sends the message to the LM. The contents of the message are used by the LM
to calculate the next TxOP assignments. The SMC supports two types of the transport layer
connection to the LM: UDP- and TCP-based. The TCP-based signaling protocol version was added
to align the signaling with the latest iNET WG document [5] (Chapter 28, Section 28.4). The LM
replaced UDP messages with TCP messages to communicate with TAs, introduced the concept of
TxOp time-lease for increased robustness, and defined heartbeat messages to maintain an RF link
in the absence of user traffic. We updated the simulated radios to use the above message semantics
and modified the internal time bookkeeping accordingly.
A. TCP-based SMC–LM Signaling
Figure 2 illustrates the high-level software architecture of an emulated Telemetry radio. A TxOp
assignment message received by the SMC from the LM contains a timeout value. When the SMC
receives a new message, it updates its old per-link TxOp assignment and timeout values already
stored in a global memory structure. The ‘epoch timer thread’ wakes up every epoch, converts perlink TxOp assignment to per-queue TxOp assignments, sends them to the custom kernel, retrieves
the queue depth status from the custom kernel, and sends it to the LM. This message exchange
takes place once every epoch.

Figure 2: High-level software architecture of an emulated Telemetry radio and TCP-signaling between the
emulated radio and LM

The SMC also processes a Heartbeat message received from the LM, whose timeout value controls
all TxOp assignments for a given source radio. A Heartbeat timeout value is stored and updated in
the global memory structure of the SMC and decremented every epoch. The SMC uses this value
to stop TE queue scheduling in the custom kernel when the timeout occurs. We also implemented
a secure TCP connection using OpenSSL Linux Library as required by the standard.
The custom Kernel emulates the TE (Traffic Engineering) queues of a Telemetry radio and their
scheduling behaviors by using the Linux kernel HTB (Hierarchical Token Bucket) TC (traffic
Control) mechanism. Our approach provides fine-grained queue control developed in earlier
phases of the eDLEP program, where the single control knob (per-link capacity allocation) is
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replaced with enforceable per-queue capacity allocations. This approach is able to drain the exact
amount of traffic from each queue as specified by the LM per-queue capacity allocation [4]. A perqueue TxOp message contains information about when and how long each queue needs to be
served in a given TDMA epoch for transmitting packets accrued in the queue. The custom Kernel
is based on the 32-bit Linux Kernel version 3.2.0.
B. Testbed Configuration
Figure 3 shows the physical connectivity of the on-site testbed composed of four emulated radios
and a Precision Time Protocol (PTP) server. The PTP server synchronizes the system times of the
emulated radios and the LM. The testbed is also connected to the LM residing in the same LAN.
We built virtual networks on top of the physically connected testbed LAN to emulate a dynamic
TDMA Telemetry radio network (between TA radios and Ground radios) and a wired IP ground
network (between Ground radios and the LM). The emulated networks are realized by configuring
network interfaces and IP route settings of each virtual machine. Since an emulated radio is
composed of VMs and emulated networks are created virtually by configuring VMs’ interfaces
without changing Apple Mac mini’s physical network interface configuration, the test-bed can
easily be extended to a larger network with more emulated radios. This can be done by connecting
additional Apple Mac minis to the same LAN, installing VMs on each Apple Mac mini that
emulates a Telemetry radio, and configuring VMs’ network interfaces for creating emulated
telemetry networks. An example network configuration and virtual network settings are described
in the later part of this section.

Figure 3: Testbed network and the LM

Figure 4 illustrates the configuration of an example testbed consisting of four emulated radios (two
TAs and two Ground Stations) and the LM. In this example, TA1 radio communicates with
Ground1 radio while TA2 radio communicates with Ground2 to send and receive user traffic data.
Virtual networks are set up to create emulated networks by configuring IP addresses and route
settings in each VM. The 10.1.3.x virtual LAN was set up for the Emulated Ground IP network
between Ground radios and the LM. The 10.1.1.x virtual LAN and 10.1.2.x virtual LAN emulate
the Telemetry radio network between TAs and Ground Stations. The 10.1.3.x virtual LAN is
created for PTP time synchronization among radios and LM.
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Emulated radio’s internal VM architecture and its network interface information are hidden to the
LM, which needs to know only one IP address (IP address of eth0 interface of the SMC) per
emulated radio for sending signaling messages. These are 10.1.1.1, 10.1.2.1, 10.1.3.1 and 10.1.3.2
for TA1, TA2, Ground1 and Ground2 radios, respectively. Since a Ground radio works as a
gateway router between the LM and a TA radio for exchanging signaling messages (i.e., TxOps
and queue depth reports), proper IP route settings are required in both the LM and the VMs.

Figure 4: Example test-bed architecture and setup

The LM needs to be configured such that the default gateway IP addresses can be 10.1.3.1 and
10.1.3.2 for 10.1.1.1 (the IP address of TA1) and 10.1.2.1 (the IP address of TA2), respectively.
TE queues are implemented in the custom Kernel VM. This requires the SMC of a Ground radio
to forward TxOps messages for TAs to the custom Kernel VM of the same Ground radio.
Accordingly, in the SMC VM, the default gateway IP address for the destination TA should be the
IP address of the custom Kernel VM’s eth1 interface connected to the ‘Emulated Wired Ground
IP network’. The custom Kernel VM then forwards TxOps to the other interface (eth0) of the same
kernel. Eventually the TxOps messages are delivered to a TA via the ‘Emulated Telemetry
network’ when the Ground radio gets a chance to transmit the messages.
Simulated radios communicate with other simulated radios and the LM (via a wired connection
between host machines and/or within the host machine as VMs), while real radios communicate
with other real radios via RF and the LM. This allows for real radios and radio simulators to coexist
on the same network and for the LM to interact with both. We established that real radios,
simulated radios, and the LM all inter-operate at the signaling level. We also verified the
correctness of the signaling message flows among the SMC, the LM, and the custom Kernel.
III.

PERFORMANCE VALIDATION

We validated that simulated radios approach the performance of real radios up to certain limits.
We have successfully tested sample traffic scenarios using a combination of MGEN traffic, VoIP
applications, and FTP file transfer, and confirmed that simulated radios contend for channel
bandwidth, at both up and down links. We demonstrated that applications such as VoIP and FTP
work correctly with both the UDP-based and the TCP-based LM software, i.e., UDP with absolute
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time TxOps and TCP with relative time TxOps. In particular, we used a VoIP softphone and a SIP
server (both installed at the TA) and a softphone (installed at the ground station). We verified the
ability to make a phone call from TA to ground while sending ftp from TA to the ground. We made
sure that voice gets the BW even when BE ftp TCP traffic “fills the pipe.”
A. MGEN Traffic Scenarios
Our initial approach was to verify performance using MGEN traffic that approximates FTP file
transfer and voice flows. This section provides a summary A of the obtained experimental results.
In the first test scenario, we loaded 2Mbps UDP traffic on each link as shown in Figure 5. In this
scenario traffic is properly marked so that packets are in queue Q3. Queue weights are distributed
evenly among all 8 queues. In all three MGEN traffic scenarios, we used 8 Mbps as a total
telemetry radio raw bandwidth.

Figure 5: Test 1 traffic loading

The top left plot in Figure 6 shows queue depths of four links. The queues in both ground radios
are saturated (the max queue size is about 100 Kbyte) while the queues in both TA radios are not.
This is because TxOp assignments for both up links are constrained to a pre-configured number
by the LM. We could not verify the uplink TxOp assignment threshold value, but this value is
extrapolated from the middle left and bottom left plots that present TxOp1 assignment and TxOp2
assignment of the four links. For example, the LM allocated about 2 msec per TxOp for the uplink
1 (Ground1 to TA1).
With two TxOp assignment per 100 msec epoch, about 320 kbps raw radio bandwidth is expected
to be allocated to Ground1 radio. Considering overheads in each protocol layer, the actual
application throughput will be smaller than this number. The experimental result shows 190 kbps
application throughput for the Ground1 up link traffic as illustrated in the right plot of the figure.
In a typical telemetry network configuration, uplink TxOp assignments are configured to be much
smaller than downlink TxOp assignments. This is because a ground radio normally sends only
signaling messages while a TA radio sends user data traffic as well as signaling messages. The
LM allocated more than 20 msec per TxOp for both down links. This allocation is large enough to
serve 2 Mbps offered traffic and the resulting throughputs of both links are about 2 Mbps, as shown
in the right plot of Figure 6.
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Figure 6: Test 1 results

Test 2 traffic scenario is a case of an overloaded traffic condition where TA1 TxOp assignments
cannot handle the total offered load (80Kbps + 4Mbps) of TA1. From this traffic load experiment,
expected results are as follows: Throughputs for down link 2 (TA2 to Ground2) and all up links
are the same as Test 1. Q3 of the down link1 (TA1 to Ground1) will get 80Kbps throughput with
no loss while Q4 will get less than 4Mbps throughput with some loss. If 4Mbps in Q4 does not
induce loss, we continued increasing the loading in Q4 until loss occurred. Actual results in Figure
8 match the expected performance.

Figure 7: Test 2 traffic loading

Figure 8: Test 2 results
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B. VoIP/FTP Traffic Scenario
The VoIP/FTP traffic scenario was created to match closely the test environment at the iNET
integrator’s lab. We use the following queue configuration and traffic flows.
•

Radio IP layer rate equal to 9 Mbps, TE queue size depending on policy (for VoIP EF, queue
size meeting 100 ms E2E latency; for Best Effort FTP, default Linux configuration);

•

We sent 80Kbps voice over IP traffic stream marked as Expedited Forwarding, and a ftp
traffic stream marked as best effort from TA to ground;

•

VoIP softphone and a SIP server installed at the TA and a softphone installed at the ground
station. We verified the ability to make a phone call from the TA to ground while sending ftp
from TA to the ground at the same time. We made sure that voice gets the BW even when
BE ftp TCP traffic “fills the pipe”.

We have installed the SIP server and a softphone on two kernels within apple-19 (Ground radio)
and configured them so that a call could be made and answered automatically, playing a 100kB
sound file. We confirmed that the generated traffic is a stream of 50 UPD packets per second, each
of length 172 bytes, for the total bandwidth consumption of about 69kbps. We have run tests using
Linphone VoIP application. Figure 9 shows traffic loading in which Q3 is used for VoIP, Q4
carries TCP (FTP), and Q5 carries UDP (generated by MGEN).

Figure 9: Traffic loading of VoIP/FTP scenario

Figure 10: Network configuration for VoIP experiments
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Figure 10 shows the current network configuration for VoIP experiments, where the Linphone
calls the SIP server, which plays announcement for about 70 sec. There is also a return stream of
RTP packets (disregarded). Voice stream is marked 0xb8 by Asterisk. FTP client performs a
passive PUT operation for a 100 MB file, which lasts about 140 sec. FTP stream is marked 0xe0
by iptables MANGLE to make the associated packets go into an appropriate queue.
The performance of UDP MGEN flows in Q5 is shown in Figure 11. The results are consistent
with the LM capacity allocations and traffic demands. This means that the emulated radios
correctly share the allocated capacity among each other and among individual queues.

Figure 11: Performance results of MGEN traffic

Performance results shown in Figure 12 confirm that the VoIP traffic is protected in the presence
of FTP traffic, experiencing no loss and small jitter.

Figure 12: VoIP and FTP performance results
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IV.

CONCLUSION AND FUTURE WORK

To enable stress testing of the iNET Link Manager, we developed portable, low-cost VM-based
telemetry radio simulators that interact with the LM by emulating additional RF links and queue
depth reports that trigger capacity allocation by the LM. The iNET system integrator has performed
an initial assessment of the radio-simulator VMs deployed on the integrator’s main servers. The
assessment confirmed that the LM is able to interface with both simulated and real radios in a
unified testbed in the control and data planes. A number of future modifications and enhancements
also were identified to maximize the effectiveness of the approach:
•

The simulated radio implementation will be brought up to the latest iNET standard IRIG 10617 Chapter 24, which includes new messages (TxOp ID Acknowledgement Report, Link
Metric Report, Link Transmit Statistics Report) and up to 100 capacity allocations per epoch.

•

New capabilities will be implemented with respect to how the simulated radio testbed is
integrated with the physical radio network. For example, IP forwarding rules and routes will
be set in order to receive traffic on one interface (e.g., wired) and forward out of another (e.g.,
simulated RF network). A new configuration option will allow TLS support to be easily
enabled/disabled.

•

Support for IP multicast will be added to the simulated RF network. This can be realized by
emulating the RF MAC header processing, e.g., use an IP multicast protocol to send telemetry
data to multiple simulated GS radios and derive the multicast group ID from TxOp Center
Frequency field.

We will also increase the scalability and flexibility of the current simulated radio setup by
deploying more mac-mini computers and by rewiring the connectivity among various VMs. In
particular, a new testbed configuration will provide physical network interface separation between
a radio simulator’s “wired network interface” and its “RF network interface”. Such a topology is
easily scalable when desiring to add new radio simulators into the testbed. The “RF network
interface” of each radio simulators will connect to a switch representing the Simulated RF
Network. The “wired network interface” may connect to the ground network or it may connect to
a new subnet representing a new TA.i
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Cellular Range Telemetry
BS: Base Station. Site of an
eNodeB ground station
Ax – Bx –Cx : Sectors

Cellular Based AMT

Technology focus
• Provide test range coverage using a “cellular” paradigm (frequency re-use with inter-cell handover)
• Use of lower C-Band spectrum which is less congested
• Use of LTE’s spectrally efficient OFDM waveform capable of providing high throughput
• Seamless handover as multiple test articles move across the cells covering the test range
2

Why is Handover needed?
•

3

Handover in LTE refers to the
procedure used by the LTE
network to provide continuous
and seamless data service as the
UE moves through the different
cells of the network. As the UE
moves from the coverage of one
cell to another cell, the handover
procedure is initiated to maintain
seamless mobility. The basic
objectives of handover
procedures are to maintain the
connectivity and the data service
as the UE moves in the coverage
area of the network.

Aircraft Flying at
Mach 2.5

Intra-Site
Handover

Inter-Site
Handover

Notional Flight Path

LTE Handover Procedure
Source
Cell
1

Target Cell
2

3

4

5

1. UE connected to Source Cell
4. Handover to Target Cell completes
with RRC Connection
2. UE detects neighboring Target Cell,
included in measurement report
Reconfiguration Complete message
3. Measurement report triggers
5. UE connected to Target Cell
handover initiation at Source Cell
4

Intra Site Handover Analysis
1

2

3

Technical Challenge
Maximize handover success
rates
•
High Doppler impacts
UE measurement
capability & ability to
connect target cell on
handover.
•
Handover execution time
limit depends on the
speed. Long time can
result in failed handover

Analysis Results
Doppler impacts
•
Doppler offset approaches
zero at handover
•
Tangential or neartangential flyby
•
Applies to over-flight, or
fly-by

Handover execution timing
•
Target cell measurements cannot
start until Airborne terminal can
“see” the target cell

Conclusions

•
•

•
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Doppler offset is of little to no concern for Intra Site
handover.
Time available for handover execution will impact
Intra Site handover success rates.
As part of RF planning need to design for maximum
RF overlap between the sectors served by the same
site.

Inter Site Handover Analysis
1

2

3

Technical Challenge
Maximize handover success
rates
•
High Doppler impacts
UE measurement
capability & ability to
connect target cell on
handover.
•
Handover execution time
limit depends on the
speed. Long time can
result in failed handover

Analysis Results
Doppler impacts
•
Maximized, due to extreme
Doppler offset from each site.
•
Transition from high negative
Doppler to high positive offset
during handover.

Handover execution timing
•
Simpler timeline in this
scenario due to significant
Site-to-Site RF coverage
overlap

Conclusions

•
•
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Doppler impact is the highest for Site-to-Site
handover.
For lower C-Band operation and speeds
approaching MACH 2, the Doppler estimation
component needs to handle Doppler offsets as high
as 12KHz for the serving and neighbor cells.

UE Doppler Estimation & Compensation Architecture
Search function scans for eNodeBs and
provides Doppler estimates for cell attach and
neighbor cell measurements

Track function follows Doppler of currentlyconnected eNodeB

Airborne Terminal PHY (blue) adjusts internal CFO tracking
filter and compensates for corresponding transmitter Doppler
offsets
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XCVR

Searcher Performance – RSRP Estimation
Cell Searcher RSRP Estimate after Doppler
Compensation
Searcher estimates eNodeB Reference Signal Received
Power (RSRP) in presence of:
•
•
•

CFO estimation errors
Timing estimation errors
Doppler induced signal overlap

Searcher can identify Doppler shifted eNodeB signals
and estimate RSRP for CFO up to ±12 KHz

Standard RSRP Estimate with no
Doppler Compensation
8

Searcher Performance – Matlab Simulation
1st eNodeB – Power Constant at -82 dBm
2nd eNodeB – Power Ramped
Two eNodeBs, Doppler-shifted to +12 kHz and
-12 KHz respectively:
•

First eNodeB power held at -82 dBm

•

Second eNodeB power ramped up and down

Graph shows good estimation of RSRP when
eNodeBs are doppler shifted +12 kHz and -12 KHz
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Matlab simulation - searcher errors
due to low SNR & large CFO

Handover Test – Intra and Inter eNodeB Handover
Handover Test Setup
• UE operating in C-Band
• 3 eNodeB Cells for Inter and Intra eNodeB
Handover
• AT speed: 1000 km/hr or Mach .8
• eNodeB info
• Cell 1 eNodeB1 Cell 2 (PCI 142)
• Cell 2 eNodeB1 Cell 1 (PCI 141)
• Cell 3 eNodeB2 Cell 1 (PCI 241)

Simulated Air Flight Profile
10

Handover Test Results

Uplink
throughput rate

Frequency offset

Handoff points
with PCIs

Timing Advance

OBSERVATIONS

•
11

•

Successfully able to extend 3GPP Doppler compensation limits and UE Measurement Capabilities
with Air 2 Ground Doppler compensation design.
Testing for > MACH 1 speed and lower C-Band operation are in progress

Conclusion
•
•
•
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This paper shows the challenges of extending 3GPP LTE seamless handover to work
at high speeds for Aeronautical Mobile Telemetry.
Nokia is building upon its commercial Air to Ground LTE solution to address these
challenges for Cellular Range Telemetry.
The simulations and lab tests performed by Nokia on prototype C-Band Air to
Ground LTE equipment indicate that Doppler and handover timing constraints can
be addressed with
• modification to the Airborne Terminal’s Doppler estimation and
compensation algorithms
• Optimization of the handover measurement configuration

A SURVEY OF OPTIMAL PACKET SCHEDULING METHODS
FOR ENERGY HARVESTING COMMUNICATIONS
THIS PAPER WAS REMOVED AT THE REQUEST OF THE
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NETWORK CENTRIC RANGE ARHITECTURE

Gary A. Thom
GDP Space Systems
747 Dresher Road, Horsham, PA 19044
gthom@delta-info.com

Abstract
Today’s telemetry ground stations are migrating from traditional serial PCM data distribution to
Telemetry over IP architectures. The Range Commanders Council has published IRIG 218-10
TELEMETRY TRANSMISSION OVER INTERNET PROTOCOL (TMoIP) STANDARD,
which attempts to standardize PCM distribution over IP networks and is currently working on a
revision. Ranges have begun investigating new TMoIP systems. This paper attempts to facilitate
this migration by discussing the TMoIP, networking and architectural concepts that need to be
considered when deploying a TMoIP system. The paper draws on the lessons learned over the
previous 10 years of designing, installing, troubleshooting and optimizing telemetry data
distribution over IP networks. It discusses the critical component and architectural decisions to
be made and some of the pitfalls to be avoided.
Key Words: IRIG 218, TMoIP, IP, TCP, UDP, network, PCM.
1.0 Introduction
There are many good reasons for moving to TMoIP for range infrastructure. It provides cost
effective, reliable and robust PCM data distribution over a wide variety of physical network
technologies. The commercial explosion of IP networking has driven down the cost and driven
up the performance of infrastructure components such as routers and switches. In addition, a
wide variety of transport mechanisms for IP traffic provides ubiquitous connectivity, whether
twisted pair, fiber optic cable, microwave links, satellite links, analog modems and cell phones,
IP connectivity is everywhere. Dynamic routing and redundant paths provide improved
reliability and fault tolerance.
The result is a reliable, cost effective infrastructure for PCM data distribution, whether on private
IP networks or globally via the public internet. However, as with any new technology, there is
new functionality and complexity that needs to be understood for designing effective systems.
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2.0 TMoIP System Concepts
A typical TMoIP system will consist of a number of data sources, data sinks and intermediate
devices. The data sources will acquire PCM data and format it for transmission over the IP
network using TMoIP protocols. There are a variety of TMoIP source devices which simplify the
integration of legacy systems as well as new devices designed specifically for TMoIP
applications. The data sink devices consume TMoIP formatted data from the IP network. Some
of these devices will convert the TMoIP data back to PCM for integration with legacy devices.
Other data sink devices will consume the TMoIP data directly from the IP network for
processing and display. Intermediate devices are both sinks and sources of TMoIP data. They
consume data from the IP network, perform some function and then source the resulting TMoIP
data back to the IP network. A typical TMoIP system is shown in Figure 1.

Figure 1 - Typical TMoIP System
Another critical component of a TMoIP system is the Management Software. Like all
applications, a properly designed TMoIP management application can simplify the configuration,
operation, reporting and troubleshooting of the TMoIP system.
These TMoIP devices will be discussed in more detail in the following sections.
2.1 TMoIP Data Source Devices
Source devices are generators of TMoIP data.
The most common TMoIP data source device is the TMoIP Gateways. TMoIP Gateways come
in many form factors. Some are unidirectional, operating only as a network ingress or a network
egress device. Others may be bidirectional and can be configured for either ingress or egress
operation either asa a unit or on a channel-by-channel basis. They also come in a variety of
channel configurations from single channel devices to multiple channel devices. When operating
as a network ingress device, these units take TTL or RS-422 Clock and PCM Data signals and
2

converted them to TMoIP packets. These signals would typically come from the output of a
legacy bit synchronizer or receiver.
As the interest in TMoIP grew, bit synchronizers integrated the TMoIP function into the unit.
This allowed analog video (data) signals from legacy receivers to be synchronized, digitized and
output to the network. Further integration resulted in the TMoIP function being included directly
into the receiver.
Integration of the TMoIP functionality into the bit sync and receiver not only enabled the use of
TMoIP, but it also allowed the inclusion of data quality information in the TMoIP stream. This
data quality information could be used by a downstream Best Source Selector. This will be
discussed further in a later section.
There are several options for TMoIP packetization. Unfortunately, TMoIP products began
emerging before a standard packetization method was adopted. Several vendors had defined
proprietary schemes to send PCM data over an IP network. In 2010, the RCC has published IRIG
218-10 which defines a standardized TMoIP packetization scheme. While many vendors added
this capability to their products, it did not satisfy all requirements and proprietary methods
continued to propagate. To address the short comings, the RCC has been working on a revision
to IRIG 218 which is expected to be published in 2018.
2.2 TMoIP Data Intermediate Devices
Intermediate devices accept TMoIP data from the network, perform some processing or other
function and then output TMoIP data back onto the network.
One type of intermediate device is the Best Source Selector (BSS). In modern telemetry range
systems, the BSS is used to take input from several receiving sites and select or create a best
quality stream for output to downstream functions. The most capable of these BSS devices will,
in real time, accept TMoIP streams from multiple receiving sites, align them in time and then do
a bit-by-bit weighted majority vote based on signal quality. The resulting data stream can have in
excess of 5 db improvement in signal quality even in the presence of multipath or poor antenna
visibility. The RCC has defined a standard Data Quality Metric (DQM) which defines the quality
of the stream and a Data Quality Encapsulation (DQE) method in IRIG 106-17 Appendix 2G,
which specifies how to send the quality information in a transfer frame along with the data from
the receiver to the best source selector. This DQE data can be sent within the TMoIP stream to
the BSS. There are also proprietary metrics and encapsulations which may provide better
performance in some situations.
Another intermediate device is the Ethernet Recorder. The Ethernet recorder can record TMoIP
streams from the network. It is the network equivalent of the 14-track analog recorder or IRIG
106 Chapter 10 PCM recorders. The Ethernet recorder can simultaneously record multiple
TMoIP streams, as well as other network streams like video. These recorded streams can later be
played back onto the network for processing and display. In addition, these recorders can export
3

data in a variety of standard file formats for computer processing and analysis. On playback, the
output streams can be sent to new TMoIP Data Destination Devices such as the BSS, TMoIP
Gateway or Decom system.
While intermediate devices provide powerful functionality in a TMoIP system, they may not be
required in some applications. A TMoIP system which is only distributing or switching data may
consist of only source devices and destination devices.
2.3 TMoIP Data Destination Devices
Destination devices are consumers of TMoIP data.
The most common destination device type is the TMoIP Gateway. When operating as a network
egress device, these devices take TMoIP streams from the network and convert them back to
PCM data and clock. The output of these devices would typically go to legacy PCM distribution
systems, decommutation systems, recorders or decryptors. A critical function of the egress
device is the PCM clock recovery function. A stable and reliable clock must be generated from
the incoming TMoIP stream in the presence of packet loss and packet arrival jitter. This is
especially important in those cases where the resulting PCM data will be sent to a remote bit
synchronizer which must acquire and track the data and recover clock with minimum errors.
Another destination device is a TMoIP enabled Telemetry Data Processing and Display system.
This system accepts TMoIP data from the network, performs frame synchronization and
decommutation. The decommutated data can then be processed into engineering units or multiple
parameters can be combined into derived measurements. A variety of post processes can also be
performed such a limit checking, alarm processing, averaging, min/max processing and
reformatting. The resulting data can then be used to drive graphic displays for range safety or for
the flight test engineers.
3.0 Control and Management
The system components described in the preceding sections can be used to build very complex
range data distribution and processing systems. It is not practical or efficient to attempt to setup
and control these systems with individual unit user interfaces. This would require the operator to
coordinate the operation of many different components including not only functionality, but also
the distribution of IP data streams between devices.
A Telemetry Range Management System (TRMS) can provide an integrated high level setup,
configuration, distribution, routing, processing, status, logging and reporting application. An
effective TRMS application can simplify the installation, configuration and operation of the
TMoIP system. The TRMS system functionality can be broken down into four parts as shown in
Figure 2.
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Figure 2 - Management Software
3.1 Configuration
Configuration is used to define the static configuration of the system components. The primary
function is to define the devices in the system and to configure each device’s static settings.
Default settings are provided for all of these parameters and the user only needs to change
settings for special requirements. These static settings are usually fixed once the device is
installed in the system and rarely changed. It consists of six subsections.
•

•
•

System Configuration which is used for setting up the Telemetry Range Management
Software. It is used to define the location of various system, log and report files as well as
other software options.
System Maintenance provides tools for maintaining log and report files.
Sites Configuration defines sites and the devices and TMoIP channels within the site.
Sites are groups of source devices. These can be considered to be remote receiving sites.
Within a Site, the user identifies the units that are present and then configures the static
configuration of those devices. This static configuration includes device IP addresses for
control and status. For those source devices that have PCM inputs, it might include
5

•

•
•

settings like TTL or RS-422 signal level selection, termination selection, clock or data
signal polarity selection and a name for each TMoIP stream.
BSS Configuration defines the Best Source Selector resources (devices, groups) available
in the system. For these devices, the user configures the static information like IP
addresses and output stream names.
Recorder Configuration is used to add Ethernet Recorder devices to the system and to set
static configuration parameters.
Bay Configuration defines bays and the devices and TMoIP destinations within a bay.
Bays are collections of destination devices. Bays can be considered to be display rooms.
Within a Bay, the user identifies the units that are present and then configures the static
configuration of those devices. This static configuration includes device IP addresses for
control and status. For those destination devices that have PCM outputs, it might include
settings like TTL or RS-422 signal level selection, clock or data signal polarity selection
and a name for each destination.

The system also has the ability to automatically assign IP addresses to the data streams. While
the devices can use unicast or multicast addresses, routing is simplified by using multicast
addresses which can be automatically assigned by the TRMS software. This essentially shields
the complexity of the TMoIP network from the operator. Names are assigned to streams and all
routing of signals is performed by sending these named signals to named destinations.
Management and de-confliction of IP addresses is completely managed by the software. Of
course, manual configuration is allowed; however, the user must then manage and de-conflict the
IP addresses in use.
3.2 Mission Setup and Control
The second part of the system is Mission Setup and Control. This part allows connections
between source devices, intermediate devices and destination devices to be defined for a mission.
A mission is just a collection of connections of data streams for a particular range operation. For
example, data streams from multiple receive sites can be sent to best source selectors for the
aircraft telemetry, the target telemetry and the weapon telemetry. The resulting best source
streams can then be sent to the destination devices for decryption or decommutation. TMoIP
streams not used for best source selection can bypass the Best Source Selectors and be sent
directly to a destination device. Signals can also be identified for storage on the Ethernet
recorder.
After a mission is defined, it can be tested. This process sends PN data between all devices
defined for the mission, and reports on any errors found, assuring proper connectivity between
devices. It also allocates best source selection resources for the mission from a pool of best
source selection devices. This eliminates the need for an operator to manage which best source
selector channels in which best source selector units will be used by a particular mission based
on available resources at that instant in time.
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After testing, a mission can be activated which will make the proper connections for the actual
data streams. During a mission a log file is created with the status and events from all of the
devices involved in the mission. When the mission is deactivated, the log file is saved, and if the
Ethernet recorder was used, the mission data files will be saved.
A special mission definition is provided for playback of data from the Ethernet recorder. In these
playback missions, source streams come from a particular recorder file. Since the system can
record pre-best source selector streams, these can be sent to the best source selectors for
processing, perhaps using a different algorithm or thresholds. The resulting best source outputs
can then be sent to destination devices or decommutators for processing and display. If the post
best source selector files are played back, they can be reprocessed and displayed using different
algorithms or displays in order to focus on a particular phenomenon.
3.3 Status
Status information is sent from every device in the system to the TRMS software. The software
collects this status which is logged and used to drive status display applications. The TRMS
system provides two types of displays.
The first type is called the Bay Status and shows the high level status of the signals being sent to
a particular bay. This provides a GO - NO GO status for the recipients of the data streams to
know that good data is available. The status is grouped by Mission and only the status of the
streams in missions being viewed in a particular bay are available in that bay status viewer.
The second type is detailed status of every device and data stream in the system. This is provided
for the system operator who may need to troubleshoot the system either during test or during a
mission. The status of every device in the system is available. The result of each best source
selection process is shown as well as the status of each input and output stream. The operator can
drill down from an error or warning indication to find the root cause of the issue.
3.4 Reporting
Post mission, the saved log file can be used to generate a mission report. The start time and end
time of the report can be tailored to the time period of interest. The report contains data and
graphical representation of the best source selection process, showing which streams were used
as the best source, or if there were enough good streams available to do majority voting.
Reports can be printed or saved and can be rerun for different start and stop times.
4.0 Network Considerations
When designing a TMoIP system, there are several network issues that should be considered.
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4.1 Data and Management Networks
The first is separation of the data network and the management network. This provides two
benefits. First, there are security benefits to keeping the TMoIP data off of a network containing
computers and other equipment. Second, a management network that contains general purpose
computer equipment will have a lot of computer generated traffic that may reduce the reliability
of the TMoIP data. For example, computers are constantly attempting to contact email servers,
web servers, file servers, DNS servers and other devices like printers. This traffic may cause
more jitter in the TMoIP data packet arrival times requiring increased buffering which also
increases latency. It may also cause momentary increases in bandwidth utilization resulting in
congestion and potential packet loss.
4.2 IPv4 vs IPv6
The choice of IP protocol generation is another issue that needs to be resolved. IPv4 is the
traditional IP protocol which has been used successfully for decades. IPv6 is the latest Internet
Protocol which provides many benefits including:
1) A larger address space, 126-bits for IPv6 versus 32-bits for IPv4. This may not be
significant in closed TMoIP networks, but it is effective in the global internet, eliminating
the need for Network Address Translation and simplifying routing.
2) Automatic configuration. This simplifies installation and deployment of components in
the system and allows devices to automatically determine their own IPv6 addresses (of
which there can be more than one) as well as router addresses, DNS server addresses and
other configuration parameters by communicating with other devices on the network
using the Neighbor Discovery Protocol and Router Discovery Protocol.
3) As well as other improvements in simplified header structure, improved multicast
routing, quality of service, privacy and other.

4.3 Unicast vs Multicast
Unicast allows a sender to send a packet to a single destination. It is a one-to-one mechanism.
The sender determines the destination of the stream of TMoIP packets. Multicast allows a sender
to send a stream of TMoIP packet to a multicast group. Destinations join the multicast group and
then can receive the stream of packets sent to that group. It is a one-to-many mechanism. Not
only can a single packet sent from the sender go to multiple destinations, but more importantly, it
allows the destination to determine what TMoIP streams it will receive. This is a powerful
concept in streaming systems.
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5.0 Conclusions
In conclusion, all of the components are available today to engineer a modern, high performance
Network Centric Telemetry Range data distribution, recording, processing a display system. This
includes going directly from RF to TMoIP, performing Best Source Selection, recording TMoIP
streams, and processing and displaying data for the flight test or range safety engineers. This
technology has been perfected over the last 10 years of practical experience implementing and
installing the components and software described in this paper. These network centric
architectures benefit not only from maturity, but also from the low cost and high reliability of
using IP networks as the PCM data distribution fabric to interconnect all of the range
components.
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ABSTRACT
In order to cover the complete flight path of a large civil aircraft during its flight test missions, Telemetry-over-IP (TMoIP) systems have become a standard technique solution in COMAC
Flight Test Center. In this paper, practical considerations in implementing the TMoIP systems
using a satellite communication link will be discussed, along with the applicable satellite modem
parameters. Based on the Command & Control Center located besides the Shanghai Pudong International Airport, several typical cities represent different directions and climatic conditions across
the mainland of the country are analysed. Thanks to the high mobility and rapidly deployable
satellite communication vehicle, and the rental of satellite time can be specified in contract at a
reasonable price and scheduling can be coordinated a short time in advance, high-risk flight test
subjects can be monitored and instructed at the head-quarter where more specialist can participate
and better ground test and verification equipments can be arranged to support the missions.
INTRODUCTION
A commercial aircraft flight test project usually consists of complicated combination of different
test subjects, some of them are high risk tasks that on-site command & control and telemetry
monitoring will be required, such as stall testing and flight flutter testing, etc. Furthermore, special
test subjects like crosswind testing and flight in extreme climate conditions have to be organized
in different airports located across the country that can satisfy those specific requirements. In this
paper, some fundamental concepts about implementing Telemetry-over-IP (TMoIP)[1] systems
using a satellite communication link will be discussed. According to Range Commanders Council
(RCC) standard 218-10, the TMoIP solution of one telemetry (TM) range network is basically
composed of following several elements: TM Terminal, Network Processor and Ground Network
Link. Usually, the ground network link is an Ethernet dedicated line or an optical fiber line carriers
Ethernet signal. As described in [2], the Rotary-Wing was tracked by four telemetry receiving sites
and each site was configured to receive all transmitted frequencies and all data was sent to Site 4
using TMoIP for display and analysis, and Best Source Selectors (BSS) ware used to realize the
benefits of geographic diversity.
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Figure 1: Map of typical cities as test fields for analysing and evaluating

But the ground network link sure can go up in to sky again by using communication satellites, and
in that case, ground equipments and facilities like fiber line won’t be able to hinder the planning
of deploying telemetry sites for customized RF receiving coverage, and large amount of flight
test data can be real time monitored back at the headquarter. Especially for a commercial aircraft
manufacture and flight test organization, managing and executing an outfield flight in a cost-effect
and high efficiency way is essential. This article will address several practical considerations in
both technical and administrative perspectives, which supported by examples of several typical
cities as test field. Detailed discussion about system setup and configuration will be given in the
following chapters.
SYSTEM CONFIGURATIONS
Commercial satellite communication equipments usually work as frequency division duplex systems while one serial data stream is modulated and transmitted by one carrier frequency from one
location to another. It seems like a direct approach that transmitting TM receiver bit sync output
via the satellite simply using simplex transmission. But in the test aircraft instrumentation system
configurations, there are two telemetry signal streams for onboard parameters and digital videos
independently. In this case, it has to be pre-designed that how to make good use of the resourcecritical satellite channel, and thanks to RCC document 218-10, there is a standardized way to meet
this need and to add some more flexibility to this system.
The test aircraft instrumentation system utilizes network base distributed acquisition structure,
which can process and store more than fifty thousand parameters in real time and transmit more
than three thousand to the ground in current configuration. In the mean time, several digital cam-
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Table 1: Basic satellite communication condition.

BitRate:
Modulation:
Satellite Orbit Location:
Tx Antenna Diameter :
Rx Antenna Diameter:

Test Field to Shanghai Shanghai to Test Field
20Mbps
4Mbps
8PSK with TPC 7/8
QPSK with LDPC 3/4
110.5 degree
110.5 degree
1.2 m
4.5 m
4.5 m
1.2 m

eras, including high speed cameras, are installed for onboard surveillance and we configure three
of them to be transmitted by telemetry for ground real time monitoring. The telemetry subsystem
is made of two sets of transmitting subsystems for parameters and videos independently, which
work in two frequency. Onboard S band telemetry transmitters adopt IRIG-106[3] standards are
used, and ground stations utilize parabolic self-tracking antennas to track the aircraft, receive and
demodulate RF signal. Telemetry receivers transport bit sync signal to the frame sync devices for
Ch.10 Ethernet output and storage. Remote telemetry stations extract bit sync signal to the TMoIP
equipments for range transmission. In the center station, a multi-channel frame synchronizer also
works as a best source selectors where different time delay from different telemetry receivers are
correlated and aligned and based on estimated signal quality, data stream selection or bit-level data
merging can be configured as the best output.
Each telemetry stream works at maximum 20 Mbps, while it is designed to be 8 Mbps as system
reliability and QoS guarantee. Consider raw data stream is the payload of TMoIP package and is
to be transmitted over IP protocol(TCP or UDP), the ground network link that transmits telemetry
data from the test field to the center station is designed to be a 20 Mbps Ethernet link, while there
is 4 Mbps backward for equipments management or even real time video command. It is critical
that one should avoid using TCP/IP protocol to transmit real time data in a satellite Ethernet communication link, due to its high inherent time delay, actual bandwidth will be decreased drastically.
As described above, we choose six typical cities and use their local airports as test fields, which
are shown in Figure 1, and obviously, Shanghai as the main base. According to the flight test
project, one test aircraft is usually dispatched to a test field right after the flight test organization
and operators obtain the Special Flight Permit of this aircraft. The aircraft will come back after
finishing all the test missions over there and in this situation, using leased dedicated line, which
usually charges a prepaid fixed annual fee, will be unrealistic.
In order to meet the needs as described above, a satellite communication system which contained
a 4.5m fixed ring focus antenna and a satellite van was designed. Basic performance and requirement list are shown in Table 1. We consider ChinaSat 10 as the primary satellite and based on the
location of center antenna and the satellite orbit, approximate antenna azimuth and elevation can be
determined. Higher-order modulation should be used to improve the spectrum efficiency because
20Mbps is usually a relatively large occupation, but one should conduct link analysis carefully
before implementation because a real satellite transponder is not a perfect signal retransmission
device, in this case, increasing transmitting power alone for better receiving Eb/N0 is unacceptable, because satellite transponder needs balanced power bandwidth ratio to work properly. Detail
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Table 2: Satellite link analysis and calculation of an example city.

Test Field to Shanghai
Tx Station
Altay
Rx Station
Shanghai
Tx Longitude
88.12
Tx Latitude
47.8
Tx Altitude
1.33
Tx Elevation
30.94
Tx Azimuth
150.93
P/B Ratio
0.476
Uplink PE(W)
1.617
Shanghai to Test Field
Tx Station
Shanghai
Rx Station
Altay
P/B Ratio
1.371
Uplink PE(W)
70.616

analysis and calculation of an example city about antenna settings, maximum uplink Pe in Watts
and calculated P/B Ratio for both test field to Shanghai and reverse direction are shown in Table 2.
Generally speaking, the power amplifier should cover twice of maximum uplink transmitting power to increase the availability of the system, such as high temperature environment, which can
reduce the PA efficiency. Based on that, we have installed a 200W amplifier in the satellite van to
cover the worst situations.
Local experiments were organized based on the block diagram as shown in Figure 2. An RF
simulator generated PCM/FM signal and feed to two different sets of telemetry receiving systems,
and then after demodulating and bit-sync, the baseband DATA and CLOCK signal from Receiver
1 was transmitted through the satellite TMoIP system under testing, and the another one was
connected to a frame sync directly, which was a specific device with four channel Best Data Engine
function built inside. In the experiments results, CH 12 was TMoIP link and CH 13 was the direct
link, and we chose the TMoIP link specifically as the reference stream to see if the system could
lock on. CH 21 was the best output. Demonstration showed that the TMoIP link only suffered
from a 289.037 ms delay and the signal quality was mainly no different from a traditional network
link.
CONCLUSIONS
In this paper, several practical considerations about using satellite communication as TMoIP transmitting channel are discussed and benchmark link capacity and satellite parameters for six typical
test fields are calculated. Experiments show that satellite telemetry link can be error-free and only
suffer from average of 290ms time delay, which is acceptable for long range flight test monitoring
and technical assistance.
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Figure 2: Experiments results.
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ABSTRACT
Aimed at the problems of many test parameters, complicated lead wires, large additional weight,
lack of flexibility and expandability as well as low level of intelligence and networkability of
existing aircraft test flight test systems, with the application requirements of intelligent wireless
sensor network for flight test technologies as the lead, this paper makes research on key
technologies of intelligent wireless sensor network in aircraft flight test, and focuses on the
synchronous acquisition system architecture, real-time protection method, and data transmission
reliability checking method and the development of acquisition and recording system for
wireless sensor networks based on the iNET standard for aircraft flight test. Besides, this paper
also performs simulation and engine ground test verification which laid the foundation for the
application of intelligent wireless sensor network technology in aircraft flight test.
Keywords: Intelligent, Flight test, Wireless Sensor Network, iNET standard
1 Overview
As flight test cycles for new generation of fighter planes, large passenger planes, transport planes
and other military and civil aircrafts become tighter and the technology becomes more and more
complex, the requirements for test flight test systems are also increasing. However, existing
flight test systems have many problems, such as too many test parameters, complicated lead
wires, large additional weight, lack of flexibility, scalability, intelligence, low degree of network,
and also, the measurement accuracy and efficiency need to be improved. The Wireless Sensor
Networks (WSN) [1] provides a good measurement method for realizing high-efficiency, highprecision, low-weight, and intelligent aircraft flight test. The intelligent wireless sensor network
can greatly reduce the number of device lead and additional weight; Its local signal processing
function and parallel distributed information processing capability will greatly improve the
operational speed and decision-making reliability of the aircraft test flight test system; The selforganizing features can be adaptively adjusted to test the monitoring network topology. Structure
and monitoring area provide a very flexible test flight test system [2].
In recent years, due to the unique advantages of smart wireless sensor networks, more and more
research has been applied in the field of defense and aerospace. In China, since 2002, Nanjing
University of Aeronautics and Astronautics has independently developed a wireless strain sensor
network node for aeronautical structure monitoring, which is a high-speed wireless piezoelectric
node, and a wireless sensor network system; in 2007, an on-site static test for a fighter's nose
landing gear was conducted. The on-site static test has successfully monitored the strain of the

entire landing gear with a total of 43 points. The test results show that the network system has
accurate monitoring, strong anti-interference ability, flexible network configuration, good realtime testing, and high reliability.
2 The Overall Structure of Flight Test Intelligent Wireless Sensor Network Test System
The overall structure of the flight test smart wireless sensor network test system is shown in
Figure 1. It consists of an airborne wireless network data aggregation device, subnetwork
convergence nodes, distributed test nodes, Ethernet switches, and airborne wireless network
monitoring and control software [3].The system can be used as part of the on-board network test
system (vNET). The collected data is transmitted to the ground data management system (gNET)
through the radio frequency telemetry system (rfNET). Finally, the ground command center
analyzes and determines the flight status.
The distributed test node senses the operational status of the aircraft's component under test
through the sensor, on one hand; it stores the collected data locally. On the one hand, it sends the
collected data to the convergence node of the subnet. On one hand, subnet convergence nodes
form a subnet work to respond to network control commands, on the other hand, they complete
the network protocol conversion, network packet decapsulation, and then encapsulation to make
it conform to the iNET standard telemetry network system data packet structure, and then send it
to the network data packet and airborne wireless network data aggregation device. The airborne
wireless network data aggregation device collects and stores test data of the entire network by
forwarding the measurement and control commands and system configuration parameters. At the
same time, the test data is transmitted to the airborne telemetry system through the Ethernet
switch. The airborne telemetry system sends the network data flow to the ground. The data
management system completes real-time display and analysis of test data

Figure 1 Structure of Flight Test Intelligent Wireless Sensor Network Test System

3 Key Technologies of Intelligent Wireless Sensor Networks to be Solved in Flight Test
The airborne flight test, adopting long-distance measuring technique, is a highly comprehensive
system engineering technology and involves many subjects such as electronics, communications,
radio, computer, microelectronics, and sensing. Therefore, in order to better apply the intelligent
wireless sensor network to flight tests, it is necessary to focus on solving the following issues:
a.Network Time Synchronization and Transmission Reliability Technology of Airborne Wireless
Sensor Network Test System
There are hundreds of test nodes in the airborne wireless sensor network test system, which are
distributed at different locations on the aircraft. Due to the accumulative nature of the
transmission delay, the time synchronization error increases as the wireless communication jump
point or the network depth increase. By analyzing the relationship between link bandwidth, time
delay, random scheduling of the sensor network and network data transmission traffic and time
delay, comparing the congestion detection and control strategy of multiple wireless sensor
networks [4], and using equalized multiple hop times and transmission time as the equalization
target of the adaptive traffic equalization routing algorithm. The time synchronization method
based on the IEEE1588 PTP time synchronization and the pulse-coupled discrete phase
correction method are used to solve the synchronization problem [5].

The time synchronization of the airborne wireless network test system is divided into three layers.
The first-layer is synchronization between airborne wireless network data aggregation device and
primary clock of the switch through the IEEE1588 PTP protocol; the second layer is single-hop
synchronization between airborne wireless network data aggregation and the subnet aggregation
node through the IEEE 1588 PTP protocol; the third layer is time synchronization between subnetwork convergence node and the distributed test node. Each test node is synchronized under
the subnet aggregation node clock, and IEEE 1588 cumulative errors are corrected using the
random coupled discrete phase method. Random pulse coupling is used at each distributed test
node to achieve phase synchronization of the time synchronization period. The short-period
phase synchronization results are used to correct the IEEE 1588 time-synchronized multi-hop
cumulative error, resulting in relatively high time synchronization accuracy [6]. The time
synchronization flow chart of the entire system is shown in Figure 2.

Figure 2 Time synchronization flowchart of the airborne wireless network test system

b. Data transmission reliability technology of airborne wireless sensor network test system
Aiming at transmission reliability of flight test data, establish data transmission check method
and reliability transmission mechanism for wireless sensor networks, including network packet
loss rate modeling and analysis; data transmission check method suitable for flight test
requirements; the method of retransmission of packet loss data during flight test [7].
c. Airborne electromagnetic environment adaptability technology for airborne wireless network
test system
The electromagnetic environment adaptability design of airborne wireless network test system
mainly solves the existing space electromagnetic interference, internal electromagnetic
interference and shared-frequency interference within wireless network test system from several
aspects such as the selection of working frequency band of wireless network test system,
redundancy design and node electromagnetic compatibility design [8]. Firstly, when frequency

band is selected, avoid the more sensitive frequency band of the onboard device; secondly, if the
device is more sensitive to node communication, you can choose to avoid deploying nodes
around the device to prevent interference, or change the orientation of the node transmitting
antenna to avoid the main flaps interfere with sensitive equipment.
d. Network node energy pick-up technology of airborne wireless sensor network test system
The airborne wireless network test node provides three power supply methods, namely node
battery, airborne power supply and environmental energy acquisition. Each node can select one
or several methods for use according to the specific test environment and selecting power supply
method for designing power management module [9].
The battery power supply is the main power supply mode of the node, which can reduce the
cable connection and ensure the flexibility of the node arrangement. The on-board power supply
is mainly used to implement data recovery, a small number of sub-network convergence nodes
with high energy consumption, and airborne wireless network data aggregation devices.
The environmental energy acquisition power supply method is to convert mechanical vibration
energy and light energy existing in the on-board test environment into electrical energy to supply
power for nodes [10]. Since the output power of the energy acquisition module is closely related
to the available energy density of its working environment, this method is mainly used for test
nodes that can meet the energy acquisition conditions. As shown in Figure 3, the energy
acquisition module includes a transducer and energy storage. Among them, the transducer is
mainly responsible for converting vibration energy or light energy into electric energy, and the
proposed vibration energy transducer is a cantilever beam type piezoelectric vibration acquisition
device as shown in Figure 4.
Energy acquisition module

Energy storage

Energy
source

Transducer

Rectifier
circuit

Supercapacitor

Power
supply
module
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Figure 3 Energy Acquisition Module

Figure 4 Piezoelectric Vibrating Reed Structure

The power management module mainly performs power selection for nodes that use multiple
power supply methods. The power management module uses battery power by default. When the
onboard power supply is connected, the power management module will switch to the onboard
power supply and charge the battery that meets the charging conditions. For a node adopting the
environmental energy acquisition method, the power management circuit is switched to the
power supply of the energy collection module only when the super capacitor storage energy in
the energy collection module satisfies the node operating condition. By repeating the above logic
control, the power management module can switch between the battery power supply and the
other two power supply modes, thereby maximizing the power saving working time.

4 Conclusions
In this paper, combining with the requirements of flight test and the complex test environment on
board, the overall structure of the flight test intelligent wireless sensor network test system is
proposed, and key technologies such as the time synchronization, data reliability transmission
and power supply of the intelligent wireless sensor network in the flight test are presented. In
short, intelligent wireless sensor network technology can be flexibly and reliably used for flight
test tests without changing existing aircraft structures, avionics and other systems, and the
optional communication frequency bands involved can work simultaneously with C-band, Lband, and S-band that are commonly used in aircraft flight test systems without disturbing each
other. Therefore, intelligent wireless sensor network technology has a good application prospect
in the field of aircraft test flight testing.
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ABSTRACT
Several telemeters output RNRZ-L. This paper examines how to use software to decode the RNRZ-L to
NRZ-L.
INTRODUCTION
This paper is targeted for use by a programmer responsible for telemetry processing. It should be
relatively easy to drop the presented algorithm into a number of different programming languages. The essential
theory will be discussed, and the main algorithm will be presented.
THE BODY
NRZ-L Basics
As of IRIG 106-17 the randomizer and decoder documentation appears in Annex A.2, Section 3.4
(http://www.irig106.org/docs/106-17/annexa-2.pdf).
NRZ-L stands for non-return-to-zero - level. That means that each bit is represented by a logical high or
a logical low. It also means that the bit remains at one of the levels for the entire bit period.
The NRZ-L Problem
The main issue with NRZ-L is evident when attempting to reconstruct the clock signal. The “Bit Sync”
will look for data transitions from low to high or vice versa. However, it is possible to have several bits in the
stream that are identical. In other words, a long string of zeros or a long string of ones. When this happens the
bit sync has a more difficult time calculating the received bit rate and aligning the clock transitions to the data
stream.
Random Data
One observation that can be made involves the data stream from a PRN, or pseudorandom, signal. This
signal is spectrally flat, which means that it has an equal distribution of frequencies within a band-limited area.
(Note: The signal is not perfect, but is often much better than a normal data signal). This type of data has many
transitions, and has a specific maximum number of “all ones” or “all zeros”, which depends on the type of PRN
(e.g. PRN-11, PRN-15).

Randomizer

Figure 1: Randomizer block diagram [1]
As can be seen in Figure 1 there exists a simple block diagram for converting data to what is called
RNRZ-L data. The preceding “R” stands for randomized. The term “Randomized” is a bit of a misnomer. Truly
random data would contain no usable information. Here the term “Random” represents that fact that the circuit
acts on the data to make it more spectrally flat, which will make it easier to reconstruct the clock.
Randomized NRZ-L Decoder

Figure 2: Randomized NRZ-L decoder block diagram [1]

This paper will refer to the randomized NRZ-L decoder as a “Derandomizer”.
When we examine the block diagrams of the Randomizer and the Derandomizer we notice that the
Derandomizer is a reverse of the Randomizer. Figure 2 also shows the logic to indicate this. This process is
similar to addition/subtraction, multiplication/division, and derivative/integral. The original NRZ-L data can be
processed by both and remain the same, as long as the Randomizer comes first and the Derandomizer comes
second. Note: Noise will alter the signal, but we will not examine that here.
Software Algorithm
In order to process the RNRZ-L data in software it is best to think of the data as a collection of bits,
instead of single bits. CPUs tend to work in bytes, or multiples of bytes. This means that it can be more
efficient to work with something as a 32 bit word than 32 individual bits.
Figure 2 has a 15 bit shift register. It also has an input. Here we will treat the number in the shift register
as the index of the bit in the word. We will also treat the input as bit zero. That means that the shift register can
be treated as a single 16 bit word.
However, we are going to move the shift register to the upper 16 bits of a 32 bit word. Then we will
move the next 16 bits we want to process into the lower 16 bits. Then we can shift the entire word by one and
process the data. You may notice that the input data will need to be shifted up by one to be adjacent to the 15
bits of the shift register. Remember that.
The first process takes the last and the second to last bit and outputs the result of an exclusive-or. In this
case we are going to take the register, shift by one, and save it to another, temporary, register. Then we can run a
bitwise XOR on the two registers and save it to yet another temporary register. This means that we get all of the
bits we want processed all at the same time.
The next process takes the output from the first XOR and runs another XOR with the input data. Again,
if we align the data correctly we can process the bits all at once.
The result of the second XOR is the output of the Derandomizer.
Code Snippet
Here I have directly copied code from one of my C# projects.
The way my programs index the raw data from an IRIG 106 Chapter 10 file requires a “byte swap”.
This is essentially a big-endian vs. little-endian issue. So when the program reads the data in it does so two bytes
at a time and just swaps the bytes for the next step. This can be seen in “data1” and “data2”. You will also
notice that the algorithm is basically just the same thing twice. I hope this explanation makes the snippet more
readable.
You will notice that there is a shift of 7, an OR with the data, and then a shift of one. This will align the
data such that the first bit is adjacent to the shift register.
*Note: Remember to return the register word. It will need to be passed to the next packet’s data for use.
If the register is started fresh each packet you will introduce errors.

Code Snippet:
for (int i = 0; i < (packet.data_array.Length - 1); i += 2)
{
byte data2 = packet.data_array[i];

byte data1 = packet.data_array[i + 1];
RandomizerRegister = (RandomizerRegister << 7);
RandomizerRegister = (RandomizerRegister | (data1)) << 1;
UInt32 Rand2 = (RandomizerRegister << 1);
UInt32 Rand3 = (RandomizerRegister ^ Rand2);
UInt32 Rand4 = (Rand3 >> 16);
data1 = (byte)(Rand4 ^ data1);
RandomizerRegister = (RandomizerRegister << 7);
RandomizerRegister = (RandomizerRegister | (data2)) << 1;
Rand2 = (RandomizerRegister << 1);
Rand3 = (RandomizerRegister ^ Rand2);
Rand4 = (Rand3 >> 16);
data2 = (byte)(Rand4 ^ data2);
packet.data_array[i] = data2;
packet.data_array[i + 1] = data1;
}
Optimizations
It may be fairly obvious that there are several potential places for optimization. Feel free to experiment.
However, this paper focused on readability over optimization. It should be noted that I have used this as is in
both real-time and post-processing and it does not slow my programs down by very much.
Integration
I recently worked with someone to integrate the above code snippet into his Python code. Once he
altered his data types a bit it dropped right in with little modification. All it really required was to remove things
like “UInt32”, and to alter for other syntax issues.
CONCLUSIONS
Software derandomization can be integrated with little effort, and with little impact on performance.
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ABSTRACT
This paper includes analysis of aeronautical channel dynamics in flight simulations of the Link
Dependent Adaptive Radio (LDAR). LDAR system includes realistic measurement of the
throughput gain with the adaptation of the modulation and coding parameters for telemetry
applications. To increase the accuracy, channel dynamics have been incorporated in the
simulation. Dynamic channel simulator is developed by the customized two ray ground
reflection channel model including Doppler shift, delay spread, and other channel dynamics.
This paper shows the comparison of the performance of LDAR using both static and dynamic
channel. The impact of creating accurate simulation results with this dynamic channel simulator
reaches beyond LDAR and will help the telemetry community to improve the accuracy of
computer simulation in the design and pre-test stages.

INTRODUCTION
A Wireless communication setup consists of three major components: Transmitter, Receiver and
the Channel. The transmitter contains the information about data/message being transmitted and
the modulation/coding technique of data transmission. The receiver contains the technique of
effective data receiving and demodulation/decoding of the data to produce an accurate output.
Channel is the non-deterministic and non-configurable component of the system [4]. Wireless
telemetry uses radio channels for transmitting information. Radio communications in wireless
channel is challenging because of multipath frequency selective fading and various man-made
and natural interference. These issues are exacerbated by the dynamics of the high speed
aeronautical environment [5].
The performance of the transmitter and receiver can be controlled by configuring according to its
specification needed for the system. But channels are unpredictable and dynamic. Improved
channel quality ensures higher performance. On the other hand, poor channel conditions affect
performance in several ways such as noise, multipath and Doppler. Channel dynamics, specially
fading of channel becomes a bigger issue in highly dynamic environments such as aeronautical
communication where the speed of aircraft exceeds Mach1 [1,2].
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LINK DEPENDENT ADAPTIVE RADIO
Link Dependent Adaptive Radio (LDAR) is an effort to maximize the throughput for telemetry
links while ensuring an acceptable level of data quality and reliability [4]. LDAR chooses the
best modulation scheme while analyzing the current channel condition based on the channel
environment. This produces maximum throughput with mixed levels of link quality. As the
performance of channel changes, the modulation and coding rate for transmission will change
accordingly. Depending on the SNR or delay spread, if the communication channel quality is
high between the Ground Station and Test Article then LDAR adapts to a higher data rate
[1,2,4]. Conversely, having a low-quality channel (or when the error level crosses a predefined
performance threshold) the adaptive system provides a feedback which lowers the data rate
during the successive communication phases. This adaptation is achieved by altering the
modulation scheme or truncating the coding rate of the transmission [1-4].
In a previous work, a flight path simulator has been developed where flight scenarios have been
demonstrated to simulate the flight path for the Test Article (TA) and selects modulation
schemes based on channel condition [6,7]. The flight path demo of LDAR has three different
phases: Taxi, take off and Cruise as shown in Figure 1 below.

Figure 1: Flight path scenario of LDAR
Symbol error rate (SER) plays a vital role in the mode selection of LDAR. To dynamically adapt
the modulation scheme and coding rate depending on the channel performance, a threshold
parameter is necessary which holds the direct relation with the channel performance. SER is one
of the parameter that has the direct relationship with the channel performance. If we set an error
threshold at certain margin on the channel performance, transmitter can pick up the modulation
scheme to operate below the selected threshold error rate [4,5].
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Figure 2 shows the Symbol Error Rate (SER) for all the modulation schemes such as BPSK,
QPSK, 16 QAM and 256 QAM with no coding over the same flight path. The threshold shown
here is 10-4 and LDAR would select the highest throughput scheme (shown in black) below that
threshold. The channel selected here is static and excludes Doppler effects, delay spread,
multipath fading etc.

Figure 2: SER profile of the entire flight path with different modulation sizes
In a real-time scenario, the channel is not static. The real time channel is dynamic which includes
effect of delay spread and Doppler shifts for each path. To increase the accuracy of this
simulator, channel dynamics must be considered in this simulation.This paper shows the
incorporation of channel dynamics to the LDAR system simulation to observe and analyze its
effect.

DYNAMIC CHANNEL SIMULATOR
Using the two-ray ground reflection model, Doppler shift, and delay spread characteristics of any
flight scenario, dynamic channels could be generated. The channel simulation process starts by
identifying the number of taps from the impulse response of Dr. Rice’s channel [8]. One then
approximates the position of the taps and their amplitude from the impulse response. The
amplitudes are then normalized to the tap with highest amplitude. The other amplitudes are
determined from the amount of decrease which is normalized and subtracted from the highest
amplitude [5].
For our given flight path scenario, the Doppler and phase shift of the flight path (in the cruise
state) can be computed for each second of the flight duration using two ray ground reflection
model. Figure 3 shows the aeronautical two ray channel model for Doppler and phase shift
calculation for LDAR flight path scenario.
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Figure 3: Aeronautical channel model for any flight path
Knowing the speed and position of the test article, one can easily compute the distance and
height of the test article from the ground station as a function of speed and climbing angle for
each second,
(1)
distance, 𝑑(𝑡) = 𝑑(𝑡 − 1) + cos(𝜃(𝑡) ∗ 𝜈(𝑡))
(2)
height, ℎ(𝑡) = ℎ(𝑡 − 1) + sin(𝜃(𝑡) ∗ 𝜈(𝑡))
Where, 𝜃(𝑡) = climbing angle of the test article at time t
𝜈(𝑡) = speed of the test article at time t
Using the method of imagesfrom Rappaport [3], which is demonstrated in figure 4, the path
difference Δ, between the line of sight and ground reflection can be expressed as,
𝛥 = 𝑑′′ − 𝑑′ =  √(ℎ𝑡 + ℎ𝑟 )2 + 𝑑2 −  √(ℎ𝑡 − ℎ𝑟 )2 + 𝑑 2

(3)

Figure 4: The ‘method of images’ to find the path difference between the line of
sight and the ground station
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Using equation (1), (2) and (3) we can now calculate the path difference, delta, Δ. Once the path
difference is known, the phase difference 𝜃𝛥 and time delay 𝜏𝑑 ,between the arrival of two
components can be computed by the following relation,
2𝜋𝛥
𝛥𝑤𝑐
(4)
𝜃𝛥 = 
=
𝜆
𝑐
Using the two ray model, the phase difference in the two tones of the impulse response of a
channel can be calculated. Then the phase difference from one between the direct path and the
reflected path can also be modelled.
Modelling of the impulse response with delay and phase shift per tap is shown in figure 5 below.

Figure 5: Channel Impulse Response
Figure 5 shows, at each time 𝑡, each path arrives after a delay𝛥𝑡, which is a function of the
distances for the direct path 𝑑 and the reflected path 𝑑1 + 𝑑2, and each path arrives at an
amplitude 𝐴1and 𝐴2 at phases 𝜃1 and 𝜃2. We normalized these such that the direct path has an
amplitude of 1 and a zero phase and the reflected path has an amplitude 𝐴2 and a phase 𝜃2 −
𝜃1.The calculation of the angle increment per tap was performed using equation (4). [5].
Dynamic channel simulation has been developed to generate channel dynamics and then to
incorporate this in our LDAR flight simulation to ensure accuracy.
A sample channel has been simulated to visualize the effect of the null movement of the channel.
For example, let’s consider a two-ray airborne channel from Dr. Rice’s experiment. Snapshots of
the frequency response of Dr. Rice’s Channel are shown below in figure 6 [8]. Also, the
simulated dynamic channel responses for the same channel are shown below in the same figure
for comparison of null movement. [2]
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The moving null in the frequency response of the channels are observed in figure 6.
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Figure 6: (a) Snapshots of the frequency response of Dr. Rice’s experiment in 2 ray
airborne case; (b) Frequency response of dynamic channel simulator in 2 ray airborne case

EFFECTS OF CHANNEL DYNAMICS ON LDAR
The effects of channel dynamics on LDAR using the dynamic channel simulator for the entire
flight path has been analyzed. The Symbol Error Rate performance for 16 QAM with no coding
has shown below in figure 7 with the comparison of static channel.

Figure 7: SER performance of the entire flight path for 16 QAM
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The effect of the dynamic channel simulator on LDAR is dramatic. The error rate with added
dynamics of the aeronautical channel is close to 50 percent. Reduction of the Doppler values and
analyze the effect of the reduced Doppler on LDAR will help to understand the effects of SER
performance better.
As the Doppler calculation and frequency shift calculation directly depends on the speed and
angle of the aircraft (text article), a small change or reduction of the speed or the angle of the test
article will also change or reduce the frequency shift per sample per second. But the speed and
the angle of the aircraft is constant according to the specification of the flight path scenario
shown in figure 1.
Doppler calculation is also directly dependent on carrier frequency, which is assumed to be 1.5
GHz to match the exact specification of Dr. Rice’s channel. To reduce Doppler, we reduced
carrier frequency from 1.5 GHz to 1.5 MHz while calculating the Doppler values for the specific
flight path scenario. Along with the new reduced Doppler values, size of the modulation scheme
has also been reduced for better understanding the dynamic effects thus, simulated 4 QAM with
no coding [5].
Figure 8 shows the comparison of SER performance of the entire flight for 4 QAM with no
coding for both dynamic and static channel. It shows that with the reduced dynamic phase
changes there is an acceptable error perofrmance for dynamic channel to proceed further. In the
taxi and take-off phase of the flight, the error performance of the dynamic channel is comparabe
to the static channel. But in cruise phase, the error performance is quite similar.

Figure 8: SER performance of the entire flight for 4 QAM no coding
Next, we generated the SER peformance for dynamic channel of the enitre flight with different
QAM to analyze the error performance below and above the error thresahold, shown below in
figure 9.
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Figure 9: SER performance of dynamic channel for different modulation scheme for entire flight
The SER profile with different modulation schemes is really important for adaptation for the
radio to chose the best modualtion for transmission to ensure maximum throughput with an
acceptable error threshold, which is the core purpose of Link Dependent Adaptve Radio. With
the added dynamics, the modulation scheme selectionfor transmission in the taxi phase, looks
quite similar to the modulation selection of the static channel. But, a difference selection of
modulation in take-off and cruise phase is prominent.
After computing the SER profile of both dynamic and static channels,this data was incorporated
into the flight simulator to analyze the total transmitted bits of both channels through the entire
flight.Figure 10 shows the total transmitted bits of the entire flight, adapting different modulation
scheme for different phases by choosing the best SER compared to the SER threshold. Figure 10
also shows the iNET baseline fro transmitted bits for better comparison.

Figure 10: Total transmitted bits
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Figure 10 shows that for the dynamic channel, LDAR takes a longer time to switch to higher data
rates than the static channel. Althought the total tranismmited data of dynamic channel is
somewhat lower than the static channel, it is still above the iNET baseline.

ANALYSIS
From the results above, it is shown that the dynamic phase changes at 1.5GHz, particularly for
OFDM system, dramatically affects performance. But after decreasing the carrier frequency, the
phase shift effect on LDAR has better throughput with an acceptable error performance. Which
means the higher carrier frequency has higher effect than the lower frequency on LDAR in terms
of dynamicity. The reason behind it is the absence of frequency offset compensation in our
system. If a Phase Lock Loop (PLL) has been used for the frequency offset, that would eliminate
the higher error with higher carrier frequency [5]. In this section, different coding rate has been
applied along with different modulation scheme, to analyze the effects of coding rate on the
dynamic channel. Figure 11 shows the total transmitted bits of the system with different coding
for both dynamic and static channel.

Figure 11: Total Transmitted bits with coding
It shows that adding code rate improves the error performance but the error performance is
always worse than the static channel. It also shows that with half coding rate, the system
constantly switches to one modulation scheme to another depending on the acceptable error
threshold in different phases of the flight [5].
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CONCLUSION
In this project we have succesfully incorporated the aeronautical channel dynamics in LDAR
system and has analyzed its effect. These effects demonstrate, behavior of real channels where
frequency nulls in the spectrum “walk” across the spectrum as the test article moves. The error
performance of the dynamic channel was compared to the static channel model. Our work
indicates that a differential Doppler between the two paths represents a major 'dynamic' feature
of the channel that has been ignored in most prior work on aeronautical channel. For OFDM this
effect is significant and should be considered in any aeronautical OFDM, especially the
equalizer. Note that our other 2018 ITC paper [9] provides and analysis of the dynamics of the
channel over the range of flight paths and points to the use of an Adaptive Orthogonal Frequency
Division Modulation scheme as a way to resolve these channel degradations.
The inclusion of dynamic channel simulator in the LDAR simulator provides more realistic set of
results in a dynamic aeronautical environment. These dynamics could be critical in any modeling
of aeronautical telemetry and provide support for testing new communications payloads in
simulation prior to test flight.
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ABSTRACT
Due to the economic importance of spectrum allocation, modulation schemes traditionally used
in telemetry are being replaced with more spectrally efficient schemes. Amplitude and Phase
Shift Keying (APSK) is one modulation scheme being considered for implementation in aeronautical telemetry. However, an APSK modulated signal is vulnerable to nonlinearities of a transmitter’s RF power amplifier (PA). Driving a PA into saturation produces two undesired nonlinearities: amplitude-to-amplitude modulation (AM-AM) and amplitude-to-phase modulation (AMPM). This paper characterizes the PA in a C-Band transmitter using a 16-APSK test signal in terms
of these nonlinearities.
INTRODUCTION
Spectral efficiency has become a key concern of telemetry system design. Continuous phase modulation (CPM) schemes traditionally used in telemetry, such as shaped-offset quadrature phase-shift
keying (SOQPSK-TG), are not highly spectrally efficient due to their low number of bits per symbol. This has prompted the exploration of more spectrally efficient modulation schemes. This
paper is related to the potential implementation of amplitude and phase shift keying (APSK) in
aeronautical telemetry, specifically coded 16-APSK. The inherent advantage of 16-APSK compared to SOQPSK-TG is the higher number of bits per symbol and thus the increased spectral
efficiency. However, a significant tradeoff is an increased sensitivity to nonlinearities of a transmitter’s RF power amplifier (PA). Unlike CPM systems, in which the PA can be driven into full
saturation without regard to gain distortion, a system with a varying envelope like APSK could
experience bit errors due to the PA’s nonlinear behavior as it is driven into saturation. It should
be noted that APSK is more robust with respect to PA nonlinearities than other modulations with
similar spectral efficiencies like QAM [1].
An ideal PA has constant gain with respect to its input power level. However, the physical properties and limitations of semiconductors in real PAs cause non-ideal behavior at high input power
levels. As a result, as the PA is driven further into saturation, the gain begins to decrease, and the
[DISTRIBUTION STATEMENT A. Approved for public release; Distribution is unlimited 412TW-PA-18441]
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PA is no longer considered linear. This phenomenon is known as amplitude-to-amplitude modulation (AM-AM). The primary concern of AM-AM is its contribution to spectral regrowth and
resultant adjacent channel interference. This could be avoided by backing off the operating power
of the PA; however, the efficiency of the PA is reduced at power levels below its maximum saturated output power.
Additionally, running a signal through a PA distorts the phase between the input and output signals. This is known as amplitude-to-phase modulation (AM-PM). AM-PM can be quantified as
the change in phase for a 1 dB increment of PA input power. Naturally, the effects of AM-PM are
especially critical in systems using any type of phase modulation.
A popular, low-cost method for improving the linearity of a PA at higher input levels is digital predistortion (DPD). Implementing DPD in a system involves reshaping the input to the PA in a way
that accounts for the nonlinear behavior of the PA itself. There are various DPD algorithms based
on feedback from the PA output. Creating these feedback loops would require additional hardware
for the system, which was impractical for the transmitter used for this paper. Another DPD method
uses a simple lookup table between the input waveform and the PA to reshape the signal before
amplification. The lookup table is based on a single characterization of the PA rather than continuous feedback. This DPD method was investigated for this application, but it was considered
inapplicable due to the varying external conditions to which an aeronautical telemetry transmitter
is exposed.
This paper characterizes the PA in a telemetry transmitter in terms of its AM-AM/AM-PM performance. First, the PA operating frequency for the AM-AM/AM-PM tests is chosen by finding the
C-Band frequency that produced minimal phase distortion with a continuous wave (CW) signal.
Then, a PA testing software is used to measure the amplitude and phase distortion of the PA at
the selected frequency using a 16-APSK signal. In order to fully characterize the nonlinearities of
the PA, tests are performed with the PA running at its maximum rated output power of 40 dBm.
Because SOQPSK-TG has traditionally been used in aeronautical telemetry, the spectral characteristics of the 16-APSK signal are compared to the IRIG 106-17 frequency spacing standards for
SOQPSK-TG [2].
OPERATING FREQUENCY SELECTION
The first step for the AM-AM/AM-PM measurements was selecting the operating frequency for
the PA. This was achieved using the setup shown in Figure 1. CW signals at several C-Band
frequencies were used as the input to the PA. The input power was swept from -30 dBm until the
output reached 40 dBm. The phase distortion at 40 dBm output power for each operating frequency
was compared. The frequency at which the phase distortion was the smallest was chosen as the
operating frequency for AM-AM/AM-PM testing. The selected frequency was 4.845 GHz, at
which the phase distortion was measured as 0.04◦ /dB. For comparison, the phase distortion at
4.625 GHz was measured as -1.26◦ /dB.
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Figure 1: Test Setup for Operating Frequency Selection

TEST SETUP
The 16-APSK signal for testing was created in Keysight Signal Studio for Custom Modulation
using a PN9 payload. The constellation used comes from the DVB-S2 standard for applications in
digital television broadcasting [3]. The sampling rate was set to 5 Mbps. For the AM-AM/AMPM measurements, the 16-APSK waveform was used as the input in the Keysight Signal Studio
for Power Amplifier Test software. This software measures the power and phase at the input and
output of the PA using the setup shown in Figure 2. For the channel power measurements, a setup
similar to Figure 2 was used, but the measurements did not involve a PA test software program like
the AM-AM/AM-PM measurements. Instead, the spectral content of the PA output was observed
directly using the same vector network analyzer shown in Figure 1.

Figure 2: Test Setup for AM-AM/AM-PM Measurements

RESULTS
In the AM-AM/AM-PM results below, the data is shown along with a dashed line indicating the
ideal linear PA response. Figures 3 and 4 display AM-AM in two different ways. Figure 3 is
plotted as output power versus input power, and Figure 4 is plotted as gain versus output power.
Figure 5 displays the AM-PM data as the phase difference between the PA input and output versus
output power. The power sweep results for output powers of less than 20 dBm are omitted for
practical reasons.
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Figure 6 shows the spectrum for the test signal with two adjacent channels. The frequency separation and bandwidth come from the IRIG 106-17 standard for SOQPSK-TG channel spacing
[2].There is currently no telemetry channel spacing standard for 16-APSK. For a 5 Mbps bit rate,
this standard gives a 99% bandwidth, B99%, of 3.9 MHz. This standard also calls for a 6 MHz
spacing if both the interfering and desired signals are SOQPSK-TG signals. The center channel is
B99% for the 16-APSK signal at an output power well within the PA’s linear operating region, i.e.
before spectral regrowth, which was measured as 1.6 MHz. This spectrum is shown in Figure 7 for
comparison.

Figure 3: AM-AM as Output Power vs. Input Power

Figure 4: AM-AM as Gain vs. Output Power
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Figure 5: AM-PM

Figure 6: Channel Power at 40 dBm Output
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Figure 7: Channel Power at 30 dBm Output

ANALYSIS
The AM-AM plots show that the gain begins decreasing at an output power level approximately 3
dB below the PA’s maximum power level. This means that if the PA were implemented in a system with low-density parity check (LDPC) coding, the PA could safely be backed off to its linear
operating region without a significant impact on the system’s BER performance [4]. For example,
[4] states that a system using 16-APSK paired with a rate 2/3 LDPC code with a block size of
1024 could be backed off by as much as 6.09 dB while still outperforming SOQPSK-TG. A power
back-off could also put the PA close to its region of minimal phase distortion as shown in Figure 5.
As previously mentioned, backing off the power of the PA would result in a less efficient system;
however, these measurements show that the backed off power level may not need to be far from
the PA’s maximum efficiency power level.
Figure 6 shows the issue of spectral regrowth as AM-AM and AM-PM begin exhibiting effects.
It can be seen that much of the signal’s power has spread outside the 1.6 MHz channel in approximately 1 MHz wide shoulders, and the adjacent channel power level has risen by 3 dB compared to Figure 7. The data in Figure 7 shows the improvement in spectral efficiency of 16-APSK
without spectral regrowth compared to the standard SOQPSK-TG channel. Figure 7 also implies
that 16-APSK signals would require much less frequency separation than the current standard for
SOQPSK-TG. This is the main motivation for reducing AM-AM distortion and spectral regrowth.
Furthermore, Figure 7 shows that there is room in the channel for the addition of an LDPC code as
previously discussed.
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CONCLUSION
For spectrally efficient modulation formats to become more prevalent in telemetry systems, it must
be proven that these schemes can withstand the practical challenges of implementation. For 16APSK, a critical concern is the signal’s vulnerability to nonlinearities of the system’s PA. This
paper has quantified the distortion of a 16-APSK signal through the PA in a C-Band telemetry
transmitter. Future work could include measuring the loss in power efficiency incurred by the
PA after a power backoff and considering the tradeoff between this efficiency loss and improved
spectral efficiency.
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ABSTRACT
This paper begins by summarizing a recent advancement in the way that shaped offset quadrature phase shift keying (SOQPSK) waveforms can be viewed. This new viewpoint succeeds in
eliminating the need for SOQPSK to be thought of as a “special” kind of correlated, ternary continuous phase modulation (CPM). Instead, SOQPSK can be viewed as an ordinary, binary CPM.
We provide all of the details necessary to achieve a complete unification of SOQPSK models at
the waveform level, at the bit sequence level, and in terms of waveform initialization. With this
information, SOQPSK users can easily mix and match SOQPSK models at the transmitter and
receiver in order to make use of the advantages of each model.
INTRODUCTION
Over the past few decades, various models for shaped offset quadrature phase shift keying (SOQPSK) have been developed. The original motivation for SOQPSK was to yield a waveform with
continuous phase and constant envelope that had OQPSK-like characteristics. Out of this was developed special continuous phase modulation (CPM) model for SOQPSK [1, 2]. However, unlike
ordinary CPM waveforms, this model describes SOQPSK as a CPM waveform that is driven by
a correlated ternary data sequence. This model has since been used to describe the waveform itself in standards, i.e. [3, 4], and thus is always used in transmitter implementations that generate
SOQPSK waveforms. At the receiver, however, one has the flexibility of using the special CPM
detection model or a simple symbol-by-symbol OQPSK-type detection model, e.g. [5].
Recently, Othman et al. [6] developed a new model for SOQPSK that completely eliminates
the need for the correlated ternary CPM model for SOQPSK. They showed that SOQPSK can
be viewed as an ordinary binary CPM. Because of the need for mixing and matching models
1
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Figure 1: Transmission and Detection models for SOQPSK.

at transmitters and receivers, the introduction of this new model creates the need for a unified
presentation of all SOQPSK models and a detailed explanation of how to switch from one model
to another. The aim of this paper is to fill this need. In fact, our paper demonstrates that the
term “SOQPSK-TG,” along with its extensive list of attendant definitions, could be completely
removed from IRIG-106 and replaced with the term “binary CPM with h = 1/2 and an L = 9
custom frequency pulse,” with no additional definitions needed. Such a simplifying change could
be made with no tangible difference to the signal itself.
We begin by presenting the various signal models for SOQPSK. This presentation includes a
detailed description of the different data sequences used in each model, and how to switch between them. We also show how the IRIG-106 differential encoder figures into the situation. Our
consideration includes details on how these different sequences and waveforms can be initialized
to preserve their equivalence. We then give two detailed use cases that show how all of these details
can be properly applied.
CLASSICAL MODEL FOR SOQPSK AS A SPECIAL CPM
We consider the classical SOQPSK signal model with complex envelope [7]
r


Eb
exp j φS (t; a) + θS
sS (t; a) =
Tb

(1)

where Eb is the energy per information bit and Tb is the bit duration. The value of the static phase
offset θS is defined later. The time-varying phase term in (1) is a pulse train of the form
X
φS (t; a) = 2πh
αi qS (t − iTb )
(2)
i

where h = 1/2 is the modulation index. The phase response qS (t) is usually thought of as the
time-integral of a frequency pulse gS (t) with area 1/2 and duration LTb . The subscript “S” signifies
variables that belong to the classical SOQPSK model. There are multiple standardized versions
of SOQPSK, which differ from each other by the shape and duration of their respective frequency
pulses, gS (t). In this paper we focus on SOQPSK-MIL [3], which uses a full-response (L = 1)
rectangular frequency pulse (1REC), and SOQPSK-TG [4], which uses a partial-response (meaning LS > 1 and in this case LS = 8) custom pulse shape defined in [8, Eq. (5)] and plotted in [8,
Fig. 1].
The transmitted ternary symbols α = {αi } are derived from a binary antipodal input sequence
a = {ai } by a precoding operation [1]
1
αi = (−1)i+1 ai−1 (ai − ai−2 ),
2

ai ∈ {±1},
2

αi ∈ {−1, 0, +1},

(3)

Table 1: Key Parameters for the Different SOQPSK Signal Models.
Name

Native Sequence

Classical/Special CPM

a = {ai }

New/Ordinary CPM

γ = {γi }
a = {ai } or
b0 = {b0,i }

PAM/OQPSK

Derived Sequences
α = {αi } [Eq. (3)] and
γ = {γi } [Eq. (6)]
a = {ai } [Eq. (17)] or
b0 = {b0,i } [Eqs. (11) and (12)]
γ = {γi } [Eq. (6)]

Initialization
a−2 = +1, a−1 = −1,
θS = −π/4 (−45◦ )
γ−1 = −1
a−2 = +1, a−1 = −1, or
b0,−2 = +1, b0,−1 = −j

The precoder constrains the symbol sequence such that not every possible ternary symbol pattern
is a valid SOQPSK data pattern. For example, the ternary symbol sequences . . . , 0, +1, −1, 0, . . .
and . . . , +1, 0, +1, . . . are not possible due to the precoder. These constraints can be summarized
as [1]:
1. While αi is viewed as being ternary, in any given bit interval αi is actually drawn from one
of two binary alphabets, {0, +1} or {0, −1}.
2. When αi = 0, the binary alphabet for αi+1 switches from the one used for αi , when αi 6= 0
the binary alphabet for αi+1 does not change.
3. A value of αi = +1 cannot be followed by αi+1 = −1, and vice versa (this is implied by the
previous constraint).
We use the notation sS (t; a) to underscore the fact that a is driving the signal. The reason for
this non-obvious precoding operation is that (3) orients the phase of the SOQPSK signal in (1) such
that it behaves like the phase of an OQPSK signal that is driven by the i.i.d. bit sequence a. In fact,
a can be recovered directly from the received signal, with no additional steps, by a suboptimal
symbol-by-symbol OQPSK-type detector [9, 10]. Because of this, a = {ai } is viewed as the
“native” (or “original”) sequence for this signal model. Table 1 contains a row that summarizes
key parameters for the classical model for SOQPSK, some of which are explained in later sections.
NEW MODEL FOR SOQPSK AS AN ORDINARY CPM
In a recent paper by Othman et al. [6], the authors reformulated the precoder in (3) as

1
(−1)i+1 ai ai−1 + (−1)i ai−1 ai−2
2
1
= [γi + γi−1 ]
2

αi =

(4)
(5)

where
γi = (−1)i+1 ai ai−1 ,

γi , ai ∈ {±1}.

By inserting (5) into (2), they showed that the signal’s phase can be written as
X
φC (t; γ) = 2πh
γi qC (t − iTb )
i

3

(6)

(7)

where a different phase response is obtained as [6, Eq. (15)]
qC (t) =

1
[qS (t) + qS (t − Tb )] ,
2

(8)

This, in turn, implies the definition of a new frequency pulse fC (t) that has a duration one bit time
longer than fS (t), i.e. LC = LS + 1. We use a subscript “C” to signify variables that belong to
this new CPM model. Summarized succinctly, a ternary model for SQOSPK with qS (t) and LS is
identical at the waveform level with an ordinary binary antipodal (M = 2) CPM model with qC (t)
and LC .
Thus, the ordinary CPM scheme better known as M = 2, h = 1/2, 2REC is equivalent to the
SOQPSK-MIL waveform. The bandwidth efficiency of SOQPSK-MIL over MSK was previously
attributed to the correlation in the ternary data symbols. Now, this bandwidth efficiency is revealed
to be the result of lengthening the frequency pulse from 1REC to 2REC, which is entirely consistent
with standard CPM behavior e.g. [7]. Likewise, the SOQPSK-TG waveform gains its spectral
efficiency by using an even longer and smoother frequency pulse than originally conceived, with a
duration of LC = 9 bit intervals.
What (7) describes is an ordinary binary antipodal CPM whose native sequence is γ. The
complex baseband representation of this signal is
r
Eb
exp {jφC (t; γ)}
(9)
sC (t; γ) =
Tb
Table 1 contains a row that summarizes key parameters for the new CPM model for SOQPSK.
OQPSK MODEL FOR SOQPSK
Because of this new binary CPM model, SOQPSK signals are nothing more than regular MSKtype CPMs, i.e. CPMs that have M = 2 and h = 1/2. A popular and important way of handling
such CPMs is the PAM representation of CPM, originally developed by Laurent in [11]. This
representation offers a direct path for an OQPSK model for MSK-type CPMs. A binary CPM
signal can be exactly represented as
r N −1
Eb X X
sC (t; γ) =
bk,i gk (t − iTb ),
N = 2LC −1
(10)
Tb k=0 i
where the pseudo-symbols {bk,i } and signal pulses {gk (t)} are found via the formulas in [11]. For
SOQPSK-MIL, the exact representation consists of N = 2 signal pulses plotted in Figure 2 (a).
For SOQPSK-TG, the exact representation consists of N = 256 signal pulses, the first four of
which are plotted in Figure 2 (b). As these plots show, the first signal pulse—called the main pulse
by Laurent and the principal pulse by others, e.g. [12]— carries nearly all the signal energy.
For MSK-type CPMs, the main pulse also carries all of the information [11], and its pseudosymbols can be formulated by defining a phase state index
" i
#
X
Ii =
γl
(11)
l=−∞
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Figure 2: (a) The two signal pulses that result in the exact PAM representation of SOQPSK-MIL. (b) The
first four signal pulses in the approximate PAM representation of SOQPSK-TG.

which then appears in the exponent of the pseudo-symbol
π

b0,i = ej 2 Ii = j Ii ,

b0,i ∈ {±1, ±j}

(12)

where the mod 4 operation in (11) and the value π/2 in (12) stem from the modulation index being
h = 1/2 [7].
Using the main pulse alone, the OQPSK approximation of the SOQPSK signal is given by
r
Eb X
sO (t; a) =
b0,i g0 (t − iTb )
(13a)
Tb i
r
r
Eb X
Eb X
=
jai g0 (t − iTb )
(13b)
ai g0 (t − iTb ) +
Tb i even
Tb i odd
where the sequence a in (13b) is the same as the one in (1) because of the arguments presented
in [2]. Thus, we have
(
Re {b0,i } i is even
ai =
(14)
Im {b0,i } i is odd

We further manipulate this expression, assuming i is even, as


ai = Re j Ii = Re j γi j Ii−1

Because γi ∈ {±1}, then j γi ∈ {±j}, where the sign follows the sign of γi . Consequently

ai = Re j γi j Ii−1 = −γi Im{j Ii−1 } = −γi ai−1

(15)
(16)

Repeating the above steps when i is odd yields the inverse relationship to (6) as
ai = (−1)i+1 γi ai−1

(17)

This provides the final link between a and γ. Also, as (13) and (14) indicate, the pseudo-symbols
{b0,i } are simply the binary antipodal sequence a expressed in an alternating inphase/quadrature
format. Table 1 contains a row that summarizes key parameters for the PAM/OQPSK model for
SOQPSK.
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IRIG-106 DIFFERENTIAL ENCODING SCHEME FOR SOQPSK
The IRIG-106 standard specifies a differential encoding scheme for SOQPSK. We now show
how this differential encoding scheme is equivalent to the γ ↔ a relationship above. The differential encoder and decoder are specified in [4, Appendix M] using logical (Boolean) variables and
notation; however, for our present purpose, we must convert these variables to an antipodal format.
We denote a logical variable with a 0 mark, i.e. γ 0 ∈ {0, 1}, and its antipodal counterpart without
such a mark, i.e. γ ∈ {±1}. There are two possible mappings between logical and antipodal
variables. Although it is less common, the mapping
(18)

γ = 1 − 2γ 0

yields the equivalence we seek to demonstrate.
The differential encoder has input sequence γ 0 = {γi0 } and output sequence a0 = {a0i }. The
relationship between these sequences is defined as [4, Appendix M]
(
γi0 ⊕ ā0i−1 i is even
0
ai =
(19)
γi0 ⊕ a0i−1 i is odd
where even-indexed bits correspond to inphase (I) bits and odd-indexed bits correspond to quadrature (Q) bits, ā0 is the logical (Boolean) complement of a0 , and ⊕ is the Boolean XOR operation.
The inverse of this relationship, i.e. the differential decoder, is defined as [4, Appendix M]
(
a0i ⊕ ā0i−1 i is even
(20)
γi0 =
a0i ⊕ a0i−1 i is odd
The antipodal equivalents of (19) and (20) are, respectively,
(
−γi ai−1
ai = (−1)i+1 γi ai−1 =
γi ai−1
and
γi = (−1)i+1 ai ai−1

(
−ai ai−1
=
ai ai−1

i is even
i is odd

(21)

i is even
i is odd

(22)

For example, when i is even in (19), the operation of the differential encoder can be described as
“the value of a0i is the opposite of a0i−1 when γi0 = 0.” When i is even for the antipodal version
in (21), its operation can be described as “the value of ai is the opposite of ai−1 when γi = +1.”
These two statements are equivalent for the logical-to-antipodal mapping of 0 −→ +1 in (18).
Additional statements such as these verify the expressions above.
As (21) and (22) demonstrate, the γ ↔ a relationship in the IRIG-106 differential encoder is
identical to the relationship shown earlier in (6) and (17).
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INITIALIZATION SCHEME
Table 1 defines initial values that must now be explained. The OQPSK model assumes in (14)
that bits transmitted during even-indexed bit times are I bits, and bits transmitted during oddindexed bit times are Q bits. We define n as the current bit index, where nTb ≤ t < (n + 1)Tb . An
initial value of γ−1 = −1, with all prior values initialized as
i ≤ −2

γi = 0,

(23)

introduces a π/2 (−90◦ ) phase value in (12) that results in b0,−1 = ja−1 = −j. This also means
that b0,−2 = a−2 = +1. With this initialization (or an equivalent one based on γ−1 = +1), the
transmission will commence with an I bit at n = 0, i.e. b0,0 = a0 ∈ ±1.
However, the work of Othman et al. [6] exposes the necessity for one more initialization. In (5),
the phase input for the first transmitted bit γ0 is divided into halves, which are delivered in the
consecutive bit intervals belonging to n = 0 and n = 1. This consecutive input behavior is also
the case for all subsequent γi , i.e. {γi }i≥0 . However, this repetition does not happen for the initial
symbol γ−1 , where only one half of its value is delivered when n = 0 and the other half never at
all. As such, there is a discrepancy between the classical model for SOQPSK and the other two
signal models of one “half-symbol” that cannot be resolved by initial symbols alone. We resolve
this with a static phase offset of θS = −π/4 (−45◦ ) in the SOQPSK signal in (1). The initialization
values in Table 1 are now fully explained.
The correctness of these initialization values—in particular θS = −π/4—is verified by the
sample signals plotted in Figures 3 and 4 for SOQPSK-MIL and SOQPSK-TG, respectively. In the
case of Figure 3 (SOQPSK-MIL), there is no observable difference between the classical SOQPSK
model and the new CPM model. The slight difference between the OQPSK/PAM model and the
other two models is due to the fact that only the main PAM pulse from Figure 2 (a) is used to
generate the example signal.
In the case of Figure 4 (SOQPSK-TG), the OQPSK/PAM model and the other two models
differ again due to the main pulse approximation from Figure 2 (b). However, there is also an
initial transient difference between the classical SOQPSK model and the new CPM model. This
transient is due to the fact that the LC = 9 CPM phase response is initialized mostly with zerovalued γi symbols, as specified in (23). A value of zero does not belong to the binary antipodal
alphabet in the strict sense, but it does belong to the ternary alphabet. Thus, there is a transient
mismatch between the γ and a sequences. Such a sequence of ternary zeroes could be generated by
(−1, +1) pairs for the γi symbols. Pre-pending three such pairs (all the way back to γ−7 = −1 and
γ−6 = +1) will eliminate this transient discrepancy altogether yet will still preserve the expected
ordering of I/Q bits. In the case of SOQPSK-MIL, the LC = 2 CPM phase response already has
a valid binary antipodal symbol for its initial value and such pre-pending is not necessary. We
have opted for a “one-size-fits-all” initialization scheme in Table 1, with the understanding that
users who specialize only in SOQPSK-TG may wish to adopt the additional initialization values
mentioned above.
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Figure 3: Sample signals for the three signal models for SOQPSK-MIL (the real part is shown in the upper
plot and the imaginary part is shown in the lower plot). There is no observable difference between the
classical SOQPSK model and the new CPM model. The OQPSK/PAM model shows slight differences
because only the main PAM pulse in Figure 2 (a) is used.
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Figure 4: Sample signals for the three signal models for SOQPSK-TG (the real part is shown in the upper
plot and the imaginary part is shown in the lower plot). There is an initial transient difference between
the classical SOQPSK model and the new CPM model that could be resolved with a different initialization
scheme. The OQPSK/PAM model shows slight differences because only the main PAM pulse in Figure 2 (b)
is used.
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USE CASE #1: A SYSTEM WHERE γ IS THE INFORMATION SEQUENCE:
A.K.A. IRIG-106 DIFFERENTIAL ENCODED SOQPSK
We now explore detailed use cases based on Figure 1. We first consider an arrangement where γ
serves as the information sequence and the transmitter implements the ordinary CPM model. If we
pair this transmitter with its matching CPM detection model, then the entire end-to-end system is
well understood [7]. As described in [7], the detector uses a Viterbi algorithm (VA) implementation
with a 2pM LC −1 state trellis, where p = 2 is the denominator of h = 1/2 = 1/p; this yields in an
8-state trellis for SOQPSK-MIL and a 1024-state trellis for SOQPSK-TG. Such a trellis tolerates
phase shifts of 2π/(2p) = π/2 without any negative effects and requires timing to be resolved
on a single bit basis only. Using the “tilted phase” model [13], the trellis size can be reduced to
pM LC −1 states (4 states for SOQPSK-MIL and 512 states for SOQPSK-TG); however, the tiltedphase trellis is tolerant of 2π/p = π phase shifts and it must resolve symbol timing of even and
odd bit intervals. Another consequence of tilted phase is that a timing shift of a single bit interval
and a phase shift of ±π/2 (i.e. an even/odd–I/Q swap) are indistinguishable from each other at the
receiver.
For all SOQPSK versions and trellis types, the minimum and second minimum squared Euclidean distances, respectively, belong to sequence pairs that satisfy [8]
γ̂ − γ = ±{. . . , 0, +2, −2, 0, . . .}

(24a)

γ̂ − γ = ±{. . . , 0, +2, +2, 0, . . .}

(24b)

and

We note that these error events result in pairs of bit errors. We also note the above insensitivity
to certain phase and even/odd–I/Q shifts, and in fact, we have shown the equivalence between the
γ ↔ a relationship and the IRIG-106 differential encoder. The IRIG-106 standard specifies the
following sequence of three steps needed to generate a SOQPSK signal:
γ −→ a −→ α −→ sS (t; a)

(25)

Based on our efforts above, the following single step results in the same signal:
γ −→ sC (t; γ)

(26)

as verified by Figures 3 and 4.
A variation of this use case is to pair the ordinary CPM transmitter with the classical SOQPSK
detector or an OQPSK detector. Here, the sequence initially detected by these models is their
native one, â, which according to Table 1 can be converted to the desired information sequence γ̂
by feeding it through (6), which is equivalent to the IRIG-106 differential decoder in (20) and (22)
when the proper antipodal-to-logical conversion is used.
USE CASE #2: A SYSTEM WHERE a IS THE INFORMATION SEQUENCE
The other arrangement of Figure 1 we explore is where the information sequence is a. There has
already been a thorough investigation of classical SOQPSK transmitters paired with their matching
9

detectors, e.g. [8, 14]. Therefore, we consider a different configuration where an ordinary CPM
transmitter is paired with its matching detector. Because γ is the expected input for the ordinary
CPM transmission model, we pass a through (6) to obtain γ at the transmitter. At the receiver,
the ordinary CPM detector initially detects its native sequence, γ̂, which according to Table 1
can be converted to the desired information sequence â by feeding it through (17). Although the
difference sequences γ̂ in (24) contain pairs of errors, when subjected to the mod-4-accumulate
operation in (11), the second error either cancels with the first, as in (24a), or sums to 4, as in (24b),
resulting in an â sequence with a single bit error. This demonstrates how an end-to-end CPM-type
transmission can occur without differential encoding, i.e. with error events consisting of single-bit
errors (as was done in [15]). Such a configuration without differential encoding is needed, for
example, when SOQPSK is paired with an LDPC code [16, 4].
A variation of this use case is to pair the ordinary CPM transmitter with an OQPSK detector.
Eq. (6) is again used to obtain γ at the transmitter. At the receiver, the OQPSK detector yields its
native sequence, â, without the need for any additional processing.
CONCLUSION
The above use cases have drawn out the fact that enhancements for SOQPSK and CPM have
unfolded on separate but parallel tracks, e.g. both have had their trellis size reduced by a factor of
two with an accompanying impact on the synchronization behavior of the receiver, both have been
used with and without differential encoding, etc. Prior to the work of Othman et al. in [6], there
was no way to connect or unify these developments. Now that this unification has been established,
these examples demonstrate that the classical SOQPSK model as special CPM is entirely redundant
and can be discarded without consequence. In other words, SOQPSK is fully encompassed by an
ordinary CPM model.
Establishing the equivalence of the waveforms is one important step. The other necessary
detail we addressed is to establish the equivalence between the binary sequences used to drive
the different waveform models. A related task is the proper initialization of these sequences and
waveforms. The information in Table 1 provides this additional unification.
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OPTIMUM PARAMETER COMBINATIONS FOR MULTI-H
PARTIAL RESPONSE CONTINUOUS PHASE MODULATION
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ABSTRACT
It is well known that partial response CPM signals usually have better spectral efficiency than full
response CPM signals, and the performance of CPM signals can be further improved by
combining with multi-h phase codes. According to IRIG 106, the ARTM CPM waveform, a kind
of multi-h partial response continuous phase modulation (CPM), has almost three times the
spectral efficiency of PCM/FM and approximately the same detection efficiency of PCM/FM.
This paper presents other optimum parameter combinations for multi-h partial response CPM, by
taking the minimum Euclidean distance, spectral efficiency and detection complexity as judgment
criterions.

KEY WORDS
Multi-h Partial Response Continuous Phase Modulation, Optimum Parameter Combinations,
Minimum Euclidean Distance, Spectral Efficiency, Detection Complexity.

INTRODUCTION
CPM is a non-linear modulation with memory, since the consecutive symbols are correlative with
each other. CPM signal with the characteristic of constant envelope has a certain tolerance against
the non-linear distortion caused by non-linear power amplifiers, so as to greatly simplify the
design complexity of communication system. Also, the characteristic of continuous phase can
reduce the spectrum sidelobe, so as to decrease the channel interference. It is known that the
performance of CPM signals can be improved by combining with multi-h phase codes [1-2].
In general, CPM signals can be represented as

2E
cos(2 f ct   (t , a)  0 ),
T

s(t , a) 

  t  

(1)

Where E denotes symbol energy, T denotes symbol duration, f c denotes carrier frequency,

 (t , a) denotes the information bearing phase and 0 is the initial phase.
It is well known that partial response CPM signals usually have better spectral efficiency than full
response CPM signals, and the performance of CPM signals can be further improved by
combining with multi-h phase codes [1]. For multi-h partial response CPM signal, its modulation
index changes cyclically at the end of every symbol interval over k values H k   h0 , h1 ,

, hk 1  .

In equation (1),  (t , a) can be expressed as:

 (t , a)  2

n



i  n  L 1

n L

ai hi q(t  iT )    ai hi   (t , an )   n ,

nT  t  (n  1)T

(2)

i 

where  (t , an ) denotes the instantaneous phase, which means the changing portion of the phase
in the current symbol interval;  n denotes the cumulative phase before the current symbol; ai
denote information symbols in the M-ary alphabet: ai 1, 3,...,  M  1 ; hi are modulation
indices, hi = hi mod k ; q (t ) is the phase function, which can be expressed as the integral of a
certain frequency pulse g (t ) :
t

q(t )   g ( )d

(3)

0

Two commonly used frequency pulse shapes g (t ) are listed in Table 1.
Table 1 Frequency pulse shapes of CPM
LREC

 1
, 0  t  LT

g (t )   2 LT
0, otherwise

2 t
 1
[1  cos(
)], 0  t  LT

g (t )   2 LT
LT
0, otherwise

LRC

According to IRIG 106, the ARTM CPM waveform, a kind of multi-h partial response CPM, has
almost three times the spectral efficiency of PCM/FM and approximately the same detection
efficiency of PCM/FM [3].
ANALYSIS ON ERROR PERFORMANCE
The minimum Euclidean distance between all possible pairs of the transmitted signal sequences is
the most useful criterion for evaluating the error performance of CPM schemes with MLSD. The
squared Euclidean distance between any two signals s(t , α ) and s(t , β) corresponding to the
two symbol sequences α and β , which split apart at time t = 0 and remerge later, is defined as
[4]
n 1

D2   
i 0

( i 1)T

iT

2

 s(t , α)  s(t , β) dt 

2 E n1 ( i 1)T
1  cos  (t , α)   (t, β)dt

T i 0 iT

(4)

where n is observation interval length, D 2 is additive from interval to interval and depends on
the phase difference  (t , α )   (t , β) .
The minimum Euclidean distance

Dmin is the minimum overall Euclidean distances

corresponding to all possible merging events. For multi-h schemes, the minimization also is
performed over all cycled shifts of hi values. When n is sufficiently large, the largest
minimum Euclidean distance (i.e. the free distance) is obtained. It can be shown that any pair of
signal sequences achieves the free distance within a small number of symbol intervals [5].
2
Generally, the minimum squared Euclidean distance d min
is normalized with respect to the bit

energy Eb as [4]
2
d min


where

2
Dmin
2 Eb

(5)

Eb 

E
log 2 M

(6)

The error rate performance of any wideband CPM signal system is usually expressed in terms of
the minimum squared Euclidean distance of signals. In fact, only at high SNR, the asymptotic
error probability is approximately given by [4],

 d2 E 
Pe  Q  min b 

N0 

where Q(.) is the standard Q function.

(7)

It is seen from equation (7) that the performance of a CPM system can be improved by increasing
the minimum Euclidean distance. Multi-h phase code is one such technique, which can be used to
increase the minimum squared Euclidean distance [1].
An upper bound on the minimum squared Euclidean distance, called d B2 , can be obtained by
calculating the distance for all pairs of phase paths in the trellis giving a first inevitable merge, a
merge which occurs independently of the values of modulation indices [1]. The basic idea behind
the multi-h continuous phase modulation (MHCPM) concept is to delay the first inevitable merge,
thus creating a possibly larger minimum squared Euclidean distance.
Error performance of multi-h partial-response CPM signals is analyzed in [6]. It shows that, with
certain parameter combinations, multi-h partial-response CPM signals have very significant
improvement in error performance over the l-h CPFSK.

ANALYSIS ON SPECTRAL EFFICIENCY
The bandwidth that a signal occupies is an important aspect of its total performance, as important
as its error performance. Many methods have been developed for calculating the power spectra of
CPM [1-2,7-12]. Most of these methods fall into three categories: the direct approach [7-8],the
Markov chain approach [9-10], and the autocorrelation function approach [11-12].
In the direct approach, the power spectrum is obtained by the Fourier transform of a finite-time
segment and taking the expectation or average value with respect to the random phase and data
sequence. This general method has the ability to provide exact spectral density calculations, via
numerical integration. The power spectral density of 2-h CPM signals is computed by this
method in [8]. The same principle can be used for M-ary multi-h partial response CPM signals.
Since the MHCPM signal has a periodic phase trellis with q phases at each level, time-varying

with a period of k, then the MHCPM signal can be described as a Markov chain approach,
numerical integration usually is not required. The major drawback of this approach is the need to
pay careful attention to the state modeling of the multi-h phase code [9]. The computational
complexity grows exponentially with M. Furthermore, the state model changes for different
modulation index sets H k   h0 , h1 ,

, hk 1  .

In the autocorrelation function approach, the power spectrum is computed by the numerical
Fourier transform, so the numerical integration is required. The power spectrum of MHCPM is
calculated by the efficient method applicable for correlated data symbols [11], where the
computational complexity is polynomial in k.
In general, the roll-off of spectral sidelobe of MHCPM is determined by the smoothness of the
frequency pulse shapes g (t ) . It is known that the spectral envelope decays as f 2( m1) , if the
m-th order derivative of g (t ) is the lowest order, which is not continuous everywhere [13]. The
width of the spectral main lobe increases with increasing h and M.

NUMERICAL RESULTS
When we choose optimum parameter combinations for multi-h partial response CPM, we not
only consider the error performance and spectral efficiency, but also consider the detection
complexity. Thus, we have the following restrictions,
(a) H k : the cycle k of modulation index is not more than 2, the modulation indices hi are
rational numbers;
(b) M : the modulation radix is not more than 4;
(c) g (t ) : the frequency pulse shape is LRC or LREC, L is not more than 3.
Generally, multi-h partial response CPM signals with LRC frequency pulse shape have better
spectral efficiency than multi-h partial response CPM signals with LREC frequency pulse shape.
According to the numerical results, multi-h partial response CPM signals with LRC frequency
pulse shape also can produce higher minimum squared Euclidean distances than multi-h partial
response CPM signals with LREC frequency pulse shape. Thus, we focus on 4-ary multi-h partial
response CPM signals with 3RC frequency pulse shape.
In this section, the minimum squared Euclidean distances and normalized 99% bandwidths of
4-ary multi-h partial response CPM signals with 3RC frequency pulse shape are presented. Table

2 lists three representative optimum parameter combinations for 4-ary multi-h partial response
CPM signals with 3RC frequency pulse shape. H k  8/13, 9/13 is the representation of high
coding gain.

H k   3/15, 4/15

is the representation of high bandwidth efficiency.

H k   6/16, 7/16 is the representation of a tradeoff between coding gain and bandwidth
efficiency. As references, for CPFSK signal ( h = 0.7, pre-modulation filter with -3 dB point at
2
0.7 times the data rate), the minimum squared Euclidean distances d min
is 2.43, the normalized
2
99% bandwidth is 1.17; for ARTM CPM signal, the minimum squared Euclidean distances d min

is 1.29, the normalized 99% bandwidth is 0.56. Furthermore, All these 4-ary multi-h partial
response CPM signals almost have the same level of detection complexity as ARTM CPM, but
have more detection complexity than CPFSK.
Table 2

Optimum parameter combinations for multi-h partial response CPM
Frequency
Minimum Squared
Modulation
Modulation Radix
Pulse Shape
Euclidean Distances Normalized 99%
Index H k
M
Bandwidth
2
g (t )
d min
4
4
4

3RC
3RC
3RC

(8/13, 9/13)
(6/16, 7/16)
(3/15, 4/15)

5.131
3.614
1.028

1.11
0.74
0.49

CONCLUSION
This paper analyzes the error performance and spectral efficiency of multi-h partial response
CPM signals, which generally have better spectral efficiency than full response CPM signals.
And three representative optimum parameter combinations for 4-ary multi-h partial response
CPM are proposed.
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ABSTRACT
In November 2017, a contract was awarded to Raytheon Missile Systems to
develop a new advanced telemetry system for the U.S. Navy’s Range Support
Aircraft. Based within the Gulfstream 550 airborne early warning airframe,
Raytheon’s modern solution will offer multirole capabilities in telemetry data
collection and re-transmit, range surveillance and clearance, flight termination, and
communications relay. This paper will detail the current status of the integration
of these systems into the airplane, along with the one major developmental system
called CBITS (Commercial Based Instrumentation Telemetry System).
KEY WORDS
Airborne Telemetry, Range Support Aircraft, Airborne Command Transmitters
BACKGROUND
NAVAIR relies on different kinds of Research, Development, Test and Evaluation
(RDT&E) aircraft including Range Support Aircraft (RSA) for all users of NAVAIR
ranges. At the Naval Air Warfare Center Weapons Division (NAWCWD), the RSA
are considered key pieces of NAVAIRs RDT&E infrastructure for test items on the
vast open-air/sea ranges at Point Mugu and China Lake, California.
Weapons and systems under test at these ranges often travel beyond the line-ofsight of ground-based instrumentation, therefore there is a need for airborne
platforms such as the RSA to provide over-the-horizon range safety and clearance,
telemetry tracking, relay and recording, missile destruct (if necessary), photometric
tracking and recording, and other range management and support functions while
far away from land-based systems. As a result, these aircraft have been an integral
part of the ranges since their establishment in the early 1940s.

From the 1950s until today, there have been numerous types, models and series
of RSA that have been developed, evolved, modified, and then stricken when the
airframe’s useful life was expended. In the early 1980s NAVAIR developed eight
NP-3D aircraft for use in the RSA role. These aircraft were re-worked versions of
the original P-3A airframe. They were extensively modified for the Sea Range
support mission. Three of these had sophisticated phased array telemetry
antennas bolted onto the tail of the aircraft. In addition to telemetry systems, the
aircraft included the ability to monitor communications, clear and monitor range
safety hazards, control range boundaries, and coordinate all of the entities
necessary for a live flight test event.
The current NP-3D phased array antenna systems operate only in the S-band
frequency range for telemetry, are more than 30-years old, and both the antenna
and the controlling computer system are degrading to the point where they will be
inoperable in the near future. The single remaining NP-3D, after many depot
cycles, will soon reach the end of its airframe service life and is becoming critically
unsupportable.
This unique airborne RDT&E system is the only long-range airborne system
capable of fully supporting Navy, Air Force, Army and other Department of Defense
(DoD) and non-DoD programs in the gathering and analysis of long-range
telemetry data. Furthermore, frequency consolidation by the Federal
Communications Commission (FCC) and the increased complexity and scope in
testing for major programs of record require a significant growth in telemetry
capability over the current limited S-band system.
Retaining the ability to collect decision-quality test data over long periods of time
and distances, and ensuring the safety of aircraft systems, operators and the range
is a critical piece in sustaining the range infrastructure. DoD and Navy strategic
and tactical weapons systems continue to require test points beyond the line-ofsight of range control rooms – especially on vast sea ranges and over the open
ocean. The ability to conduct range safety functions and hazard pattern control
while airborne and away from DoD ranges (such as hypersonic weapons) is also
a requirement.
The value of range data for RDT&E customers lies in the fact that it provides critical
technical and performance data for systems under test – information such as
velocities, accelerations, engine temperatures, fuel status, engine turbine speeds,
and outer temperature – and enables real-time analysis and decision making
during complex test events. In addition, quality telemetry data supports rapid posttest failure analysis and critical milestone decisions. In order for the program to
move forward and make the best time/money/performance-based decisions, it’s
hard to beat valuable decision-quality data from airborne telemetry.

UPDATED AND MODERN RSA
A collaborative effort has been ongoing since 2006 to ensure all requirements for
a replacement RSA are established. The acquisition team consists of AIR-5.0 Test
& Evaluation leadership, AIR-2.0 Contracts, AIR-5.2 Ranges and AIR-5.1 test
squadrons for mission equipment and airframe expertise, AIR-6.0 Logistics for
sustainment, and Tactical Airlift Program Office (PMA-207) as the designated
program manager for Commercially Derived Aircraft (CDA). This project to
develop a new RSA is divided into two phases: Phase I is for the procurement of
a replacement RSA CDA airframe with common avionics and related range safety
systems under PMA-207, and Phase II will provide the RSA CDA aircraft as
government furnished property to Raytheon-Ktech (Albuquerque, NM). This
company will develop a tri-band (L, S and C) telemetry system, and procure and
integrate the telemetry system along with additional mission equipment into the
RSA CDA airframe. The telemetry effort will be paid for with Central Test and
Evaluation Investment Program (CTEIP) funding via the Commercial Based
aircraft Instrumentation and Telemetry System (CBITS) project.
CBITS originated as the Next Generation Range Support Aircraft (NGRSA) in
FY2005. NGRSA transitioned into a T&E/S&T-managed risk reduction effort
consisting of two projects, Airborne Telemetry Phased Array (AirPA) and Universal
Beamforming Technology (UBT), both successfully completed in FY2015. Based
on the successful progress of both T&E/S&T projects during FY2014, the Navy
finalized the acquisition strategy for procurement of a Gulfstream G550 as the
Telemetry Range Support Aircraft (TRSA) platform and CTEIP initiated the CBITS
project into Phase 0.
CBITS will provide L-, S- and C-band multi-target telemetry tracking and reradiation capability for a FY18 build and a FY21 Initial Operational Capability (IOC).
The G550 AEW airframe was selected based on its size, weight, power, and
cooling properties. It has the capacity to host robust telemetry systems and
antennas – up to a total area of 125 square feet. This new, modern, phased-array
telemetry system will have the capability to support major programs in complex,
robust and dynamic test environments for the next 25 years or more.
CURRENT STATUS
In FY2016, PMA 207 awarded the contract to Gulfstream Corporation (Savanah,
GA) to procure the G550 Airborne Early Warning (AEW) aircraft with delivery of a
“green” aircraft planned in July 2018. Navy PMA 207 also approved the acquisition
strategy for the Phase II CBITS development and integration of all other aircraft
mission systems with subsequent CTEIP CBITS milestone I approval to enter
design. In October 2016 the RSA Phase II Integration Request for Proposal was
released to industry. PMA 207 and the CBITS team completed RSA Phase II

Integration source selection in June 2018 and awarded the $80M contract to
Raytheon.
It should be noted that with the exception to CBITS, the Mission Systems on the
TRSA are all Commercial Off The Shelf (COTS) items. This includes the Airborne
Command Transmitter System (ACTS) us for Flight Termination purposes; and a
Radar used for weather and Range Clearance / Range Surveillances purposes.
TRSA Initial Operational Capability (IOC) is scheduled for the 4Q of FY2021.
CBITS DESIGN FEATURES
CBITS is the only developmental Mission System on the TRSA. This Phased Array
Telemetry System consists of a triband L-, S-, and C-Band Antenna Array. Each
array is comprised of multiple dual polarized Microstrip antenna elements. For the
ease of maintainability, each array is comprised of multiple antenna modules.
Depending on the array, each module would contain between 4-64 elements.
Unlike a classical design approach, there are no physical phase shifters used in
the design. All of the signals from each antenna element are combined using a
Digital BeamForming (DBF) network. Since overall weight is an issue, this
eliminated the need for phase shifters. This also helped with the fact that any
components mounted exterior to the fuselage would have to withstand the -55 °C
to +70 °C temperature range. Figure 1 is an actual picture of the completed TRSA.
Figure 1: Actual Picture of completed TRSA

SUMMARY
The TRSA will be the much needed replacement for the existing NP-3D aircraft at
NAWCWD. The development of the plane and its’ associated mission systems
are currently on schedule to be completed and delivered by the FY2021 timeframe.
This paper provided the background and status for the establishment of the CBITS
and TRSA Programs.
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ABSTRACT
Often, TM requires operators on location with receive system(s) or at a remote console (with a
remote antenna control unit), resulting in TDY for operators and possibly a shortage of operators
to support all scheduled operations. A remote-control capability could eliminate existing
personnel requirements at both the local system antenna site as well as the control facility,
greatly reducing operational costs. TENA provides for real-time system interoperability, as well
as interfacing existing range assets, C4ISR systems, and simulations; fostering reuse of range
assets and future software systems. JMETC is a distributed, LVC capability using a hybrid
network solution for all classifications and cyber. TENA and JMETC allow for the most efficient
use of current and future TM range resources via range resource integration, critical to validate
system performance in a highly cost-effective manner.

INTRODUCTION
While the testing and training of military assets is seen as complementary to military
prepareness, they cannot balance each other without an effective and efficient method of data
distribution across disparate and geographically-separated systems. The original design of the
DoD test and training range infrastructure was not intended to be interoperable and rapidly
became inadequate in this new era of Joint warfare. The cost-effective integration of range data
and telemetry resources was critical to ensuring the war-worthiness of today’s advanced weapon
systems and platforms which populate the air, land, and sea areas of operations. To ensure the
advantages of range interoperability are available across the DoD’s Test and Training ranges, the
Central Test and Evaluation Program (CTEIP) developed and is constantly refining the Test and
Training Enabling Architecture (TENA).
TENA provides real-time software system interoperability and the capability to interface existing
range assets, systems, and simulations at distributed facilities. Government-owned and free for
anyone to use, TENA allows the most efficient use of current and future range resources via
range resource integration. This integration invariably fosters interoperability and reuse within
the test and training communities – critical in validating system performance in a highly costeffective manner.
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TENA provides a middleware software component and can be used on any internet protocol (IP)based range or distributed network, such as the Joint Mission Environment Test Capability
(JMETC) networks and the Joint Staff (JS) J7 Deputy Director Joint Training (DDJT) Joint
Training Enterprise Network (JTEN).
Upgrading an existing range system to TENA can be achieved in a drastically shorter time frame
than traditional software integration efforts. Additional benefits include the cost-effective
replacement of unique range protocols, enhanced exchange of mission data, and organic TENAcompliant capabilities at sites which can be leveraged for future events, enhancing both reuse
and interoperability.
TENA AND THE TELEMETRY COMMUNITY
As in the past, present telemetry (TM) support requires operators to be on location with the TM
receive system or at a remote TM console (with a remote TM antenna control unit). This often
results in temporary duty (TDY) for operators and potentially an insufficient number of operators
to support all scheduled operations. The capability to remotely operate the telemetry system
(i.e., perform status monitoring, data distribution, and / or command and control from a
centrally-located, manned site) greatly reduces operational costs of TDY to remote TM sites. A
remote control capability could altogether eliminate the existing requirement for personnel at
both the local TM system antenna site as well as the TM control facility, alleviating previous
manpower issues (see Figure 1).

Figure 1 Architecture to a Remote TM Site.
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Theater Missile Defense (TMD) missile systems are designated to provide regional defenses
against present and future conventional, chemical, biological, or nuclear ballistic, cruise, or airto-surface guided missiles that can endanger deployed U.S. forces as well as U.S. friends and
allies throughout the world. Eglin Air Force Base (AFB) in Florida is enhancing the capability
of the Eglin Gulf Test Range (EGTR) to conduct TMD programs via the Gulf Range Expansion
(GRE) program. This development includes the selection and construction of land-launch
facilities; the modification of land, sea, and air safety zones; and the subsequent conduct of TMD
missile system test and training flights within the enhanced EGTR. When complete, this
expansion will allow launched target missiles to be halted by interceptor missiles with the
intercepts occurring in the airspace over the Gulf of Mexico (see Figure 2).

Figure 2 TMD Threat Distances Compared to TMD Launch Test Distances.
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The EGTR expansion will provide greater flexibility in test scenarios than is possible using other
ranges, and permits more realistic testing of TMD interceptor systems. This next-generation
architecture is expected to be completely remote controlled when classification allows. Though
still in the development stage, GRE engineers have met with representatives of the TENA
Software Development Activity (SDA) concerning the many TENA capabilities which would
benefit this new architecture.
Naval Air Station (NAS) Patuxent River, MD (Pax River) Atlantic Test Range (ATR) is another
excellent example of how beneficial TENA can be for TM control. Before work began to
develop and field an enterprise approach to remotely monitor and operate all components of
remote ATR ground telemetry systems, Pax River was faced with four major, and incredibly
common, TM range issues: operator proximity, lights-out operations, a generalized interface,
and Information Assurance (IA) requirements.
The existing approach at Pax required TM operators to be on location with the TM Antenna
Control Unit (ACU) during missions. Any near-term remote operations concepts required a oneto-one correlation between the remote ACU and remote TM Antenna, and no sub systems were
supported. They also had no ability to fully power-on, configure, operate, or obtain the status of
their remote Auto-Tracking Telemetry System (ATAS) and Mobile Telemetry Acquisition
System (MTAS) systems, therefore requiring personnel on-site to perform power-on and to
configure all systems with no distributed status available from TM system components.
Vendor-specific interfaces and data models were used, which meant operators had to gain
proficiency on each system component. This generalized interface prohibited uniform operator
consoles, and limited the ability to easily access and share relevant metrics and engineering data.
Furthering the problem was that Pax River had a limited ability to meet evolving IA
requirements and Security Technical Implementation Guides (STIG) on system components.
Working alongside members of the TENA SDA, NAS Pax River developed an enterprise
approach to remotely manage and operate all components of remote ground telemetry
systems. This method provides a common architecture (TENA) which interfaces system
components, regardless of system manufacturer. Upon completion, this effort now provides for
single operator control of several remote TM systems, therefore reducing travel and manning
requirements at remote sites. It also allows TM status information, setup, and control to be
distributed to appropriate destinations for system verification and operations (see Figure 3).
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Figure 3 Pax River Operational View (OV)-1.
Other recent implementations of TENA were at Yuma Proving Ground (YPG) in Yuma, Arizona
and Redstone Test Center (RTC), in Huntsville, Alabama. Yuma chose to add a TENA interface
to their TCS Antenna Control Unit (ACU) model M1 used on their TM pedestals. Operational
testing is currently underway on the remote monitoring and control capabilities of the telemetry
antenna system using TENA.
Redstone decided on the use of TENA to pull real-time Time, Space, Position Information
(TSPI) data from the Smartronix Omega NeXT decommutation software. Engineers at Redstone
developed a “Data Adapter Tool” which fuses other real-time TSPI sources such as inertial
measurement unit (IMU) and differential Global Positioning System (GPS). The Data Adapter
Tool allows operators at RTC to now transport data via TENA using the Standard platform
object model.
Other TM applications of TENA are ongoing at White Sands Missile Range (WSMR) in New
Mexico and Vandenberg AFB in California. WSMR reached out to the TENA SDA seeking a
TENA-capable range interface unit (RIU) for existing radars; a TENA-capable Telemetry
Tracker pointing data interface (as a modification to the existing RIU); and a persistent,
distributed TENA capability through WSMR’s Inter Range Control Center (IRCC) (see Figure
4). TENA is currently being used to connect FPS-16 radars, telemetry systems, and optics
systems. Future plans at WSMR include the use of TENA for Real-Time Data Processing
(RTDPS).
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Figure 4 Use of TENA at WSMR.
PROVIDING INTEROPERABILITY AND RESOURCE REUSE
Interoperability is the characteristic of an independently-developed element to use commonality
to work together with other elements toward a shared goal. Reuse is recognized as the ability to
use an element in a context for which it was not originally designed; in essence focusing on the
multiple uses of a single element and often requiring well-documented interfaces. In order to
achieve interoperability and communicate meaningfully, a common architecture (including a
common language and a common communication mechanism) and a common context (including
environment and time) must be present. TENA was developed to bring the efficiency and
economic advantages of interoperability and reuse to DoD test and training ranges. The initial
interoperability and reuse efforts were completed in early Fiscal Year 2005, and the continuing
interoperability and reuse refinement of TENA is managed by the TENA SDA.
Being successful in the development of any Joint testing capability requires a supporting and
guiding activity, and in December 2005, the JMETC program element was formed. JMETC is a
distributed live, virtual, and constructive (LVC) testing capability which supports the acquisition
community throughout program development, developmental testing (DT), operational testing
(OT), interoperability certification, and includes demonstration of net-ready key performance
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parameters (KPP) requirements in a customer-specific Joint mission environment (JME).
JMETC provides readily available connectivity to the Services’ distributed test capabilities and
simulations, as well as that of Industry test resources. Initially developed as a testing capability,
JMETC is aligned with and complemented by the JTEN, and together offer integration solutions
fostering test, training, and experimental collaboration.
JMETC uses a hybrid network architecture. The JMETC Secret Network (JSN), which leverages
the Secret Defense Research and Engineering Network (SDREN) for connectivity, is the T&E
enterprise network solution for secret testing. The JMETC Multiple Independent Levels of
Security (MILS) Network (JMN) supports higher classifications, as well as cyber testing.
The JMETC program uses TENA to improve its testing support infrastructure. With TENA, a
live range instrumentation architecture and field-proven in exercises and numerous distributed
test events since 2002, it provides JMETC a technology already deployed in the DoD. Where
TENA serves as the middleware and software component, the persistent JMETC networks
provide the connectivity for distributed testing.
UNDERSTANDING TENA
Understanding composability as the ability to rapidly assemble, initialize, test, and execute a
system from members of a pool of reusable, interoperable elements, the TENA architecture is a
technical blueprint for achieving an interoperable, composable set of geographically distributed
range resources (both live and simulated) that can be rapidly combined to meet new testing and
training missions in a realistic manner. TENA is made up of several components, including a
domain-specific object model that supports information transfer throughout the event lifecycle,
common real-time and non-real-time software infrastructures for manipulating objects, as well as
standards, protocols, rules, supporting software, and other key components.
The TENA Middleware (currently at Release 6.0.6 and available for free download at the TRMC
web site: https://www.trmc.osd.mil) combines distributed anonymous publish-subscribe, and
model-driven, distributed, and object-oriented programming paradigms into a single distributed
middleware system. This unique combination of high-level programming abstractions yields a
powerful middleware system that enables TENA middleware users to rapidly develop complex
yet reliable distributed applications.
The TENA object model consists of those object / data definitions derived from range
instrumentation or other sources, which are used in a given execution to meet the immediate
needs and requirements of a specific user for a specific range event. The object model is shared
by all TENA resource applications in an execution. It may contain elements of the standard
TENA object model although it is not required to do so. Each execution is semantically bound
together by its object model.
Therefore, defining an object model for a particular execution is the most important task to be
performed to integrate the separate range resource applications into a single event. In order to
support the formal definition of TENA object models, a standard metamodel has been developed
to specify the modeling constructs that are supported by TENA. This model is formally
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specified by the Extensible Markup Language (XML) Metadata Interchange standard and can be
represented by Universal Markup Language (UML). Standards for representing metamodels are
being developed under the Object Management Group Model Driven Architecture activities.
The TENA Object Model Compiler is based on the formal representation of this metamodel, and
TENA user-submitted object models are verified against the metamodel. However, it is
important to recognize the difference between the TENA metamodel and a particular TENA
object model. The object captures the formal definition of the particular object / data elements
that are shared between TENA applications participating in a particular execution, while the
object model is constrained by the features supported by the metamodel.
Another significant benefit for TENA users is auto-code generation. The TENA Middleware is
designed to enable the rapid development of distributed applications which exchange data using
the publish-subscribe paradigm. While many publish-subscribe systems exist, few possess the
high-level programming abstractions presented by the TENA Middleware. The TENA
Middleware provides these high-level abstractions by using auto-code generation to create
complex applications, and these higher-level programming abstractions (combined with a
framework designed to reduce programming errors) enable users to quickly and correctly express
the concepts of their applications. Re-usable standardized object interfaces and implementations
further simplify the application development process.
Through the use of auto code generation, other utilities, and a growing number of common tools,
TENA provides an enhanced capability to accomplish the routine tasks performed on the test and
training ranges in support of exercises. The steps in many of the tasks are automated, and thanks
to the enhanced software interoperability provided by TENA, the information flow is streamlined
between tools and the common infrastructure components.
TENA utilities facilitate the creation of TENA-compliant software and the installing, integrating,
and testing of the software at each designated range. This complex task falls to the Range
Developer who, in this phase, performs the detailed activities described in the requirement
definitions and event planning, as well as the event construction, setup, and rehearsal activities of
the range’s Concept of Operations. While some manual exercise and event setup is required at
ranges, TENA tools, as they are developed and become accepted across the range community,
make exercise pre-event management easier.
SUPPORT FOR TENA USERS
The TENA SDA has developed a website that provides a wide range of support for the TENA
user, including an easy process to download the Middleware, free of charge. The website also
offers a helpdesk and user forums that will address any problems with the Middleware download
and implementation. The TENA SDA is very aware of the need to inform range managers and
train TENA users, and the TENA SDA presents regular training classes that are designed to meet
attendees’ needs; from an overview or technical introduction of TENA, all the way to a handson, computer lab class on the TENA Middleware.
TENA’s continuing evolution in its support of the test and training range community is managed
by an organization of users and developers. This collection of TENA stakeholders, called the
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Architecture Management Team (AMT), meets several times a year to be updated on TENA
usage, problems, and advancements. Although the agenda involves briefings, it is open to wideranging discussions. This ensures the users’ concerns and inputs are understood, recorded, and
action items are made if necessary. Of equal importance, TENA developers and management
have had a long and mutually beneficial relationship with the Range Commanders Council.
CONCLUSION
Although it was a technological and software evolution that was the impetus for TENA’s growth
in its enabling of range interoperability and resource reuse, the Middleware found its needed
validation on the DoD test and training ranges. On those ranges, the U.S. Military evaluates the
warfighting equipment, personnel, and concepts that are deployed in support of ongoing missions
around the globe. Unfortunately, test and training events only provide the opportunity for
evaluation. It is the data collection and analysis that determines the war-worthiness of the
equipment or concept; this data can quickly and definitively illuminate any necessary
improvements needed to ensure effective and safe weapon system operation and training. TENA
and JMETC are time-tested, proven, integral parts of that equation.
JMETC reduces the time and cost to plan and prepare for distributed events by providing a
persistent, readily-available network, and the TENA common integration software is easilyintegrated into telemetry environments and applications. Even the remote control capability
alone alleviates previous manpower issues and greatly reduces operating costs for the telemetry
community. Using TENA and JMETC, Test Directors can put their focus back where it needs to
be – on the warfighter and the task at hand.
For more information about JMETC and TENA, contact George Rumford, JMETC Program
Manager (PM), or Ryan Norman, JMETC Deputy PM and TENA SDA Director, E-mail: jmetcfeedback@trmc.osd.mil or tena-feedback@trmc.osd.mil or go to https://www.trmc.osd.mil
(CAC required) or https://www.tena-sda.org (user name / password required).
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A PORTABLE SOLUTION FOR ON-SITE ANALYSIS AND
VISUALIZATION OF RACE CAR TELEMETRY DATA
Christopher Backhaus, Kyle Boyer, Safwan Elmadani, Paul Houston,
Sean Ruckle
Advisor: Dr. Michael Marcellin
The University of Arizona

ABSTRACT
The University of Arizona Baja Racing Team competes annually in a grueling off-road racing
competition designed to test the durability of each team’s vehicle. For the last several years, we
have been creating and improving upon a telemetry system for the car in order to provide live
data and analysis to the driver and pit crew during races, as well as to inform the design of future
vehicles. This year, we have created a portable system consisting of a high-performance
computer running a custom software package in a ruggedized case with a variety of networking
gear. The software is built around a modular, multithreaded analysis engine and can perform live
and retrospective analysis on data received from multiple sources, the results of which can be
displayed using the built-in GUI or accessed via web interface.

INTRODUCTION
BACKGROUND
Every year, the University of Arizona Baja racing team joins a host of other schools from around
the world to compete in a grueling three-day competition consisting of multiple challenges
culminating with a four-hour off-road endurance race. Our vehicle is equipped with a telemetry
system that transmits raw data like GPS coordinates, velocity, acceleration experienced by
suspension members, wheel and gear RPMs, etc. back to our pit crew.
MOTIVATION
In previous years, the team used their personal laptops or a Raspberry Pi to visualize and store
telemetry data received during the endurance race. This solution was fragile and took a
significant amount of time to set up. It also limited the amount of analysis that could be done in
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near real-time. To solve these problems, we designed our own system and custom software with
the goal of having an all-in-one solution for collecting, analyzing, and visualizing data that the
team can continue to use for years to come.
The system is durable enough to be used year after year at the competitions the team participates
in and powerful enough to run demanding analyses in near real-time. The software is written
with an emphasis on expandability, meaning that the team can focus on producing and displaying
useful data with the software rather than redesigning it.

HARDWARE
To build a rugged system we decided to start with a commercial IP67 case and then mount the
hardware that we wanted inside of it. A monitor is mounted behind a protective polycarbonate
cover in the lid of the case, minimizing the amount of setup that is required for the system.
Networking gear, including a dual-band access point, gigabit router, and 900 MHz radio, is
located behind the monitor. The remainder of the hardware is mounted under another
polycarbonate faceplate in the lower half of the case with a full water cooling setup to help the
high-performance CPU and GPU to run efficiently in hot environments. We chose to use a
high-speed solid state drive over a mechanical drive as it allows data to be stored and retrieved
quickly and also is far more resistant to mechanical shock. When the case is open, a removable
Bluetooth keyboard with a trackpad and a USB hub are accessible. The system also includes an
IMU and GPS to detect if the case is open and to provide a reference point for measuring the
distance between vehicles and the pit.
In the process of building the system, we learned many things about the decisions we made
regarding the hardware and have found a few things we would change if we were to do this
again. The first of which is that we chose to use a small form factor desktop case to mount our
computer hardware inside the larger case thinking this would make it easier. However, we had to
modify the case to such a degree that it would have been easier and more cost efficient to just
build mounts from scratch. The other hardware design we would change is the way we mounted
the keyboard and other peripherals to the plastic cover in the bottom of the case. We tried both
hot glue and epoxy but the surface was both painted and highly flexible, which caused the
adhesives to peel off. If we were to build this again, we would replace the polycarbonate with
opaque acrylic, and instead of painting it we would use a solvent to chemically weld the pieces
together.
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Figure 1: Partially Assembled System

SOFTWARE
The purpose of the software is to receive, store, analyze, and display data in an adaptable and
modular fashion. The software, which is written in C++, is divided into several core modules: a
GUI, an analysis engine, a database connector, and a data interface. All of the modules, except
the GUI, are connected in a top-level class, which allows the software to run in a headless mode.
This architecture also allows modules to be easily replaced both to upgrade and to alter the
functionality of the program.
We started the software design by setting design goals. The core goal was that the system must
receive, display, and store data. We expanded our goals by integrating design considerations
such as flexibility, modularity, and expandability. To make the system flexible in receiving data,
it needed to receive live data over a serial bus or data from a database. The modularity was built
on a standardized communication interface between subsystems. The analysis engine needed to
be designed in a way that made it easily expandable while keeping the system as near to
real-time as possible, while operating in a non-real time operating environment (i.e. Windows
10).
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Figure 2: Software Block Diagram.
DATA INTERFACE
Data enters the system as a string of key-value pairs via a serial buffer. The string is checked,
parsed, and converted into a custom data storage object. The data interface and data storage
objects support arbitrary keys, making adding new fields to transmissions easier. The data
interface also handles sending telemetry commands back to the vehicle.
One problem we faced with this in the past is that occasionally we would receive half a
transmission, or two mixed together. This caused issues with the program trying to parse
4

incomplete data or duplicate keys. In order to mitigate this, we added two requirements to the
data transmission structure: We require that the first key be a sequence number which must be
increasing between messages and that the second key be the total number of keys contained in
the transmission. These two requirements allow us to check if a transmission is garbled in transit
and ignore it if so.
DATABASE CONNECTOR
The software interfaces with a MySQL database to store all received and analyzed data. This
provides a convenient, secure, and expandable way to store data. Data can be simultaneously
retrieved if it is needed for analysis and playback. We organized the database so that each
vehicle has its own table. New tables are dynamically created each time a new vehicle ID is
encountered. Data is stored in each table using date and time as primary keys with the
requirement that multiple data points can not have the same timestamp in a table. We did this
because early on in testing we were using a looping set of data and when we added playback to
the system it caused major problems if repeating timestamps were encountered. The use of a
database will allow data be accessible through a web interface for future software expansion.
SHARED CACHE
After being parsed and stored in a database, data is moved to a segment of shared memory that is
safely accessible by multiple threads, or a shared cache. This allows the GUI and analysis engine
to use the same data concurrently with minimal copying. It also reduces the delay between data
entering the system and being ready to display. One cache is maintained for each active vehicle.
The cache map module provides a mapping between vehicle IDs and caches.
The shared cache was one of the most challenging software modules to implement due to a lack
of experience with C++ synchronization tools. We encountered frustrating ownership issues with
the standard library’s shared_lock and shared_mutex types that we used to implement the shared
cache. Careful reading and interpretation of the documentation eventually led us to the solution.
ANALYSIS ENGINE
The analysis engine dynamically spawns threads to handle all configured analyses for each
vehicle. For each vehicle, the analysis is performed in stages based on dependence on prior
analyses. At each stage, multiple analysis threads process the data in parallel and pass the
changes as transactional updates back to a parent object that aggregates the changes and applies
them to a copy of the original data. When the updated copy is ready, a pointer swap is performed
to update the shared cache, thereby reducing the time during which the shared cache must be
locked. By keeping this gap as short as possible, we are able to reduce the time between stages
and make data available to the GUI before all analyses are done, without the risk of race
conditions.
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Adding a new analysis is accomplished by deriving a class, overwriting one function to perform
the analysis, and enabling it in a configuration file. We have written analyses to convert data
from raw integer values to proper values, calculate the distance between the system and vehicles,
and detect simple anomalies. Anomalies are defined on a case-by-case basis, such as brake
pressure decreasing over time or the car being upside down. While we did not focus on writing
analyses, we hope that future team members will use the software as a platform to implement
more complex filters and analyses.
GUI
The GUI contains a set of movable, scalable UI elements including a map that displays the
position and heading of each vehicle, status widgets for each car, a playback manager, and
graphs that display data of the user’s choice. One of the main hurdles we faced while creating the
GUI was eliminating flicker. Flicker is generally caused by the screen being erased every time
something is drawn to the screen. For instance, when displaying the GPS location of the car on a
map, every time the position changed the entire map would be erased and redrawn. To remove
flicker we found it best to suppress those erase operations and to double buffer our GUI
elements.
One of the other problems we ran into was performance. The overall goal of this system was to
display near real-time data to users and because of that performance was a constant concern. The
way our analysis engine works and we receive data means that we won’t always get new data to
display for every type of data. Rather than fight the code, we take advantage of this fact and only
re-render the parts of the GUI that have new data to display.

Figure 3: GUI with Simulated Data
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LESSONS LEARNED
As with any project, there are some things we would do differently if we were to go back to the
beginning with the benefit of hindsight. We learned early on the benefits of CAD modeling but
learned much later the benefits of verifying those models with actual measurements prior to
machining parts. The saying “measure twice, cut once” comes to mind. We also learned that an
on-off switch is extremely valuable on RF transceivers, in case one wishes to turn on the
computer without having to attach several antennas to the outside of the box. In the event that a
coaxial cable is stepped on and pulled out of the corresponding antenna, it is also a good idea to
have regular inspections to go along with the on-off switch, so that one can use said switch
before the reflections off of the mismatched line burn out the transmitter. Luckily, we also
learned (and reaped) the benefits of planning for the worst-case scenario, and had a backup copy
of the telemetry data stored to an onboard SD card on the vehicle, in case the wireless link had
any difficulties. Thus, we were able to recover nearly all of the race data and successfully import
it into our software through a virtual null modem cable to simulate the data stream originally sent
by the car.
CONCLUSION
The system is now ready for use by the University of Arizona's Baja Racing team. This was an
ambitious project and we learned multitudes of lessons about planning, designing, building, and
implementing a project with both complex hardware and software considerations. Many aspects
of the design could have been executed better. However, we feel that the system is both useful in
its current state and sufficiently futureproof to remain so for some time yet. The hardware is
durable and powerful and the software is expandable and modular so both can be used for years
before an update or redesign will be necessary.
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NON-TRADITIONAL IMPLEMENTATION OF A
TRADITIONAL SAFETY SYSTEM
Paul Cook
Aerospace Instrumentation
Curtiss-Wright
Newtown, PA 18940, USA
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ABSTRACT
Safety system implementation for Flight Termination involves the interconnection of specific
signals from one (no redundancy) or both (redundancy) Flight Termination Receivers (FTR) to
be telemetered to the ground for monitoring by the Range Safety Officer (RSO). The number of
specific signals per FTR can be as high as 12 independent signals resulting in a large wire
harness.
The addition of an RS-232 programming interface on the radar transponder and telemetry
transmitters adds weight and cost, takes up space and creates installation and maintenance issues.
This paper discusses how switching to a serial wiring approach, such as a multidrop bus, will
reduce wiring and allow for other features including more in-depth status information and quick
system configuration reprogramming.
INTRODUCTION
Safety system implementation for flight termination involves the interconnection of specific
signals from one (no redundancy) or both (redundancy) flight termination receivers (FTR) to a
PCM encoder for telemetering to the ground for monitoring by the range safety officer. The
number of specific signals per FTR can be as high as 12 independent signals, resulting in a large
wiring harness. The addition of an RS-232 programming interface on the radar transponder and
telemetry transmitters adds weight and cost, takes up space and creates installation and
maintenance issues. Moving to more modern DSP based RF products mitigates the need for the
independent signals and wiring, eliminating the need for large wiring harnesses.
FLIGHT TERMINATION SYSTEM
Unmanned military systems, such as UAVs, missiles and targets, are typically fitted with an
FTS. The purpose of such a system is to allow an individual, such as a range safety officer, to
terminate the flight of a vehicle if it presents a risk to people or property. An FTS generally
consists of a command console or other triggering device, a flight termination command
encoder/modulator, an amplifier/ transmitter, a redundant flight termination receiver and a
termination device. A system diagram of such is shown in figure 1.

Figure 1: An example of a flight termination system

Figure 2 outlines the elements in a typical FTS. The RF section accepts an RF signal from an
antenna input which is then demodulated. The dual redundant flight termination receivers are the
elements that decode the tones and issue arm and terminate commands to the safe and arm
device. The FTRs are also capable of outputting status information, such as power levels,
temperature and receiver signal strength.

Figure 2: An overview of the elements of a typical FTS

A key requirement of an FTS is reliability. Any failure could lead to serious consequences and
thus range safety officers are keen to ensure an FTS is working correctly. The first stage of this

process is to ensure the system components are designed and manufactured to applicable
standards and all relevant testing and quality controls have been successfully conducted.
Preflight checks can be performed to try and catch any failures, as can monitoring the status of
the system during flight.
In an ideal world, a range safety officer would have constant access to real-time built-in test
(BIT) information from each element of the FTS. In reality, this is not typically the case
however. First, it requires that one or more of the system elements provide BIT information.
Second, this information must be packaged, along with any other information, encoded and sent
to ground. In a traditional safety system this typically means extra wiring is required for each
parameter (figure 3). This wiring is heavy, costly and creates a system that is more difficult to
install and maintain.

Figure 3: Traditional safety system monitoring

GOING SERIAL
One way to address the problem of extra wiring is to move from a parallel wiring system to a
serial one. One method of implementing this is to use a multidrop bus, i.e. a bus where all
hardware is connected to a single electrical circuit. A multi-drop configuration allows each piece
of hardware to be assigned a unique address (“A1” as an example), addressed independently
through a two wire, RS-485 communication bus. This eliminates the need for a large harness
with the associated size, weight and cost savings.

In Figure 4, the devices on the bus are in a master-slave configuration with the PCM encoder as
the master and the other devices as slaves. Except for the encoder, all devices default to be
listeners on the bus. The PCM encoder sends out the preprogramming unit identification address
(e.g. A1) to where the unit programmed with this address is now enabled to respond to
commands from the encoder. The other devices on the bus remain as listeners. The encoder
sends commands to the device of interest that responds with the information requested by the
encoder.
The encoder then places this data into the PCM stream for transmission by the telemetry
transmitter. Once the encoder accepts the response from the device, it terminates that session to
place the device to listen mode only and starts a message string with the next device.
Command response in this system provides data that was generally not available in the past. For
example, a C-band transponder that provides a receiver signal strength measurement can be used
to place such data into the PCM stream for monitoring. This is also true for the status from the
flight termination receivers.
One additional feature of the RS-485 multi-drop bus is having the ability to program the center
frequency of the transmitter, transponder, and the FTRs at the telepack level by adding access to
the 2 wire, RS-485 bus to the section through an external connector. This access provides the
user with the capability of a fast change of frequencies at the last minute through a simple COM
port arrangement mitigating the need to disassemble the section to change the frequencies.

Figure 4: RS-485 Multi-Drop Configuration

A GOOD APPROACH
One should approach the design of its FTS systems to facilitate the wants and needs of range
safety officers and telemetry engineers. To this end, all RF products should be DSP based
designs that offer a microcontroller interface for programming and configuration. These should
also provide status information such as tone, ARM, termination and SSTO status (through a
COM port, as an example) from a command response similar to the IRIG-106-17, Appendix 2-C.
Other RF products, such as radar enhancing transponders and telemetry airborne receivers,
follow a similar command and response status messages through their COM port interfaces.
The basic design of a good FTR should include
 A single conversion super heterodyne RF digital receiver with superior performance
 An FPGA with DSP capability used to implement the digital receiver and tone decoder
functions
 A microcontroller with non-volatile memory used for communications and other system
functions
 On-board FLASH memory for storage of FPGA configuration and user data
 RS-232C compatible (TTL level signals)
 User interface for configuration and status reads
 Command output control and conditioning
 Telemetry output control
 Fail-safe configuration and control
 Wide range input power supply
 Programmable center frequency
 Programmable tone sets
The design around a multidrop bus means a system can be more easily installed and maintained
while lowering cost, weight and space requirements while also facilitating the provision of
detailed status information through telemetry.
CONCLUSIONS
Traditional FTSs often require heavy and bulky wiring harnesses to accommodate all the wires
necessary to connect the hardware elements together. This is compounded if a range safety
officer wants more status information available before, and during, flight as more wires are then
required for parameter of interest.
Switching to a serial wiring approach, such as a multidrop bus, will reduce wiring and allow for
other features, such as more in-depth status information and quick system configuration
reprogramming.

COMMUNICATION SYSTEMS FOR CUBESAT MISSIONS
Anna Case
Department of Electrical and Computer Engineering
Missouri University of Science and Technology
Rolla, MO, 65401
agc985@mst.edu

Faculty Advisor:
Dr. Kurt Kosbar

ABSTRACT
Several design iterations of communication systems at the Missouri S&T Satellite Research Team
reveal that software defined radios (SDR) are viable for low cost, fully functional, and reliable
communication systems. Recent licensing policy changes have impacted a number of CubeSat
missions, prompting the necessity of bandwidth efficient communication. In searching for solutions to minimize spectral congestion, these systems need to minimize power consumption and
maximize data throughput. The flexibility that SDRs provide allows for dynamic link control in
orbit. Once completed, the code used to implement this system will be open-sourced for future
missions use.
INTRODUCTION

Figure 1: Separation of MR SAT & MRS SAT

Missouri-Rolla Satellite (MR SAT) and Missouri-Rolla Second Satellite (MRS SAT) are small
satellites to be launched in a paired configuration. The primary mission objective is autonomous
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visual proximity operations. This will be achieved through stereoscopic imaging and processing.
In this endeavor, MR SAT will act as the inspector and MRS SAT will be an uncooperative resident
space object.
MR SAT will determine “his” relative position and velocity from these images, which are to be
verified with guidance, navigation, and control (GNC) data. Post-processing at the base station
will yield a 3-D reconstruction of MRS SAT. The secondary mission objective is to use a cold gas
propulsion system and verify its efficiency.
The communications system on-board MR SAT is vital to mission success, though the satellite can
complete its mission completely autonomously. MRS SAT has a simplex Eyestar radio on-board
that will regularly send “her” GPS data over the Globarstar network. These data are retrieved
via the Internet. MR SAT has on-board a Gomspace SDR that will communicate half-duplex
with the ground station at Missouri S&T. Uplink data may contain telecommand overrides and
acknowledgements of mission data or requests for retransmission. Downlink data may include
compressed images, sensor, and GNC data.
CONCEPT OF OPERATIONS
Figure 2 shows the progression of the mission throughout the satellite lifetime. After deployment
from the International Space Station (ISS) via the Cyclops robotic arm system, the satellite will
perform initialization: charging batteries, turning on boards and sensors in a certain order, performing a checkout procedure on the hardware, and executing the GNC algorithm. A small period
of radio silence is required, after which the satellite beacon will begin.

Figure 2: Concept of Operations

Detumble is a mission mode in which the attitude of the satellite is corrected and maintained. GPS
provides the position of the satellite and a magnetometer and Sun sensors provide attitude. The
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satellite is then autonomously oriented so that the stereoscopic imaging cameras are pointed in the
general velocity direction using three torque coils and twelve thrusters.
Checkout mode begins after detumble or after any system health check failure. In this mode, torque
coils are throttled to ensure the mode remains power positive. If for some reason the satellite is
not power positive or a thermal sensor trips, safe mode will be entered. Unless detumble needs
to reoccur, once battery charge is above 90% the satellite separation will occur. There is only one
opportunity to conduct proximity operations due to the differential drag between MR and MRS
SAT, as the two spacecraft will quickly drift apart without immediate application of active control.
Thus, if sufficient charge is not maintained, the satellite will reenter checkout mode. Otherwise,
the propulsion system and accompanying thermal control will be initialized. Pressure and temperature data will be saved for analysis on the ground. The stereoscopic imaging system is initialized
and a final health check is performed. Once passed, MRS SAT is ejected from MR SAT.
There are two means of proximity operations in which the cameras on MR SAT will take image
pairs every three seconds. The image processing algorithm is still being tuned, and this may be
sped up. These processed images will feed data to the GNC algorithm. First, MR SAT will maintain a ten meter trailing formation for up to forty five minutes, or until a guidance solution has
converged. Immediately afterwards, MR SAT will begin circumnavigation of MRS SAT. This will
continue until MR SAT is out of propellant or has acquired sufficient data.
The final task of MR SAT is to downlink all imaging data. Though compressed, this may take the
majority of the mission lifetime. Overhead passes are fairly regular, but vary in length. Additionally, image sizes and channel conditions are highly dynamic. Once mission critical data have been
downlinked, the satellite will enter end of life procedures to minimize orbital debris. For as long
as an orbit is maintained, MR SAT will continue transmitting a beacon signal.
LICENSING
There are a number of coordinating agencies that may be necessary to file applications or exemptions with in order to secure a launch. First, about a dozen team members and the principal
investigator hold their amateur radio license, which gives them access to ground station operations. For this mission, an imaging license was acquired through the Commercial Remote Sensing
Regulatory Affairs Office of NOAA [1], along with an encryption waiver. As the team aims to be
licensed in the amateur space service, only telecommands may be encrypted.
When designed, MR SAT was to be capable of full-duplex over the UHF and VHF bands accessible
to amateurs. However, recent policy changes have eliminated new licensing in the VHF amateur
satellite band and restricted coordination in the UHF amateur satellite service [2]. These changes
stem from ITU decisions made at WRC-15 and are now adopted by the IARU. Unfortunately,
similar policy changes are likely to continue despite best efforts. The number of countries and
organizations launching CubeSats continues to rise, particularly those with commercial endeavors.
To date, most amateur satellites use CW or the AX.25 protocol common among HAMs, and send
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at 9600 baud. FSK is the most common modulation [3]. One objective is to implement spectrally
efficient methods and continue to improve upon them.
The path forward will be to acquire a coordination letter through the International Amateur Radio
Union (IARU) by proving Amateur intent: immense educational value and training provided to the
Missouri S&T campus related to radio technique. Next, an experimental license is required through
the FCC. The FCC will not start this process before IARU coordination, nor is it FCC policy
to ”directs in writing [to] coordinate a non-amateur satellite.” Next, Advance Public Information
(API/C) will be given to the ITU, through the FCC, using the proprietary software SpaceCap. After
licensing is acquired, the team needs only to obey relevant rules and follow through with regular
auditing.
PHYSICAL LAYER
The ground station is composed of a server, an Ettus B200 SDR running custom C++ code, an antenna rotor system accurate to within 5◦ , a preamplifier, amplifier, and a RHCP Yagi antenna. The
antenna has eight elements with a boom length of 1.74 m and a beamwidth of 42◦ . The antenna
tracking system is implemented on the ground station server using a custom PyEphem implementation. CubeSats are well known for failed communications after launch. Thus, the functionality
has been verified via regular tracking of the ISS, which is presented as an outreach opportunity. A
camera is pointed towards the antenna, located on the lab’s roof, for visual confirmation. Unfortunately, the noise floor near the system is increased due to the presence of HVAC equipment.
The satellite communications system is composed of a Gomspace AX100U radio, two in-line connectors, and a 105◦ beamwidth monopole antenna grounded to the satellite structure. It is tuned
on campus using a spectrum analyzer. Unfortunately, wiring of the satellite requires a fairly long
(nine-quarters of a wavelength) RG-316 cable to connect radio and antenna. This cabling was selected due to its low outgassing properties. Further details are shown in table 1.
The satellite is in the process of being licensed, and the team aims to be coordinated in the UHF
amateur satellite service, 430-440 MHz. During testing, the center frequency used is 437.5 MHz.
The radio link uses Gaussian Minimum Shift Keying (GMSK) modulation, a variant of frequency
shift keying. The data stream is shaped with a Gaussian filter to minimize sidebands. Then, the
data stream goes through a frequency modulator. GSMK has high spectral efficiency and has
been recommended by contacts at the IARU. The radio will adaptively calculate the modulation
index, which will be advantageous to the system when Doppler shift affects the signal. As this
may slightly increase the noise floor, the receiver sensitivity will be slightly lowered. A phase
locked loop (PLL) is used for frequency control. As the same frequency will be used for uplink
and downlink, the time to reconfigure the PLL will be minimized. The data rate used during the
mission will be either 9600 baud or 19.2 kbaud depending on the bandwidth usage, bit error rate,
and signal to noise ratio.
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Table 1: System Link Budget

Power Output
Transmission Line Losses
Antenna Gain
EIRP
Antenna Pointing Loss
Polarization Loss
Path Loss
Atmospheric Loss
Ionospheric Loss
Rain Loss
Isotropic Loss at S/C
Antenna Pointing Loss
Antenna Gain
Transmission Line Losses
Effective Noise Temperature
Figure of Merit (G/T)
Eb /No Method
Signal to Noise Power Density
Data Rate
Command System Eb /No
Demodulator Implementation Loss
Required Eb /No
Eb /No Threshold
System Link Margin
SNR Method
Signal Power at LNA Input
Receiver Bandwidth
Receiver Noise Power
Signal-to-Noise Power Ratio at G/S Receiver
Required S/N
System Link Margin

Ground Station Uplink Spacecraft Downlink
50 W
1W
1.7 dB
0.7 dB
13.3 dBi
2.2 dBi
28.6 dBW
1.5 dBW
Uplink Path
Downlink Path
0.2 dB
4.7 dB
0.1 dB
0.1 dB
148.5 dB
148.5 dB
1.1 dB
1.1 dB
0.4 dB
0.4 dB
0.0 dB
0.0 dB
-121.6 dBW
-153.3 dBW
Spacecraft
Ground Station
4.7 dB
0.2 dB
2.2 dBi
13.3 dBi
0.4 dB
0.5 dB
137 K
620 K
-19.6 dB/K
-15.2 dB/K
82.7 dBHz
42.8 dBHz
39.9 dB
1 dB
9.6 dB
10.6 dB
29.3 dB

60 dBHz
42.8 dBHz
17.2 dB
1 dB
9.6 dB
10.6 dB
6.6 dB

-124.5 dBW
25 kHz
-163.3 dBW
38.7 dB
10.6 dB
28.1 dB

-140.5 dBW
25 kHz
-156.7 dBW
16 dB
10.6 dB
5.4 dB

DATA LINK LAYER
The process for data transmission requires that the flight computer streams packets via a socket
to a buffer, where they will be kept in a buffer until an overhead pass occurs. This socket then
connects to the radio using the CubeSat Protocol (CSP) [4]. After framing, the radio implements
several measures to protect the integrity of the data, which are implemented on top of the framing.
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Frame assembly compiles a group of packets for transmission. A transmission begins with a short
synchronization sequence to ensure frequency and phase lock at the ground station. There are also
inter-frame synchronization sequences. ASM (Attached Sync Marker) is the framing protocol of
choice. It is considered to have a good synchronization, yet is not as sensitive as a Viterbi decoder.
The first portion of the frame is a static, four byte ASM word which marks the beginning of a
frame. Due to the lengthy synchronization, the MAC layer can use this information in determining
if the receiver is busy. ASM is meant to use NRZ and big-endian. Then follows three bytes of
GOLAY, meant to provide forward error correction to the length byte. GOLAY provides twelve
bits for length, eleven bits error correction, and one parity bit. This can correct up to three bit errors
in the GOLAY field, however, some additional processing time is required to verify the GOLAY
field. The last part of the frame is the data field, of variable length. The maximum length of the
data field is 240 bytes.

Figure 3: Amplitude vs. Time; Top: Received Waveform; Bottom: Symbol Recovery

Overhead is slightly increased when more protocols are put in to place. For instance, ReedSolomon (255,223) FEC performed on the data field costs sixteen bytes per frame. Hash Message Authentication Code (HMAC) costs ensures only authorized users may issue a telecommand
and costs four bytes per frame. The Consultative Committee for Space Data Systems (CCSDS)
publishes a number of recommended standards and practices [5]. CCSDS randomization does not
have a byte cost and is widely recommended. Rectangular interleaving will help the system recover
from burst errors. It should be noted that all checksums and error corrections are implemented by
software. When implementing Reed-Solomon, it is important to virtually fill short frames; these
bits are not transmitted, but are zero padded to the beginning of any short frame. Interestingly,
when set to the ASM + GOLAY mode, the AX100 SDR uses an assortment of five types of scrambling. Additionally, the endianness swaps in every portion of the frame. Determining this through
”reverse engineering” was the longest portion of software development.
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DATA BUDGET & PROCESSING
An overhead pass can last anywhere from 10 to 390 seconds when above a 10◦ elevation angle.
Use of the AMSAT link budget calculator [6], as well as a simulated communication test at range,
support that the satellite will have a suitable margin at this elevation angle. Extrapolating from
these data, the team has indexed what the expected transmissions will be and used ISS overhead
pass data to estimate the length of the downlink phase of the mission. These data are shown in
table 2 and table 3.
Table 2: Uplink and Downlink Frame List
Frame Type
Length (Bytes)
Frame Contents
Downlink Engineering Data
14
Engineering data, described below
Downlink GPS State Vector
161
All parts of the GNC state vector, described below
Downlink Imaging Data
240
Image bits, separated by at intervals
Uplink Acknoledgement
1
Instruction for the radio to continue transmission
Uplink End of Life Telecommand
1
Satellite begins end-of-life procedures
Uplink Reset Subsystem
1
Resets a subsystem
Uplink Reset Radio
1
Resets radio to safety or start parameters
Uplink Separation Telecommand
1
Gives the spacecraft the signal to go into separation

Anywhere from 127 to 3850 frames constitute an image, due to the potential variance in cropping
the background of an image. Though image metadata is stripped, some is necessary for identification purposes. Sequential image packets will be numbered. The number of packets in an image
will be downlinked, as well as the image number. End of life procedures are meant to minimize orbital debris. It will be necessary to open all thrusters to expel any remaining propellant. However,
this will require ground control to ensure the orbit is not significantly altered.
Table 3: Engineering Data: Basic Satellite Telemetry
Data
Data Type Length (Bytes)
Description
Spacecraft Header
string
4
Transmitting callsigns and time
Board Status
Boolean
1
2x Cameras, COM, GPS, 2x Sun Sensors, Analog and Digital MCU
Camera Store
Boolean
0.125
Using angles, has the camera stored data?
MRS SAT
Boolean
0.125
Can MR SAT see MRS SAT?
Temperature Data
Boolean
3.125
25 thermal sensors, detects if overheating
Current Mode
uint8 t
1
Current mission mode
Power Status (DOD)
uint8 t
1
Percentage charge
Pressure Transducer
uint8 t
2
Data from the propulsion system’s pressure transducers
Solenoid States
Boolean
0.375
On/off for three solenoid (isolation valves)
Torque Coil Status
Boolean
0.375
Three values received from ADAC MCU
Status of TiNi
Boolean
0.75
True for six continuity values from power

Transmissions are acknowledged once per second; this both ensures adequate SNR is achieved and
allows an opportunity for the ground station to request retransmission. This process is automated,
though a licensed member must be present to issue any telecommand. Once an acknowledgement
is received, the radio buffer is cleared. These crucial steps are still being tested in real time.
Downlinked data will be stored indefinitely on the encrypted ground station computer. Custom
Python code writes the output (demodulated) data to a spreadsheet. The data are then split into
constituent parts and aggregated into groups; transmitted identifiers (computer, identifier, sensor,
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Table 4: GNC State Vector Table: Internal GNC Telemetry
Data
Data Type Length (Bytes)
Description
Filter Health
Boolean
0.125
Converged?
MR SAT Position
Double
24
GNC entries 1-3
MR SAT Velocity
Double
24
GNC entries 4-6
MR SAT Attitude Quaternion
Double
32
Vector first, scalar second. GNC entries 7-10
MRS SAT Relative Position
Double
24
GNC entries 11-13
MRS SAT Relative Velocity
Double
24
GNC entries 14-16
MR SAT IMU Accelerometer
Double
24
GNC entries 17-19
GPS Pseudorange
Double
8
GNC entry 20

etc.) will direct to the subsystem that requires the data. The data will then be sent via email to
the subsystem lead. Additionally, team members may request to receive notifications of when
overhead passes will occur. Currently, the process has been started to join the SatNOGS ground
station network. This will allow the ground station on campus to contribute to data and telemetry
collection for other satellites as well as using the network resources in future missions.
CONCLUSIONS
It is apparent that advances in CubeSat communications are much needed to allow for an increasing
number of satellites in orbit. Refined controls need to be implemented in order to use the limited
spectrum efficiently. While all of these requirements rely on advancing SDR technology, without
standard convergence it is unlikely that these communication systems will be sufficiently flexible.
Additionally, the difficulty in doing so should be minimized in cost and integration time.
Lessons learned on the M-SAT team will allow for more cost-effective, evolvable, and flexible
communication implementations in the future. By beginning the transition away from COTS radio
hardware, the team will have more control over radio functionality and will not be reliant on a single manufacturer. A significant code base is being built, with plans to open source the majority of
the implementation for others in the community. In an effort to alleviate this, the team aims to inspire a collaborative and educational environment. Many universities may turn to the costly option
of using a satellite network for their communication needs, but flexibility and mission criteria may
require custom engineering. This mission is fortunate in that the entire communication system has
been redesigned in the last year, allowing for a number of beneficial changes to occur and creating
a more robust system. Not only have students at Missouri S&T joined the amateur community and
gained valuable experience, but this trend will continue through community outreach.
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ABSTRACT
Prior work has shown that software defined radio has the ability to reduce the size, weight, power
and cost of telemetry and avionics. We propose a virtualized transceiver architecture that supports
multiple concurrent software defined radio (SDR) applications running on shared SDR hardware.
This paper applies the concept of virtual transceivers to SDR for telemetry and avionics. The proposed design allows for transceivers to be shared between different SDR applications by taking
advantage of time separation and frequency adjacency. This paper addresses the system layout,
hardware selection, and software organization. Improvements include a scalable and considerations for both redundancy and upgradability.

INTRODUCTION
Software defined radio (SDR) systems have begun to make an impact in military and space applications. Examples include the Joint Tactical Radio System (JTRS) and NASA’s Space Telecommunications Radio System (STRS). Software defined radio is an excellent fit for avionics and telemetry
as it makes it possible to support multiple radio bands and protocols with the versatility of software. SDR systems have the potential to reduce the size, weight, power, and cost (SWaP-C) in
aeronautical radio equipment as well [1–5].
Software defined radio systems support waveform-generating applications sometimes abbreviated
as waveforms. These waveform-generating applications use digital signal processing to both produce and consume streams of digital samples representing baseband radio waves. It is the responsibility of transceiver hardware to realize these baseband sample streams into analog signals and
to translate these signals to RF frequencies and vice versa. Key components of an SDR are shown
in Figure 1

1

Figure 1: Conceptual block diagram of a software defined radio.

PROBLEMS ADDRESSED
The trend of tight coupling of waveform-generating applications and transceivers in SDR platforms
can lead to inflexibility in SDR systems as a whole. For example, statically offload DSP onto FPGAs integrated into SDR transceivers [2] can cause extremely tight coupling between waveforms
and transceivers. This becomes a problem when the waveform-generating application is no longer
distinguishable from the hardware it runs on. At this point the platform is better described as a
firmware defined radio. When it come times to upgrade such a system, developers may find it difficult to add or change functionality. It could then be more economical to replace the entire system,
which is the antithesis of a well-designed software defined radio system.
We propose the introduction of a hardware abstraction layer between waveform-generating applications and transceiver hardware. This separation leads to modularity between transceiver and
computational hardware in a plug and play architecture. SDR applications communicate with the
abstraction layer through a common API. The abstraction layer handles the timing, format, and delivery of signals as well as the configuration and control of transceivers. Additionally, it facilitates
time division sharing of transceivers between different applications.
Primary benefits of this abstraction layer include scalable performance overhead and a scalable increase in system reliability. The performance of a waveform measured in terms of contention-free
accesses free accesses of transceivers increases with the number of system wide transceivers. Likewise, reliability of waveforms measured in terms tolerance of failed transceivers increases with the
number of system wide transceivers.
In this paper, we present the design and characteristics of the proposed software defined radio architecture. Described are design details in both hardware and software organization. Features of
2

Figure 2: Software organization of classic SDR applications.

this architecture include transceiver multiplexing and resilience to device failure. The proposed
architecture is simulated in a number of scenarios to demonstrate the performance and reliability
scaling for ARNS and telemetry applications.

PROPOSED ARCHITECTURE
This section describes the hardware and software design of the proposed SDR architecture. First,
we give an overview of the design and its functionality. We present software changes that serve to
separate hardware and software development concerns. This includes a discussion of the responsibilities, features, and benefits of the proposed radio transceiver abstraction layer and a discussion
of interlayer API. This is followed by a discussion about alterations to hardware that increase system flexibility.

SOFTWARE
The fundamental principle of this architecture is the abstraction of individual transceivers from
waveform generating applications. Figure 2 illustrates the software organization of a classic SDR.
Included are both network-centric applications featuring integration into the host operating system TCP/IP stack, as well as stand-along, monolithic applications. The waveforms are interacting
directly with hardware drivers to control transceivers directly. We propose they interact with a
common abstraction layer, as illustrated in Figure 3. Gray layers in this figure are fully abstracted
from SDR applications. We envision these interactions take place over a network socket-like API.
We refer to each unique interaction, either a transmission or reception, as a spectrum demand.
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Figure 3: Software organization of SDR applications using virtualized transceivers.

APPLICATION PROGRAMMING INTERFACE
The API for each spectrum demand contains a sample buffer and minimal set of descriptors. For
transmission demands, the sample buffer would contain samples to be sent, however for reception
demands the buffer would be empty. For all spectrum demands, a waveform generating application
would submit the following descriptors:
• Start Time: When the spectrum demand is to take place
• End Time: When the spectrum demand is to conclude
• Sample Rate: Sample rate of the submitted or requested samples in samples/second
• Lower frequency bound: The lower frequency edge of the requested or submitted spectrum
in hertz.
• Upper frequency bound: The upper frequency edge of the requested or submitted spectrum
in hertz.
• Reference power level: Relates samples with magnitude 1 to equivalent passband power
level in dBm or Watts.
These descriptors, are inspired from low-level SDR peripheral interface protocols such as Vita
49 [6], however device specifics have been removed.
In a full implementation, supplementary descriptors could be added to spectrum demands to suite
additional needs. Regulatory considerations would likely dictate additional mandatory fields. For
example, transmission demands would likely need to specify emission specifics in the form of
4

maximum total radiated power (TRP), maximum antenna gain, maximum out-of-band emissions,
etc. Other practical considerations would likely dictate additional fields. For example, reception
demands would likely need to specify a minimum signal quality metric in the form of spurious free
dynamic range (SFDR), noise spectral density (NSD), or some other quality metric.
This abstract API allows for both transmissions and receptions to be handled asynchronously and
optionally be event driven. For transmission demands, SDR application are free to generate a complete transmission demand and submit it for future transmission indicated in by the descriptors
(i.e. asynchronous operation). Alternatively, the application could submit a transmission demand
with an empty sample buffer and wait for a notification to begin start writing samples. This event
notification would trigger before the actual start time of demand to compensate for transmission
path delays. Once notified, the application must produce samples at least as fast the sample rate
configured in the request to avoid underflow. Similarly, an application can submit a reception demand and check the sample buffer at its convenience, asynchronously. As with transmissions, the
application can wait for an event indicating the first sample has arrived. This event would naturally
occur after the start time in the reception request due to latency in the receive path. The application
can read samples from the sample buffer no faster than the specified sample rate.
Much like a spectrum demand describes an individual transaction, each SDR transceiver must be
registered with a complete set of the devices capabilities and descriptors. With a complete description of the device the abstraction layer can use this information to route spectrum demands
to compatible transceivers. Tuning capabilities, front-end bandwidth, output gain, input gain, and
duplex configuration are a just few examples of essential descriptors. This can also be extended to
include any additional information the manufacture wishes to include.

SCHEDULING
The abstraction of spectrum demands allows the sharing of transceiver resources and hardware.
We envision the abstraction layer containing a full scheduler to manage resource sharing. In the
simplest case, an SDR system would contain a single transceiver. A user may run multiple SDR applications that each generate spectrum demands. The scheduler can then time share the transceiver
by quickly reconfiguring the transceiver between different demands. Reconfiguring includes tuning to a different frequency, switching between transmission and reception, changing amplifier
gain, switching between antennas, etc. When there is contention, demands occurring at the same
time with conflicting requirements, the scheduler must pick a single demand to serve based on
some preestablished priority system.
The scheduler may use a static or dynamic prioritization of spectrum demands to handle resource
contention. A static priority system would choose demands based on known static properties. For
example, it may favor demands from a specific application, demands that are short, etc. Alternatively, a scheduler may use a dynamic priority system in which priorities change. For, example
a scheduler may attempt to ensure that at least 90% of spectrum demands are executed from a
specific application.
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Figure 4: Conceptual block diagram for SDR system supporting multiple applications.

HARDWARE
Hardware considerations for the proposed design are largely the same as conventional SDR, however the flexibility of the system makes certain aspects easier. Analog transmission/receptions
path components must be chosen to support desired frequency bands and front-end bandwidth.
ADC/DAC sampling frequencies and bit precision must be selected by considering the needs of
every radio application. Should no single radio support the needs of all radio applications, an array
of receivers can be assembled. Figure4 illustrates a conceptual block diagram for an SDR system supporting multiple applications. This configuration allows for applications to be dynamically
assigned to transmission/reception paths. Each applicatoin is facilitated by a dedicated, digital
channelizer implemented in either software or hardware. The scheduler will automatically assign
the correct transceiver to the correct application. Alternatively, duplicate transceivers can be added
should many applications have similar requirements and large duty cycles.
The proposed design generally calls for a channelizer for each application, which has several benefits. Signals of interest can be extracted from incoming sample streams by digitally mixing and
bandpass filtering (channelizing) out the respective blocks of spectrum. The resultant sample
streams can then be routed to the appropriate SDR applications. Sample rate conversion, sample precision conversion, sample format should also be integrated into this step. By reconfiguring
the channelizers, SDR applications can easily be migrated between different transceivers.
In certain scenarios, it may be possible to tune a transceiver such that it may receive several signals
at once. By carefully steering the front-end bandwidth of a receiver, multiple spectrum demands
can be targeted with a single transceiver. This is subject to the dynamic range of ADC and the
amplitude of incoming signals [1]. Spectrum demand descriptors should be extended to include
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such considerations if this operation is to be perform these operations dynamically by the scheduler.
Digital channelizers for each application comes at high computational cost. As samples enter
and exit the DAC and ADC they must be stepped-down and stepped-up in real-time respectively.
This process must be repeated for each application. Commercial SDR transceivers typically integrate a digital channelizer to save the host computer from performing this operation, however this
makes channelizing out multiple signals for different applications [7]. Ideally, commercial SDR
transceivers would include multiple hardware channelizers.

RELIABILITY
In this section, we provide a simple model for the reliability of an SDR applications using our
proposed architecture. Consolidating multiple avionics systems together can increase the risk of
multiple systems failure, however the modularity of the proposed architecture can help mitigate
the risk.
Given an implementation of our architecture supporting multiple SDR applications, we can model
the reliability of an SDR application as a series-parallel system [8]. The system is comprised of a
host computer running our applications with reliability Rc connected to m transceivers each with
reliability Rxcvr . The reliability of an individual application RSDRi can the be modeled as
RSDRi = Rc [1 − (1 − Rxcvr )m ]

(1)

if we assume all transceivers are compatible with the application. This is a worst case scenario as
it features a single point of failure, the host computer. The system reliability is no greater than RC
By including additional host computers as warm spares with reliability Rw we can improve the
reliability to
RSDRi = [1 − (1 − Rc )(1 − Rw )k−1 ][1 − (1 − Rxcvr )m ]
(2)
where k is the total number of host computers. In this way reliability can scailed in accordance
with requirements.

SIMULATION
This section provides a simulation to demonstrate the performance of an abstracted multi-radio
SDR system for avionics and telemetry. As previously discussed, each SDR application generates transmission and reception requests and it is the scheduler’s duty to dynamically assign the
requests to the available transceivers.
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SETUP
This simulation will feature four avionics protocols as well and one telemetry protocol. In this
simulation we will support the following avionics systems: distance measuring equipment (DME),
air traffic control radar beacon system (ATCRBS), automatic dependent surveillance broadcast
transmitting (ADS-B Out) and receiving (ADS-B IN), a Mode S transponder. This part of the simulation is identical to that given by [4]. Additionally, we support a single serial streaming telemetry
(SST) transmitter to be representative of telemetry needs.
Our scheduler prioritizes spectrum demands based on their time duration. Finite duration transmission and receptions are the highest priority. SDR applications requiring constant reception will
be assigned any time reaming up to an entire dedicated radio per application if available. Applications requiring constant transmission are the lowest priority and will receive any time after
constant reception applications are assigned up to an entire dedicated radio available. Time duration requirements for each protocol in our simulation are summarized in Table 1.
Summary of Avionics Protocols and Spectrum Demands
Protocol Name Transmission Duration (Periodicity) Reception Duration (Periodicity)
DME
15.5 µs (125-150 Hz)
150 µs (following each TX)
ATCRBS
20.3 µs (following each RX)
Continuous
ADS-B Out
120 µs (5-10 Hz)
N/A
ADS-B In
N/A
Continuous
Mode S
120 µs (following each RX)
Continuous
SST
Continuous
N/A
Table 1: Transmitting and receiving characteristics as they pertain to scheduling.

ASSUMPTIONS
We will assume that ATCRBS, ADS-B In, and Mode S reception demands can be met by the same
transceiver. ATCRBS and Mode S ground stations both interrogate aircraft on 1030 MHz while
ADS-B In arrives on 1090 MHz. All three of these demands are on-going. We will make use of
the channelization technique mentioned earlier to receive all three protocols using one transceiver.
We will assume that ATCRBS replies, ADS-B Out, and Mode S replies will block the reception
of other each other’s reception. The transmissions made by these protocols are in the 100-500w
range. Like [4] we assume that these in-band transmissions will cause saturation in our own receiver(s). Though we are not specifying which DME channel we are using, we will also assume
that transmission made by DME will block in this band as well.
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Summary of Spectrum Demands Met (%)
Radio Count
1
2
3
TX RX TX RX TX RX
DME
98.2 28.1 100 55.5 100 82.5
ATCRBS
68.2 98.2 69.6 97.9 70.2 97.4
ADS-B Out 100 N/A 100 N/A 100 N/A
ADS-B In
N/A 90.7 N/A 92.3 N/A 93.2
Mode S
91.7 95.9 84.9 95.1 83.7 96.7
SST
N/A N/A 97.6 N/A 100 N/A
Table 2: Portion of transmission and reception demands met per application.

RESULTS
Table 2 summarizes the portion of transmission and reception demands that were met per application. Results are given for three different simulations featuring an increasing number of shared
tranceivers. We see that transmission performance for finite duration demands initiated by the
aircraft are excellent. The performance improved slightly with a greater number of transceivers
available.
Mode S and ATCRBS show what appear to be contradicting trends. For Mode S, as the radio
count increased the transmission performance degraded while ATCRBS showed the opposite trend.
These protocols likely are approaching an equilibrium performance.
Reception demands tended to increase in performance as the radio count increased. DME’s finite
duration reception cycle improved drastically as the radio count went up indicating it was likely
suffering from resource contention.
Continuous transmission reception demands stayed relatively constant showing only a slight increase or decrease in performance with exception of the SST. This was expected for continuous
reception demands as the total scheduled time for finite duration demands compromised only 3%4% of the entire simulation. Due to scheduling priorities already mentioned it is impossible for the
SST to run with fewer than 2 radios on the system.

CONCLUSION
In this paper we proposed a new architecture for hosting multiple SDR programs using shared
hardware. We detailed what software and hardware changes as well as benefits to SDR application
programmers. Additionally, we demonstrated how the improved modularity can lead to an increase
in radio system reliability and demonstrated performance scaling in a resource bound system.

9

REFERENCES
[1] J. Zambrano, A. Amrhar, A. A. Kisomi, E. Zhang, C. Thibeault, and R. Landry, “Multimode reconfigurable software defined radio (SDR) architecture for avionic radios,” in 2017
Integrated Communications, Navigation and Surveillance Conference (ICNS), pp. 1–24, Apr.
2017.
[2] M. Don and M. Ilg, “Advances in a Low-Cost Software-Defined Telemetry System,” in International Telemetering Conference Proceedings, International Foundation for Telemetering,
Oct. 2017.
[3] A. Amrhar, A. A. Kisomi, E. Zhang, J. Zambrano, C. Thibeault, and R. Landry, “Multi-Mode
reconfigurable Software Defined Radio architecture for avionic radios,” in 2017 Integrated
Communications, Navigation and Surveillance Conference (ICNS), pp. 2D1–1–2D1–10, Apr.
2017.
[4] O. A. Yeste-Ojeda, J. Zambrano, and R. Landry, “Design of integrated Mode S Transponder,
ADS-B and Distance Measuring Equipment transceivers,” in 2016 Integrated Communications
Navigation and Surveillance (ICNS), pp. 4E1–1–4E1–8, Apr. 2016.
[5] Y. Cheng, K. Xu, Y. F. Hu, P. Pillai, J. Baddoo, A. Smith, M. Ali, and A. Pillai, “Technology
demonstrator of a novel software defined radio-based aeronautical communications system,”
IET Science, Measurement Technology, vol. 8, no. 6, pp. 370–379, 2014.
[6] T. Cooklev, R. Normoyle, and D. Clendenen, “The VITA 49 Analog RF-Digital Interface,”
IEEE Circuits and Systems Magazine, vol. 12, no. 4, pp. 21–32, 2012.
[7] G. Sklivanitis, A. Gannon, S. N. Batalama, and D. A. Pados, “Addressing next-generation
wireless challenges with commercial software-defined radio platforms,” IEEE Communications Magazine, vol. 54, pp. 59–67, Jan. 2016.
[8] K. S. Trivedi, Probability and Statistics with Reliability, Queuing and Computer Science Applications. New York: John Wiley & Sons, Inc., 2 ed., 2002.

10

4G LTE AND TELEMETRY INTERFERENCE ANALYSIS ON A
FLEXIBLE SOFTWARE-DEFINED RADIO TESTBED
PLATFORM
Juan F. Gonzalez
Department of Electrical and Computer Engineering
The University of Texas at El Paso
El Paso, TX 79902
jfgonzalez3@miners.utep.edu

Mirza Elahi
Department of Electrical and Computer Engineering
The University of Texas at El Paso
El Paso, TX 79902
melahi@miners.utep.edu

Jose A. Castillo
Department of Electrical and Computer Engineering
The University of Texas at El Paso
El Paso, TX 79902
jacastillo8@miners.utep.edu

Virgilio Gonzalez, Ph.D.
Department of Electrical and Computer Engineering
The University of Texas at El Paso
El Paso, TX 79902
vgonzalez3@utep.edu

Pabel Corral
U.S. Army Test and Evaluation Command
White Sands Missile Range
White Sands, NM
pabel.corral.civ@mail.mil

Susumu “Duke” Yasuda
U.S. Army Test and Evaluation Command
White Sands Missile Range
White Sands, NM
susumu.yasuda.civ@mail.mil

Faculty Advisor:
Virgilio Gonzalez, Ph.D.

ABSTRACT
With the upcoming AWS auctions by the FCC, the shared radio frequency spectrum is to be
impacted in a way that its current users will have to maintain their operations with a reduced
amount of spectrum. Mainly focusing on the L, S, and the lower C-bands, the 4G LTE and the
White Sands Missile Range telemetry systems will be the primary affected users. With the
implementation of a flexible software-defined radio testbed, it is possible to simulate both
communication systems to qualify and quantify their behavior, while studying the interference
between systems. The testbed allows the implementation of both systems with adjustable
parameters with the purpose of mitigating interference and to produce a set of rules to obtain a
clean telemetry signal and to reduce LTE interference, and vice-versa. The flexibility of this
testbed is reflected in its ability to change the modulation types, power levels, frequency bands,
and the ability to transmit in a closed-loop or wireless environment.
NOTE: This paper is built in its majority from the Master Thesis work performed by the author,
which is titled: “Interference Analysis and Mitigation of Telemetry (TM) and 4G Long-Term
Evolution (LTE) Systems in Adjacent Spectrum Bands” (2018). This paper serves as a more
applied approach rather than theoretical.

INTRODUCTION
The radio frequency spectrum is being readjusted to fit the consumer need for mobile data and
applications, and these readjustments bring problems to the existing users of the spectrum. With
this, many spectrum management techniques are required to ensure the normal operation of the
communication systems participating in adjacent spectrum bands. One of the solutions to
understand and classify the readjustment of communication systems in the spectrum, is to create
a flexible testbed that will be able to emulate said systems. This to predict the behavior of
interference and to create rules of interaction between systems to prevent interference. Described
herein, are techniques to mitigate interference between LTE and Telemetry communication
systems for purposes of spectrum allocation and interference mitigation.
The Federal Communications Commission (FCC) made available 65 megahertz (MHz) of
reserved spectrum for commercial use, as described in Auction 97 Advanced Wireless Services
(AWS-3) [1]. In the 1755 – 1780 MHz band, 25 MHz of military spectrum will be removed for
commercial use, and the current use of the 1755 – 1780 MHz band will be allocated into the
1780 – 1850 MHz band. Telemetry systems, radars, aviation, radio services, and cellular
networks are some of the users of the spectrum. The challenge is to place the previous mentioned
systems into the same band without causing noticeable interference or decreasing performance.
A possible solution is to coordinate joint usage of the radio spectrum for communications and
other radio frequency system applications. By identifying and classifying spectrum users, an
optimal assignation of spectral resources is to be proposed. AWS-3 loss mitigation is of utmost
importance, as it will be the concept that defines the set of rules or procedures that will have to
be followed to ensure optimal conditions to prevent major losses in the communication systems.

By using an SDR, spectrum users can be identified and classified depending on their required
power, spectrum usage, modulation scheme, Signal-to-Noise Ratio (SNR), communication
technology (Wi-Fi, 4G LTE, Bluetooth, etc.), behavior between signals, bandwidth, and data
rate. Recollection will be then stored into a database that will allow the manipulation of data to
prove concepts and to determine solutions.
In summary, to counteract the loss of spectrum to WSMR due to auctions made by the FCC to
allow more use of the spectrum for telecommunication companies, a testbed was developed to
study the interaction between systems with the hopes of creating rules of interaction and
interference mitigation techniques.

BACKGROUND INFORMATION ON THE RADIO SPECTRUM
The Radio Frequency Spectrum encompasses the frequencies from 3 kHz to 300 GHz, and it is
regulated in totality by the FCC. The National Telecommunications and Information
Administration (NTIA) is the entity who assigns specific frequency ranges -known as frequency
bands- to users who employ radio services. These users include telecommunications companies
(Verizon, AT&T, T-Mobile, Sprint, etc.), federal, military, amateur, research, radio and
television broadcasting, location services, and amateur users.
These users must adjust to only using the frequencies in which they are allowed to operate,
failure to do so will result in fines imposed by the FCC Enforcement Bureau (FCCEB) [2]. Some
limitations exist, and users of their respective bands must employ their own communications
techniques to be able to operate in those frequencies at their desired conditions. Figure 1 is a
portion of the United States Frequency Allocations, it displays what users there are, and in which
band they operate [3].
Those are some of the users that exists in the spectrum. And those users must restrain to only
using the frequencies they were allocated in. Otherwise, the FCCEB will have to take an
enforcement action.
As mentioned before, the AWS-3 affected primarily the WSMR personnel, as their 1755 – 1780
MHz band had to be auctioned to the telecommunication companies for LTE Uplink; and their
systems were reassigned to the 1780-1850 MHz band, also known as upper L-band. The adjacent
users of the upper L-band are shown in Figure 2, where adjacent users to the band of interest are
shown. Notice that the use of this band is for AMT [4] and for Space Operation (Earth-to-Space).

Figure 1 Close-up look of the 72 - 124 MHz range, as established by the NTIA1.

Figure 2 AWS-3 bands involved. The upper-L band of interest is highlighted by the yellow box 1.

The experiments performed will be mainly focused the L, S, and C-bands, since these are the
bands that are affected by the AWS auctions.
L, S, and C-bands
Below are the spectrum snippets for the main bands of interest, this nomenclature follows the
IEEE frequency band designations [5]. These are highly linked to military and commercial use.
Figure 3 displays the current users of the L-band (from 1 - 2 GHz) and the frequencies of
interested are highlighted in the red boxes. This band was auctioned during the AWS-3.

1

[3]

Figure 3 L-band spectrum users and frequencies1.

The S-band (from 2 - 4 GHz) is the following band that will be included in the AWS-4, and a
portion of it is depicted in Figure 4Error! Reference source not found.. The frequencies of
interest are highlighted in the red boxes. Experiments were mainly conducted in the L and Sbands.
Finally, the C-band (4 - 8 GHz) will be the band of interest as well. It is mainly for future
reference, and since it is not as crowded as the previously mentioned bands, if the equipment
allows it, it can be utilized. A portion of it and its applications can be seen in Figure 5.

Figure 4 S-band spectrum users and frequencies1.

Figure 5 C-band spectrum users and frequencies1.

METHODOLOGY
Several experiment scenarios will be designed to test the systems that will interact with each
other; and to observe the behavior between each other, and how to mitigate any interference. The
recorded data will aid in making better decisions regarding recommendations for the existing
systems.
Frequency Bands of Interest
This section contains information on what frequencies were studied on the testbed. These
frequency bands were focused on since they are described in the IRIG-106 Telemetry Standards
document [6]. Also, the LTE frequency bands close to those of the telemetry standards were
taken into consideration.
The frequency bands that are of interest for telemetry are listed in Table 1. These frequencies
were used in the testbed since they are the ones established in the telemetry standards document
mentioned before. These frequencies should be taken into consideration to simulate a more
accurate telemetry system.
Table 1 Telemetry bands of interest.

Band
L
S
C

Lower
Upper
Lower
Upper
Lower
Mid

Frequency Range (MHz)
1435 – 1525
1710 – 1990
2200 – 2290
2360 – 2395
4400 – 4940
5090 – 5150

Application
Mobile and Telemetry
Telemetry: 1780 – 1850 MHz
Telemetry
Telemetry
Telemetry
Telemetry

The main concern is for the telemetry system to function under interference from the LTE
source, and vice-versa. A coexistence of systems is paramount to this research.

Composition and Expectation
All the tests will be performed without using classified information and the data transmitted will
be randomly generated. The SDR devices will emulate hardware and data link parameters of
existing WSMR using consumer civil standards (any technology proprietary to WSMR that is
not for public release is not included). Both the LTE and the telemetry systems will have their
own enclosure to have an unbiased system test. The Tx, Rx, interference source, and noise
components will be SDR devices, and the blocks M1, M2, and M3 will be either physical
devices or SDR functional blocks. These entities will perform the techniques that will mitigate
interference.
What is expected from this experiment is to determine the best practices to mitigate the
interference between systems, if any. Simulations to determine said practices will be comprised
of software and hardware components.
Testbed Implementation
With the utilization of SDRs and components such as coaxial cables, splitters and combiners, the
final testbed was developed. One SDR was used to generate a Telemetry transceiver that
included several PSK modulation schemes. Two other SDRs were used as the LTE system
(interference source), one device was used as the User Equipment (UE), e.g. a cellphone; the
other device acted as the eNodeB (eNB) station, or antenna. And the last SDR device was simply
used as the AWGN source.
All the outputs (TX) sources from the SDRs are combined into a final SDR device that is in
charge of filtering out the LTE signal, to leave the Telemetry signal clean. It is implied that a
certain amount of noise will not be filtered, which will affect the system. This noise and the
amount of unfiltered LTE (if any) will determine the performance and quality of the Telemetry
system.
Lastly, after the filtering stage, the output will be split into four links which will go into the
Telemetry, LTE, and Spectrum Analyzer devices. This final configuration can be easily seen in
Figure 6, where each of the devices is labeled accordingly for easier readability. The devices can
be easily deactivated through software, or simply disconnected, in order to observe the different
behavior of the communications systems. The LTE can be deactivated, or the noise, which would
in theory, yield a clean Telemetry signal, and vice-versa. This filtering stage is still in
development, and it was not included in this paper.
With the flexibility of the testbed, all the systems could be generated with ease and without any
violations to the FCC since it has the capability to work in a closed loop system. A wireless test
was conducted, but in a 2.4 GHz band that is considered the ISM band (industrial, scientific, and
medical radio) and with a power below 100 mW, again, to avoid any violations to the FCC
rulings.

Figure 6 Final testbed implementation with the Telemetry source, LTE interference source, noise source, and the digital
filter. Two spectrum analyzers were used to observe the behavior before and after filtering the signals.

The physical layout of the testbed is presented in Illustration 1, it encompasses the SDRs and the
splitters in a closed controlled configuration. The filtering device, which is also an SDR is
represented in Illustration 2. These are presented with the purpose of aiding the reader into
understanding the layout clearly. Different “colors” of the RF cables were used, such as the
copper colored cables being a TRANSMITTED signal, while the black cables are the
RECEIVED signals.

Illustration 1 Two views of the testbed. The four SDR devices in charge of transmitting and receiving are present, as well
as their connections. On the left side, the splitters and combiners are shown.

Illustration 2 SDR device that will be utilized in filtering.

For the testbed, two types of parameters were obtained: numerical and visual. Each of these
parameters are found in the testbed's software implementation. The numerical parameters' main
purpose is to quantify the performance of the testbed, while the visual parameters are used to
qualify performance.
Numerical Parameters
To quantify the performance of the system, numerical parameters must be obtained. These
parameters were obtained in the L, S, and the lower C-band, mainly in the border regions
between the telemetry and the LTE frequency bands. It is important to notice the performance in
different frequency bands to see how they differ depending on what frequency band they are in
(if any).
The numerical parameters are:















Antenna Gain
o G/t
Bandwidth (BW) of the Transmitted Signal
BER or BLER (in LTE systems)
o Typically required to be ≤ 10−6
Center Frequency (fc)
Data Rate
Frame Synchronization Error Rate (FSER)
o Most likely required to be zero
I/Q Rate
Modulation Scheme
Noise Floor
o Noise Factor/Figure (if applicable)
 Can be calculated by the input SNR vs output SNR when passing
through a device. Or by output noise vs thermal noise.
Rx Power
o Rx Sensitivity Level (detection threshold)
SNR
Tx Power

All these quantifying parameters are to be obtained in the frequencies described, while focusing
mainly on the telemetry frequencies and their border bands.
Visual Parameters
To qualify the performance of the system, visual parameters must also be obtained along with the
numerical parameters. In every of the tests performed for the numerical parameters, the visual
parameters have to be observed —mainly through a spectrum analyzer or a Vector Network
Analyzer (or any of its variations)— to ensure that the system is working as expected. Several
images are included in this section in order to compare them to what the visual devices are
outputting. They were generated using the testbed in study by using a BPSK signal. A clean
signal vs. a noisy signal is shown for each of the parameters described below.
The visual parameters to be observed are:
 Constellation Diagram

Figure 7 Constellation Diagram for a BPSK signal (rotated 90° for illustration purposes). This image was generated using
the testbed.



Eye Diagram

Figure 8 A PSK eye diagram. Generated only for illustration purposes.




Spectrum Graphs
Waterfall Graph

These results are useful to help classify the testbed and the experiments in a numerical and visual
way. Compliance values are usually set by the consumer, although the main values of concern
are the Tx power, FSER, data rate, and SNR. Again, these values will help classify the
performance of the experiment scenario.
Experiment Description
The basic idea of the experimentation was to simulate the TM and LTE systems in adjacent
bands, out of band, and in band for the L, S, and lower C-bands [4]. The TM system used an
OQPSK modulation scheme while the LTE system used a 64-QAM modulation scheme, this to
show the most aggressive modulation types for these systems in order to determine the worstcase scenario.
An adjacent band experiment consisted of transmitting TM, and LTE (UL & DL) in proximity.
For example, in the L band the TM system was centered at a frequency of 1790 MHz while the
LTE UL was centered at 1770 MHz and the LTE DL was centered at around 1920 GHz in order

to stay within the specified limits. This would simulate a “real world” scenario where the
spectrum chunk is adjusted accordingly to have the maximum number of users. In this scenario,
guard bands can be determined to ensure acceptable performance in the TM and LTE systems,
with minimal interference; typically, 5 MHz of guard band is good enough.
The other experiment, out of band, refers to signals being centered far away from each other. For
example, in the S band a TM system can be centered at 2245 MHz while an LTE DL signal will
be centered at 2120 MHz, again, keeping the frequencies inside the limits. Although it is highly
recommended to respect the frequency allocations in these experiments, other experiments in
non-existent bands can be made, where a TM signal can be centered at 2 GHz and an LTE signal
(UL or DL) can be centered at 1.9 GHz, this with the purpose of observing a different behavior.
This experiment simulates a more realistic approach, as the signals are usually set in the center of
the band, precisely to avoid interfering with other bands.
Lastly, the in-band emission experiments refer to signals overlapping in the same spectrum band,
this is a scenario that is very unlikely to happen, but its results are interesting to study in case it
occurs. For example, a TM signal can be centered at 2 GHz, while an LTE signal is centered at
2.01 GHz, which will make both signals overlap since the bandwidth of the LTE signal is 20
MHz, and the TM signal has around 100 or 200 kHz of 3-dB bandwidth.

RESULTS
Frame Synchronization Error Rate (FSER), eye diagrams, constellation diagrams, and spectrum
graphs were obtained from the experiments described herein. With the qualitative and
quantitative results, the rules and techniques of mitigation can be generated.
The main parameters that were adjusted in the software interface for each of these exams were:
power level of the transmitter (gain for the TM system and power for the LTE system), center
frequency, modulation type, and receiver gain for the TM system.
For each of the experiments, a visual reference or baseline test with no interference was created.
This with the purpose of using it as a comparison for tests where the system is affected.
Telemetry Interference on LTE Systems
The first tests ran were done in order to answer the question of how much the TM system can
impact an LTE system. It is important to note that the TM interference is more significant on
commercial users, as its interference is noticeable and may prevent LTE service.
Both lower and upper band visual measurements were obtained. These visual measurements
represent how much a TM signal affects an LTE signal. The first images depict an ideal scenario
with no interference, which will be used as the reference or baseline.
L-band

In this experiment, the same power level was transmitted for both signals. This test represents the
closest the signals can be without the LTE suffering from interference. The graph in Figure 9
represents them in the radio spectrum. With these conditions, the LTE system behaves normally,
as seen in Figure 9 where the BLER remained at zero. With Error! Reference source not
found.Figure 10, it can be reinforced that this configuration of the TM signal does not affect the
LTE system.

Figure 9 OQPSK TM signal and LTE DL signal in adjacent bands. The center frequency is 1.445 GHz. On the right is the
BLER graph for the current system configuration.

Figure 10 Constellation, data rate over time, and throughput for the LTE system.

The following test was made to determine how much a TM signal can affect an LTE signal in an
in-band scenario. In this case, the TM signal was centered at 1.46 GHz while the LTE signal
stayed at 1.47 GHz. This signals can be seen together in Error! Reference source not found.
along with the BLER measurement as seen in Figure 11, lastly more measurements can be seen
in Figure 12 where the data rate has decreased by 33% on average due to the interference of the
TM system.

Figure 11 OQPSK TM signal and LTE DL signal in an in-band scenario. The center frequency of the spectrum analyzer
is 1.445 GHz. On the right is the BLER graph of the LTE system.

Figure 12 More measurements for the LTE system.

LTE Interference on Telemetry Systems
After testing how the TM signals will affect the LTE system, it is required to also study how the
LTE system would affect the TM system. With this, stricter rules of interaction can be created
for both systems to maximize coexistence. A similar approach to experimentation as the previous
section will be followed. A TM signal will be centered at a specific frequency while the TM
signal will be shifting closer in order to interfere with the TM signal. An OQPSK signal will be
used to test this scenario, the parameters that will help classify the TM system will be the
constellation diagram, spectrum graph from spectrum analyzer and testbed, eye diagram, and a
preliminary FSER graph.
Interfering with TM is not as severe as interfering with LTE, since the private companies are
spending large amounts of money to keep their links fully operational, and anyone who tampers
with them will be probably fined. Hence, why the TM on LTE interference issue was explored
first.
As the TM on LTE tests, this LTE on TM tests will be also conducted in the L, S, and C-bands.
The same spectrum analyzer will be utilized, while the other parameters will be extracted from

the TM transceiver GUI. Once again, the testbed was used to acquire the images that aid in the
quantification and qualification of the link.
These tests will mainly show that the TM signal works under LTE interference as long as the TM
signal overpowers the LTE signal. As mentioned before, the FSER value is still in a preliminary
state, which means that the FSER graph represents when the TM signal has actually locked in to
the synchronization bits (16 pseudo random bits) and that it is receiving those bits correctly. The
LTE is expected to break that sync at a certain power level above the TM system or at a certain
frequency.
L-band
Similar to the tests performed in Telemetry interference on LTE scenario, the experiments
presented in the L-band will follow a similar fashion. This to study the behavior of the TM
system at different frequencies and to characterize the interference the LTE system provokes by
raising the noise floor of the TM receiver.
With this configuration, the signals will be 15 MHz apart, and the impact of this scenario will be
studied. As seen in the past tests, the noise floor of the TM receiver was increased with no
noticeable issues. The spectrum graph in Figure 13 shows how the signals are next to each other,
and the FSER graph reasserts the assumption of the TM signal operating normally. The graphs in
Figure 14Error! Reference source not found. show that the constellation diagram is in good
shape, and that the noise floor was not raised considerably on the TM system, while the eye
diagram looks clear as well.

Figure 13 Spectrum graph and FSER.

Figure 14 Parameters seen by the TM receiver. Constellation diagram, spectrum graph, and eye diagram.

The next test will have the two signals 5 MHz apart, which is an extreme case that in a realworld scenario would not be possible due to the FCC regulations, but it has to be studied in order
to understand the scenario in case a mishap occurs. The LTE signal will be centered at 1.78 GHz,
while the TM signal will remain at 1.785 GHz. In Figure 15, the spectrum graph shows that there
is still a small amount of the TM signal shown, and that the FSER graph detected errors in the
system. In Figure 16, the constellation is sparse, the spectrum graph shows that a considerable
amount of noise was induced, and the eye is completely unrecognizable, and will not aid in
sampling.

Figure 15 Spectrum analyzer graph shows how the signals are overlapping, yet a small peak can be seen that represents
the TM signal. The FSER graph shows that there were some errors in the system.

Figure 16 Jittery constellation diagram, spectrum graph with a higher noise floor, and an unrecognizable eye.

These results complete the experimentation on the testbed in the L-band. The remaining results
of the Lower and Upper bands of the L, S, and C-bands can be found in [7] for further reference.

CONCLUSIONS

This section includes the data of how the TM system affected the LTE system, their rules of
interaction in order to keep the LTE system at an acceptable performance, and a brief
introduction into how these results will aid in the 5G technologies by implementing a similar
testbed.
In the first cases of the interference of the TM system on the LTE system, it was clear that there
was a pattern developing for the L-band, from which two rules of interaction where obtained to
ensure the normal performance in an LTE system. The rules of interaction of an LTE and a TM
system in the L-band are as follows:
 If the TM and the LTE signals are at the same power level, to prevent interference
their minimum guard band distance should be no less than 15 MHz.
 If the TM signal overpowers the LTE signal, to avoid detrimental effects on the
LTE system, both signals should have a guard band distance of at least 20 MHz.
These rules were generated with the observations done on the results of the tests in the L-band.
For the S-band, different results were yielded, which led to the suggestion of the following rules
to ensure normal operation for the LTE system.
 If the TM and the LTE signals are at the same power level, the LTE system will
suffer no considerable interference from the TM system. A small effect may be
observed on the LTE signal, but the TM system will be rendered useless if the
signals are overlapping or in close vicinity.
 If the TM signal overpowers the LTE signal, again, both signals should be spaced
at a minimum of 20 MHz to prevent interference on the LTE system.
The rules for the C-band change drastically, and according to the results, the LTE link suffers
from being operated at a high frequency even without interference; when interference is
introduced, the following rules can apply for the C-band:



When the TM and the LTE systems display the same power level, a 20 MHz
distance between signals is needed to ensure the LTE system does not suffer any
additional degradation from the high frequency. The LTE link still functions but
with reduced performance.
 If the TM signal overpowers the LTE signal, a 20 MHz is also required to keep
the link operational. Any lower value of the band guard will render the LTE link
completely useless.
These rules of interaction conclude the TM on LTE interference scenarios. These rules are
strongly recommended to ensure normal performance of both systems and to make sure the
signals coexist harmoniously.
For the interference mitigation of the LTE system on the TM system, different rules must be
followed to protect the TM system. In the LTE system, interference from the TM system was felt
instantaneously and the performance of the link suffered greatly, the spectrum graph of the LTE
Rx displayed both TM and LTE signals simultaneously, and its effects were seen clearly. For the
TM system, the LTE signal remains masked as noise to the TM Rx, meaning that any LTE signal
that gets closer and closer to the TM signal, will only be raising the noise level of the TM Rx,
affecting its performance by increasing the FSER, reducing the channel capacity, and affecting
the visual parameters such as the constellation and eye diagrams.
As a result, for the TM system:
 Visual parameters should be taken into consideration when
calculating/determining the interference from the LTE system.
 The FSER measurements can be used as quantification for the quality of the TM
link.
 Following the rules established by the LTE rules of interaction should be followed
in order to prevent fines from the FCCEB.
 The TM system is resilient at the 15 MHz center frequency separation as long as
the power levels remain equal.
All the tests were conducted as worst-case scenarios in order to experiment with the limits of the
simulated systems. This to reduce the number of experiments required, since any other test
outside the worst-case scenarios is expected to function normally (in theory). With this flexible
SDR testbed, it was proven that the emulation of communication systems as well as their
qualification and quantification. This testbed focuses all the resources into the SDR which makes
it easy to manipulate via software.
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ABSTRACT
Spectrum sharing between federal and commercial users is proposed by the FCC and NTIA to
open up the 3.5 GHz band for wireless broadband use. This requires the detection and subsequent
allocation of available licensed spectrum for temporary use by other users without interfering with
incumbent signal transmission. The DoD has a documented requirement of 865 MHz by 2025 to
support telemetry but only 445 MHz is presently available. This paper presents spectrum sharing
opportunity and technology that will help reduce service interference between spectrum users. We
developed protocol model for spectrum sharing and implemented cognitive radio media access
sensing mechanism using cyclostationary feature detector (CFD). The paper demonstrates shared
usage by secondary users with minimum interference and improvement in throughput by as 5 times
compared to other protocols. This is an introductory work that shows the feasibility of the approach
with the potential for many other factors to be considered. We suggest that with proper sensing
mechanism and quiet period implementation by the unlicensed users, CSMA/CA RTS-CTS could
be adopted for licensed user protection.

INTRODUCTION
According to FCC, about 85% of the assigned spectrum is currently underutilized as a result of the
ﬁxed spectrum allocation policy. To overcome the challenge of spectrum crunch, the FCC in
collaboration with other government agencies have been saddled with the responsibility of
providing necessary procedures whereby the assigned spectrum is shared between the licensed and
the unlicensed users [1], [2]. The 3500-3650 MHz is one of the candidate bands identified and
recommended by the NTIA for reallocating 100 MHz of its 3550 – 3650 MHz for wireless
broadband use within the shortest possible time [1], [2]. This is contained in Fast Track report
published in October 2010 in response to President Obama Administration’s bold vision for
spurring innovation by expanding the amount of spectrum available for wireless broadband access.
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In the U.S. National Table of Frequency Allocations, the 3500-3650 MHz frequency range is
divided into the 3500-3600 and 3600-3650 MHz bands which include allocations to Federal
radiolocation and radio navigation services [1], [2]. In making spectrum sharing implementable,
some technical and commercial challenges must be resolved. The technical issue mainly is how to
manage interference between primary and secondary users. Although, the spectrum access rights
granted by the Federal government to spectrum users come with the expectation of protection from
harmful interference this problem may persists because of the growth of different types of wireless
services demand. Cognitive radio (CR), small cells and location-based access to spectrum are
fundamental technologies proposed to address interference [2], [3]. The dynamic spectrum access
(DSA) approach identifies spectrum holes or white spaces and uses them to communicate by
application of CR.
The key technical aspect to realize DSA is therefore CR. CR network involves four main tasks,
they are: spectrum sensing, spectrum decision, spectrum sharing, and spectrum mobility. The
purpose of spectrum sensing is to determine spectrum availability or the unused portion of the
spectrum (spectrum holes) and the presence of PUs. Spectrum sensing facilitates discovery of
unoccupied spectrum and this is the first step to implement CR system [3], [4], [5]. CR users share
information related to sensing and signaling, so sensing delays are tolerable. Furthermore,
available channels are generally discontinuous and may lie anywhere in the entire spectrum. The
availability of these channels may vary with time. Therefore, the CR must have the capability to
cope with a dynamic environment, since the availability of channels for SUs at any time and
location depends on PU activity. The CR user communicates with the base-station and other CR
users with the capability for spectrum sensing, decision, handoff and cognitive radio
MAC/routing/transport protocols.
To detect the availability of some portions of the spectrum, the best way would be the detection of
the PU that is within the range of the CR and receiving data. The Cyclostationary feature detection
(CFD) method is one of the common algorithms that enables spectrum sensing and it is the most
proposed and preferred method. This sensing method deals with the inherent cyclostationary
features of a signal [4], [5], [6]. We therefore implemented the basic block diagram of CFD as
shown in figure 1 below for spectrum sensing in the design of the CRMAC protocol.
BPF
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Figure 1: Block Diagram of Cyclostationary Based Detection
In its simplest form, spectrum sensing can be formulated using the hypothesis-testing problem [4]
as shown in equations 1 and 2 below, from detection theory,
𝑦(𝑡) = 𝑛(𝑡) ……………………………………………… (1)
𝑦(𝑡) = ℎ(𝑡). 𝑥(𝑡) + 𝑛(𝑡)…………………………………. (2)
Equation 1 (Hypothesis 1) represent a case where PU is not within the range of the CR and as such
no data is received while equation 2 (Hypothesis 2) is otherwise. In equations 1 and 2, y(t)
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represents received signal at CR, x(t) represents transmitted signal by PU and n(t) is the zero-mean.
Additive White Gaussian Noise (AWGN), h(t) is the channel gain of the sensing channel between
the PU and the CR [4], [5], [6].
From [9], the probability of detection, PD and the probability of false alarm, PFA of the
cyclostationary feature technique are given as
√2𝛾

𝑃𝐷 = 𝑄1 (

𝛿

𝑃𝐹𝐴 = 𝑒𝑥𝑝 [

𝜆

, 𝛿 )…............................................................ (3)

−(2𝑁+1)𝜆2
2𝛿 4

]……………………….…………… (4)

Where γ is the given SNR, and δ is the average energy of received prefix signal, λ is the
decision threshold and N is number of the samples.

CRMAC PROTOCOL DESIGN
The design of the Cognitive Radio MAC (CRMAC) protocol that provides high spectrum
utilization, QoS and throughputs is presented in this section. The SU user monitors presence of
signals in the spectrum using a combinations of PU detection, time windows, and an RTS/CTS
protocol. We elaborated on the protocol modelling using the flow diagram as shown in figure 2
below.

Figure 2: Flow Diagram of CRMAC Protocol Design
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The working of CRMAC protocol as shown in figure 2 is as follows:
Step 1: Set initial parameters of the network size, number of stations, radio range of nodes,
number of bits to transmit and nodes location.
Step 2: Set time slot of random motion. Set average transmission time.
Step 3: Generate information bits and apply modulation (BPSK)
Step 4: Transmit modulated data through channel from node to node
Step 5: Apply the protocols (CSMA and CSMA/CA RTS/CTS) over the network. If collision is
detected, then wait for a quiet period (QP) and choose a random backoff value from
the range [0, CW]. We set the CWmin of 15 and a CWmax of 1023.
Step 6: Find spectrum sensing value using sensing algorithm and if the channel gets idle before
the QP (we assumed the QP of about 400𝜇s) transmit the data. Node receive
acknowledgement from other node and check sensing condition. The BS collects
CR sensing data and decides on channel state.
Step 7: If both conditions are satisfied make transmission between nodes, Y ≥ λ, H1, Y<λ, H0
Step 8: Find performance parameters (throughput)

The detection of PU signal is achieved in this design by implementing basic block diagram of CFD
as shown in figure 1 in MATLAB. The original modulation used in 802.11 was phase-shift keying
(PSK) [6], [7], [8], we use the Binary Phase-Shift Keying (BPSK) modulation scheme here which
is compatible with the CSMA/CA for path sharing in the 802.11 specifications [8].
From equations 1and 2 above, a hypothesis is formulated that if the received signal (Y) is greater
than or equal to the threshold (λ), detection of the PU signal by the SUs will occur, otherwise the
PU is not within the network range and the SUs can utilize the available spectrum on sharing mode.
CSMA and CSMA/CA RTS/CTS mechanism is applied over the network for node frame
transmissions and spectrum sharing is achieved by scanning during initial startup of the sensing
process, sensing active and non-active channels during quiet period (QP).

RESULTS AND ANALYSIS
The result below is from the MATLAB simulation where Monte Carlo runs with several MAC
protocols are the explored. In the first stage, we see graphical representations of traffic under
different load conditions. Figures 3a, b and c below shows graphical representations of node
connections (nodes in red and DSA in green at the center of the network) when the CRMAC
protocol was simulated for number of nodes in the network at ten, thirty-five and forty. The DSA
identifies spectrum holes and uses them to communicate by application of CR. It allows the
4

systems to select the frequency spectrum in which they will operate over a given period to optimize
the use of available spectrum and avoid interference. In this simulation, the throughput is analyzed
in terms of contention window and number of active nodes.

Figure 3a: Graphical Representations for 10 Network Nodes

Figure 3b: Graphical Representations for 35 Network Nodes
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Figure 3c: Graphical Representations for 40 Network Nodes

Figure 4: Network Throughput for CSMA/CA and CSMAC/A - RTS/CTS
To analyze the effects of network workload, we looked at the average rate of successful packet
delivery over the channel which represents the throughput. Figure 4, shows the throughput of the
network over 40 nodes using the CSMA and the CSMA/CA RTS-CTS. The X-axis represents
number of nodes in the network while the percentage throughput is on the Y-axis. In figure 4, the
behavior of CSMA/CA and RTS/CTS protocol in the simulated network indicates that the
throughput increases with increasing number of nodes for the CSMA and RTS CTS schemes.
However, the RTS CTS schemes performance is much better compared to the percentage
throughput of the CSMA/CA. This indicates that the number of successful transmissions increased
especially with the RTS/CTS scheme which suggests lower level of interference between the nodes
and significant level of throughput improvement. Here we see the impact on the overall network
throughput with the implementation of QP added to the backoff window utilized in the CRMAC
protocol.
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Signal detection is required for spectrum sensing and this is key to this protocol. Signal detection
was accomplished as shown in figure 1 and the performance parameters were explored. Figure 5
below is a plot of the probability of PU signal detection, PD as a function of SNR for the CRMAC
protocol when detection threshold, λ=5. At this threshold, the PU signal sensing and detection was
performed for the SNR range of -30dB to +30dB and the plots shows the probability of detecting
PU signal at this selected SNR range. The performance shows 100% PD and 0% PFA at SNR values
of -5dB and above. It shows that the PU’s signal is still detectable at a very low SNR value
between -30dB to about -10dB.
The overall analysis of the PU signal detection part is that the detector shows good results over the
entire range of 30dB to -30dB and its performance is not affected by the SNR values. The
probability of spectrum sensing is minimum for low values of SNRs and maximum for higher
values of SNR. During QP, SUs are not allowed to transmit and within this period, the PU signal
can be detected by the SU’s who then backoff for PU usage of the spectrum thereby avoiding
operational interference.

Figure 5: Probability of detection when λ=5

CONCLUSION
This paper shows how proven CSMA/CA RTS CTS protocols can be applied to the sharing of
spectrum by PU and SUs. We developed a CRMAC protocol model which shows that with the
backoff and QP strategies, network interference can be reduced drastically thereby enhancing the
overall throughput in spectrum sharing. In this design, SUs accord transmission preference to PU
using the backoff and QP strategies of the designed protocol. The CRMAC protocol throughput
analysis shows that the number of successful signal transmissions increased and the number of
collisions decreased significantly. This implies that the CRMAC protocol guarantees fair spectrum
allocation among users which is expected in spectrum sharing. In all, the paper demonstrates
7

shared usage by SU with minimum or no interference and improvement in throughput by as 5
times compared to other protocols.
This is an introductory work that shows the feasibility of the approach with the potential for many
other factors to be considered. Future work would investigate potential interference of the SU to
the PU.

ACKNOWLEDGEMENT
The authors express their gratitude to members of WiNetS (Wireless Networking and Security)
laboratory of the Electrical and Computer Engineering Department at Morgan State University
for their constant support.

8

REFERENCES
[1] D. Oyediran and F. Moazzami, "Spectrum Sharing: Overview and Challenges of Small Cells
Innovation in the Proposed 3.5 GHz Band," International Telemetry Conference, Las Vagas, 2015.
[2] D. Oyediran, F. Moazzami and R. Dean “Overview of Secure Cognitive Radio Mac Protocol
in the Proposed 3.5 GHZ Band”, International Telemetry Conference, Las Vagas, 2017.
[3] F. Rayal, "Challenges & Impediments to Implementing Spectrum Sharing," Strategic Insights
& Advisory in Telecom and Technology, 24 09 2012. [Online]. Available:
http://frankrayal.com/2012/09/24/challenges-impediments-to-implementing-spectrum-sharing/.
[Accessed 24 08 2017].
[4] T. Andrea and F. Romano, "A Low-Complexity Cyclostationary-Based Spectrum Sensing for
UWB and WiMAX Coexistence With Noise Uncertainty," IEEE Transactions on Vehicular
Technology , vol. 59, no. 6, pp. 2940 - 2950 , 2010.
[5] S. Mansi and B. Gajanan, "Spectrum Sensing Techniques in Cognitive Radio Networks: A
Survey," International Journal of Next-Generation Networks , vol. 3, no. 2, pp. 37 - 51, 2011.
[6] A. S. Willsky, G. W. Wornell and J. H. Shapiro, Stochastic Processes, Detection and
Estimation 6.432 Course Notes, Cambridge, MA:, Fall 68: Dept. Elect. Eng. Comput. Sci., Mass.
Inst. Tech., 2003.
[7] D. Fadel, A. Mohamed-Slim and S. Marvin, "On the Energy Detection of Unknown Signals
Over Fading Channels," IEEE Transactions on Communications, vol. 55, no. 1, pp. 21 - 24, 2007.
[8] IEEE 802.11 WG, Part 11, "Wireless LAN Medium Access Control (MAC) and Physical Layer
(PHY) Specifications: Medium Access Control (MAC) Quality of Service (QoS) Enhancements,”
IEEE 802.11e D8.0," IEEE, 2004
[9] Y. Wen-jing, Z. Bao-yu and M. Qing-min, "Cyclostationary Property Based Spectrum Sensing
Algorithms for Primary Detection in Cognitive Radio Systems," Journal of Shanghai Jiaotong
University, vol. 4, no. 6, pp. 676-680, 2009.

9

DOPPLER ESTIMATION AND COMPENSATION FOR
LTE-BASED AERONAUTICAL MOBILE TELEMETRY
Eddie Fung, William H. Johnson, Achilles Kogiantis, Kiran M. Rege
Perspecta Labs
331 Newman Springs Road, Red Bank, NJ 07701
[efung, wjohnson, akogiantis, krege]@perspectalabs.com
ABSTRACT
High Doppler shifts between base stations and test articles (TAs) pose the biggest problem to
Aeronautical mobile telemetry (AMT) implemented on a wireless LTE network. Our solution to
this problem includes a Doppler estimator/compensator (DEC) that proactively shifts the LTE
uplink (LTE UL) signals transmitted by the TA. We have designed the DEC in the form of an
applique’ that can be inserted between the transmit/receive ports of a COTS TA transceiver and
its antenna(s). The DEC estimates the Doppler shift using the LTE UL signals transmitted by the
TA, which carry a frequency offset that includes the Doppler shift. This not only provides a
clean, noise- and fading-free signal for Doppler estimation, but also allows us to do away with
the need to know the identity of the base station with which the TA is communicating. In this
paper, we provide an architectural description of the DEC and an outline of the algorithms that
have been incorporated into it. At present, a laboratory prototype of the DEC has been developed
using Universal Software Radio Peripherals (USRPs), coupled with a Linux PC to carry out most
of the computations. An FPGA-based implementation is currently under development.
1. INTRODUCTION
It is well-known that successful implementation of Aeronautical Mobile Telemetry (AMT) on a
3GPP LTE-based wireless communication infrastructure hinges on the system’s ability to deal
with the high Doppler shifts that are likely to be encountered in this environment. Commercial
LTE equipment, especially the base station receivers, is designed to handle Doppler shifts of the
order of a few hundred Hz. In contrast, in AMT use cases, Doppler shifts can easily reach several
kHz at higher carrier frequencies, particularly when the TA’s speed vector aligns with the radio
path. As a consequence, commercial LTE base station receivers are challenged to support
communication links in an AMT environment. It is, therefore, desirable to bring the Doppler
shifts visible to these receivers down to a level they can handle (i.e. within a few hundred Hz.)
Our solution to the problem of high Doppler shifts is based on a two-pronged approach (see [1],
[2]): We proactively force handovers of the TAs to base stations that not only have an adequate
signal-to-noise ratio (SNR), but also a relatively low Doppler shift. At the same time, we
estimate and compensate for the Doppler shift so that when the signals transmitted by the TA
arrive at the desired base station, they are well within that base station’s frequency range. It is the
latter part of our solution, namely Doppler Estimation and Compensation (DEC), which we
describe here.
Distribution Statement: A. Approved for public release; Distribution is
unlimited 412TW-PA-18323

Since the motivation for exploring LTE-based AMT is to be able to use COTS equipment, we
have designed our Doppler estimator/compensator in the form of an applique’ that can be
inserted between the transmit/receive ports of the TA and its antenna(s). This arrangement
ensures that the COTS mobile device that will constitute the TA end of the link needs practically
no alterations.
Technically, Doppler estimation can be carried out using the LTE downlink (LTE DL), i.e.
ground-to-air, signal or the LTE uplink (LTE UL), i.e. air-to-ground, signal. Since the LTE DL
signal received by the TA comprises transmissions received from multiple base stations, each
with its own Doppler shift, in order to estimate the correct Doppler shift, an indication of the
desired base station is required from the TA receiver. Such an indication is usually unavailable to
external interfaces in COTS LTE transceivers. On the contrary, the signal transmitted by the TA
on the LTE uplink is always toward the desired base station. Moreover, because of the fact that
the TA’s LTE receiver typically receives its frequency reference from the LTE DL signal
(inclusive of the Doppler shift), the LTE UL signal is also shifted from the correct reference by
the Doppler shift suffered by the LTE DL signal. Thus, the Doppler shift can be estimated in an
unambiguous manner by processing the LTE UL signal transmitted by the TA. An added benefit
of this approach is that this signal does not suffer from the effects of fading or channel noise that
the LTE DL signal does. Considering these benefits, our applique’-based DEC estimates the
Doppler shift by processing the LTE UL signals transmitted by the TA.
2. THE DOPPLER PROBLEM IN AMT AND THE BASICS OF DEC
Figure 1 schematically depicts the Doppler problem in AMT.
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Figure 1: Schematic of the Doppler Problem with a Commercial LTE Device

As shown in Figure 1, the base station (eNB) transmitter transmits the downlink (LTE DL) signal
!"
at the corresponding reference (carrier) frequency, denoted by 𝑓!"#
. The wireless channel adds a
Doppler shift to this reference frequency so that when the LTE DL signals arrive at the TA
!"
transceiver, the carrier frequency appears to be 𝑓!"#
+ 𝑓! . The TA receiver derives its frequency
reference from this perceived carrier frequency so that when it transmits uplink (LTE UL)
signals towards the base station, the uplink carrier frequency gets shifted from the correct LTE
!"
UL reference frequency ( 𝑓!"#
) by an amount equal to 𝑓! . While this description is applicable
to a Time Division Duplex (TDD) LTE system, extensions to Frequency Division Duplex

(FDD) are straightforward. Thus, the carrier frequency associated with the LTE UL signals
!"
transmitted by the TA transceiver equals 𝑓!"#
+ 𝑓! . Over the path to the base station receiver, the
wireless channel adds another Doppler shift (equal to 𝑓! Hz) to these signals, so that when they
arrive at the base station receiver, the effective LTE UL carrier frequency (from the viewpoint of
!"
the base station) is 𝑓!"#
+ 2𝑓! . In other words, the LTE UL signals received by the base station
are away from the expected carrier frequency by twice the Doppler shift associated with the
wireless channel.
A schematic illustrating how our applique’-based Doppler estimation and compensation scheme
mitigates the Doppler problem is shown in Figure 2.
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Figure 2: A Schematic Illustrating How the Applique' Works

As

shown in Figure 2, the applique’-based DEC is collocated with the TA transceiver, and is placed
between the TA’s antenna unit and transmit-receive ports. It works as follows: The DEC passes
the LTE DL signals received from the base station essentially unchanged to the TA’s LTE
receiver. The TA’s LTE receiver derives its frequency reference from the received LTE DL
signal so that the Doppler shift of 𝑓! in the LTE DL signal is also reflected in the LTE UL
signals transmitted by the TA’s LTE transmitter. Thus, the carrier frequency of these LTE
!"
UL signals, as shown in Figure 2, is 𝑓!"#
+ 𝑓! . The DEC has a stable and accurate local
oscillator that provides an accurate frequency reference at the nominal LTE UL carrier frequency
!"
of 𝑓!"#
Hz. It samples the LTE UL signals transmitted by the TA transmitter and processes them
to estimate the amount by which these signals have deviated from the correct reference, i.e.
!"
from 𝑓!"#
. That is, the DEC estimates the Doppler shift 𝑓! , and applies a frequency compensation
of −2𝑓! to the LTE UL signals before transmitting them towards the desired base station. Thus,
!"
the signals transmitted by the TA’s antenna have their carrier at 𝑓!"#
− 𝑓! . Since the wireless
channel adds a Doppler shift of +𝑓! , when the LTE UL signals arrive at the desired base station,
!"
their carrier frequency is close to 𝑓!"#
, the correct LTE UL carrier.
3. DESCRIPTION OF THE DOPPLER ESTIMATOR/COMPENSATOR
LTE Uplink transmissions from the TA transceiver comprise two types of signals – data
transmission (DT) signals and random access channel (RACH) signals. Both types of signals are
transmitted over sub-frames of 1 ms duration. However, because they are structurally different,
their type needs to be identified before they can be processed for Doppler estimation. Figure 3
and Figure 4 shown below respectively illustrate the structure of DT and RACH signals [3].
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Figure 3: Structure of a DT Subframe
Subframe (1 ms)

CP
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Figure 4: Structure of a RACH Subframe

As shown in Figure 3, a DT subframe consists of two slots, each of duration 0.5 ms. Each slot
comprises 7 OFDM symbols. Each OFDM symbol comprises a data portion of duration 66.67
µs, and a cyclic prefix (CP). The length of the cyclic prefix for the first symbol in a slot is 5.2 µs,
whereas that for the remaining symbols is 4.7 µs each. At the sampling rate associated with a 20
MHz channel, the length of the data portion in a symbol is 2048 samples, the length of the first
CP is 160 samples while that of the remaining CPs is 144 samples each. Note that in the time
domain, the CP is an exact replica of the corresponding number of samples at the end of the data
portion of the OFDM symbol.
The structure of a RACH subframe, as shown in Figure 4, is quite different. It consists of a single
OFDM symbol of length 800 µs, preceded by a CP of length 103 µs. The CP in this case is an
exact replica of the last 103 µs segment of the 800 µs long OFDM symbol. (The OFDM symbol
carries the preamble sequence randomly selected by the TA transceiver to access the base
station.) At the sampling rate corresponding to a 20 MHz channel, the 800 µs OFDM symbol
translates to 24576 samples while the 103 µs CP consists of 3168 samples.
We use this difference in the frame structure to identify the subframe being transmitted by the
TA transceiver. Also, because of this difference in the frame structure, different methods need to
be employed to estimate the Doppler shift for the two types of subframes. The following is a
simple method of estimating the Doppler shift from an OFDM symbol preceded by a CP. Similar
methods have been used for synchronization in systems using OFDM signals. (See, e.g., [4].)
Let 𝑇 denote the sampling period, and
𝒙 = 𝑥! , 𝑥! , … , 𝑥!!! = [𝑥 0 , 𝑥 𝑇 , … , 𝑥( 𝑁 − 1 𝑇)]

(3.1)

denote an OFDM symbol transmitted by some transceiver. Let this signal be preceded by a CP of
length 𝐾 (where 𝐾 < 𝑁), so that the actual transmitted signal is
𝒚 = 𝑦! , 𝑦! , … , 𝑦!!!!! = 𝑥!!! , 𝑥!!!!! , … , 𝑥!!! , 𝑥! , 𝑥! , … , 𝑥!!! .

(3.2)

Now, if there is a difference (offset) of ∆𝑓 between the carrier frequencies at the receiver and the
transmitter, the OFDM symbol with CP appears to the receiver as follows:

𝒚 = [𝑦! , 𝑦! , … , 𝑦!!!!! ] = [𝑦! , 𝑦! 𝑒 !!!∆!" , … , 𝑦!!!!! 𝑒 !!!∆!(!!!!!)! ].

(3.3)

From (3.2) and (3.3), it follows that the first 𝐾 entries of the vector 𝒚, i.e. those that correspond
to the CP, are given by
𝑦! , 𝑦! 𝑒 !!!∆!" , … , 𝑦!!! 𝑒 !!!∆!

!!! !

= 𝑥!!! , 𝑥!!!!! 𝑒 !!!∆!" , … , 𝑥!!! 𝑒 !!!∆!

!!! !

, (3.4)

while the last 𝐾 entries of the vector 𝒚 are given by
𝑦! 𝑒 !!!∆!"# , 𝑦!!! 𝑒 !!!∆!(!!!)! , … , 𝑦!!!!! 𝑒 !!!∆! !!!!! ! =
𝑥!!! 𝑒 !!!∆!"# , 𝑥!!!!! 𝑒 !!!∆!(!!!)! , … , 𝑥!!! 𝑒 !!!∆!

!!!!! !

.

(3.5)

Thus, by comparing the right hand sides of (3.4) and (3.5), we find that the corresponding terms
in (3.4) and (3.5) are identical except for a constant phase shift equal to "2𝜋∆𝑓𝑁𝑇". In other
words, at the receiver, time domain samples in the CP and the samples in the OFDM symbol to
which they correspond differ from each other by a constant phase shift of "2𝜋∆𝑓𝑁𝑇". Thus, at
the receiver, a simple estimate of the frequency offset is given by
∆𝑓 = 𝑎𝑛𝑔𝑙𝑒(

!!!
∗
!!!(𝑦! )

𝑦!!! )/(2𝜋𝑁𝑇).

(3.6)

Because of the wraparound nature of the phase shifts, eq. (3.6) can be used to estimate frequency
offsets only if they are within ±1/(2𝑁𝑇) Hz. As we saw earlier, for DT subframes, the quantity
“𝑁𝑇” equals 66.67 µs, which means that the above method can be used to estimate frequency
offsets (or Doppler shifts) as long as they are within ±1/(2𝑁𝑇) = ±7.5 kHz. This range is
adequate for most AMT applications. On the other hand, for RACH subframes, “𝑁𝑇” equals 800
µs, which limits the range of the estimate to ±625 Hz. This is clearly inadequate for AMT.
Consequently, a different method is needed to estimate frequency offsets (or Doppler shifts)
from RACH transmissions. The following is a brief description of the method we have
developed to estimate frequency offsets from RACH transmissions.
Before we describe the estimation method, let us briefly review how RACH transmissions are
generated [3]. In base-band, RACH transmissions comprise preambles based on Zadoff-Chu
sequences of length 839. Zadoff-Chu sequences derived by applying different cyclic shifts to the
same base sequence are orthogonal. Similarly, Zadoff-Chu sequences corresponding to different
base sequences are also nearly orthogonal. Each base station broadcasts what set of Zadoff-Chu
sequences can be used by UEs trying to communicate with it over the RACH channel. The
Zadoff-Chu sequences associated with a base station comprise a set of base sequences and
certain cyclic shifts for each of them. When a UE decides to access a base station over the
RACH channel, it randomly selects a base sequence and a cyclic shift associated with that base
station, calculates an 839-point DFT of the selected sequence, assigns the DFT samples to the
first 839 sub-carriers in the RACH block announced by the base station, and then computes a
time-domain version of the preamble using the samples assigned to these sub-carriers. To this
base-band time-domain signal, the UE prepends a cyclic prefix (CP) of appropriate length, shifts
the composite signal to the appropriate frequency band, and transmits the resulting RF signal
towards the desired base station.
Using its local oscillator (LO), the DEC translates the RF signal transmitted by the UE to baseband, after which it identifies the point where the CP ends and the preamble selected by the UE
begins. After this, the DEC decimates the preamble signal using an appropriate decimation factor

to obtain 1024 time-domain samples representing the preamble selected by the UE. Note that
these samples are affected by the frequency offset (or Doppler shift) between the effective carrier
frequency used by the UE and the LO frequency associated with the DEC. Using the set of
possible preamble base sequences (which correspond to those associated with the desired base
station as well as its neighbors), the DEC carries out correlation of the 1024 samples with those
associated with each of the preamble base sequences in the set. This correlation process yields
the identity of the preamble base sequence that yields the highest correlation value and the cyclic
shift at which this peak correlation occurs. Using the identity of the selected base preamble
sequence and the cyclic shift at which the peak correlation occurs, DEC can determine the
frequency offset (or Doppler shift) using some fairly straightforward calculations.
The computations involved in carrying out correlations with preamble base sequences are
simplified if they are done in the frequency domain. Consequently, we refer to this method of
determining frequency offsets as the transform-based method. The method described earlier (in
eqs. (3.1) - (3.6)) is referred to as the CP-based method. Thus, we use the CP-based method to
estimate frequency offsets (Doppler shifts) from DT transmissions while the transform-based
method is used to determine the frequency offsets from RACH transmissions. Figure 5 shows a
schematic of the major functional blocks in the applique’ that are involved in the estimation of
frequency offsets. It is assumed in the figure that the signal transmitted by the UE has been
down-converted to the base-band and sampled at the system sampling rate.

Figure 5: A Flow Diagram Showing Major Functional Blocks of the Applique'

.
4. IMPLEMENTATION OF THE DOPPLER ESTIMATOR/COMPENSATOR
The algorithms in the various functional modules of the applique’-based Doppler
estimator/compensator have been tested using MATLAB and C-language simulations. They have
also been tested in a lab setup involving COTS LTE base stations and a UE. In the lab setup,
functional modules of the Doppler estimator/compensator have been implemented using
universal software radio peripherals (USRPs) in combination with a Linux PC for carrying out

computationally intensive operations. The wireless channel that introduces a Doppler shift in the
link between the base station and the UE has also been implemented with a USRP.
The laboratory setup comprises two base stations and a UE. Each of the base stations has two
transmit antennas and one receive antenna whereas the UE has a single transmit and receive
antenna. Thus, there are two LTE DL paths (i.e. two LTE DL channels) and a single LTE UL
path (i.e. a single LTE UL channel) between the UE and each base station. Four USRPs have
been used to emulate these six channels. For each base station, a single USRP emulates the
channels associated with the two LTE DL paths while another USRP emulates the channel
associated with the LTE UL path. Based on a script, each USRP can generate a frequency offset
by which it can shift the signal associated with the corresponding channel. This frequency offset
represents the Doppler shift introduced by the channel being modeled by the USRP. The USRP
can also introduce a programmable delay between the transmit and receive ends of the channel.
These four USRPs are also capable of introducing frequency compensation into the signals they
are handling. Besides these four USRPs, there is a fifth USRP that captures the LTE UL signal
transmitted by the UE. This captured signal is fed to a Linux PC that processes it to estimate the
frequency offset introduced by the Doppler shift, and determines the amount by which the center
frequencies of the LTE UL and LTE DL signals need to be compensated. These amounts are
conveyed to the USRPs handling LTE UL and LTE DL signals so that they can introduce the
appropriate frequency shift into those signals. To support higher bandwidths and lower
frequency offset estimation latency, an FPGA-based implementation of the two “Server”
functions (Frequency Offset Analysis and Compensation Control) is being developed. Figure
given below shows the functional architecture of this implementation.

Figure 6: FPGA-Based Frequency Offset Estimation and Compensation Control

The Frequency Offset Estimator function samples the TA uplink signal, detects Data
Transmissions (DT) and RACH symbols, and estimates the frequency offset when either is
found. The frequency offset estimates are passed to the Compensation Control function where
the noisy estimates are filtered and the appropriate frequency offset compensation values are sent
to the compensation circuit. The FPGA-based Frequency Offset Estimator function provides the
primary benefit of accommodating higher bandwidth signals and reducing frequency offset

compensation latency. Its functional architecture is shown in Error! Reference source not
found..

Figure 7: FPGA-Based Frequency Offset Estimator

The sampled uplink signal is passed to two CP-based detectors that work to detect both a Data
Transmission (DT) symbol and a RACH symbol simultaneously. The complex phase at the
correlation peak for the DT symbol is directly proportional to the frequency offset and is passed
to the Compensation Control function for further processing. The correlation peak for the RACH
symbol is used to perform a transform-based correlation search for the set of known Zadoff-Chu
preamble sequences used in the network. The frequency offset is estimated using the preamble
sequence that yields the highest correlation with the received RACH signal.
We conclude this section by showing an example of how well the DEC works in an environment
where the Doppler shift can be as high as 4 kHz. This environment has been emulated using the
lab setup described above. It should be noted here that without compensation, the LTE link
between the UE and its serving base station fails as soon as the Doppler shift exceeds a few
hundred Hz. Figure below shows a picture of the scenario being simulated in this example.
In the scenario simulated in this example, the TA follows the trajectory shown by the “L-shaped”
curve, beginning at point A and ending at point B. It starts from rest and increases its speed as it
moves along the trajectory. The trajectory is covered by two base stations (labeled eNB 1 and
eNB 2 in Figure ), with beam shapes and directions as shown. The TA is initially connected to
eNB 1; later, at time index 80 on the x axis, it hands over to eNB 2; again, at time index 116, it
hands over back to eNB 1. Doppler compensation is initially disabled; it is enabled at time index
40 after the TA starts moving.

A
eNB 2

B

eNB 1

Figure 8: A scenario to Test Efficacy of the Doppler Estimator/Compensator
Figure shows the Doppler shifts associated with the two base stations as the TA moves along the
trajectory shown in Figure . Figure also shows the Doppler shift estimated by the DEC. The

points at which the TA hands over from one base station to another are also evident in the figure.
Note that the DEC estimates the Doppler shift associated only with the serving base station. It is
clear from the figure that the actual Doppler shift and its estimate produced by the applique’ are
within a few hundred Hz of each other. This is well within the range of the base station receivers.

Figure 9: Actual and Estimated Doppler Shifts for the Scenario Shown in Figure 9

CONCLUSION
High Doppler shifts between base stations and TAs constitute the biggest hurdle in the successful
implementation of AMT based on the LTE cellular technology. In this paper, we demonstrated
how a Doppler Estimator/Compensator (DEC) that is collocated with the TA’s transceiver can
neutralize the Doppler effect and allow COTS TA LTE transceivers to operate in the AMT

environment. A lab prototype of the DEC was shown to mitigate Doppler shifts as high as 6 kHz.
An FPGA version of the DEC is currently under development.
ACKNOWLEDGEMENTS
Effort sponsored by the U.S. Government under Other Transaction number W15QKN-15-9-1004
between the NSC, and the Government. The US Government is authorized to reproduce and
distribute reprints for Governmental purposes notwithstanding any copyright notation thereon.
REFERENCES
[1] Achilles Kogiantis, Kiran Rege, Anthony A. Triolo, “LTE System Architecture for Coverage
and Doppler Reduction in Range Telemetry,” International Telemetering Conference (ITC
2017), Las Vegas, NV, November 2017
[2] William H. Johnson and Kiran M. Rege, “Doppler Compensation for LTE-Based
Aeronautical Mobile Telemetry,” 22nd Test and Training Instrumentation Workshop, (ITEA
Workshop), Las Vegas NV, May 15-17 2018
[3] 3GPP TS 36.211 V10.7.0 “Physical Channels and Modulation (Release 10),” February 2013.
[4] Sebastian Caban, Christian Mehlfuhrer, Markus Rupp, and Martin Wrulich, Evaluation of
HSDPA and LTE: From Testbed Measurements to System Level Performance, Chapter 9,
John Wiley & Sons, November, 2011.

Test Resource Management Center (TRMC)
National Spectrum Consortium (NSC) / Spectrum Access R&D Program

Early Flightline Radio Network
Demonstration

Bob Picha, Nokia Corporation of America

DISTRIBUTION STATEMENT A. Approved for public release; distribution is unlimited 412TW-PA-18214
Acknowledgment of Support: This project is managed by the Test Resource Management Center (TRMC) and funded through Spectrum Access
R&D Program via Picatinny Arsenal under Contract No. W15QKN-15-9-1004. The Executing Agent and Program Manager work out of the AFTC
Disclaimer: Any opinions, findings and conclusions or recommendations expressed in this material are those of the author(s) and do not
necessarily reflect the views of the TRMC, the SAR&D Program and/or the Picatinny Arsenal.

Early Flightline Radio Network Demonstration

Discussion during the Flightline Radio Network project
kick-off started some brainstorming on how to
accomplish an early demonstration of FRN capability.
Working in conjunction with the TRMC team, a plan to
deliver “live” telemetry data from an aircraft to a
simulated control room over LTE was hatched …

Goals:
1. Demonstrate transmission of SST data over an IP radio link
2. Demonstrate support of multiple data streams over a single
carrier
3. Demonstrate support of bi-directional data transfer
4. Demonstrate how LTE QoS can be used for high-priority data
5. Demonstrate coverage capability of FRN cells
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Demo 1: SST with Packet Conversion Over LTE
Both CPEs are powered up and attached to the LTE
base station

• 100 represents fully

loaded carrier

• Scheduler uses higher modulation

rate and lower coding rate as Signal
to Interference + Noise Ratio (SINR)
Improves.
• Max MCS for these CPEs is 24
• Data indicates RF link is operating at
highest data rate

Start 33Mbps data stream from test aircraft to MMCR

eNB-generated KPIs:
‒ Uplink throughput : 33Mbps
‒ Physical Resource Block (PRB) utilization: ~75
‒ Average Modulation Coding Scheme (MCS): >20
‒ Average Block Error Rate (BLER): ~10%

SST over packet KPIs:
‒ Throughput: 33Mbps

• Scheduler manages BLER in order

to optimize UE battery life and
minimize uplink interference.
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for terrestrial systems
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‒ Uplink throughput : 22Mbps
‒ Uplink packet loss rate: [high]
‒ Round-trip latency: >150msec

SST over packet KPIs: Throughput: 22Mbps, BER [high]

Still shows ~45Mbps
(max capacity of carrier)

Test aircraft:

Move 33Mbps SST over IP data to Guaranteed Bit Rate
(GBR) bearer (higher QoS than standard bearer)

eNB-generated KPIs:
‒ Uplink throughput : ~44Mbps

iPERF-generated KPIs:
‒ Uplink throughput: 12Mbps
‒ Uplink packet loss rate: [high]
‒ Round-trip latency: >150msec

SST over packet KPIs: Throughput: 33Mbps, BER: < 10-8
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high packet error rates.
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Considerations for deployment of an LTEbased FRN
Single Cell

1.

Test article data requirements

Aircraft mounted LTE transceiver must be sized to handle maximum
anticipated packet data rate from an aircraft
50Mbps or less (equivalent to 3GPP Category 1 User Equipment (UE) capability)
‒ Up to 20MHz BW, single carrier, 16QAM maximum modulation order

FRN ground network capability

8Mbps

8Mbps

20Mbps

2.

12Mbps

order

8Mbps

‒ Support uplink carrier aggregation and/or 64QAM maximum modulation

20Mbps

>50Mbps requires higher category User Equipment (UE) capability.

Base stations are placed such that there is sufficient capacity to serve the
maximum number of test articles and data rates anticipated within its coverage
area.
Multiple uplink carriers can be used to increase capacity
Uplink carrier aggregation can be used to use multi-carrier resources efficiently

2 x 20MHz
LTE carriers
Supporting
80Mbps

With the same frequencies re-used by each base station and supporting nearcapacity data rates, inter-cell interference must be addressed.
Interference Rejection Combining (IRC) along with Coordinated Multi-Point
reception (CoMP) optimizes capacity and density of coverage

38Mbps

38Mbps

LTE-Advanced features such as 64QAM, uplink carrier aggregation, IRC, and CoMP make optimal use of spectrum resources
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ABSTRACT
Initial analysis and lab experiments have provided positive confirmation of the viability of
4G LTE Cellular Technology for Aeronautical mobile telemetry. COTS LTE equipment is
deployed for the test range frequency bands. The high speeds of test articles (TAs) can be
addressed with a UE add-on applique’ customized to compensate for the Doppler shifts.
The applique has worked effectively with the LTE physical layer. To achieve spectrum
efficiency, a multi-cell network is planned. Mobility is managed with native LTE
handovers. To address extreme Doppler cases, additional support is provided to mobility
management via a central entity that estimates the TA’s trajectory and issues handover
commands. Within this framework, we present aspects of an RF planning study that
characterizes the dependence of coverage on such design parameters as base station
density, antenna orientation, and altitude of the user device. We also quantify the Doppler
shifts that can result under the standard strategy of connecting the user device to the
strongest cell, and show how, with an alternative, threshold-based strategy, one can achieve
a substantial reduction in Doppler shifts at the expense of a loss in user rates.
1. INTRODUCTION
Implementation of Airborne Mobile Telemetry (AMT) using a cellular network based on
the 3GPP LTE standard offers a number of benefits. Given the availability of inexpensive
and reliable COTS base-station equipment and mobile devices, it should lead to a
substantial reduction in capital and operational expenses. It would also enable the
implementation next-generation applications and services in view of the sophistication and
feature-richness of these devices that could potentially replace the current equipment that
has been in place for several years. Another major benefit would be the elimination of the
need for the complex scheduling that the current system requires [1]. While all of these
benefits are certainly attractive to system administrators, one would not be able to realize
them unless a couple of critical issues are successfully resolved: The first issue concerns
the high Doppler shifts experienced by the uplink and downlink communications between
Test Articles (TAs) and their serving base stations, while the second involves network
planning. As described in [2], the first problem can be successfully overcome by
introducing a Doppler estimator/compensator at the mobile transceiver. In this paper, we
address the second problem, i.e. that of network planning for AMT.
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Note that in a telemetry system based on a cellular network, the base station antennas are
fixed; they do not track the TAs they are communicating with. Thus, the air-space in which
the TAs move about during various tests needs to be adequately covered by the antenna
patterns associated with the base stations to ensure that the TAs can maintain adequately
strong communication links throughout their flights. Since this air space is 3-dimensional,
network planners need to consider 3-dimensional coverage to ensure adequate
performance. This is rather different from commercial network planning where the
planners essentially deal with 2-dimensional coverage issues.
In the next section, we present an analysis of test-range coverage issues using idealized
assumptions. Finally, we conclude this paper with a summary of our findings in the last
section.
2. AIR SPACE COVERAGE – AN IDEALIZED ANALYSIS
We assume the air space of interest to be a prism with a square base aligned with the NorthSouth and East-West directions, where the sides of the base are 𝐿 km, and the height is 𝐻
km. Radio coverage for this air space is to be provided with 𝑁 2 cell sites placed on the
square base as shown in figure 1 below. Thus, the inter-site distance (ISD) is 𝑑 = 𝐿/𝑁 km.
L/(2N)
L/N
L/(2N)

Cell Site

L/N
L

L
Figure 1. Layout of Cell Sites on the Square Base of the Air Space
Each cell site is divided into four sectors, with each sector served by an antenna system. In
LTE parlance, each sector is an LTE cell. We consider two different orientations of the
sectors and the corresponding antennas. In Orientation 1, the azimuth directions of the

antenna beams of the four sectors within a cell site are: North, West, South and East. In
Orientation 2, they point in the directions: Northeast, Northwest, Southwest and Southeast.
The angle of elevation for all antenna beams is: 𝑡𝑎𝑛−1 (
antenna/sector orientations in the azimuth plane.

Orientation 1

𝐻√2
𝑑

). Fig. 2 illustrates these

Orientation 2

Fig. 2: Illustration of Antenna/Sector Orientations
At each cell site, the antennas and sectors can be placed according either of the two
orientations shown in fig. 2. We consider three placement patterns: In Placement Pattern
1, the antennas and sectors at all cell sites are placed in accordance with Orientation 1; in
Placement Pattern 2, the antennas and sectors at all cell sites are placed in accordance with
Orientation 2, whereas in Placement Pattern 3, antennas and sectors at alternate cell sites
follow Orientations 1 and 2. Fig. 3 below is an illustration of Placement Pattern 3.

Fig. 3: Illustration of Placement Pattern 3

In order to quantify coverage of the air space, we need the antenna gain pattern (beamshape) and the per-cell transmit power in addition to the locations of the cell sites and the
orientation of antennas at each of them. We assume that the antenna gain, 𝑔(𝜃), is given
by:
𝑔(𝜃) = max (𝑔_𝑚𝑖𝑛, 𝐺 – 3.0 ∗ (𝜃

𝜃
3𝑑𝐵

2

) ) 𝑑𝐵,

(1)

where 𝐺 is the maximum antenna gain, 𝜃3𝑑𝐵 is half of the 3-dB beamwidth of the antenna,
𝜃 is the angle (in the 3-dimensional space) between the vector pointing from the antenna
to the TA and the boresight vector associated with the antenna, and 𝑔_𝑚𝑖𝑛 is the floor on
the antenna gain that represents the gain associated with leakage outside of the desired
beam of the antenna. In all of the simulations, the maximum antenna gain 𝐺 is assumed to
be 9 dB while the parameter 𝑔_𝑚𝑖𝑛 is -20 dB. The 3-dB beamwidth (= 2𝜃3𝑑𝐵 ) is 90o. The
receiver antenna at the TA is assumed to be omni-directional with a 0 dB gain.
Since there is little multipath phenomenon in the wireless channel between the base stations
on the ground and airborne TAs, we assume the path-loss characteristics to be based on the
inverse-square law. Specifically, the relationship between the base station transmit power
from a cell and the received power at the TA is given by:
𝑝𝑅 = 𝑝𝑇 + 𝑔(𝜃) − 92.45 − 20 𝑙𝑜𝑔10 (𝑓𝐺𝐻𝑧 ) − 20 𝑙𝑜𝑔10 (𝑑 𝑇𝐴 ) − 𝐿,

(2)

where 𝑝𝑇 and 𝑝𝑅 respectively denote the transmit and received powers (both expressed in
dBm), 𝑔(𝜃) is the antenna gain of the base station transmit antenna as defined in (1), 𝑓𝐺𝐻𝑧
is the carrier frequency in GHz, and 𝑑 𝑇𝐴 is the distance between the base station and the
TA in km. In all of the simulations the transmit power (𝑝𝑇 ) at each cell was 5 watts (37
dBm). The additional losses, 𝐿, are assumed to be 4.5 dB, while the carrier frequency, 𝑓𝐺𝐻𝑧 ,
is assumed to be 4.41 GHz. The channel bandwidth, which determines the noise power, is
assumed to be 20 MHz.
Coverage Simulations:
We assume the air space dimensions to be 200 km x 200 km x 15 km. That is, 𝐿, the length
and the width of the square base, is 200 km; and 𝐻, the maximum altitude for a TA is 15
km. Within this air space, we quantify the coverage and Doppler performance at four
different altitudes: 1 km, 5 km, 10 km and 15 km. At each altitude, we characterize
performance using a Monte Carlo method. Thus, keeping the altitude ℎ fixed at one of
these levels, we “drop” the TA randomly within the 200 km x 200 km slice of the air space
at a height of ℎ km from the ground. The TA is assumed to be flying in the horizontal
plane, with its heading selected randomly between 0 and 360 degrees. The speed of the TA
is 𝑣, which is a simulation parameter. Further, we assume that besides the cell serving the
TA, there are 𝑀 active cells causing interference to the TA. This is equivalent to assuming
that there are 𝑀 other TAs within the air space, each of which is being served by a cell
other than the one serving the desired TA. Thus, the signal power for the desired TA comes
from its serving cell while the interference comes from the 𝑀 interfering cells.
Consequently, the SINR for the desired TA is given by:

𝑆𝐼𝑁𝑅 = (∑𝑀

𝑝0

,

𝑚=1 𝑝𝑚 + 𝑁0 )

(3)

where 𝑝0 denotes the TA’s received power from the serving cell, for 𝑚 = 1,2, … , 𝑀, 𝑝𝑚
denotes the interference power the TA receives from the 𝑚𝑡ℎ interfering cell, and 𝑁0
denotes the thermal noise power. Note that all powers in (3) are expressed in the linear, not
dB, domain.
For a signal received from cell 𝑚, the Doppler shift experienced by the TA is given by:
𝑓𝐷 = (𝑓𝑐 𝑣/𝑐)cos(𝜃𝑚 ),

(4)

where 𝑓𝑐 is the carrier frequency associated with the transmitted signal, 𝑐 is the speed of
light, and 𝜃𝑚 is the angle (in the 3-dimensional space) between the direction in which the
TA is flying and the pointing vector from the TA to cell 𝑚. For each of the four altitude
levels we repeat this experiment 𝐾 times, to generate 𝐾 i.i.d. samples. The metric we use
to assess the coverage impact of different parameters is the user rate. That is, the bit rate a
user can receive under idealized conditions given its SINR. We use the Shannon formula
to estimate the user rate 𝑅:
𝑅 = 𝑊 𝑙𝑜𝑔2 (1 + 𝑆𝐼𝑁𝑅),

(5)

where the SINR is expressed in linear (not dB) units. In all of the simulations, the channel
bandwidth 𝑊 was 20 MHz, and the TA speed 𝑣 was assumed to be 331 meters per second
(close to the speed of sound at ground level).
We use this method to study the impact of different parameters on the radio coverage of
the air space. Specifically, we characterize the impact of base station density (expressed in
terms of the parameter 𝑁), base station placement pattern, and TA altitude. For coverage
performance, we assume that the mobile device at the TA is connected to the cell
corresponding to the highest received signal power.

Figure 4: Impact of Base Station Placement Pattern on Coverage Performance

Figure 4 shows the impact of the base station placement pattern on the coverage
performance of the air space. Specifically, it shows user rate distributions for the three base
station placement patterns at TA altitudes of 1 km and 5 km. Two values of the parameter
𝑁 were used to derive these performance curves. Specifically, 𝑁 was set at 5 and 10, so
that, respectively, there were 100 and 400 cells providing radio coverage to the air space.
𝑀, the number of interferers, was fixed at 10 throughout.
As one can see in Figure 4, at both values of the base station density parameter 𝑁 that were
considered (i.e. 5 and 10), there is little difference in the coverage performance of the three
base station placement patterns. In the rest of the study, we only consider Placement Pattern
3 as shown in Figure 3. (In all of the figures, the term “Orientation” used in the legend
refers to the base station placement pattern.)
Figure 5 shows the impact of altitude on the user rate distribution. Here, two values of the
base station density parameter 𝑁 were tried (5 and 10) while Placement Pattern 3 was used
throughout. Four TA altitudes were considered: 1 km, 5 km, 10 km, and 15 km.

Figure 5: Impact of TA Altitude on User Rate Distributions

Figure 5 presents the relationship between user rates (or SINR) and the TA altitude: At
both of the values of the base station density parameter 𝑁 that were tried (i.e. 5 and 10),
the relationship between user rates (or SINR) and the TA altitude is monotonic, with higher
rates being generally available at lower altitudes. The main reason for this behavior seems
to be that with the base stations placed at the ground level, distance losses are typically
lower at low altitudes. Another interesting observation is that the user rate CDFs for
different altitudes at 𝑁=5 are close to one another, especially when compared to those at

𝑁=10. The reason for this behavior is that at 𝑁=5, which represents a relatively sparse base
station density, the distances in the horizontal plane are large so that change in the altitude
contributes relatively little to the overall distance between the TA and the base station.
Another way to characterize coverage performance is via “heat-maps,” which show the
user rate that can be achieved at each point on a 2-dimensional slice of the air space at a
given altitude. In the calculation of the user rate based on eq. (5), it is assumed that no
interferers are present so that the SINR essentially equals SNR, the signal-to-noise ratio.
Figures 6a and 6b respectively show the heat-maps at altitudes 1 km and 10 km. The basestation density parameter 𝑁 in both cases was 10. Note also the slight difference in the
noise level at the two altitudes, which is due to the variation in temperature with altitude.

Figure 6a. Heat-Map at Altitude 1 km

Figure 6b. Heat-Map at Altitude 10 km

The heat-maps at 1 km and 10 km altitudes show that there are no significant coverage
holes at either of these two altitudes (for 𝑁 = 10). The variation in the user rate is between
65 and 125 Mbps at altitude 1 km while it varies between 61 Mbps and 80 Mbps at 10 km.
This is consistent with figure 5. An interesting fact about the heat-maps is that the variation
in user rate at 10 km altitude is distinctly less than that at 1 km. This can be attributed to
the fact that at high altitudes the antenna beams typically get larger, merging into
neighboring beams, thus lowering the variation in the strength of the received power. In
contrast, at lower altitudes, the beams are more sharply defined, leading to greater variation
in the received signal strength. However, at both altitudes, the radio coverage seems
adequate.
Next, we focus our attention on the impact of base station density on the radio coverage of
the air space. Figure 7 shows how the user rate CDFs vary with the base station density
parameter 𝑁. In the simulation runs on which these CDFs are based, two values of the TA
altitude were used: 1 km and 5 km. The base station density parameter 𝑁 took three values:
5, 10 and 20.
It is clear from Figure 7 that increasing the base station density typically leads to improved
coverage, i.e. higher user rates. The optimal base station density will typically be

determined by a compromise between coverage needs (expressed in terms of lower
percentiles of user rates) and the economic cost of deploying additional base stations and
the associated infrastructure.

Figure 7: Impact of Base Station Density on Coverage Performance

The coverage analysis presented so far focused on user rate distributions under the
assumption that the user device is connected to the strongest base station. What has been
ignored in this analysis is the Doppler shift experienced by the receiver, which is also
critical to overall system performance. We focus our attention on the issue of Doppler shift,
and how one may lower it by implementing a different connection strategy.
Figures 8a and 8b respectively display the user rate distributions and Doppler shift
distributions for the default strategy where the user device is connected to the strongest
base station, and the alternate strategy where it connects to the base station with the lowest
Doppler among all those with SINR of at least 𝜃 dB. If none of the base stations yields an
SINR of 𝜃 or more, the user device connects to the strongest base station. In all of these
simulations, the base station density parameter 𝑁 was 10, and the altitude was 5 km.
The performance of the alternate strategy obviously depends on the threshold 𝜃 .
Consequently, we carried out simulations of this strategy with different values of 𝜃. In
figures 8a and 8b, the CDFs associated with the default strategy are referred to as “Max
SINR” curves whereas those associated with the alternate strategy are referred to as “SINR
> 𝜃” curves.

Figure 8a. User Rate Distributions for the Default and Alternate Strategies

Figure 8b. Doppler Shifts for the Default and Alternate Strategies
Figures 8a and 8b present an interesting picture. In particular, they show how one may
trade off Doppler for user rate to achieve a desired operating point by appropriately setting
the value of the threshold parameter 𝜃. At high values of 𝜃, the performance of the alternate
strategy approaches that of the default strategy. This is because the alternate strategy selects
a base station differently from the default strategy only if more than one station is stronger
than the threshold value. With a high value of 𝜃, such events become rare. As one lowers
the value of 𝜃, the likelihood of multiple base stations simultaneously being above the
threshold increases, thus increasing the probability that the alternate strategy will select a
base station other than the strongest (because it offers a lower Doppler). As a consequence,
the performance of the alternate strategy deviates from that of the default strategy.
Specifically, one can see a significant lowering of the Doppler, which comes at the expense
of a loss in user rates. For example, if we compare the default strategy with the alternate
strategy at 𝜃 = 5 dB, we can see that the latter lowers the median Doppler from 5 kHz to
1.1 kHz for a loss in user rate from 75 Mbps to 42 Mbps. Overall, figures 8a and 8b show

how, by varying the value of the threshold 𝜃, we can achieve different levels of tradeoff
between the Doppler shift and user rate. Where this threshold is to be set should be
determined by the ability of the TA and base station receivers to cope with the resulting
Doppler.
3. SUMMARY
RF planning analysis was conducted for the coverage of a three-dimensional air space with
base stations on the ground delivering sufficient data rates to airborne test articles. The
analysis brought out the dependency of coverage on base station separation rather than
antenna orientation as a more determining factor in achieving higher data rates. It was also
shown that the achievable user rates improve with increasing base station density. Finally,
an analysis of the Doppler shifts affecting airborne user devices showed that the normal
strategy of connecting user devices to strongest base stations can result in unacceptably
high Doppler shifts. An alternative threshold-based strategy was shown to lower the
Doppler shift at the expense of a commensurate loss in user rates. The value of the threshold
used in this strategy can be varied to obtain the desired tradeoff between the Doppler shift
and the user rate.
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Abstract
Nowadays, Telemetry Ground Station over a Range are all connected through Ethernet.
Telemetry data can be dispatched from that layer to the Main Control Room. Nevertheless,
Ethernet Protocols are so opened that the data transmitted can be heterogeneous (Throughput
Ch10, Unpacked /Packed Synchronized data, PCM over Ethernet…). This paper describes an
architecture based on a three layers software (Proprietary Layer, Software Frame Sync, and
BSS) to manage BSS with these heterogeneous Ethernet sources. The assets (Test Range
flexibility, low cost, easy upgrade) & the backwards (Encrypted data mismatch) with practical
cases are also described.

Introduction
Since more a decade, Ethernet link transition has been done on board and on ground station.
Dedicated protocols have been developed based on Ethernet communication (ARINC 664,
AFDX, IENA and INET, IRIG 106 Ch7…). Telemetry Range with distributed architecture are
connected through Ethernet network and Analog signals have been reduced to the minimum
length. Ethernet assets is obvious: Standard cable connectors, worldwide protocol for data
transfer from & to anywhere. That has been a great chance to reduce the cost of the telemetry
installation with distributed architecture.
Large Telemetry Ranges with several remote site have to proceed to Best Source Selection to
ensure to have in real time the best telemetry stream at any time and at any position of the target
to follow. To do this, it is required to concentrate all the telemetry streams to the Telemetry
Data Center. Installations have evolved from Analog signal transmission to Ethernet
transmission through mux / demux equipment. Nowadays, Ethernet networks have been a great
improvement to share data between the different sites of wide ranges.
Telemetry systems dispatched over a Telemetry range are not always provided by the same
manufacturer. Due to System obsolescence and cost effective constraint, Telemetry Range
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system upgrades could be done with different providers at different time. Nevertheless, BSS
has still to be done from any Antenna on the range. Currently, Most of the TGS equipment
(receivers, decom stations) provides Ethernet outputs. However, the Ethernet protocol is not
always following a standard and can be based on a proprietary Ethernet format. BSS, which has
to manage all these Ethernet streams, needs first to standardize the inputs in a common data
format before proceeding to the Best Source Selection Algorithm.

PCM Ethernet Streams Description:
Ethernet is a wide world with open protocol and data format. This is the same with Ethernet
PCM streams, different data normalization are available. This section introduces the Major
cases.
Here is the standard format of a PCM Ethernet Message:

Figure 1
IP/UDP header will not be explained here; only payload has interest. It is generally formatted
according to manufacturer’s Telemetry receiver, or following a standard (UDP Ch10, Ch7, iNet,
PCM over Ethernet…).
Generally, the UDP payload consists in the following data:

Figure 2
Common PCM Information:
-

The packet Timestamp
The quality factors (if provided)
The PCM stream

Packet Timestamp is mandatory as Ethernet is non-deterministic protocol. Therefore, The
Ethernet source of the PCM stream needs to have timestamped the packet before sending it on
the Network.
Quality factors also depends on the Ethernet Source. These information depend on the ability
of the receiver. Generally, we have to deal with AGC, Eb/N0, and Lock Status.
Finally, Each Manufacturer sends the PCM data stream in a dedicated format with its own
positioning & its own format (integer, float, double format…). It is then necessary to apply the
right process to extract all the required information.
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Three possibilities of PCM stream transmission are possible through Ethernet:
-

Unpacked
Packed
Throughput

Unpacked mode is a synchronized data flow with PCM word set on a 16-bit or 32-bit word
container with additional padding. Therefore, to manage this stream it is necessary to know the
word container size and the alignment (right or left).

Figure 3
Figure 3 is an example of unpacked 12 bits PCM word on 16-bit word container
Packed mode is a synchronized minor frame put on a 16-bit or 32-bit payload size. So
Additional bits are added at the end to complete the minor frame on a 16-bit or 32-bit full size
frame.

Figure 4
Throughput mode is used by telemetry receivers, which are not composed of a Frame Sync.
So digital data are provided directly from the Bitsync Output and the stream is a raw data stream
which could still be encrypted and not synchronized.

Figure 5
These three formats can be possible in the Ethernet output stream of a TM station and in order
to compare the contents, it is first required to standardize the format before proceeding to BSS.

Ethernet BSS Architecture
With these well-known Ethernet PCM stream formats, it is now possible to define a BSS with
an architecture able to manage these heterogeneous streams. Regarding the previous chapter an
architecture based on three layers is adequate:
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Figure 6
Proprietary Protocol layer is in charge of extracting the required information for the BSS from
specific data format:
-

Timestamp
PCM stream
Quality factor (if provided)

This layer will be specific depending on the source (manufacturer) of the Ethernet Telemetry.
There will be as much Proprietary Protocol layer module as manufacturers.
Software Frame Sync layer will have three goals:
-

Proceed to the frame sync on throughput data
Reformat extracted data (unpacked or packed) for suitable comparison in BSS
Extract Lock Quality Factor

Using the Soft Frame Sync will sort the data in a common format to make data easy to compare
for BSS.
Parameters input of this frame sync are
-

The PCM format (FS size, MF size, mf size, word size etc…)
The Word mapping (Word container size: 16 or 32 bits, MSB or LSB…)
PCM payload buffer
Timestamp of the buffer

From these inputs, the soft frame sync will provide a timestamped standardized output.
The interest of the Software Frame Sync is that any kind of data format can be managed:
Throughput data, PCM words from 3 bits to 32 bits, swapped or not, MSB or LSB…
Finally, the output is always in the same format: MSB PCM word on 16 or 32 bits word
container.
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Figure 7
Figure 7 shows the reformatting of a 12 bits PCM word packed stream. The output holds the
same data but in a different way that will be comparable with the other sources.
Once this part is complete, the BSS will always work on standardized data streams.

BSS can then be applied on all the sources received, as they are now comparable. Additional
Quality factors extracted from the proprietary layer can help to the decision following the
criteria and the weighting associated to these factors. Each minor frame is timestamped and
with SFID information, it is possible to time align the different sources and proceed to BSS
algorithm.
Figure 8 shows an example of a PCM stream comparison from three heterogeneous sources.

Figure 8
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In this example, the three sources are carrying the same PCM stream but in heterogeneous
format. Proprietary layer extracts the PCM stream information and the quality factors. Software
Frame Sync formats the PCM streams in comparable data frames so it is possible to compare it
in the BSS. All the minor frames are timestamped and can be compared bit to bit with the
weighted quality factors.

Practical case
To validate this model, several architectures have been tested with good results.
The Three layers BSS have been implemented in MAGALI Telemetry Software used as the
telemetry data software.
The first practical case is based on Telemetry receivers sending proprietary Ethernet Output
in throughput mode which are connected to MAGALI decom station. Each Telemetry Receiver
sends three Ethernet Outputs (LHCP / RHCP / Combined) at 30 Mbps to the MAGALI
telemetry software.
The decom station had to produce a QLM (Quick Look Message) stream. This is an Ethernet
message (50Hz) composed of selected Telemetry parameters (filtered from ICD).

Figure 9

The Telemetry Stream is a 30Mbps PCM-FM with 50 µs minor frames.
The tests have been done on Core i7-6700@3.4GHz CPU. CPU Load was around 20% for
the six streams with a 130 Mbps Ethernet Load. Delay measurement was around 60ms with
a deviation of 30 ms.
The second practical case is based on three heterogeneous sources as shown in figure 10.
The system had to generate the best Ch10 unpacked telemetry stream. The sources came
from several installation on the range.
-

A new receiver able to provide TM throughput signals in Ch10 format
A MAGALI TGS front end which provides Frame synchronized data blocks
A PCM source which has been upgraded few years ago with a PCM to Ethernet Module
to broadcast telemetry over Ethernet. This source was a redundant source in case of
failure as there is no other quality factor than Frame sync Lock.
6

Figure 10
The bit rate in this case does not exceed 10Mbits but the interesting aspect is the
heterogeneous sources as PCM inputs. Even if the complete installation has not been
upgraded with the same hardware interfaces, the Ethernet BSS is able to manage the
different kind of inputs. Therefore, end customer did not have to buy other hardware to
manage the different inputs. Time delay has not been measured for this project, nevertheless
the system was performant and delay was not exceeding 200ms to provide the Ch10 stream
in real time.

Conclusion:
The Ethernet BSS architecture is a good answer to the prolific Ethernet PCM format that
all the manufacturers can propose.
This solution is a low cost investment as it is only software based. Moreover, the three layers
architecture provides a flexible model in case of new format management, only the first
layer has to be upgraded with a new plugin in order to manage the new format. Software
Frame Sync & BSS Layer remains the same once the information are provided.
The constraint of this architecture is in case of encrypted data, throughput data cannot be
compared with synchronized data. It is necessary to decrypt all the data before using this
method or to compare only encrypted throughput data based on a random sync pattern.
Moreover, all the Ethernet packet needs to be timestamped as the Ethernet communication
is not deterministic; the packets cannot be received synchronously from all the sources at
the same time.
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ABSTRACT
Kawasaki Heavy Industries, Ltd. (KHI) has been authorized to use S-band IP Transceivers since
2014 in Japan. We have been involved with tests for two-way high-capacity communication. We
presented the results of the performance test using a helicopter at ITC2016. We continued further
performance test in 2017-2018.
KEYWORDS
iNET, RF Network, IP Transceiver, backfill
INTRODUCTION
KHI has been responsible for the development of the Japan Self-Defense Force’s aircraft, Japan
Aerospace Exploration Agency (JAXA) experimental aircraft and KHI aircraft, such as the
BK117 helicopter. We have been working on research and development similar to iNET,
especially two-way high-capacity communication, and has been promoting the introduction of
such technology in Japan. In 2014 we conducted the performance test of initial iNET-like RF
network using a tethered aerostat. As a result, we were able to demonstrate a two-way
communication over 34km distances. In 2016 we were able to demonstrate a two-way highcapacity high-speed mobile communication using a helicopter over 50km distances. From 2017,
we have been to continue flight test to demonstrate certain transmission rate at about 100km
communication distance. We also test the performance of an improved retransmission program
that sends missing data from a buffer of an on-board computer. This paper describes the plans of
above tests, and also the flight test results will be presented at ITC.
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TEST OBJECTIVES
KHI is going to carry out a two-way communication test between the helicopter with our
network-telemetry equipment package and the ground system.
Specifically, we want to demonstrate and confirm the applicability of the following capabilities.
 Investigate available downlink capacity over 100km distances.
 Demonstrate the use of two-way high-capacity wireless IP communication, and
investigate available transmission data rates.
 Confirm the improved data retransmission program: The missing data by lock-off is
downloaded from an on-board computer by a command from the ground station.
 Demonstrate the function of downloading all the flight-test data on a data recorder on
board during returning to a base.
 Confirm the performance of automatic tracking antenna system on the ground using
location information from GPS on the helicopter.
TEST SETUP
BK117 C2 HELICOPTER
The network measurement system is installed on the company plane (BK117 C2) . The front row
of seats are removed for a measurement rack. A telemetry antenna is installed at the space for a
wire cutter. A GPS antenna is installed at a hand grip on the side of copilot’s seat. The utility
power source (28V) is used for power supply for the systems. The system configuration is shown
in Figure 1.
IMPROVED DATA BACKFILL TECHNIQUES
Design Improvement
We have a major improvement as bellow.
Improved resend speed of data retransmission program : It needs only about 0.5 sec to resend
1sec of missing data. In previous version, It needed more time.
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Figure 1 : System Configuration
CONCLUSIONS
 We are going to conduct the flight test in June.
 The results of the test is going to be presented in technical session at ITC.
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A Testing Method of Measuring Time Delay of the Flight Test
AFDX Avionic System Caused by Data Acquiring Network
Jianjun Wang, Guojin Peng, Yihong Yan
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690039919@qq.com
ABSTRACT
Full Duplex Switched Ethernet AFDX is gradually replacing the traditional 1553B as the
architecture of the new generation avionics system. AFDX bus has the characteristic of Ethernet
delay. However, special needs for measuring avionics AFDX network delay are required to meet
in flight test. According to the characteristics of flight test, this paper proposes a method of data
acquisition network delay measurement for AFDX avionics system to solve the puzzle of delay
measurement. The experiments on a test aircraft demonstrate that the method can improve the
calculation accuracy of an avionics system and it’s effective in engineering applications.
Key Words: Avionics, AFDX protocol, Delay, Flight test, Acquisition
INTRODUCTION
Advanced aircrafts such as the Boeing 787, A400M, C-17, and AN-70 and so on, all adopt Full
Duplex Switched Ethernet AFDX based on the standard ARINC 664. And AFDX is the
dominant avionics bus of the future. For the new developed airliner C919 will use AFDX as the
data exchange bus between avionics systems, it is necessary to make a deep research on the
network acquisition, data processing and network delay based on AFDX.
With the ever-improving of flight test technology, the test subjects require more on the precision
of the data analysis. There is no time stamp of the AFDX packets for the standard AFDX
protocol, thus it is difficult to measure the time delay of the AFDX network messages in flight
test. For flight test, the AFDX messages are transmitted between each network node. It is
particularly necessary for some important test subjects in flight test to make it clear the
acquisition network delay of AFDX for significantly improving the precision of data analysis,
and thus need to measure and analyze the transmission delay of the process that messages from a
generating End System to a receiving Testing End System. Thereby, it is a must in flight test to
solve the practical problem that implements the measurement and analysis of the acquisition
network delay for the related AFDX avionics system.
1 AFDX Avionics System
1.1 Overview
Avionics Full Duplex Switched Ethernet (AFDX) is a standard. AFDX bus is conceived by
Airbus based on the Commercial Switched Ethernet. And according to the demands of avionics,
Airbus brings a number of improvements in terms of real-time communications, reliability and

so on. ARINC664, Part 7 published in June 27th, 2005 has defined the AFDX standard. An
AFDX network comprises the following three components:
1) Avionics Subsystem: Each Avionics Computer System includes an embedded End
System that connects the Avionics Subsystems to an AFDX Interconnect.
2) AFDX End System: The End System acts as an “interface” between the Avionics
Subsystems and the AFDX Interconnect.
3) AFDX Interconnect: A full-duplex, switched Ethernet interconnect.
1.2 AFDX Message Processing Flow
Figure 1 depicts the AFDX message processing flow. A message M is sent by sending Port 1 of
the Avionics subsystem 1. End System 1 encapsulates the message in an Ethernet frame and
sends the Ethernet frame to the AFDX Switched Network on Virtual Link. The AFDX switches
deliver the Ethernet frame to both End System 2 and End System 3. The End System 2 and the
End System 3 are configured to deliver the message by receiving Port 5 of the Avionics
subsystem 4 and by receiving Port 6 of the Avionics subsystem 6 according to the received
Ethernet frame.

Figure 1 AFDX Message Processing Flow

2 The AFDX Tests in Flight Test
Flight test is that conducts various tests under real-world conditions. The test information related
to time (including the time system of mission system, the time system of testing system, the
delay of data acquisition, the accurate acquisition time of parameters and so on) is particularly
concerned in flight test, which is the necessary information to analyze whether the data satisfy
the designed requirements. Meanwhile, in flight test, the testing of the objects generally under
without changing the original system structure of the test objects. As a consequence, it is
required to adopt advanced testing methods and technologies to test the objects in flight test.
2.1 The AFDX Testing Subsystem
According to the AFDX network architecture, the AFDX testing system must ensure that the
implementation of the acquisition and recording of the AFDX data without affecting the message
transmission structure and characteristics of the original avionics system. For acquiring and
recording the AFDX communication messages in flight test, it is a must to communicate with the
AFDX Network in real-time and connect with the AFDX Network. The AFDX testing system
connects to the AFDX network as an AFDX End System of the avionics system to implement

network communications. Meanwhile, according to the principle of flight test, the Flight Test
Instruments (FTI) as shown in Figure 2 can only receive messages but not send messages.

Figure 2 AFDX Flight Test Instruments

The AFDX Flight Test Instruments are capable to acquire and record AFDX avionics data
directly. According to the testing requirements of the test aircraft, the airborne AFDX testing
system should be able to acquire and record AFDX data at the same time, do integrity-checking
on the received AFDX packets, and filter the received AFDX packets under the predefined filter
conditions. The AFDX frames that matched will be attached with a time-stamp of the arriving
time frame by frame, and the processed data are packed and then stored into the Solid State
Storage Module of the data acquisition recorder. And after the flight test is complete, the data are
restored by the unloading equipments on the ground and analyzed by the engineers.
2.2 The AFDX Frame Format in the FTI
Figure 3 shows the AFDX standard frame format. It is a puzzle to measure the AFDX network
delay because there is no time-stamp in the AFDX standard frame and we cannot change the
original avionics system structure in flight test. Thereby, it is unable to measure and analyze the
network delay without unified time-stamp information.

Figure 3 AFDX Frame Format

2.3 The AFDX Acquisition and Recording Format in the FTI
The AFDX bus data recorded by the airborne FC acquisition recorder are integrated AFDX
frames which accord with the AFDX protocol. The recorder only records the AFDX frames and
the testing system attaches the time-stamp of the arriving time of the AFDX frame at the same
time. In flight test, generally, the time system of the acquisition time is the time system of the
testing system. Finally, the data are restored by the unloading equipments on the ground, and the
format as shown in Figure 4.

Figure 4 Format of the AFDX acquisition recorder

3 The Method of the AFDX Acquisition Network Delay Measurement in Flight Test
The AFDX avionics system network has the same communication characteristics of general
network. Communications messages are sent by the Avionics Subsystem End System, and then
attached with time-stamp to acquire and record once arriving at the FTI through the AFDX
Interconnect. This process is bound to have network delay. In term of flight test, the most
accurate message time-stamp should be the time that communications messages sent from the
avionics subsystem. However, as mentioned above, the communications messages do not have a
time-stamp when sent by the avionics subsystem, thus the communications messages acquired in
flight test are bound to have network delay.
3.1 The AFDX Acquisition Network Delay in Flight Test
As depicted in Figure 2, AFDX message M being sent to the AFDX Interconnect through the
Avionics Subsystem 1 and received by End System 2 of the Avionics Subsystem 4. In this
process, if the sending time from End System 1 is mTIMEsource and the arriving time at End
System 2 is mTIMEfti, then the avionics system’s network delay of AFDX message M that
concerned in flight test is mTIMElier as equation (1).
mTIMElier= mTIMEfti- mTIMEsource

(1)

In the standard AFDX Network, the puzzles faced when measures delay in flight test as follows:
1) There is no time-stamp for the standard AFDX frame and no mTIMEsource in unified
time system sent by the Avionics Subsystem when the AFDX message M is acquired and
recorded by the FTI.
2) The time-stamp of the arriving time of the frame attached when the FTI acquires and
records AFDX message M is generally the time system of airborne testing system, and it is not
agree with the time system of avionics system. To obtain the accurate delay, they must be under
the same time system.
3.2 The Method of Acquisition Network Delay Measurement for the AFDX Time Messages
As mentioned above, we design the AFDX FTI for flight test and analyze the key problem of
measuring delay for AFDX avionics system. To solve these problems, we propose a method of
time messages delay measurement based on the time system of the testing system in flight test as
shown in Figure 5. In the End System of avionics system 1 that concerned in flight test, we
design the Time Server Subsystem which is connecting to the End System 1, and transmit the
time messages of the testing system to the Time Server Subsystem and the FTI at the same time.
Thereby, the Time Server Subsystem and the FTI are under the same time system.
The time server subsystem receives the time message of the time system of the testing system
while generates a smallest AFDX communication message frame, then inserts the time message
TIMEtestsource into this AFDX frame, and transmits this message to the FTI through End
System 1 in certain cycle within the performance constraints of the AFDX Interconnection. The
FTI receives and records the time message frame of the Time Server Subsystem (the acquisition
time is TIMEtestfti) and the message M of the avionics system.

Figure 5 Delay measurement of the AFDX time message

By analyzing the time message frames TIMEtestsource and TIMEtestfti, we can figure out the
network delay mTIMElier that from the ES1 to the FTI as equation (2):
mTIMElier= TIMEtestfti- TIMEtestsource

(2)

Several key points that influence the network delay are the transmitter state of the
communications messages, the real-time traffic of the network switch and the receiver state of
the communications messages. The message M of the Avionics Subsystem 1 and the message T
of the Time Server Subsystem are in the same end system ES1, and the transmission and
interchange of network are same as well. Thereby, we can obtain the network delay of message
M by analyzing the network delay of message T and thus implement the acquisition network
delay measurement for AFDX avionics system.
EXPERIMENTAL RESULTS
On one test aircraft, the bus architecture of the Avionics system adopts the AFDX Bus to replace
the traditional 1553 Bus. Each mission avionics subsystem connects to the AFDX Interconnect to
communicate mission messages through the End System. We build the airborne avionics system
based on the AFDX standard to implement the interaction of avionics mission information. One
avionics subsystem is particularly concerned in flight test, and we use the proposed method to
measure the AFDX acquisition network delay for this end system and figure out the time delay
of the test data as shown in Figure 6.
The experiments demonstrate that the acquisition network delay for AFDX avionics system is
related to the real-time traffic of system network. The network delay is not immutable and is
changing with the total traffic of network. By analyzing the AFDX delay results of the test
aircraft and combining with the AFDX test data, we can figure out the accurate time of the key
messages and obtain more precise parameters states of the avionics system on key points.
Meanwhile, we can evaluate the delay error of all communications messages of this End System
for the whole sortie. By combining the results with the testing parameters that airborne testing
system recorded can improve the calculation and verification precision of the key parameters of
the avionics subsystems in flight test, and then improve the testing calculation precision of one
avionics subsystem in flight test.

Figure 6 Results of the AFDX network delay for one test aircraft

CONCLUSIONS
This paper introduces the puzzle that measures the acquisition network delay for AFDX avionics
system in modern flight test, analyzes the characteristics of AFDX avionics system, and proposes
a method of the AFDX time message delay measurement and implements it. This method solves
the problem that unable to measure the acquisition network delay of the avionics system without
timestamp in AFDX frame. We have already measured the AFDX acquisition network delay on
one test aircraft and the experiments demonstrate that the method improves the testing
calculation precision of AFDX avionics system.
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ABSTRACT
Rather than classic data bus-based acquisition and extraction, we can use cockpit video cameras
to extract measurements. These technologies can reduce installation costs and complexity and
minimize aircraft modification to obtain parameter data and may be sufficient for some quickturn, limited-scope flight test operations. This paper explores the challenges and possible
approaches for extracting measurements from video imagery of cockpit displays and provides an
in-depth case study of a portable cockpit display video measurement system that reads digital
measurements from aircraft instrument panels.

KEYWORDS
Video, Data extraction, Cockpit

INTRODUCTION
Typically, flight test measurements are acquired through a combination of adding discrete
aeromechanical sensors to the structure and tapping into the communication busses between
flight control computers. The amount and type of measurement sources depends on a
combination of the maturity of the aircraft design under test and what specific test objectives
need to be achieved. Historically, smaller test programs (such as testing a modification to an
aircraft design that has already been certified in a prior large test program) have simply used a
subset of the same instrumentation used for the most involved large test programs. While this
minimizes purchasing multiple types of instrumentation equipment, it means that installation
effort cannot drop below the minimum required by a subset of that instrumentation technology.
Recent industry efforts have focused on leveraging wireless sensing components to remove the
cost (install time, cost, and weight) of cabling, but the results have been hampered by practical
considerations of power management and batteries.
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FLIGHT TEST VIDEO USE CASES
The growth of storage capacity for flight test data combined with falling costs of video cameras
driven by other industries has led to a significant increase in the amount of video acquired from
cockpit displays, control surfaces, and actuators. While many other industries have leveraged
video cameras with machine vision techniques to monitor and control processes, the flight test
industry has largely used the various video sources either as a secondary data source that is only
inspected manually when measurements from other sensors conflict, or by manually acquiring
measurements from the video through human inspection.
Seeing this landscape, we have begun to socialize a different strategy to help achieve the goal of
reduced time and cost of flight test. Specifically, we feel that if measurement information can be
reliably automatically processed from flight test cameras observing cockpit displays, then this
instrumentation could potentially reduce or eliminate the need for more traditional
instrumentation systems in certain low-instrumentation flight test programs such as supplemental
type certificate (STC) or production test.

COCKPIT VIDEO DATA ACQUISITION
We have developed a prototype concept demonstration that detects a limited set of numeric
display information and graphical gauge information from cockpit video and begun a dialog with
various flight test programs to uncover use cases and requirements which will influence our
further research and development. While these demos are far from complete implementations,
the results achieved so far and the feedback we have received make us hopeful that a finalized
system can provide an effective capability to flight test users.
We have compensated for the constraints of the flight test use case by augmenting traditional
machine vision techniques with test-setup specific calibration and additional image processing
approaches not typically needed in more controlled machine vision environments. This idea,
while a natural fit for the flight test domain, is not common in other industries. Flight test, on the
other hand, is comfortable with detailed calibration procedures. We expect that requiring a
calibration procedure per install would require less overall setup time than using traditional
instrumentation such that the goal of reduced time and cost required for a test is still achieved.
Using the machine vision techniques we have developed, data has been successfully extracted
from flight test video of a helicopter’s avionics display. These test case videos were from typical
flight test operations with a combination of impairments from vibration, lighting, and momentary
blockage by pilot movement. The software requires a video stream that captures the avionics
system display, but it is forgiving of camera positioning up to 30 degrees off normal. This video
can be either acquired and processed in real-time on a test aircraft or lab bench avionics display,
or post-processed from a recorded video file.
The setup calibration approach requires the user to point the camera at the gauge from a distance
equivalent to the back of the cockpit and then mark several features and regions of interest in the

2

image of the gauge. The ability for the algorithms to continually extract measurements without
intervention after calibration provides validation of the techniques. Results from the helicopter
flight test video extracted using this system have shown >99% fidelity when compared to truth
data acquired from available data busses. The results can be seen in Figure 1.

Figure 1. Measurements extracted from video processing compared to truth data (video courtesy Airbus
Helicopters).
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Besides acquiring numerical data, we have developed initial graphical gauge interpretation to
extract measurements from the attitude indicator or artificial horizon display. Figure 2 shows roll
and pitch extracted from video of the flight simulator gauges in SwRI labs. The setup calibration
approach involves the user marking the region of the video that contains the attitude indicator
and then double-clicking on the top vertex of the wing indicator which indicates the “nose” of
the aircraft. This allows the algorithm to determine the center of the attitude indicator for zero
compensation. Once this is specified, the algorithm is able to extract roll and pitch angles
through detecting the relation of the lines in the image relative to this reference point.

Figure 2. Attitude indicator region of interest with roll and pitch extracted from video image shown at bottom
of region.

The machine vision techniques described here provide a less expensive alternative for gathering
and extracting data during a flight test. Traditional methods involve tapping an avionics bus for
existing instrumentation, adding the weight and complexity of a bus monitor that must have
physical access to the test article’s internals.
Machine vision techniques, used to extract data from cockpit displays, provide a bridge between
these techniques. The avionics bus data can be reproduced, based on observations of the
displays, without requiring the invasive installation of a bus monitor. Detailed knowledge of the
bus catalog of the test article, what messages correspond to what values, and in what units, is no
longer needed, as engineers can intuitively extract the values of note by associating
measurements with the corresponding instrument. The flexibility of the camera is still preserved,
as multiple passes can be made post-flight to extract data that had no prior use, but suddenly was
relevant in post-processing.
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FUTURE DIRECTIONS
Building on the initial prototype capabilities, we envision the system will ultimately have the
capabilities to extract data from a variety of cockpit display types including:
•

Alphanumeric text

•

Attitude Indicator (i.e. artificial horizon for roll/pitch indication)

•

Needle/dial gauges

•

Horizontal and vertical bar gauges

•

Boolean dashboard indicators

This set of displays covers the set of traditional aircraft instrumentation, including both the
instruments for visual flight rules and instrument flight rules. It is also capable of monitoring
status of many more advanced, specific instruments presenting data matching these categories
and can be customized to specific flight program needs.
Like all measurement systems, consistent time marking is essential. IEEE 1588 PTP time of
each acquired video frame is tracked and timestamps are applied to each measurement instance.
The system supports adjusting the timestamps by an offset to compensate for video display and
camera delays if needed. This provides the data with the timing accuracy necessary for
comparative processing with other measurement sources.
Additionally, by utilizing portable and modular software techniques rather than hardwarespecific processing, we are able to adapt to a wide variety of platforms from small embedded
systems to general purpose PCs. Both the optical and platform components are independent from
the software since the calibration process normalizes variations.
In addition to data extraction from avionics displays we see potential in measuring a variety of
physical phenomena using similar specialized applications of machine vision. Possibilities
include measuring wing deflection, flutter and vibration analysis, ice accumulation measurement,
and engine analysis. Expensive and time-consuming installation of sensors could be replaced by
the simple installation of a camera, where the nature of the physical event to be measured and the
resolution of the camera allow.

CONCLUSION
This paper has described an approach to obtaining measurements from video of cockpit displays.
We believe a system like this could be useful for reducing the installation complexity of small,
short-term flight test programs such as STC and production test. The techniques explored here
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also open doors to using video from other flight test cameras as a sensor input in place of
traditional discrete sensors. The initial results presented here can form the basis of a system that
has the potential to provide flight test users a rapid-deployment data acquisition capability.
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ABSTRACT
Flight test engineers sometimes need to conduct photogrammetric analysis to investigate
transient phenomena and validate computer and wind tunnel models. Data is captured to
characterize the performance of the aircraft and its avionics and other equipment and for store
separation tests. Store separation encompasses such functionality as fuel tank release, landing
gear operation and missile deployment. To capture accurate visual data during flight tests
requires the use of a high-speed camera device capable of capturing moving images with
exposure times for each image of less than 1/1,000 second or frame rates in excess of 200 frames
per second.
The cameras used in store separation FTI applications must be very environmentally rugged and
perform optimally and accurately in harsh environments. Any potential failure must be mitigated
because of the high cost of keeping a test platform in the air. Post-test, it is important that the
images can be correlated so the data is suitable for photogrammetric analysis. This paper
discusses what is required for successfully capturing data in flight tests for photogrammetric
analysis and outlines a high speed camera system solution.
INTRODUCTION
Flight test engineers encounter situations where they need to use photogrammetric analysis to
determine how objects, surfaces and mechanical systems perform. This typically requires
capturing images at high speed from multiple angles, often in harsh environmental conditions.
Post-test, it is important that the images can be correlated so the data is suitable for
photogrammetric analysis. This white paper will discuss what is required for successfully
capturing data in flight tests for photogrammetric analysis and outlines a high speed camera
system solution.
CAPTURING DATA IN THE BLINK OF AN EYE
Flight test engineers sometimes need to conduct photogrammetric analysis to investigate
transient phenomena and validate computer and wind tunnel models. Data is captured to

characterize the performance of the aircraft and its avionics and other equipment and for store
separation tests. Store separation encompasses such functionality as fuel tank release, landing
gear operation and missile deployment. To capture accurate visual data during flight tests
requires the use of a high-speed camera device capable of capturing moving images with
exposure times for each image of less than 1/1,000 second or frame rates in excess of 200 frames
per second.
The cameras used in store separation FTI applications must be very environmentally rugged and
perform optimally and accurately in harsh environments. Any potential failure must be mitigated
because of the high cost of keeping a test platform in the air. The camera is primarily used for
recording fast-moving objects as digital images onto a storage medium. After recording, these
images can be played back in slow motion to examine the motion for scientific study of transient
phenomena.
Early high-speed cameras used film to record high-speed events, but have been superseded by
entirely electronic devices. These modern cameras use either a charge-coupled device (CCD) or
a CMOS active pixel sensor that typically record all images to internal DRAM memory. In
general, these cameras offer more features and reliability than their film counterparts –
particularly in harsh environments.
BUILDING A NETWORKED IMAGE CAPTURING SYSTEM
The elements of an integrated system solution for photogrammetric analysis of store separation
would typically include a high-speed camera, a network-based camera manager unit, a managed
network “core” switch, other network switches, a networked data recorder and a multifunction
camera control panel unit. The core switch serves as a network fabric to pass message packets
from cameras or other sensors located around the aircraft.
High-speed cameras are more common today thanks to the advance of imaging technology and
the widespread adoption of digital camera technology, particular in mobile phones (many of
which now have high-speed video modes). However, while many high-speed cameras are
available, and indeed many switch and recorder products can be readily purchased, not all
cameras and ancillary equipment is suitable for flight test applications.
One key issue is correlation of data. Video or camera images should be time-stamped to ensure
images from different cameras can be compared accurately during analysis. To ensure accurate
time-stamping, the FTI system should provide a grand master clock. In the case that older PCM
networks are present, the PCM data can be converted into to modern Ethernet packets by
gateway devices on the FTI system.
The FTI network engineer also typically programs the cameras and sensors in advance of the test
flight to assign triggering events and direct where in the FTI system the resulting data packets
will be transferred. It is advantageous, therefore, to have an Ethernet-based camera manager
reside on the network and orchestrate all of the triggering events. The resulting image data,
which is first stored on the camera itself, can then be archived by sending to a network recorder
or transferred to discrete memory in the camera. Because every image frame gets time-stamped

by the FTI data acquisition unit or by the high-speed camera, it’s possible after the flight or
mission to accurately combine and synchronize all of the acquired data.

Figure 1: High-speed cameras are often connected into larger networks to capture events from multiple angles

Another key issue is ensuring the cameras are capable of operating normally in extreme
environmental conditions. While many cameras on the market may be suitable for different
climates and for extreme sports or industrial applications, few are able to work optimally while
experiencing extreme vibrations, shock, temperatures, rapid temperature and humidity changes
and fluid ingress.
VALIDATION AND PHOTOGRAMMETRIC ANALYSIS
Validation of state-of-the-art store separation prediction techniques is required to complete FTI
studies for airborne certification programs. The use of photogrammetric high-speed camera
missions enables the validation of the store separation prediction model by capturing six-degreeof freedom motion data. Photogrammetric analysis requires obtaining measurements from
individual digital images to analyze the precise position and orientation of objects in threedimensional space during a test flight.
In many cases, wind tunnel experiments will be performed in advance to generate the prediction
model, which helps to minimize program risk. The FTI engineer correlates the quantitative data
from the separation testing with the actual flight test results to validate the models. This data is
measured when the stores are within a defined volume of analysis while on the test vehicle.

Typically, flight clearance authorities request measurement accuracy on the order of a few inches
for proper correlation.
For example, when a missile is jettisoned from an aircraft in flight, photogrammetric
triangulation techniques are used to quantify the missile’s spatial position and orientation. This
enables the weapon’s displacement and attitude to be quantified after it has been released or
launched from the aircraft. Such information is typically used to validate the accuracy of a
prediction or to determine if the characteristics are “safe” enough to proceed to more severe
release conditions.
To accomplish this type of photogrammetric analysis, several calibrations of the test equipment
must be performed to quantify details such as the camera location and any lens aberrations. The
goal is to ensure that the high-speed cameras are operating at 200 frames per second with
exposures operating at 0.005 seconds per frame. The lens calibration process simply maps out
any distortion in the lens, such as pin-cushion or barrel distortion, and determines how the
projection of the object’s image onto the camera Global Shutter CMOS image sensor is affected.
Lens calibrations are performed by aiming the camera at a calibrated target.
In addition to calibrating the lens, the test objects, in this case the aircraft and stores, also have to
be “targeted.” Targets are easily identified points (either integral to the object or placed on the
object) at known positions with respect to a coordinate system. While only three targets are
required for a photogrammetric solution, many targets are usually affixed to ensure that the
minimum number will be available. It is imperative that the targets be visible by as many
cameras as possible.
An initial orientation of the camera must also be obtained following fixing the position of the
camera’s image sensor plane. This orientation (the direction the camera is pointed with respect to
the axes of the aircraft) will be used as initialization data in an iterative computer algorithm to
determine precise camera orientation for photogrammetric analysis using a precise, common
time reference such as the IRIG (Inter-Range Instrumentation Group) or IEEE-1588 PTP
protocols. The PTP techniques allow cameras and other devices to synchronize their time base to
within a few hundred nanoseconds. Synchronizing system components to a common time base
enables simplified system designs and simplifies wiring – especially important for minimizing
size, weight and power requirements (SWaP) on test aircraft.
During a typical stores release, images are recorded on a frame every 0.005 seconds. Since the
camera axis orientation and the target’s image position in the image sensor plane is known,
Snell’s law and compensations for known lens distortion can be applied. This enables a vector to
be established from the image sensor plane through the lens to the target. If two or more cameras
of known position have vectors from their image sensor plane to the same target at the same
instant in time, triangulation can be used to determine the target’s position in the aircraft
coordinate system.
Software tools are now available that can read the image data and perform much of this analysis.
These can facilitate simple tracking of objects where position, velocity and acceleration can be
calculated with various tools and templates streamlines this process even more. Such

applications are used commonly in crash test analysis for the automotive environment as well as
many airborne and ground military test applications.

Figure 2: A Network-Based High-Speed Camera

CONCLUSIONS
Compact, lightweight and rugged cameras are ideal for a number of airborne applications,
including stores separation, missile deployment and landing gear analysis – from manned aircraft
or UAVs. When used with motion analysis software, high-speed cameras provide users with the
ability to conduct in-depth, quantitative analysis of their high-speed images. Software solutions
can support automatic tracking of up to three targets and calculates for velocity and acceleration.
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ABSTRACT
This paper introduces a method of classifying leaves using machine learning. Considerable
emphasis has been put on leaf classification for use in remote sensing applications such as plant
phenotyping and precision agriculture. Convolutional neural networks (CNN) have been
extensively used in computer vision for image classification. However, CNN can be
computationally expensive. This paper describes a method that achieves a comparable accuracy,
with a lower computational burden, using a support vector machine (SVM) classifier. This method
uses image processing algorithms to extract features from Hough transform and Hough Lines.
These features are then integrated with those extracted from binary images, and “eigenleaves”
extracted from grayscale, gradient, and different color-space images of leaves as data
preprocessing for classification. The classifier is implemented on two publicly available datasets:
Flavia and Swedish; and is able to achieve state-of-the-art accuracies using a SVM classifier.
INTRODUCTION
Precise identification of leaves has applications such as site-specific weed management in
agriculture and plant phenotyping. With a growing population, there is an increasing demand for
efficient agricultural methods. The ability to identify weeds in the field using an autonomous robot,
perhaps one which has a robotic arm to remove weeds, or a drone which can spray herbicide on the
desired area could be helpful. Such automated systems need a way to differentiate desirable plants
from undesirable weeds. One way to do this is with an imaging system that can recognize different
species of plants. Some recent machine algorithms use convolutional neural networks (CNN) for
this operation. However, they are computationally expensive operations. This paper proposes using
a SVM classifier instead of using CNN, which can substantially reduce the computational burden.
This new classifier was trained using two publicly available datasets named Flavia and Swedish.
The classifier was able to analyze images using the processing power available on conventional
agricultural drones. There was no need to augument the processor with a graphics processing unit
(GPU) or similar hardware. Nor was there a need to relay data to a ground station for processing
A way to improve the accuracy of leaf classification by training auxiliary data for classification of
leaves when training dataset is small has been previously shown by Wu [1]. This method compares
leaf shapes by aligning their angle sequences to one another, rather than extracting features from
leaf shapes. It was shown by Ling [2] that using inner-distance as a descriptor for an image can be
helpful in improving the performance of identification of leaves. Im [3] and Wang [4] used
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hierarchical polygon approximation representation for leaf shape and hypersphere classifier
respectively to classify leaves. Segmentation of leaves from the background using 3-D point cloud
was done by Teng [5], which would be a bridge between the system for capturing the images and
classifying them. Elliptic Fourier transforms were used to identify weed species by Neto [6] with
an accuracy of 89.4%.
Our proposed method extracts distinctive features from images in binary, monochrome (grayscale
and gradient) and different color-spaces (RGB, HSV, and YCbCr). Binary images are used to
extract binary object features such as area and perimeter of the object. Grayscale images are used
to calculate Gray-Level Co-occurrence Matrix (GLCM) from which feature vectors are extracted.
Grayscale images are also used to calculate Hough transform and Hough lines which help in
extracting features related to the vein structures and the contour of the leaf. We find the number of
corners in a leaf image using the method described by Rosten [15], the number of speeded up robust
features (SURF) points using the method described in Bay [16], and the number of binary robust
invariant scalable keypoints (BRISK) using the method described by Leutenegger [17]. Using the
entire feature vectors instead of using the number of points can be helpful in improving the accuracy
of the system, but as the feature vectors are very large it would be computationally expensive. Later
we show that we can achieve the desired accuracy even without using the entire feature vectors of
BRISK and SURF. The grayscale images along with the all the different color-space images are
used to extract eigenleaves which are eigenvectors of the leaves projected on the leaf images. The
idea of eigenleaves is inspired from [18] where the authors use eigenfaces to classify faces, where
eigenfaces are the eigenvectors of the set of faces.
All these features extracted from the images are then used to train a SVM classifier. The features
are also tested on various other classifiers too to test the accuracy. By using the hand-crafted
features, and SVM classifier, we can achieve accuracy rates of 97.71% on the Flavia dataset [7]
and accuracy of 99.56% on the Swedish dataset [19].
PREVIOUS WORK
Wu [7] developed a leaf recognition algorithm using a probabilistic neural network (PNN) and
achieved an accuracy of 90% on the Flavia dataset. Singh [8] was able to achieve 96% accuracy on
the Flavia dataset using SVM based on a binary decision tree. Kadir [9] used principal component
analysis (PCA) to reduce the dimension of the features and improve the performance of
classification using PNN. Nguyen [10] combines SURF features with bag-of-words to achieve an
accuracy of 95.94% on the Flavia dataset. Kumar [11] developed the first android classification
application LeafSnap which used leaf’s contour over multiple scales for classification. Kadir [12]
uses Zernike moments extracted from leaf images to train the PNN along with features extracted
from gray level co-occurrence matrix and achieves an accuracy of 94.69% on the Flavia dataset.
Wu [13] used CNN for classification of leaves using PReLU activation function and were able to
get an accuracy of 94.8% on the ICL dataset with 25 different species of leaves. Wick showed in
[14] that almost perfect accuracy can be achieved on Flavia dataset using Deep CNN.
PROPOSED METHOD
Our method can be divided into two major steps: Extraction of features from images, and training
and testing of the classifier. The extraction of features is summarized in Figure 1.
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Figure 1 Feature extraction

Extracting features from the binary image
To extract features from a binary image, the RGB image of the leaf is first converted into a
grayscale image and then to binary. Then some morphological operations such as closing,
removing objects smaller than a certain area, and filling the holes are applied to the binary image
to get rid of small erroneous objects and to get leaf as the only object in the image. Figure 2
summarizes the preprocessing step:

Figure 2 Performing morphological operations on the binary image to remove errors

Once the preprocessing step is done following features are extracted from the binary images:
1. Eccentricity
Since the shape of a leaf resembles an ellipse, eccentricity can be used as a feature for
classification. The eccentricity of an ellipse can be calculated as:
(1)
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2. Ratio of minor axis to major axis of an ellipse
3. Perimeter to area ratio
This is the ratio of the distance around the boundary of the leaf object to the number of pixels
in the region of the leaf object.
4. Solidity:
Solidity is defined as the proportion of the pixels in the convex hull which are also in the region.
The solidity of an object can be calculated as:
(2)
Where convex area can be defined as the number of pixels in the smallest convex polygon that
can contain the object.
5. Centroid
In this case, a centroid is the center of mass of the leaf object.
6. Aspect ratio
Aspect ratio is defined as the ratio of the height of bounding box containing the object to the
width of the bounding box. Aspect ratio can be calculated as:
(3)
Extracting features from a grayscale image
Following features are extracted from grayscale images:
1. GLCM features
Several features can be calculated from GLCM and four of them are used as features for training
the classifier.
a. Contrast
Calculates the contrast between each pixel and its neighbor and is given as
(4)

,
Where
, denotes an element in GLCM
b. Correlation
Calculates how correlated each pixel is to its neighboring pixel and is given as
,

Where and
c. Energy

denote mean and standard deviation respectively.
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(5)

Calculates the energy of each element in GLCM and is given as
,

(6)

d. Homogeneity
Calculates the closeness of the distribution of elements in GLCM to the diagonal of GLCM
and is given as
,
(7)
1 |
|
2. Number of corner points
Leaves from different species could have a different number of corner points so using the
number of corners as a feature would help to boost up the accuracy of the system. We use the
high-speed machine learning algorithm presented by Rosten [15] to calculate the number of
corner points in a leaf image.
3. Number of SURF and Brisk points
SURF features were introduced by Bay [16] which are scale- and rotation-invariant detector
and descriptor. BRISK features were introduced by Leutenegger [17] which detects, describes
and matches keypoints in a grayscale image. In this step, rather than using the entire description
of the features vector, we just use the number of SURF and BRISK points in an image as a
descriptor as the leaves from the same species should have a similar number of SURF and
BRISK points.
4. Hough transform
One of the most distinctive features of the leaves is the vein pattern. Hough transform is a
technique that finds aligned points in an image that create, so it helps in detecting vein features
of a leaf image. Hough transform can be applied to a grayscale image by detecting the edges in
the image and then applying the Hough transform algorithm, as summarized in Figure 3.
As it can be seen from Figure 3 that Hough transform of one leaf differs from another, so GLCM
features of Hough transform images too are calculated.
5. Hough lines
The most significant Hough peaks in the figure can be used to find Hough lines and as shown in
Figure 3 different leaves have significantly different Hough lines.
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Figure 3 Hough transform and Hough lines of grayscale leaf images

Extracting eigenleaves
As seen from Figure-1 Eigenleaves are extracted from seven different images. Eigenleaves are
calculated for different color-spaces and for grayscale and gradient images following the steps
described below:
1. Convert image into the desired colorspace
2. Vectorize all images and put in a matrix →
3. Calculate mean of corresponding pixels of each image →
4. Subtract the mean from all images →
5. Perform eigen-decomposition of the of
largest eigenvalues →
6. Calculate eigenleaves →

and get

, where

∈ 1,

eigenvectors corresponding to

.

Thus, there are eigenleaves of length associated with each leaf image which are used as features
for training the classifier. The eigenleaves are also calculated for Hough transform and Hough lines
images as they too provide distinctive features for training the classifier and helps boosting the
accuracy.
EXPERIMENT AND RESULTS
Our approach is tested on two of the publicly available datasets: Flavia and Swedish. Flavia dataset
consists of 1907 leaf images of 32 different species and the Swedish dataset consists of 1125
images of 15 different species. SVM classifier is trained for both the datasets using the handcrafted features that are extracted from the leaf images. The classifier is tested on 10% images
from the Flavia dataset and 20% images from the Swedish dataset respectively. Then we fine-tune
training and testing data-size to get an optimal accuracy of 97.91% for the Flavia dataset and
99.56% for the Swedish dataset. Figure 4 shows how the accuracy of the system changes as we
reduce the number of training images.
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Figure 4 Accuracy of the SVM with changing test data size.

Figure 5 Confusion matrix for Flavia dataset
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Figure 6 Confusion matrix for Swedish dataset

We also tested our features on several other classifiers, with the results summarized in Figure 7.

Accuracy (%)

Classification methods
102
100
98
96
94
92
90
88
86
84
82

SVM

Gaussian NB
Flavia dataset

KNN

Logistic regression

Swedish dataset

Figure 7 Comparison between different classification methods
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CONCLUSIONS AND FUTURE WORK
We are able to achieve state-of-the-art accuracy for Flavia and Swedish datasets using SVM
classifier. Features are extracted from leaf object in binary images and features from GLCM are
extracted by calculating GLCM for grayscale images. Grayscale images were also used to calculate
Hough transform to extract GLCM features and Hough lines. Finally, eigenleaves are calculated
from images in different color-spaces and from the monochrome images to be used as features.
We are successfully able to get comparable accuracy to the state-of-the-art using a computationally
efficient method. Furthermore, we calculate features from the Fast Fourier Transform (FFT) and
Curvelet transform but those features are redundant with respect to the features we already have
and are not able to improve the accuracy. The algorithm remains to be tested on other publicly
available datasets namely: Foilage, LeafSnap, ICL, and ImageCLEF.
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ABSTRACT
Of all the stages of the process of store separation, the flight test stage is the most expensive
stage. Thus, the smaller the number of flights, the better. One step prior to in-flight tests is the
pitch drop. In this stage, the use of a computer vision solution can assist engineers during the test
to determine whether the test point was safe or not. When using cameras in any activity that
requires accuracy in the results, it is necessary to perform the calibration of the optical system
used in the tests. The IPEV has developed a solution that (1) the construction of a calibration
field so that camera calibrations can be performed using a single frame; (2) a method for carrying
out pitch drop test; (3) and an application that uses computational vision to process data from
high-acquisition-rate cameras and generate the results in 6DoF. The development and validation
of the solution are described in this work.
Keywords: image processing; store separation; real time; 3D analysis; camera calibration.
INTRODUCTION
In military aircrafts, the ability to release, when necessary, external stores during flight,
such as weapons and auxiliary fuel tanks is very important [1].
During World War I, a bomber could simply release a store safely. This technique has
become obsolete with the development of the closed cockpit. An arsenal of different launch
mechanisms replaced the pilot’s hand, and the small simple store was succeeded by an incredible
variety of stores. From the moment the stores were ejected and not just released from a
compartment under the aircraft, a great challenge arose because of the interaction between the

aerodynamic environment and the dynamic characteristics of the external stores, the released
store can collide with the aircraft, threatening the regular performance of the aircraft and the
safety of the pilot.
In this scenario, the flight tests are made to provide the actual characteristics of the
separation of the store that the analytical and soil methods try to predict [1]. However, while
flight test data may be indisputable, its proper interpretation is another matter. The first problem
is to be sure that the separation will be safe before the test is performed. The next step is to
acquire the store trajectory data. The best information is obtained from high-speed cameras on
board the aircraft. Ground-based cameras or videos of nearby aircraft may also be useful.
Converting videos on a trajectory is a task of significant size from the point of view of quality
and quantity. The most difficult part of the flight test procedure, however, is to maintain and
measure the aircraft's flight conditions. New techniques are constantly being developed, but the
implementation is slow due to the cost and dangerous nature of this type of test.
Of all the stages of the process of separation of stores, the flight test stage is the most
expensive stage. Thus, the smaller the number of flights, better. The cost of testing, especially
flight test, has been very strictly defined as the budgets of test programs have been decreasing
[2]. Testing teams have been struggling to be as efficient as possible, looking for ways to get the
most data in the shortest time possible. One challenge is to process and analyze data from a flight
test before the subsequent flight can be scheduled and executed, as this process can take hours
and / or days. This is especially true for store separation tests carried out to determine the
maximum limits for the use of operational stores where the results of a test must be absolutely
understood before moving to the next test point. Failure to do so may result in contact of the
store with the aircraft and cause severe aircraft damage or loss of the test aircraft. Modeling and
simulation have been used extensively to predict pre-flight store separation characteristics to
achieve some efficiency in planning the test point. Rapid comparison of actual results with
predictions is one way to further increase the efficiency of the assay. In addition to modeling and
simulation, one of the steps that takes place before the flight tests are pitch drop test. These tests
are fundamental because they allow the static evaluation of the separation in order to meet a
minimum degree of safety.
The two main methods used to collect quantitative data from store separation tests are
photogrammetry and telemetry with six degrees of freedom (6DoF TM) [2]. Each has advantages
and disadvantages that can be understood in [2, 3, 4]. For this work, the photogrammetry
technique was chosen for the development of a new computational solution to be used in load
separation tests. This technique was chosen because of the high cost of inertial sensors (via
telemetry) and the research institute already owns high-speed cameras.
Photogrammetry has added value for the experimental trials through the use of highspeed cameras (i.e. greater than 200 fps) and the use of computer vision. The use of a 3D
computer-vision solution can assist engineers during the flight test to determine whether or not
the test point was safe. In order to reconstruct the separation trajectory, one of the methods is
through triangulation. This requires two or more cameras to be synchronized. When using
cameras in any activity that requires accuracy in the results, it is necessary to perform the
calibration of the optical system used in the tests.
In Brazil, the Flight Research and Testing Institute (IPEV) has carried out store
separation tests for years, and the determination of the store separation trajectory was performed

with a commercial tool (i.e. TrackEye). In addition, the process required many hours of work for
the analysis of results and execution of flights test.
In order to eliminate the use of the commercial tool and to have technical mastery over all
stages of the store separation test, IPEV, ITA, IAE, INPE and IEAv developed a solution that
contemplates (1) the construction of a calibration field for calibrations of cameras can be
performed using a single frame; (2) a method for carrying out pitch drop tests; (3) and software
that uses computer vision to process data from high-acquisition-rate cameras and generate the
results in 6DoF. The development and validation of the solution are described in this work.
STORE SEPARATION
The safe separation of a store from an aircraft is one of the main aerodynamic problems
in the design and integration of a new store into an aircraft [5]. When a new store (i.e. bomb,
missile or fuel tank, etc.) is developed or an existing store undergoes significant variations, it
needs to be certified so that tactical aircraft can use them [6, 7]. Throughout the certification
process, various tests are performed to ensure the safety of aircraft and store. One of the most
important assessments in the certification process is to acquire a release envelope in which the
store can be safely used. In order to obtain an operational launch envelope, it is possible to use
some approaches, wind tunnel [8], computational fluid dynamics (CFD), pitch drop tests and
flight tests [9]. These approaches are used to [10] obtain data in order to define the operational
limit so that the release of stores can occur safely. This means that the store passes through the
aerodynamic perturbation of the aircraft without affecting the aircraft or other stores released
simultaneously.
Store separation analysis is one of the most challenging problems in aerospace
engineering and is vital to ensure pilot safety, aircraft safety and mission success [11]. Basically,
the analysis consists of studying the trajectory of a store when it is released from an aircraft. The
various types of approaches play a critical role in the certification of stores because store
separation data are collected so that the position and orientation of the store can be determined in
order to establish the operational envelope of release.
To validate wind tunnel and CFD models, and to reduce the number of stores used in
flight tests, by maximizing the engineering data collected during the tests, photogrammetry is
used to measure the 6-degree trajectory of the store during and after the launch of the aircraft
[10]. This 6DOF data is used to validate the separation models. Without photogrammetry, the
store separation test is qualitative in nature and consists of several flights approaching the edge
of the operational boundary small incremental steps.
In this sense, photogrammetric analysis is essential because it provides the position and
orientation of a store relative to the aircraft during separation. Speeds and rates are also provided
using smoothing techniques. To record store separation events, the cameras are mounted directly
on the aircraft. Photogrammetric data collection must overcome a number of unique
environmental factors and restrictive testing conditions, including vibrating cameras, strong
sunlight or shadows, steam trails and obscure camera visions.

PHOTOGRAMMETRY
By far the most widely used technique for obtaining data in store separation tests is
photogrammetry [9]. Although the detailed description of the use of the photogrammetric
technique of each nation, or each company, varies, the basic method remains the same.
At NAVAIR (Naval Air Systems Command), for example, this technique has been used
for more than 40 years [10]. At IPEV, we have been using this technique for decades, but only in
the last five years have we invested resources and efforts to build a proprietary computing
solution. Photogrammetric analysis in flight tests offers unique challenges, both from a technical
and managerial point of view [10]. Photogrammetric analysis should take into account factors
such as camera angle, camera movement, video quality, focal length, lens distortion, and
environmental conditions. In addition, flight tests usually occurs in environments hostile to
accurate measurements. From a personal point of view, the photogrammetric configuration
involves a wide range of skills.
The quantitative data that are of interest to the team that analyzes the store separations are
the time history of the position and orientation (x, y, z, Ψ, Θ, Φ) of the store relative to the
aircraft [2]. This is often referred to as the 6DoF trajectory of the load. The first and second time
derivatives of each of the amounts are also often of interest. Short-range photogrammetry is a
useful tool to accurately determine the translational and rotational kinematics of the stores under
test to support decisions about the risk of the test. In order to perform the estimation successfully,
image sequences are recorded from several sensors specifically oriented to reliably observe the
location variations of the object. Fortunately, the three-dimensional structure, as well as the
initial 6DoF location of the reference and target objects, are known.
In addition, the modeling of lens distortion effects for each camera is pre-computed as an
independent process. Traditional approaches use 2D observations of the object image to
deterministically calculate the object's 6DoF state.
To collect position time history and orientation with 6DoF using photogrammetry, at
least two high-speed cameras mounted on the aircraft (Figure 1) should be used to capture
images of the store as it leaves the vicinity of the aircraft.

Figure 1 - POD used with two high-speed cameras.

DEVELOPMENT
The cameras used were Mikrotron Cube7 [12] configured at 400 frames per second,
synchronized with each other using an internal camera mechanism. The rear camera was
configured with region of interest (ROI) of 1184 x 1040 pixels and the front camera with 1248 x
968 pixels. The lenses used were Kowa 6mm C-Mount [13]. The aircraft used was an
EMBRAER Xavante 4467. The store used at the test points was an inert store of approximately
130 kg.
Figure 2a shows the rear camera image with the ROI already configured. Also shown in
detail is the type of marker used. It is possible to observe that each marker has an alphanumeric
identification (e.g. C1, R1 - "C" is "Carga" (Store) in Portuguese, "R" is "Reference"). The
identification of each target is important for the merge of the markers, used in 3D processing.
Figure 2b shows the front camera image with the ROI already configured. Also shown
are the grouped markers on the Wing, Pilone, and Store. Groupings are important because the
Asa and Pilone markers are in a rigid structure and will have very little variation of position
during flight and store separation. These markers are used to determine the position of the store
relative to the aircraft.

(a)
(b)
Figure 2 – Image example of front camera and rear camera. (a) view of the region of interest of the rear camera with
zoom in 3 targets (b) frontal camera showing the ROI and the overview of the targets.

The survey of the coordinates of each target was done using Tokyo Theodolite TM20C
[14] and Nikon Total Station NPL-632 [15]. These equipment were also used to measure the
horizontal and longitudinal leveling of the aircraft, performed before the start of the test points.
For each store, the location of each target on the aircraft, pylon and store shall be measured
against the defined coordinate system prior to the test point [2].
In addition, before the tests were carried out the calibration of the cameras was done
using a geometric calibration field, built at IPEV. Calibration is required to determine the
distortion characteristics of each camera. The detail of the calibration algorithm used can be seen
in [16]. The positioning of the targets in the calibration field was previously determined and can
be visualized in Figure 3a. In Figure 3b it is possible to observe the actual calibration scenario,
considering the rear camera already positioned and configured in the photographic POD.

Calibration of cameras and other configuration information for each camera are stored for use in
post-processing.

(a)
(b)
Figure 3 – IPEV Geometric Calibration Field. (a) Position of each simulated target in order to be homogeneously
distributed in the captured image (b) Example of calibration of the rear camera.

For each camera an image of the calibration field was obtained. After the calibration, the
images were redesigned and can be visualized in Figure 4. It can be observed that in the cameras,
the targets were homogeneously distributed, filling the entire frame.

(a)
(b)
Figure 4 – Redesigned image of calibration field (a) rear camera (b) front camera.

With the calibration field constructed, the mean square error was 0.748 pixel for the rear
camera and 1.33 pixel for the front camera.
In [2], it says that a disadvantage of photogrammetry is the target selection step which
really takes a lot of time. To minimize this problem, all targets are selected in both cameras in
the same order. The selection is made semi-automatically. First, there is a manual selection of
some point near the center of the target. Second, the image is processed iteratively in order to

find the center of each target at the subpixel level. The obtained data is stored for use in postprocessing.
Another disadvantage pointed out by [2], which is the problem of matching, is also
solved from the moment all targets are selected in the same order. The correspondence of the
targets is fundamental for obtaining the 6DoF.
After the test point, the camera images are downloaded from the cameras and a time slice
of about 0.5 to 1 second is defined. The targets on the aircraft and store are first identified and
then automatically traced to each camera image. Using the calibration of the camera, the survey
of the aircraft's target and the data tracked to the targets in the aircraft, the location of the 6DoF
of each camera in each image is estimated in an iterative solver. First, camera calibration is
applied to the crawled data so that the effect of the lens curvature on the measurements is
removed. Then an initial estimate of the camera's 6DoF location is used along with the camera's
focal length to provide a prediction of where each of the measured targets should appear in the
image (given the initial location estimate of 6DoF). The quality of the 6DoF location estimate is
calculated by finding the residual distance between the predicted locations and measurements of
each target; the smaller the waste, the better the estimate. A new 6DoF location estimate is
calculated repeatedly, the destination locations in the image are predicted and the residuals are
calculated until a minimum is reached.
In Figure 5 it is possible to observe the last frame of a test point considering the two
cameras. The blue dots highlight the tracking of the targets during the test point. It can be seen
that most targets were automatically traced during the test point. This is significant because it
reduces post-processing time and increases the accuracy of information.

(a)
(b)
Figure 5 – Target tracking during test point (a) rear camera (b) front camera

The pitch drop tests were performed at the IPEV facilities in São José dos Campos, SP,
Brazil, and are fundamental for the development of the processing software. The validation of
the software was done by comparing the information obtained, frame by frame, manually; and
then using the old method (i.e. commercial software use). For each coordinate of the target (x, y),
the error was measured in each video frame, considering the two cameras. Considering the errors
of all targets, for the front camera, the mean square error obtained at x is 0.38 pixels and 0.83

pixels at y. For the rear camera, the mean square error obtained at x is 0.1 pixels and 0.78 pixels
at y. The maximum error in the front camera was 3.5 pixels in x and 3 pixels in y; for the rear
camera, the maximum error was 0.4 pixels in x and 3.9 pixels in y. This means that the
maximum error is 8 mm, and the result is considered satisfactory.
CONCLUSIONS
This work had the following objectives:
(1) to approach the construction of a calibration field so that camera calibrations could be
performed using a single frame. The construction of the calibration field was laborious (manhour effort), however, great advantages were obtained such as obtaining the results of distortions
from a single image and a small mean square error;
(2) also show a method for carrying out pitch drop tests. The accomplishment of this type
of test involves great technical and managerial challenges, since the amount of people and
equipment involved is numerous. The main steps to carry out this type of test were discussed;
and
(3) finally, software that uses computer vision to process data from high-spped cameras
and generate the results in 6DoF. The mastery over the entire flight test campaign process along
with this software are key points for something we aspire to is the near real-time analysis of load
separation trials using photogrammetry.
As future work, we suggest:


the performance of new tests varying the position and attitude of the store during the fall;



performing tests with higher light exposure; and



adaptation of the software and alteration of the equipment for the realization of pitch drop
tests, in order to obtain the results in near real time.
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ABSTRACT
Parachute is an essential guarantee for flight safety. The offset angle on parachute deployment is
an important parameter to evaluate its performance. In this paper, the principle of space
constraint is applied to design a motion parameter measurement method based on monocular
vision with high-speed camera. And an intelligent real-time tracking algorithm based on image
features is proposed to obtain images of the parachute during the deployment process. The realtime position and the offset angle of parachute are achieved by this method in flight test, which
provides a reliable and effective means for the design and improvement of the parachute.
KEY WORDS
Monocular Vision, Parachute, High-speed Camera, Deep Learning, Motion Parameters
Measurement.
INTRODUCTION
The parachute, also known as the deceleration parachute, is an equipment that uses air resistance
to slow down the aircraft when landing. The movement state of the parachute has a direct impact
on the drag force applied on the aircraft body [1]. Therefore, the motion parameter measurement
of the parachute is an essential research topic for the flight test of new aircraft, which is
important for the safety of landing [2]. The working efficiency of the parachute is the basis for
parachute design, which is determined by factors of the drag force, the direction of dragging, and
the law of motion. The drag force can generally be measured by a force sensor [3], while the
direction of dragging and the law of movement can not be achieved because conventional test
equipment can not be installed on the umbrella body, consequently the horizontal and vertical
swing angles of the parachute can not be obtained directly.
In this paper, a measuring method of the non-rigid umbrella based on monocular vision using
high-speed camera is proposed in light of the research requirements of a new-type parachute [4].
1

This method establishes a vision measurement system by installing a high-speed camera on the
axis of the aircraft body. Capturing image sequences combined with image processing and closerange photogrammetry, the swing angles of the parachute during the ‘release-drop’ process is
obtained, and the mutual interference of the two umbrellas is verified, which provides significant
data for the evaluation of the performance of the parachute.
THE BODY
1 SYSTEM STRUCTURE
The motion parameter measurement system is composed of airborne high-speed image
acquisition system and ground data processingsystem. Airborne high-speed image acquisition
system mainly includes high-speed digital camera, camera trigger, GPS time generator, which is
employed to capture image sequencesof the parachute in the deployment process. The GPS time
generator outputs IRIG-B synchronizing signal for the camera, while camera trigger receives
parachute releasing signal and sends trigger signal to the camera. The system structure is shown
in Figure 1.

Figure 1Structure Diagram Of The System.

The ground data processing system mainly completes camera calibration, feature marks
interpretation and the motion parameters calculation, specifically including the following steps.
Fisrt,the image preprocessing application, including necessary image format conversion,
sharpening, enhancement, stabilization and so on. Then, camera calibration application,
resolving exterior and interior parameters of photogrammetry. And finally, data processing
application, including motion parameters calculation, graph plotting, and result report. Other
necessary ground equipment includes total station, a number of marks, high-performance
computer and so on.
2 MEASUREMENT METHOD
A suitable location at the axis of the aircraft was chosen to install one high-speed digital camera,
to ensure the principal optic axis approximately parallel to the aircraft axis, and the field of view
covers both the left and the right umbrellas. Some feature marks were sprayed on the surface of
the parachute to provide marks for image recognition. After flight tests, images of certain period
2

were selected when the parachute was fully deployed, with this image sequence and the
calibration data. According to photogrammetry, the swing parameters of both left and right
umbrellas can be obtained, as well as the angles between the umbrella and the aircraft axis.

Figure 2Principle Of Measurement.

3 FEATURE MARKS SPRAYING AND RECOGNITION
3.1 Reference Coordinate System
An ordinary right handed coordinate system was adopted in this solution [5].
Considering the characteristics of parachute movement and the focus of flight test mission, a mid
point on the parachute cabin was defined as the coordinate origin, and the Z axis was parallel to
the heading direction, the Y axis parallel to the sky direction, and the X axis was parallel to the
left of the heading, as shown in Figure 2.
3.2 Feature Marks
It is necessary to spray feature marks on the parachute for umbrella location, image interpretation
and parameters calculation. A total of 5 types of feature markers were involved in this solution,
specifically, the sizes, the shapes and the colors are shown in Figure 3. The distribution of the
feature markers on the parachute is shown in Figure 4.

3

Figure 3Measurement Marks(unit:mm).

Figure 4Distribution Of The Marks.

Among these five marks, the 5th mark was located right at the center of the umbrella,
representing the reference position of the umbrella. Symmetric with the 5th mark, the other four
marks were located on the upper, lower, left, and right axes of the parachute. Accordingly, given
any three marks on the parachute, the position of the other two marks can be deduced from
thespatial constraints [6], so as to solve the shade problem in the parachute deployment process.
3.3 Feature Marks Identification Based On Deep Learning
Deep learning is a hierarchical mechanism that simulates the information processing by human
brain, which builds an architecture with no less than 3 layers, and extracts features from the input
samples step by step to output accurate restored samples [7]. In the deep learning model, the data
will be lost through each layer of the input network, therefore, the parameters of the system need
to be constantly adjusted to ensure that the error between the output and the input is as small as
possible, so as to obtain the approximate feature expression of each layer.
When deep learning is used for image processing, the input of the deep learning neural network
is the original image, and the features of the image are extracted through multiple layers of the
neural system. At the same time, the parameters of each layer can be adjusted by training so that
the input and output are close to each other. Finally, the classifier is designed to classify the
features in the image [8].

4

In this paper, the TensorFlow open source AI learning system is used to recognize and extract
the feature marks of the parachute. TensorFlow has a unique advantage in deep learning. It uses
graphs to represent the programming system of computing tasks. Each node in the graph can
create multiple tensors representing typed multidimensional array, which can efficiently build a
deep learning neural network. TensorFlow comes with Python and C++ programming interfaces,
which can implement operations on threads and queues from the ground up. If TensorFlow is just
provided with objective functions, input data and node structure, the computing in this
computing platform can be parallel , increasing the efficiency significantly.
When the TensorFlow was applied to the identification of the parachute feature marks, a deep
learning environment was built, and a deep learning neural network was constructed. The
processing flow is shown in Figure 5.

Figure 5The Flow Of Feature Marks Identification.

The experiment consists of two parts, training and recognition. In the training stage, the weights
of each layer in the neural network were adjusted by the training samples to minimize the output
error; in the recognition part, the parameters obtained by the model training part were used as
initial weights, and the test samples were mapped through each layer of the network to obtain the
recognition result.
3.4 Recognition Results of Feature Marks

5

The parachute images were acquired by a high-speed camera with a resolution of 1696*1024
during flight tests. In the initial stage, the captured images were taken as training samples, and
the identified targets were manually marked with a rectangular frame to train the deep learning
neural network.

Figure 6Manually Labeled Training Samples.

The training method used in this paper was an adaptive moment estimation algorithm. The first
and second moments of each parameter gradient were estimated by the loss function, and the
learning rate of the parameters was adjusted. After the training completed, the test samples were
input into the training model. The test samples were 2000 pictures, the feature marks in the
images were identified, and the results are shown as follows.

Figure 7 Recognition Results Of Feature Marks.

At the end of the first recognition further learning can be performed on this basis. The circular
markings in the recognition frame were trained twice, the identification results are as follows.

Figure 8 Secondary Learning Recognition Results.

As can be seen from the figure, when the feature marks rotate, drift or have a slight occlusion,
the features marks can be well identified and positioned by the trained model. By performing
secondary processing on the image in the recognition area, the central pixel coordinates of four
quadrant feature marks can be obtained by threshold segmentation and edge extraction
algorithms.
4 Motion Parameters Measurement Of The Parachute
6

4.1 Measurement Principle
According to the interpretation data of the high-speed camera image, the spatial coordinate
(X,Y,Z) of the mark points was found by analyzing the collinearity equation ,which is given by:
a1 ( X  X S )  b1 (Y  YS )  c1 ( Z  Z S )
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(1)
Where ( x , y ) and ( x0 , y0 ) are the coordinates of the image point and principal point in the image
coordinate system respectively; (x, y) is the error correction of the image coordinates,
including radial distortion and tangential distortion; f stands for focal length; ( x0 , y0 , f ) represents
interior orientation elements; P( X , Y , Z ) is the coordinate of a point p in the object coordinate
system; ( Xs, Ys, Zs) represents the coordinate of the photographic center in the object coordinate
system, also known as the exterior line elements ; ai , bi , ci (i  1,2,3) are the elements in the rotation
matrix R which are determined by the exterior angle elements  ,  ,  .
Because of the small swing of the umbrellas, the actual intercept of the camera from the umbrella
is smaller than the standard deviation before the test. According to previous experience, the
measurement error on the camera's optical axis in the photogrammetry has a relatively small
influence on the measurement accuracy of the other two directions, so the z can be set as a
known constraint for monocular vision photogrammetry.
Write equation (1) as a matrix:
X p  X S 
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After transformation can be:
Xp
Yp
Zp


X  Xs Y  Ys Z  Zs

(3)

Thus, get:
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Zp
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(4)

Among them, is the scale factor; ( X p , Y p , Z p ) is auxiliary coordinates of the target point in the
image space, and the remaining parameters have the same meaning with (1).
After obtaining the coordinates of the marking points, that is, the horizontal and vertical swing, a
more accurate Z can be calculated based on the distance between the parachute cabin and the
parachute, and then the angle between the umbrella and the aircraft axis can be found according
to the trigonometric function.
4.2 Error Analysis
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Since the distance between the parachute cabin and the parachute was about 14m, the high-speed
camera was 15m away from the umbrella, and the field angle was 60degree (4/3 inch sensor and
12mm lens), and the field of width was 15m at a distance of 17m. According the horizontal total
pixels (1696), the optical imaging accuracy is about 1mm/pixel.
From the principle of equation (4), and given the Z a fixed value, the unknown left and right
swing quantity X and the up and down quantity Y can be obtained. The direction of the beam is
from the optical center to the image point of the feature mark. Therefore, it is related to the
interpretation accuracy of the image and the calibration accuracy of the interior and exterior
orientation elements. As the principal point offset from the image center is generally is very
small, assume the principal point coincided with the center of the sensor, so the direction of the
beam can be shown in Figure 5.

Figure 9 Beam Direction.

The direction of the beam PO is:
  tg 1

( x  x 0) 2  ( y  y 0) 2
f

(5)

The differential equation is:
dα =

(

)

dx +

(

)

(

dy −

)

dx0 −

(

)

dy0 −

df

(6)

Where
A = f (x − x0) + (y − y0)
B = f + (x − x0) + (y − y0)

(7)

The error transfer function is:
(

)

(

)

(

)

(

)

δ =
δ +
δ +
δ +
δ +
δ
(8)
As can be seen form the above error transfer function, the farther away from the image center the
greater the error. Assume X, Y are the image points at the edges, thus X=13.568mm
(1696x0.008mm), Y=13.68mm (1710x0.008mm). If (X0,Y0) is the center of the image,
Accordingly, X0=6.784mm,Y0=6.84mm. Focal length f=12mm.
Assume human interpretation accuracy is 2 pixels, then:

 x   y   x 0   y 0  0.008  2  0.016(mm)
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(9)

The calibration accuracy of the focal length can generally reach 5 pixels below (the calibration
can reach 1 pixels under the laboratory), then:

 f  0.008 5  0.04(mm)

(10)

After calculation, get:

   0.1262

(11)
Camera distance from the deployed parachute was about 15m, so the error on the XY plane was:
 xy  15 *    3.3(cm)
(12)
Considering the actual situation and the required accuracy, it can be concluded that the method is
effective and feasible, and the accuracy can meet the measurement demand of the flight test.
FLIGHT TEST RESULTS
In the flight test of the performance of a new-type of parachute, it is required to measure the
maximum swing angle of the umbrella in the horizontal and vertical direction during the
deployment, and to assess whether it satisfies the design indexes. According to the principle
adopted in this paper, the variations of the horizontal and vertical angle of the parachute were
obtained, and the error was corrected. As shown in Fig. 10, the curves of the motion data for the
left and right umbrellas are given respectively. Through the comparison and analysis, it can be
seen that the motion characteristics of the parachute meet the limit 5° of vertical swing, 3° of
horizontal swing. The measure data indicates that the performance meets the design indexes.
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Figure 10 The Swing Angle Of The Parachute.
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CONCLUSIONS
In this paper, a single high-speed camera is installed on the aircraft to capture the motion images
of the parachute during the landing of the aircraft. The deep learning neural network is trained to
identify the feature marks on the parachute. With the acquired pixel coordinates, the monocular
vision photogrammetry is performed to obtain the swing angle of the parachute in both
horizontal and vertical directions. In this application of monocular vision photogrammetry, the
motion parameter measurement of the non-rigid target is completed successfully, and the
measurement result meets the flight test requirements. It can also be extended to other flight test
vision measurement projects.
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ABSTRACT
The implementation of more advanced modulation formats such as Amplitude Phase Shift
Keying (APSK), which can be spectrally more efficient and potentially less susceptible to
adjacent channel interference than current aeronautical telemetry modulation schemes, could
serve to mitigate telemetry frequency spectrum reductions and reallocations. This paper will
detail initial laboratory transmitter measurements and observations of 16-APSK modulation
performance in comparison to SOQPSK-TG.
KEYWORDS
Power Amplifier, 16-APSK, Spectral Regrowth, Laboratory Measurements
INTRODUCTION
The increase in Aeronautical Mobile Telemetry (AMT) test data transmission needs and the
consequences of Advanced Wireless Service (AWS) auctions and directives to share spectrum
resources with commercial wireless services have placed an emphasis on the exploration of more
advanced modulation schemes to support test range mission requirements. The APSK
modulation format is a good candidate for AMT as it offers high spectral efficiency and
comparatively low susceptibility to RF power amplifier (PA) non-linear behavior.
TEST TRANSMITTERS AND SIGNALS
Two specially modified dual C-Band 10 watt transmitters were acquired for preliminary testing,
with plans for additional modifications to the transmitters after evaluation with the goal of
creating APSK-compatible prototypes. The telemetry transmitters were configured with external
coaxial cable connections between the modulator stage and the PA input, providing the ability to
inject external RF signals directly into the PA. To support comparative measurements, 5 Mbps
16-APSK and SOQPSK-TG waveforms with pseudo-noise (PN) sequence payloads were
constructed; 1024-bit data length PN9 sequences were used without error correction coding. The
16-APSK constellation mapping was configured to conform to the Digital Video Broadcasting
second generation (DVB-S2) standard with a 2/3 coding rate constellation radius ratio () of
3.15. The test waveforms were uploaded to a pair of vector signal generators (VSG) to create
suitable C-Band RF signals.

[DISTRIBUTION STATEMENT A. Approved for public release; Distribution is unlimited
412TW-PA-18440]
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Characterization of the transmitter PAs indicated small signal gains (-20 dBm input level)
ranging from 40 dB to 45 dB, depending upon the particular PA and test frequency; fully
saturated (0 dBm input) gain levels ranging from 39 dB to 42 dB were observed. It was assumed
that the transmitters were programmed with frequency dependent power amplifier bias levels.
While it would have been preferable to utilize calibration values, any programmed amplifier bias
level adjustments were rendered ineffective since it was necessary to tune the transmitter
synthesizer as far away as possible from the VSG test signal frequency, in addition to setting the
transmitter driver stage output level to zero. This was done to avoid amplifying the internally
generated carrier signal along with the injected VSG test signal, as the combination of densely
packed internal transmitter circuitry and 40 dB of PA gain easily resulted in a substantial
“spurious” response at the transmitter synthesizer frequency.
16-APSK & SOQPSK-TG ADJACENT CHANNEL PERFORMANCE
Initial investigation of the spectral characteristics of 16-APSK signals focused upon adjacent
channel performance. Figure 1 illustrates the baseline adjacent channel interference (AGI) test
configuration.

Figure 1. Adjacent Channel Interference Test Configuration

Bit error rate (BER) tests were used to characterize 16-APSK adjacent channel performance; one
test scenario involved a 20 dBm (100 mW) 16-APSK desired signal with an interfering 40 dBm
(10 W) SOQPSK-TG signal, resulting in a carrier-to-interference ratio (C/I) of -20 dB. The
interfering SOQPSK-TG signal was initially placed at a 6 MHz center frequency separation from
the desired 16-APSK signal. The 6 MHz offset was selected to reflect the minimum frequency
separation between two 5 Mbps SOQPSK-TG signals using Inter-Range Instrumentation Group
(IRIG) Standard 106-17 [1] calculation methods and coefficients. A vector signal analyzer
(VSA) capture size of 5 Mbits was used for BER tests to provide a reasonable statistical
confidence level. At a 6 MHz frequency separation, no errors were observed in either channel.
The plot in Figure 2 illustrates the 6 MHz adjacent channel test spectrum, and the substantial
difference in occupied bandwidths between the two 5 Mbps signals.
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Figure 2. 20 dBm 16-APSK and 40 dBm SOQPSK-TG with 6 MHz Frequency Separation

The measured 16-APSK 1.6 MHz 99% power bandwidth (B99%) results in a spectral efficiency
of 3.125 bits/s/Hz, while the 3.9 MHz SOQPSK-TG B99% measurement reflects an efficiency of
1.282 bits/s/Hz.
5 Mbps 16-APSK
5 Mbps SOQPSK-TG

B99% (MHz)
1.2
3.9

Spectral Efficiency (bits/s/Hz)
3.125
1.282

Table 1. B99% Measurements and Spectral Efficiency Performance

The SOQPSK-TG 3.9 MHz B99% measurement correlates with calculating the necessary
bandwidth using the 106-17 Table A-2 SOQPSK-TG coefficient of 0.78 multiplied by the 5
Mbps bit rate.
Moving the 40dBm SOQPSK-TG signal center frequency to a 4 MHz offset from the desired
20dBm 16-APSK channel resulted in synchronization issues and a bit error rate of 1.04 x 10-3 in
the interfering SOQPSK-TG channel, shown in Figure 3, while the 16-APSK signal remained
error-free, as indicated in Figure 4, albeit with an increase in Error Vector Magnitude (EVM).

Figure 3. 5 Mbps 40 dBm SOQPSK-TG with 4 MHz Frequency Separation
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The interfering signal center frequency was incrementally moved closer to the 16-APSK signal
in 100 kHz steps to determine the channel spacing that would induce bit errors in the desired
channel. The desired signal remained error-free with a 3.9 MHz channel separation, but at a 3.8
MHz offset, the 16-APSK channel exhibited a BER of 9.0 × 10-6. Bit error rate performance of
the 16-APSK signal verses the corresponding center frequency separation from the interfering
SOQPSK-TG signal can be found in Figure 5.

Figure 4. 5 Mbps 20 dBm 16-APSK with 4 MHz Frequency Separation

Figure 5. 20 dBm 16-APSK BER vs. Interfering 40 dBm SOQPSK-TG Frequency Separation

In the case of a 5 Mbps 15 dBm SOQPSK-TG desired signal and a 5 Mbps 16-APSK interferer
placed at a 6 MHz carrier separation, a C/I of -20 dB resulted in severe SOQPSK-TG
synchronization issues and a BER of 1.1 × 10-2. A desired signal channel power of 15 dBm was
selected due to the 16-APSK amplification limitations of the transmitter PAs. At a center
frequency of 4781 MHz, a maximum 16-APSK interfering signal channel power of 37 dBm
(B99% = 1.6 MHz) was achievable. At that signal level spectral regrowth became quite
pronounced, prompting a 2 dBm back-off to 35 dBm. The spectrum plot in Figure 6 illustrates
the 4775 MHz SOQPSK-TG desired channel with the interfering signal placed at a 7 MHz center
frequency separation. The 35 dBm 16-APSK interferer still needed to be over 11 MHz away for
4

error-free desired channel performance; Figure 7 illustrates the BER performance of the desired
SOQPSK-TG signal verses the center frequency separation from the 16-APSK interferer.

Figure 6. 15 dBm SOQPSK-TG and 35 dBm 16-APSK with 7 MHz Frequency Separation

Figure 7. 15 dBm SOQPSK-TG BER vs. Interfering 35 dBm 16-APSK Frequency Separation

A third adjacent channel test consisted of two 5 Mbps 16-APSK signals with a carrier-tointerference ratio (C/I) of -20 dB; the desired 17 dBm channel was centered at 4775 MHz and the
37 dBm interfering signal was initially centered 3 MHz away at 4778 MHz, as illustrated in
Figure 8. A 37 dBm B99% 16-APSK signal exhibiting a high level of distortion was used for the
interfering signal in an effort to quantify the susceptibility of a desired 16-APSK signal to
spectral regrowth interference. At a 3 MHz separation both 16-APSK channels remained errorfree; moving the interfering signal 100 kHz closer for a 2.9 MHz carrier separation resulted in a
desired channel BER of 9.0 × 10-6. A comparison of the BER performance of two adjacent 16APSK channels with the two preceding adjacent channel tests is presented in Figure 9.
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Figure 8. 17 dBm 16-APSK and 37 dBm 16-APSK with 3 MHz Frequency Separation

Figure 9. Adjacent Channel Interference BER Performance Comparison

SOQPSK-TG SPECTRAL MASK
In an effort to illustrate the observed 16-APSK spectral regrowth and provide a direct
comparison to a SOQPSK-TG signal, the FSW VSA shown in Figure 1 was programmed with a
5 Mbps SOQPSK-TG spectral mask created using the IRIG Standard 106-17 Chapter 2 A-9
equation:
𝑀(𝑓) = 𝐾 + 90𝑙𝑜𝑔𝑅 − 100 log|𝑓 − 𝑓𝑐 |
Where: 𝑀(𝑓) = 𝑅𝐹 𝑃𝑜𝑤𝑒𝑟 (𝑑𝐵𝑐) 𝑎𝑡 𝑓𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦 𝑓 (𝑀𝐻𝑧)
𝑓 = 𝐿𝑖𝑚𝑖𝑡 𝑓𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦
𝐾 = −61
𝑓𝑐 = 4775 𝑀𝐻𝑧
𝑅 = 5 𝑀𝑏𝑝𝑠
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A compliant 40 dBm 5 Mbps SOQPSK-TG signal centered at 4775 MHz is shown in Figure 10,
while Figure 11 contains a spectral plot of the output from same PA final stage with a 16-APSK
signal input.

Figure 10. 40 dBm SOQPSK-TG 5 Mbps Signal with 5 Mbps SOQPSK-TG Mask

The indicated 40 dBm output of the 16-APSK signal is not the B99% level, as the RF power
measurement was in a 3.9 MHz SOQPSK-TG bandwidth; the 16-APSK B99% power level was
3 dB less. Although Figure 11 indicates that the 16-APSK signal met spectral limits, the
highlighted points on the mask show where the signal was at the limit; during subsequent sweeps
16-APSK spectral regrowth would often slightly exceed mask limits.

Figure 11. 40 dBm (37 dBm B99%) 16-APSK 5 Mbps Signal with 5 Mbps SOQPSK-TG Mask

Reducing the PA input drive level for a 35 dBm RF output in a 3.9 MHz BW (33.5 dBm B99%,
1.5 dBm less than the B99% level used for the preceding SOQPSK-TG vs. 16-APSK adjacent
channel test) resulted in a substantially lower level of spectral regrowth, as seen in Figure 12.
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Figure 12. 35 dBm (33.5 dBm B99%) 16-APSK 5 Mbps Signal with 5 Mbps SOQPSK-TG Mask

CONCLUSION
As expected, the 16-APSK test signal was influenced by transmitter PA nonlinearities, resulting
in spectral regrowth that significantly encroached upon upper and lower adjacent channels;
however, there was little effect on the signal payload as only minor constellation rotation and
distortion attributable to PA nonlinear behavior was observed. The 16-APSK signal exhibited
well over twice the spectral efficiency of SOQPSK-TG with substantially less susceptibility to
adjacent channel interference. The test transmitter power amplifiers provided a 10 watt (40
dBm) RF output using an SOQPSK-TG input signal, but with a 16-APSK input signal,
significantly lower B99% power was achievable from these particular power amplifiers at a
number of C-Band frequencies due to amplifier gain characteristics and energy lost in spectral
regrowth “shoulders” due to linearity issues, illustrated in preceding spectrum plots.
Maintaining PA hardware design compatibility with current telemetry modulation formats, such
as SOQPSK-TG, while minimizing spectral regrowth issues, will likely require a combination of
mitigating efforts before 16-APSK can be added to the menu of telemetry modulation formats
supported by mobile aeronautical transmitters. Implementation of techniques such as digital
predistortion (DPD) and envelope tracking (ET) could serve to substantially reduce spectral
regrowth, but would come at the expense of additional circuitry and increased transmitter
complexity. Combining PA power back-off with enhanced coding formats as described in [2]
and [3] appears to be the most viable near term methodology to take advantage of the obvious
spectral efficiency benefits and robust BER performance of 16-APSK modulation in increasingly
crowded channel environments.
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ABSTRACT
In generalized spatial modulation (GSM), information is conveyed both by the indices of multiple
activated antennas and the modulation symbols they transmit. GSM includes generalized space shift
keying (GSSK) and spatial modulation (SM) as special cases. In a multiple-input multiple-output
(MIMO) system with correlated antennas, a large number of possible GSM symbol sets exists, and
the use of a particular set affects the error performance. This problem has been addressed recently
for visible light communication systems using an iterative combinatorial symbol search algorithm.
This paper investigates the adaptation of the this iterative algorithm for GSM symbol design in
MIMO radio frequency systems. Several approaches to calculating the inter-symbol distances are
introduced. The performance of the designed GSM, GSSK, and SM symbol sets is compared. The
effects of the Rician fading channel parameters and the spectral efficiency are investigated.
INTRODUCTION
Multiple input multiple output (MIMO) systems offer several benefits that include multiplexing and
diversity. The use of MIMO techniques, however, also gives rise to new challenges. MIMO systems
suffer from antenna correlations, more complex transmitter and receiver processing, more transmit
radio frequency (RF) chains, and increased hardware complexity. One modulation class that can
reduce the number of required transmit chains is the spatial modulation technique, where data is simultaneously conveyed by active antenna positions and their transmitted signals. Examples of this
class include the generalized spatial modulation (GSM) [1], generalized space-shift keying (GSSK)
[2], and spatial modulation (SM) [3].
In GSM, each channel use for data transmission activates only Na antennas out of a total of Nt
available transmit antennas. Each active antenna transmits a symbol from an M -ary quadrature
amplitude modulation (QAM) alphabet. Note that SM is a special case of GSM where Na = 1,
1


Nt
while GSSK is a special case where M = 1. In GSM systems, a total of C = M Na N
symbols
a
are available. In practice, however, the number of symbols used for communication has to be a
0
r
power
 of two so that the spectral efficiency r is a positive real integer. Defining C = 2 , there are
C
symbol sets to choose from. As an example, with Nt = 16, Na = 3, M = 16 and r = 3 bits
C0
per channel use (bpcu), there are C = 3.6 × 104 symbols, and 6.7 × 1031 symbol sets to choose
from. Brute force symbol set selection of this scale is unfeasible. Hence, it is necessary to use low
complexity symbol set selection methods.
In [4], a symbol search tree (SST) is developed to efficiently solve the symbol set selection problem
for a visible light communication (VLC) GSSK system. The SST finds the globally optimal symbol
set, but has high implementation complexity for large Nt and Na . In [5], the SST is extended to
RF GSSK systems with correlated antennas. These two papers demonstrate that error performance
gains of many dBs is achievable over random symbol set selection for both RF and VLC GSSK
systems. In [6], a symbol set generation tree (SSGT) is developed for GSM symbol set selection
for VLC systems. Despite significant complexity reduction, the SSGT remains unfeasible for even
moderate values of Nt , Na , M , and r. To reduce complexity, an iterative combinatorial generalized
spatial modulation (ICGSM) algorithm is developed in [7] to efficiently solve the GSM symbol set
selection problem for both camera and photodiode receiver based VLC GSM systems. While the
selected set in ICGSM is not guaranteed to be absolutely optimal, the ICGSM algorithm is shown
to provide large gains over existing VLC GSM symbol design algorithms in error performance, and
matches the error performance of the globally optimal symbol set for simple scenarios [7].
The contributions of this paper are as follows. First, we explore and adapt the ICGSM algorithm
presented in [7] for VLC systems to RF in correlated Rician fading MIMO channels. Second,
several approaches to calculating inter-symbol distances are developed. These include the Rician
channel-based design (RCD) method which considers both the line-of-sight (LOS) and scattered
channel components in symbol design and is shown to provide gains of up to 7 dB over random
symbol set selections. Third, we study the effect of various Rician K-factor and spectral efficiencies on the error performance. Finally, our examples compare the error performance of GSM, SM,
and GSSK in the Rician fading channel.
Notations: We use bold lower case letters for column vectors, and bold upper case letters for matrices. For a set of vectors, bi denotes the i-th vector, and bi,m is the m-th element of vector bi .
For a matrix A, Am,n denotes the (m, n)-th element and A1/2 denotes its square root. For a set
Ω, Ω(i) denotes its i-th element and |Ω| denotes its cardinality. The notations [·]T , [·]H , || · ||l , b·c
and E[·] denote transpose,the Hermitian operator, the l-norm, the floor function, and expectation
respectively. We denote nk as n!/(n − k)!k! and CN (m, σ 2 ) as the complex Gaussian distribution
with mean m and variance σ 2 .

SYSTEM MODEL
We consider a MIMO system with a uniform linear array (ULA) of Nt transmit antennas and a
receive ULA of Nr antennas. The distances between adjacent antennas in the transmitter and receiver arrays are dt and dr respectively. Let θt and θr denote the angles of the transmitter and the
receiver arrays with respect to the LOS path as shown in Fig. 1. For simplicity, we assume that the
transmitter and receiver ULAs are oriented parallel to each other such that θt = θr = θ.
2

Figure 1: A MIMO system with Nt transmit antennas and Nr receive antennas.

In GSM, only Na out of the Nt transmit antennas are activated in each channel use. These Na antennas are referred to as the active antennas. Each active antenna transmits a symbol from an M -ary
QAM alphabet B. We denote U as the set of all GSM symbols, and ui = [ui,1 , ui,2 , . . . , ui,Nt ]T ∈ U
as the i-th GSM symbol, where ui,j ∈ B for active antennas and ui,j = 0 otherwise. The received
signal vector y of size Nr can then be modeled as
y = γHu + n,

(1)

where Hpis the channel matrix, n ∼ CN (0, σ 2 ) is the i.i.d. complex Gaussian noise vector, and
γ = 1/ E[uH
i ui ] is a transmit power normalization constant where E[·] denotes averaging over
the selected symbol set Ω. For Rician channels, the channel matrix can be expressed as [8], [9],
r
r
K
1
H=
G+
R1/2 WT1/2 ,
(2)
1+K
1+K
where K is the Rician K-factor, G is the LOS channel component, W is the scattered channel
component with elements Wi,j ∼ CN (0, 1), and R and T are the receive and transmit antenna
correlation matrices respectively. It is known that the LOS channel component can be calculated as
G = sR sH
T,

(3)

where sR = [1, . . . , exp(−(j2πdr /λ)(Nr − 1) cos θr )]T and sT = [1, . . . , exp(−(j2πdt /λ)(Nt −
1) cos θt )]T are the receiver and transmitter steering vectors respectively. The elements of R and T
express the correlation between receive and transmit antenna pairs, calculated for antennas i and j
as
|i−j|

Ri,j = αr|i−j| and Ti,j = αt

,

(4)

where αr and αt represent the correlation between neighboring antennas in the receive and transmit
ULAs respectively. The signal-to-noise ratio (SNR) is defined as SNR = γ 2 Na Es /σ 2 where Es is
3

the average symbol energy of the QAM alphabet.
We assume perfect knowledge of the channel matrix H in receiver detection, and the receiver employs the maximum likelihood (ML) detector as
û = argmax k y − Hu k22 ,

(5)

u

where û is the detected GSM symbol.
SYMBOL SET DESIGN

Nt
, making it highly complex to choose
The cardinality of the set of GSM symbols is |U| = M Na N
a
r
r
a set of 2 symbols when 2 << C. The ICGSM algorithm developed in [7] addresses this problem
for VLC systems. The ICGSM algorithm improves the error performance of a set of symbols by
maximizing the minimum Euclidean distance between symbols in the set. We introduce the intersymbol distance matrices D and D0 , whose elements Di,j =k H(ui − uj ) k2 , ui , uj ∈ Ω, and
0
Di,j
=k H(ui − uj ) k2 , ui , uj ∈ Ω0 , are respectively the inter-symbol distances. The algorithm can
be summarized into four main steps as depicted in Fig. 2.

Figure 2: A depiction of the ICGSM algorithm.

1. Step 1 - Initialization:
A random set Ω of C 0 = 2r symbols is chosen and its complement set Λ containing all GSM
symbols that are not in Ω is created. The inter-symbol distance is calculated for each pair of
symbols ui , uj ∈ Ω as Di,j =k H(ui − uj ) k2 .
2. Step 2 - Symbol Inclusion:
The first symbol in Λ is added to the set Ω to create Ω0 and is removed from Λ. The intersymbol distances Di,j are updated to reflect the inclusion of the new symbol.
3. Step 3 - Symbol Removal Preparation:
0
Let Dmin and Dmin
be the minimum inter-symbol distances in symbol sets Ω and Ω0 respectively. Define a new set Γ, and add all symbol pairs in Ω0 that have the inter-symbol distance
0
of Dmin
to Γ.
4. Step 4 - Symbol Removal Execution:
For k = 1, 2, . . . , |Γ|, create the set Ω(k) that consists of all symbols in Ω0 except Γ(k) and
(k)
determine its minimum inter-symbol distance Dmin . Update Ω as the set that offers the max(k)
imum Dmin , and add the removed symbol to the end of Λ. If a tie occurs, then handle the tie
as described in [7].
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Steps 2-4 are repeated until C − 2r iterations are completed without Dmin changing. Note that any
symbol that is included that would reduce Dmin can also be removed in the same iteration. As a
result, Dmin cannot decrease with iteration in the ICGSM algorithm. In order to solve the GSM
symbol design problem for RF GSM systems, we now discuss the steps necessary to adapt the
ICGSM algorithm for use in Rician fading RF systems.
In VLC systems, the channel matrix H is deterministic and can be exactly known during symbol
design. In contrast, practical RF channels have both LOS and scattered channel components. Designing symbols based on instantaneous channel values is computationally too intense. Therefore,
a straightforward symbol design method would be to perform the GSM symbol design considering only the LOS component. However, this design method can be problematic for low Rician
K-factors where the scattered channel component is dominant. Thus, we propose to optimize the
average minimum inter-symbol distance so that the LOS and scattered channel components are
considered proportionally in the ICGSM algorithm. The average squared inter-symbol distance is
calculated as
2
E[Di,j
] = E[(ui − uj )H HH H(ui − uj )]
1
K
k G(ui − uj ) k22 +
(ui − uj )H (T1/2 )H E[WH RW]T1/2 (ui − uj )
=
1+K
1+K
Nr
K
k G(ui − uj ) k22 +
(ui − uj )H T(ui − uj ).
(6)
=
1+K
1+K
2
2
] in the ICGSM algorithm. Note that an efficient calculation
can be replaced with E[Di,j
Thus, Di,j
2
2
] as
of E[Di,j ] can be achieved by precalculating certain terms. We expand E[Di,j
2
E[Di,j
]



K
H H
H H
H H
=
u G Gui + uj G Guj − 2Re{ui G Guj }
1+K i


Nr
H
H
H
u Tui + uj Tuj − 2Re{ui Tuj } ,
+
1+K i

(7)

H
H
H H
where Re{·} denotes the real part of a complex number. The terms uH
i G Gui , ui G G, ui Tui ,
H
and ui T can be calculated and stored prior to the beginning of the ICGSM algorithm and then
2
subsequently used for efficient calculation of E[Di,j
]. In addition to handling the scattered channel
component, θ may be unknown at the transmitter during symbol design. As such, we introduce the
averaged LOS matrix Ḡ by numerically averaging G over θ ∈ (θ0 − δ, θ0 + δ), where θ0 is the center
of the Ḡ averaging window and δ controls the averaging window size.
We now propose the following four methods of the ICGSM algorithm implementation for RF GSM
symbol design.

1. Method 1: Line-of-sight channel-based design (LCD)
In this approach, the inter-symbol distances are calculated as Di,j =k G(ui − uj ) k2 . This
approach to symbol design requires only the perfect knowledge of θ = θt = θr .
2. Method 2: Rician channel-based design (RCD)
2
Inter-symbol distances Di,j are replaced with E[Di,j
] in the ICGSM algorithm as calculated
in (6). Knowledge of the parameters θ = θt = θr , transmit correlation factor (αt ), and K are
required for the symbol design.
5

3. Method 3: Averaged line-of-sight channel-based design (ALCD)
Inter-symbol distances are calculated as Di,j =k Ḡ(ui − uj ) k2 . This symbol design method
requires only the specification of a range of possible θ values. Thus, ALCD requires the least
amount of prior knowledge about the channel.
4. Method 4: Averaged Rician channel-based design (ARCD)
2
2
, and the LOS matrix G is replaced with Ḡ in (6)
] in place of Di,j
This method uses E[Di,j
2
to calculate E[Di,j ]. ARCD symbol design requires specification of a range of possible θ
values, transmit correlation factor (αt ), and K.
RESULTS AND DISCUSSION
In this section, we present symbol error rate (SER) simulation results for various scenarios. For
simplicity, we fix dr = dt = λ/2, αr = αt = α, and α = 0.5 in all scenarios.
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Figure 3: SER performance results for θ = 100o , 120o , and 140o .

Figure 3 demonstrates the SER performance comparison between the LCD and ALCD symbol
designs. We make a distinction between the true θ and the value of θ (denoted as θ̂) used in the
symbol design. The LCD symbol design uses θ̂ = 100o , but the SER results are shown for θ =
100o , 120o , and 140o . The ALCD symbol set uses θ0 = 100o and δ = 45o , and its SER performance
is evaluated for θ = 100o , 120o , and 140o . We use Nt = 4, Nr = 4, Na = 2, M = 4, r = 4 bpcu,
and K = 10. The LCD symbol set offers the best performance at θ = θ̂ = 100o with a gain of 5
dB over the ALCD symbol set. This is because the LCD optimizes the selected symbol set for the
specific LOS channel matrix with θ = 100o . Conversely, the ALCD symbol set outperforms the
LCD symbol set for θ = 120o and θ = 140o by 3 and 5 dB respectively. This is to be expected as
the ALCD symbol set is optimized for the average LOS matrix over the range (55o , 145o ).
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Figure 4: SER results for GSM, SM, and GSSK when r = 3 bpcu. All designs use the RCD symbol

design method.
Fig. 4 compares the SER performance of GSM, SM, and GSSK. The RCD method is used in
symbol design. The figure uses Nt = 8, Nr = 8, Na = 2, r = 3 bpcu, K = 1, θ = 100o , except
for SM which uses Na = 1 while keeping the other parameters same as in GSM and GSSK. For
GSM and SM, results are shown for both M = 4 and M = 16. For a given M , GSM offers the best
performance followed by SM with GSSK offering the worst performance. Increasing M is shown
to improve performance for a given set of parameters. GSM with M = 16 outperforms GSM with
M = 4 by 3 dB, and SM with M = 16 outperforms SM with M = 4 by 2 dB.
Figure 5 demonstrates the SER performance of the four design methods. We use Nt = 4, Nr = 4,
Na = 2, M = 4, r = 4 bpcu, K = 10, and θ = 100o . The channel averaging uses θ0 = 100o and
δ = 45o . The RCD method offers the best performance followed by the LCD method. The RCD
and LCD methods offer a gain of 5 dB and 3 dB over the ARCD and ALCD methods respectively.
This is because the LCD and RCD methods are designed specifically for the LOS channel with
θ = 100o whereas ALCD and ARCD use the averaged LOS channel matrix in symbol design.
Because the LCD method ignores the scattered portion of the signal in symbol design, the RCD
method performs better, offering a gain of 1 dB.
The SER performance of the RCD method is compared to the average SER performance of random
symbol sets in Fig. 6 for K = 1 and 10. We use Nt = 8, Nr = 8, Na = 2, M = 4, r = 4 bpcu, and
θ = 100o . The average SER performance results of a random symbol set are obtained by averaging
the SER performance of a randomly generated symbol set over 20 random sets. The gain of the
RCD method over the average random symbol set performance is 4 dB and 7 dB for K = 1 and 10
respectively. This demonstrates that symbol design becomes increasingly important as K increases.
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Figure 6: SER performance of the RCD method for K = 1 and 10.

In Fig. 7, the SER performance of the RCD method is compared against the performance of the
average random symbol sets for r = 3 and 5 bpcu. We use Nt = 4, Nr = 4, Na = 2, M = 4,
K = 1, and θ = 100o . The average random symbol set SER performance is obtained using the
same method as in Fig. 6. Both the RCD and the average random symbol set SER performance
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Figure 7: SER performance of the RCD method for r = 3 and 5 bpcu.

are found to degrade with increasing r. As r increases, the gain of the RCD method over the
average random symbol set SER performance decreases significantly. The gains obtained by the
RCD method are 4 dB and 2 dB for r = 3 and 5 bpcu respectively. Typically, very little gain is
obtained from symbol set design when r = rmax where rmax = blog2 Cc bpcu is the maximum
obtainable spectral efficiency for a particular physical scenario. Note that the maximum spectral
efficiency in this scenario is rmax = 6 bpcu. Though not shown here, performing a symbol set
design for r = rmax in this scenario offers a gain of around 0.5 dB over the average random symbol
set SER performance.
CONCLUSION
The ICGSM algorithm is adapted to RF GSM systems to design GSM symbols in correlated MIMO
Rician channels. Several design methods are proposed and their SER performance is compared.
The RCD method is shown to provide the best error performance by considering both the LOS and
the scattered channel components in symbol design. We study the effect of the spectral efficiency
r on SER performance and find that the RCD method can offer large gains for low values of r. The
effect of the Rician K-factor on SER performance is also investigated, and it is found that the gain
obtained by designing a symbol set increases significantly with increasing Rician K-factor. Numerical results are presented demonstrating that our symbol design algorithm can provide gains of
up to 7 dBs over the average random symbol set SER performance. Finally, the SER performance
of GSM, SM, and GSSK is compared for the same spectral efficiency. It is found that GSM offers
the best SER performance, and increasing M significantly improves SER performance at the cost
of increased symbol design complexity.
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ABSTRACT
Amplitude Phase Shift Keying (APSK) is an attractive alternative to continuous phase non-linear
modulations in telemetry systems with its low Peak-to-Average Power Ratio (PAPR). Since the
PAPR is not exactly unity, we use APSK paired with Low-Density Parity Check (LDPC) codes
to compensate for loss in power efficiency due to the power amplifier operating with backoff. In
this paper we consider the adjacent channel spacing of a system with multiple configurations using
LDPC coded APSK and SOQPSK-TG. We consider different combinations of 16 and 32-APSK
and SOQPSK-TG and find the minimum spacing in frequency between the respective waveforms
that does not distort system performance.

INTRODUCTION
Coded Amplitude Phase Shift Keying (APSK) has been considered as an alternative to constant
amplitude CPM based telemetry systems [1]-[2]. It is known that coded-APSK systems provide
superior spectral efficiency over CPM systems. Since APSK does not have a peak-to-average ratio
(PAPR) of exactly unity, these systems need to be operated with a non-linear power amplifier with
output power backoff. The backoff capacity for low-density parity check (LDPC) codes has been
shown to be up to 9.38dB [2].
Adjacent channel interference has been studied for different modulations in aeronautical telemetry.
Work has been done in measuring the adjacent channel interference of continuous phase frequency
shift keying (CPFSK), Feher’s patented quadrature phase shift keying (FQPSK-B), and multi-h
continuous phase modulation(CPM) [3]- [4]. Bandwidth and power efficiency of SOQPSK has
also been documented in [5]. The recommended frequency spacings for CPFSK, multi-h CPM,
SOQPSK, and FQPSK are shown in [6].
DISTRIBUTION STATEMENT A. Approved for public release; Distribution is unlimited 412TW-PA-18458
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In this work we charactorize the ideal adjacent channel spacings for LDPC-coded APSK and
SOQPSK-TG in a multi-channel system. An overview of the system model can be seen in Figure 1.
The modulators can be LDPC-coded APSK or SOQPSK-TG modulators while the demodulator is
the corresponding modulator for the desired signal. The frequency spacings are defined by the frequencies f1 , f2 , and fc . We define the ideal spacings as the minimum spacings in frequency such
that the BER performance of the desired signal is not affected. We shall first provide a brief introduction to LDPC-coded APSK and SOQPSK-TG before presenting our results and conclusions.

Figure 1: Multi channel telemetry system

LDPC-CODED APSK
APSK is a linear modulation consisting of constellation points arranged in concentric circles. This
enables APSK to have a lower PAPR than other linear modulations, which reduces non-linear
distortions when used with a power amplifier in full saturation. The constellation can consist of
16 (16-APSK) or 32 (32-APSK) constellation points. 16-APSK provides a lower PAPR while 32APSK provides higher spectral efficiency. The constellations we use in this paper are described in
the DVB-S2 standard for digital broadcast television. The modulator divides the bitstream to be
transmitted into blocks of 4 or 5 bits. The constellation point is chosen from a lookup table and
2

convolved with a transmit pulse. The pulse we use is the bandwidth efficient Wilson-Lo pulse. The
resulting signal is then unconverted to a passband frequency and sent over the channel.
However, since the PAPR is not exactly 0 dB, the transmitter will have to drive the power amplifier
with backoff. To compensate for the loss in power efficiency due to backoff we incorporate forward
error correction (FEC) codes. The FEC codes we use are the AR4JA LDPC codes developed at
JPL. These codes are linear and quasicyclic, which helps reduce encoder complexity. The decoder
can use an optimal or a reduced complexity sub-optimal algorithm with a variable number of
iterations. In this work we use the reduced complexity algorithm with 50 iterations. The loss in
power efficiency due to the reduced complexity algorithm and capacity for backoff for code rates
of 1/2, 2/3, 3/4, and 4/5 can be seen in [2].
SOQPSK-TG
Shaped offset quadrature shift keying is a non-linear continuous phase modulation standardized as
ARTM-tier I modulation in the IRIG-106 standard [7]. SOQPSK is a constant envelope modulation with PAPR of unity. This makes it ideal for aeronautical telemetry applications with non-linear
power amplifiers. However, it has been shown that coded-APSK can achieve the same BER performance as SOQPSK with improved spectral efficiency [1]. We use SOQPSK to compare it’s BER
performance to LDPC coded APSK and analyze coded APSK’s frequency occupancy in a shared
environment.
SOQPSK is a non-linear continuous phase modulation (CPM). This means that the instantaneous
phase of the signal is a function of the current and all previous ‘symbols’. The symbols in SOQPSK
are ternary impulses which are generated from the input bitstream by a ternary precoder [8]. The
precoded ternary symbols are then convolved with a frequency pulse and the resulting waveform
is integrated to generate the SOQPSK signal phase.
Since the instantaneous SOQPSK signal is a function of all previous symbols, the optimal demodulating approach would be to use a trellis detector with the Viterbi algorithm [9]. In this work we
use a sub-optimal linear detector [10]. The loss in performance using the linear detector is shown
to be up to 0.5 dB when compared to the Viterbi detector.

RESULTS
For our results we convolve the APSK symbols with a pulse shape that is a square-root-nyquist and
has been optimized to reduce out of band power [11]. We use a rolloff factor of 0.5 and truncate
the pulse to 16 symbol times. The frequency spectrum of LDPC coded 16 and 32-APSK depends
entirely on this pulse shape when measured with respect to normalized frequency. The modulation
and coderates affect only the average constellation energy, but not the spectral occupancy as seen
in Figure 2.
We define the ideal adjacent channel spacings as the separation in frequency between the signals
3

Figure 2: Power spectral density estimate of coded APSK

before the desired signal degrades in BER performance. In Figures 3-4 we can see the BER results
for coded-APSK with SOQPSK-TG and coded-APSK, as well as SOQPSK-TG when interfered
with coded-APSK. The ideal adjacent channel spacings for SOQPSK-TG with SOQPSK-TG have
been presented in [6]. It is seen that for a fixed ratio of Eb /N0 , the ideal frequency separations
depend not on the desired signal, but on the interfering signal in the adjacent channel. It does not
vary with the APSK constellation or coderate of the LDPC code used. We can see when codedAPSK is the interfering signal, the ideal channel spacing is 1.125 Hz/Rs . When SOQPSK-TG is
the interfering signal with coded-APSK this spacing is seen to be 1.37 Hz/Rs . The power spectra
of a multi-channel system with coded-APSK and SOQPSK-TG with the ideal channel spacings
can be seen in Figures 5-7.
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Figure 3: BER of APSK with interfering signals

Figure 4: BER of SOQPSK-TG with interfering signals
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Figure 5: Coded APSK with APSK interferers

Figure 6: Coded APSK with SOQPSK interferers
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Figure 7: SOQPSK with APSK Interferers

These spacings however, do not appear to be an improvement over the ideal channel spacing for
SOQPSK-TG with SOQPSK-TG which is shown to be 1.1 Hz/Rs [6]. These spacings in normalized frequency are independent of the coderate and constellation used, however the actual spacing
in frequency for a given bitrate will depend on these parameters. For LDPC coded APSK, the
symbol rate is a function of the bitrate as well as constellation size and code rate and is defined as
Rs =

RLDP C

Rb
× log2 (M )

(1)

where Rs is the symbol rate, Rb is the bitrate, RLDP C is the LDPC coderate, and M is the number
of points in the constellation. For uncoded SOQPSK-TG, it is known that Rs = Rb [7]. We can
see intuitively that a lower coderate and smaller constellation will result in a larger symbol rate,
and the opposite for a higher symbol rate and larger constellation. However, the lower coderates
and smaller constellations have the advantage of a larger backoff capacity as seen in [2]. We can
look at this tradeoff closely with a few examples for a bitrate of 10 Mbps.

Examples
16-APSK with rate 1/2 LDPC code
Symbol rate Rs =

10 [Mbps]
= 5 MSps.
0.5 × log2 (16) [bits/symbol]

Ideal spacings are:
1.125 [Hz/symbols/sec] × 5 [MSps] = 5.625 MHz for adjacent channel with coded-APSK
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1.37 [Hz/symbols/sec] × 5 [MSps] = 6.85 MHz for adjacent channel with SOQPSK-TG.
32-APSK with rate 3/4 LDPC code

Symbol rate Rs =

10 [Mbps]
= 2.667 MSps.
0.75 × log2 (32) [bits/symbol]

Ideal spacings are:
1.125 [Hz/symbols/sec] × 2.667 [MSps] = 3.00 MHz for adjacent channel with coded-APSK
1.37 [Hz/symbols/sec] × 2.667 [MSps] = 3.65 MHz for adjacent channel with SOQPSK-TG.
SOQPSK-TG

Symbol rate Rs =

10 [Mbps]
= 10 MSps.
1 [bits/symbol]

Ideal spacings are:
1.125 [Hz/symbols/sec] × 10 [MSps] = 11.25 MHz for adjacent channel with coded-APSK
1.1 [Hz/symbols/sec] × 10 [MSps] = 11 MHz for adjacent channel with SOQPSK-TG.
It can be seen that LDPC coded APSK provides a much higher adjacent channel efficiency than a
SOQPSK-TG. From our example we can see that the most bandwidth inefficient combination, i.e.
16-APSK with a rate 1/2 LDPC code is still nearly twice as efficient as SOQPSK-TG. On top of
this, the rate 1/2 LDPC coded 16-APSK also provides a backoff capacity of upto 9.38 dB as seen
in [2]. A more spectrally efficient combination of rate 3/4 coded 32-APSK is almost four times as
efficient as SOQPSK-TG with a backoff capacity of up to 4.69 dB. This represents another tradeoff in a LDPC-coded APSK system. A higher coderate will provide higher backoff capacity but
reduce adjacent channel efficiency. Likewise, a lower coderate will provide a lower backoff but
will increase adjacent channel efficiency.

CONCLUSIONS
LDPC-coded APSK provides a more spectrally efficient alternative to CPM based telemetry systems such as SOQPSK-TG. In this paper we have shown the ideal frequency spacings for the
coexistence of multiple waveforms in frequency. We can see, with examples, that LDPC-coded
APSK is at least twice as efficient in the adjacent channel and that there exists a tradeoff between
adjacent channel efficiency and backoff capacity. Future work includes characterizing the spectral
regrowth and non-linear distortions caused by driving the power amplifier at full saturation and
how these affect the ideal channel spacings.
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ABSTRACT†‡
DoD flight test ranges need to track telemetry spectrum usage to defend against future sell-offs,
as well as operate with high spectral efficiency. The Spectrum Usage Measurement System
(SUMS) characterizes spectrum usage and requirements at test ranges, and assesses operational
impacts and costs on Test and Evaluation. The system relies on mission planning and scheduling
data acquired from test range planning systems, as well as measurements obtained from telemetry
receivers and frequency scanning sensors. SUMS key capabilities include: (1) collecting over-theair evidence of actual assigned frequency usage; (2) combining this data with mission plans to
produce an accurate representation of telemetry spectrum usage through the space, time, and
frequency dimensions; (3) providing users with a data warehouse of spectrum usage, potentially
spanning multiple years, with test ranges across CONUS, and (4) providing data analytics and
visualization techniques that combine 3-D terrain-based heat maps with usage metrics charts.
I.

INTRODUCTION

Radio Frequency (RF) spectrum is a vital resource to DoD test and evaluation (T&E). DoD flight
test ranges are faced with the twin challenges of ever-increasing demand for test data throughput,
and continuing encroachment on the RF spectrum traditionally reserved for them. In such a
congested RF environment, the DoD test ranges need to be able to defend their use of the current
telemetry spectrum. The main impediment to achieving this capability is the lack of a technology
solution to characterize spectrum requirements and usage at test ranges and assess the operational
impacts and costs of spectrum unavailability on Test and Evaluation (T&E). To address this gap,
the Spectrum Usage Measurement System (SUMS) will:






†

collect accurate, evidence-based data of telemetry spectrum usage at test ranges;
create a knowledge base that combines mission plans and data collected by sensors overthe-air to produce an accurate representation of spectrum usage;
forecast future spectrum requirements;
determine the operational impacts and costs of spectrum unavailability in what-if scenarios;
improve spectral efficiency by gaining insights into both current and future operations.

[DISTRIBUTION STATEMENT A. Approved for public release; Distribution is unlimited 412TW-PA-18439].

‡
This project is funded by the National Spectrum Consortium (NSC) through Advanced Technology International (ATI) under
Contract NSC-17-7020, Spectrum Base Agreement No. 2017-318.

1

The above features of the SUMS system will allow test ranges to assess the impact of the continued
loss of DoD spectrum caused by the Advanced Wireless Services (AWS)-3 auction. The main
SUMS innovations are (1) over-the-air verification of spectrum usage and (2) extension of
spectrum-usage measurements and subsequent data analytics based on these measurements to the
spatial dimensions. In its final form, the SUMS data repository will enable querying for historical
spectrum usage across the time, space, and frequency dimensions, spanning test ranges across
CONUS. The queries will provide evidence of the spectrum usage with over-the-air RF sensing.
The rest of the paper is organized as follows. Section II describes the SUMS architecture. Sections
III and IV present more details on the key SUMS functional modules: Usage Measurements
Generator and Analytics Engine. Section IV describes future work and concludes the paper.
II. SUMS ARCHITECTURE
Figure 1 shows an overview of the SUMS architecture. On a regular basis, the SUMS downloads
mission-planning data from test range resource management and scheduling systems, e.g., the Test
Resource Management System (TRMS) and the Central Scheduling Enterprise (CSE). This data
primarily consists of:




mission identification,
flight areas and ground stations that the mission will use, and
frequency assignments, including start and end times, center frequency, and bandwidth.

Additionally, SUMS supports a user interface (not shown) for entering static reference data
associated with the range. This data includes test range telemetry spectrum allocation, and test
range flight areas and ground station locations. Thus, the SUMS database contains the complete
context for each mission, prior to the mission.

Figure 1: Conceptual LM system architecture

The SUMS Telemetry Receiver Interface interacts with telemetry receivers at the test range, in
order to download the telemetry frequencies being received and their start and end times. Similarly,
the SUMS interface to frequency scanning sensors deployed at the test range detects bands of
energy within the telemetry spectrum. These spectrum measurements enable the SUMS Usage
Measurements Generator (Section III) to perform a two-pronged over-the-air verification of
telemetry spectrum use. Frequency assignment use may also be verified by operations staff at the
test range, after the conclusion of the mission. This is done simply via the web-based GUI. The
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module also calculates the actual spectrum occupancy in space-time-frequency, as resulting from
verified frequency assignments, and stores the results in the SUMS Database.
The SUMS Analytics Engine (Section IV) is responsible for responding to all user queries into
SUMS. Query responses may be ad hoc, or they may be provided as special reports. Queries may
simply be for spectrum usage measurements, within specified space, time and frequency bounds.
Additionally, users may request views of usage metrics, as defined in RCC 707-14 [1], and
extended for the spatial dimensions. The Analytics Engine computes these metrics and reports
based on the bounds provided in the query parameters. The Analytics Engine also provides tools
for innovating new types of queries, based on the archived usage measurements data.
SUMS is designed to support a network of collaborating instances to present users with a merged
view of spectrum usage measurements. Typically, each test range has deployed a ‘Local Instance’
of SUMS. In particular, sensor-oriented subsystems will likely have only local range assignment
instances. Regional and national assignment instances will likely be limited to Analytics Engines
and usage measurement repositories. User populations for role-based access controls could be
specific to the instance assignment (e.g. “Edwards AFB” or “Southwest Region” or “DSO”).
The SUMS Regional Interface module supports collaboration between a present instance of SUMS
and instances at other test ranges. This module enables the set-up of data flows, where usage
measurements made by the present instance are integrated with the cloud-based SUMS
measurements repository. Multiple Local Instances periodically send their usage measurements to
a SUMS Regional Instance, where the measurements data is merged to provide an integrated
CONUS-wide view of spectrum usage. Users querying a SUMS instance will thus have access to
archived spectrum usage across all the test ranges where SUMS is deployed. The distributed
SUMS repository additionally supports the multi-site requirements for data redundancy.
III. USAGE MEASUREMENTS GENERATOR
The Usage Measurements Generator creates tentative spectrum Occupancy objects, based on (1)
Identified telemetry emitters, (2) Scheduled mission start and stop time, and (3) Spatial information
if available (e.g., Ground stations selected and Flight plans). Occupancy objects, along with their
mission context, are created in the database with a ‘pending’ usage-verification status. Use of
spatial information (e.g., flight/maneuver plan) is opportunistic depending on the availability of
this information in the mission data. In the absence of spatial information, a worst case analysis
identifies all the areas the aircraft may fly, and associates spectrum use over those areas, which is
likely the entire test range flight area.
A. Evidence-Backed Spectrum Usage Verification
Current practice uses only the information from the spectrum management and de-confliction
systems data (e.g., TRMS, CSE, Integrated Frequency De-Confliction System (IFDS)), which
produces an incomplete spectrum usage picture. The discrepancy between actual and planned
spectrum usage is caused by cancelled or delayed flights, excessive time buffering in assignment
requests by test engineers, the lack of demarcation of the space in which the spectrum is used, and
potential illegal use of spectrum by unscheduled transmitters. All these factors result in poor
spectral efficiency due to time and space windows over which the telemetry spectrum is reserved,
but not used in actuality. Analysis of such situations is currently difficult because there is no
physical evidence that the mission took place or that the frequencies were actually used. The
SUMS employs a two-pronged approach to over-the-air verification of telemetry spectrum use:
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Telemetry receiver interface: With this interface, the SUMS will keep itself informed of the
frequency currently being received by each telemetry receiver in a ground station, which can then
be correlated with the frequency assignments of the missions currently in play. When frequency
usage is observed, SUMS attempts to correlate those observations with what was scheduled, as
defined by frequency assignment data. If a match is found, the mission, and its spectrum usage are
said to have been “telemetry receiver verified.”
Frequency scanning sensors: The SUMS will also utilize frequency scans by sensors for
verification. The sensors are typically distributed on and around the test range. They are especially
useful for verifying telemetry spectrum usage on the flight line. As part of its functionality, SUMS
is capable of tasking those sensors over which it has ownership. Alternatively, where it does not
have ownership, it is capable of opportunistically tasking sensors that are not in use, or of utilizing
data from present scans, if relevant.
As with the telemetry receivers, the SUMS
correlates the detected RF energy with ongoing
missions. Following the start time of each
mission, SUMS attempts to find a correlation
with frequency assignments in the mission data.
If a match is found the assignment is tagged as
“sensor verified.” Figure 2 shows the missionverification status on the SUMS GUI, where a
user can view the percentage distribution of
status tags across multiple missions.
B. Spatial Extension of Usage Measurements

Figure 2: Mission verification status display

Thus far, industry practice has been to view telemetry spectrum usage in two dimensions: time and
frequency. It is assumed that each test range has the nationally allocated telemetry spectrum to
itself. Spatial separation between neighboring test ranges is sufficient to prevent interference.
However, increasingly this notion is being tested. As T&E needs expand, aircraft flights span
multiple ranges. The spectrum is used between ranges, and its occupancy needs to be characterized.
Secondly, when spectrum usage data was presented to regulators, in the form of a time-frequency
grid, it laid open the question of the profile of its spatial occupancy.
There is potentially much to be gained by leveraging spatial bins in a spatial defense context.
Capturing and using a posteriori knowledge of where the aircraft actually flew, how they were
oriented, when their radios were on, what frequency they used, at what power level, etc. can be
obtained and applied productively for both spectrum management and spectrum defense purposes.
For example, the ability to present graphically the rise and fall of effective radiated power (ERP)
levels across a set of spatial bins will make it readily apparent that it would be difficult to fit
additional test missions. It should also be possible to store a catalog of “typical” missions that
could be layered on top of the set of missions observed during a given day and calculate the number
of expected interference events, increased risk of mid-air collision (based on changes in relative
distance between aircraft), etc.
Given the above considerations, the SUMS takes the approach of characterizing usage
measurements in space, time, and frequency. Spatial occupancy is characterized by the notion of
a spectrum ‘Bin’ [2]. A Bin is a fixed quantum of airspace on the ground or above the earth. The
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dimensions of a Bin are typically: 1 minute of latitude x 1 minute of longitude x 2000 meters
elevation. The bottom south-west corner uniquely identifies Bin.
Figure 3 illustrates how space-time-frequency quanta are
used to represent spectrum occupancy in the SUMS
Bin
database. The Bin class represents a space quantum. An
-lat : double
-lng : double
instance of Occupancy provides the time and frequency
-elev : int
intervals and an “interference ceiling” (intfrCeiling). The
intfrCeiling attribute specifies the maximum power that
a notional emitter in the Bin is allowed to transmit
Figure 3: Representation of spectrum
without interfering with the spectrum occupancy. For
occupancy
Bins in the area of operations, this value is set to a
minimum (-200.0 dBm), indicating the spectrum is occupied. For Bins further away, spatial
separation allows the intfrCeiling to be higher, until a point is reached where the spectrum is
deemed to be unoccupied.
Occupancy

-startTime
-endTime
*
-minFreq
-maxFreq
-verStatus : string
-intfrCeiling : double

C. Interference Ceiling Determination
To visualize the spatial occupancy in SUMS we use the notion of spectrum Bins over a terrain
map, and we calculate the power ceiling a hypothetical transmitter in each Bin could emit without
degrading the signal-to-interference ratio (SIR) of a legitimate transmission from a test article.
Figure 4 shows a top-down view of such a scenario.
For a given mission a detailed flight plan is seldom available. However, it is possible to determine
the flight areas the test article would be flying within, as well the ground stations that might be
used. If a Bin lies within one of the designated flight areas for the mission, there is a non-zero
probability that the test article will fly through it. We can safely declare the Bin as being occupied,
for the time-frequency window being queried. We set the associated interference ceiling to well
below the noise floor, e.g. -200 dBm.
If the Bin is outside the
mission flight areas, we
calculate the interference
ceiling with the following
algorithm. First, determine
the farthest ground station.
This will be the most affected
by a hypothetical emitter,
because the distance from the
emitter to the ground station
will be closest to the distance
Figure 4: Determining the worst-case interference ceiling for a bin
from the test article to the
ground station, and therefore result in the most degradation of the SIR. Second, draw a line from
the Bin to the ground station. Determine the nearest Bin where this line intersects a boundary of a
flight area. A test article in this Bin will be most affected by the hypothetical emitter. An emission
from this “test article Bin” to the ground station comprises the signal, while the emission from the
“hypothetical emitter Bin” at the interference ceiling comprises the interference. We declare a
desired constant value for the SIR (typical on the order of 10 dB). Then:
Signal (at ground station) = (Test article Xmit Power) + (Xmit antenna gain) +
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(Recv antenna gain) – (signal pathloss) – (system losses)
IntfrCeiling = Signal + SIR + (interference pathloss)

IV. ANALYTICS ENGINE
The SUMS Analytics Engine is responsible for spectrum usage visualization and reporting;
spectrum usage metrics calculation; forecasting future spectrum requirements and occupancy;
improving spectral efficiency by what-if analysis; and evaluating spectrum loss impact.
A. Spectrum Usage Visualization and Reporting
Once the usage measurements are generated and stored in the SUMS Database, the Analytics
Engine produces countable events with {time (window), space (area or volume), frequency
(range)} attributes: Validated assignments, Anomalous emissions, Planned or measured usage,
Planned or measured availability, Classified emitters of specific types, Data transfer rates. Event
counts can be tabulated with respect to {time, space, frequency} attributes for reporting and
archiving – Metrics and visualizations will be determined from these counts and qualified by the
relevant attributes. Long-term / trending reports use aggregation of event count tables over time,
with possible qualification in space and/or frequency range. Hierarchical reporting (Range 
Regional, Regional  National) uses aggregation of event count tables over space (e.g. multiple
test ranges), with possible qualification in time window and/or frequency range.

Figure 5: Spectrum occupancy in space for missions that have been “telemetry receiver verified”

In particular, the Analytics Engine is able to calculate and display spectrum usage data, for
specified time, space, and frequency in several different views: time-frequency chart, Percent
Occupancy bar graph, and map-based view. The user can also switch the display occupancy views
based on mission verification status. Upon request from the Client GUI, the Analytics Engine will
also format reports into pdfs, which may be downloaded and printed by the user. The Analytics
Engine supports a batch mode, wherein computationally intensive requests are made by the user
and the results are posted subsequently in the form of a report for the user to access.
Figure 5 shows the expected visualization of the result when a query is made for spectrum usage
measurements, specifying a time interval, frequency range, a spatial input (the test range), and a
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verification status. The gradient in the heat map is the change in the interference ceiling as one
moves away from the area of spectrum occupancy.
The Analytics Engine can also respond to a user query requesting the display of specified usage
metrics over a Test Range or Flight Area, as shown in Figure 6. Besides responding to user queries,
the SUMS can also generate alerts based on the identification of signals from a fixed list of known
possibilities and list probable signal detection results on a given channel in a particular location,
to identify what types of radios are using the spectrum in an area at any given time. The user is
able to configure alerts (e.g., by setting power thresholds) for spectral activity to be notified when
emissions are detected in a specific frequency range and location.

Figure 6: Usage metrics display in response to a query

B. Extensions of Standard Usage Metrics
The Spectrum Management Metrics Standard RCC 707-14 [1] defines a number of usage metrics,
whose primary purpose is to help answer questions such as “How much spectrum is being used?”,
“Is it being used efficiently?”, “What will be our future spectrum needs?”, “Can we meet future
demand?”, and “What is the impact of spectrum limitations?” The standard groups these metrics
into several categories: Spectrum Occupancy, Spectrum Utilization, Frequency Request
Groupings, Efficiency, Spectrum Reuse, Frequency Scheduling Operational Metrics, and
Predictive and “What-if” Metrics. The metrics are calculated based on spectrum occupancy by
frequency assignments. The spectrum occupancy and the derived usage metrics are characterized
over a two-dimensional time-frequency grid.
A review of commercial metrics suggests that a shift from percentages to absolute values is
desirable [3]. Commercial metrics focus on the number of users or devices and the number of bits
sent, where the number of users translates as the number of operations and the devices correspond
to transmitters (or missions or frequency assignments depending on the context) and receivers.
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An analysis can determine that X number
of operations transmitted Y many bits
using Z devices, or that all the operations
used so many Megahertz Hours (MH)
over a year. This change of focus enables
the Analytics Engine to create Spectrum
Activity Charts that plot each operation
along the time axis against different
operation metrics such as bandwidth or
MH. The chart in (Figure 7) shows that the
spectrum is being used regularly. One
form
of
this
chart
displays
mission/operational statistics along a time
Figure 7: Spectrum activity chart example
axis. Another form shows density of (re)use across area and (optionally) volume. These charts convey spectrum activity without reduction
to simple statistics or percentages.
Consequently, the SUMS project considers two complementary extensions to the RCC standard:
(1) Include “space” and “mission context” in addition to “frequency” and “time” quantum for
selected metrics (i.e., when beneficial for spectrum defense/management) , and (2) Account for
actual observations (direct and indirect) of monitored spectrum use in addition to scheduled use.
1) Extensions to Spatial Dimension
We have analyzed the metrics defined in the RCC 707-14 standard [1] with respect to their
suitability and usefulness for spatial dimensions. The two high-level uses of the metrics are
spectrum defense (Use statistics, Spectrum activity chart, Requirements prediction, and Spectrum
loss impact) and spectrum management (Resource management, Granular use analysis, and
Management practices). A main distinction between the uses is the need for summary statistics for
spectrum defense to support long term planning and more granular use data for spectrum
management to deal with the day-to-day processes.
Table 1 summarizes the metrics that are suitable for spatial extensions based on our analysis.
Table 1: Spatial extensions of currently defined and future spectrum-usage metrics

Usage Metric
[Average] Percent
Occupancy with Reuse
(POWR)
[Average] Percent
Occupancy (PO)
Frequency Reuse Ratio
(FRR)
[Average] Mission
Modulation Efficiency
(MME)
[Average] Mission
Spectrum Efficiency
(MSE)

Usefulness
Spectrum defense (Use statistics,
Requirements prediction); Spectrum
management; Trend analysis
Spectrum defense (Use statistics,
Requirements prediction); Spectrum
management; Trend analysis
Spectrum defense (Use statistics,
Requirements prediction; Spectrum activity
chart); Spectrum management; Trend analysis
Spectrum management (Resource
management)

Comments
Redefine the metrics as “Spectrum
Density” and report absolute rather
than percentage value
Primary use percentage metric

Spectrum defense (Resource management,
Requirements prediction; Spectrum
management); Trend analysis

Key metric for capturing efficiency
of data transmission
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Redefine the metrics as “Spectrum
Density Ratio” and use to create a
spatial form of activity chart
Identify users that are being
inefficient in spectrum use

Average Spectrum
Band Efficiency
Bits Sent
Bits Sent per MH
Operation Size
Monitored spectrum
use (new metrics)

Spectrum defense (Resource management,
Requirements prediction; Spectrum
management); Trend analysis
Spectrum defense (Use statistics,
Requirements prediction); Trend analysis
Spectrum defense (Requirements prediction);
Trend analysis
Spectrum defense (Requirements prediction;
Spectrum activity chart); Trend analysis
Spectrum defense (Use statistics;
Requirements prediction); Spectrum
management (Management practices)

Useful for analyzing specific
frequency bands
Primary use statistics
Key metric for capturing efficiency
of data transmission
Redefine operational duration.
Primary candidates recommended for
activity charts
This is a new data source that should
be integrated into some of the
existing metrics to help validate and
evaluate scheduled spectrum use

To analyze the usefulness of spatial extensions, we consider the following objects:






Transmitters – Tuned to a specific frequency when in use;
Missions (frequency assignments) – Transmitters as they move through time and space;
Operations – Multiple frequency assignments coordinated together as they move through
a collective time and space, possibly across multiple test areas and/or frequency bands;
Test Areas – Multiple operations occupying an identified master space during an identified
master time period, possibly across multiple frequency bands;
Users – Multiple non-simultaneous operations, possibly across multiple test areas and/or
frequency bands.

The primary benefit of expanding the metrics to include spatial dimensions is that it allows
normalization, which is particularly useful for comparing test areas or users. In fact, if there are
multiple test areas involved, this normalization is necessary to combine efficiencies of multiple
missions into a single operational efficiency. Therefore, the SUMS analysis will focus on
answering the relevant questions listed in Table 2:
Table 2: Comparison across test areas and users

Analysis Type
Trend analysis

Resource management

Future requirements










Questions Addressed
Are missions getting more efficient?
Is some test area headed for overcapacity or trending to non-use?
Are the biggest users getting more efficient?
Are there users or test areas that are not improving?
Can tests be reapportioned better between test areas?
Is there some test area that always gets assigned inefficient users or transmitters?
Should a particular user become more efficient?
What is the effect on spectrum capacity? Who are the biggest users?

2) Extensions for Monitored vs. Scheduled Spectrum Use
An accurate representation of spectrum usage requires combining the monitored data with mission
plans and scheduled data, beyond just the time and bandwidth data recorded in IFDS. It requires
information about the transmitter as used (vs. is capable of) such as power and waveform.
Depending on the level of granularity desired, this might also include waveform tolerances, side
band descriptions, or other transmitter and receiver characteristics. This analysis could also benefit
from the post-test vehicle path data and data from the receiver as to when data was actually
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received. It seems appropriate to define additional metrics for capturing the difference between
scheduled use and use constructed from monitoring, e.g.,








MH of scheduled that were detected
MH of detected not scheduled
Detected MH / scheduled MH
Average time delay between scheduled and detected start times
Average time delay between scheduled and detected stop times
Average bandwidth (Mhz) detected but not scheduled
Average bandwidth (Mhz) scheduled but not detected
V.

CONCLUSION AND FUTURE WORK

The Spectrum Usage Measurement System (SUMS) characterizes spectrum usage and
requirements at test ranges, and assesses operational impacts and costs on Test and Evaluation.
The system relies on mission planning and scheduling data acquired from test range planning
systems, as well as measurements obtained from telemetry receivers and frequency scanning
sensors. SUMS key capabilities include: (1) collecting over-the-air evidence of actual assigned
frequency usage; (2) combining this data with mission plans to produce an accurate representation
of telemetry spectrum usage through the space, time, and frequency dimensions; (3) providing
users with a data warehouse of spectrum usage, potentially spanning multiple years, with test
ranges across CONUS, and (4) providing data analytics and visualization techniques that combine
3-D terrain-based heat maps with synchronized usage metrics charts.
As the SUMS is matured, it will provide a suite of metrics and methods to (1) estimate current and
future spectrum requirements and (2) forecast changes in spectrum usage, occupancy, utilization,
availability, and demand. Key SUMS concepts in performing spectrum-loss impact analysis
include use of multiple data sources (formal and informal databases, human expertise, and
documents maintained by T&E personnel); and implementation of methods that provide impacts
related to function, schedule, and cost. The SUMS will also incorporate in the analysis T&E
resources other than spectrum: manpower, vehicles, and ground equipment retrieved from resource
management systems such as CSE and TRMS. However, since actual costs of the resources are
not expected in these systems and there likely are additional resources not in these databases, the
SUMS will provide standardized input formats and fields for manual input of data that cannot be
imported electronicallyi.
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ABSTRACT
Comprehensive Spectrum Monitoring System (COSMOS) is Perspecta Labs’ solution for NextGeneration Spectrum Situational Awareness (NGS2AS), a Spectrum Access R&D Program
solicited and awarded through the National Spectrum Consortium. COSMOS will incorporate a
mix of low-cost unattended RF sensors, networked using industry-standard interfaces; versatile
back-end server processing and storage of sensor data; spectrum data analytics, reporting and
visualization; and incorporation of historical and projected frequency usage data from DoD
systems for planning of training and test missions. This paper describes the architecture and
design of the COSMOS system and its sensor and server subsystems.

INTRODUCTION
The US Federal Communication Commission’s (FCC) successful AWS-3 spectrum auction
completed a transition of economically valuable midband RF spectrum from exclusive
government use to shared commercial and government use, subject to coordination procedures
defined in a 2014 Joint Public Notice issued by the FCC and the National Telecommunications
and Information Administration (NTIA). Federal agencies with RF-dependent systems in
affected spectrum ranges, particularly 1695 to 1710 MHz and 1755 to 1780 MHz, submitted
transition plans that may include temporary or indefinite shared operation with commercial
licensees. Temporary sharing permits an orderly process for permanent relocation of the Federal
systems to other spectrum bands.
The Air Combat Training System (ACTS) is a mobile RF-dependent system that is cooperatively
acquired by the US Air Force and US Navy through two separate programs of record (PORs);
†

This project is funded by the National Spectrum Consortium (NSC) through Advanced
Technology International (ATI) under Project Agreement NSC-17-7080, Spectrum Base
Agreement No. 2017-318.
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respectively, P5 Combat Training System (P5 CTS) and Tactical Combat Training System
(TCTS). ACTS operates primarily in the 1755-1850 MHz frequency range, and is therefore an
affected Federal system subject to transition. The Air Force and the Navy both requested
temporary sharing of 1755 to 1780 MHz by ACTS, qualified by several regulatory and technical
conditions, until the systems are ready for spectrum relocation. To facilitate spectrum sharing
and ACTS transition, the services identified a requirement for a robust, low-cost spectrum
monitoring solution, and initiated a Spectrum Access R&D Program under the auspices of the
National Spectrum Consortium called “Next Generation Spectrum Situational Awareness System
(NGS2AS).” NGS2AS will be used to verify compliance with sharing agreements between
incumbent Federal users and new commercial licensees, provide spectrum usage data to DoD
decision makers, and provide historical trends of spectrum usage for future planning.
This paper documents the Comprehensive Spectrum Monitoring System (COSMOS) solution for
NGS2AS. COSMOS incorporates low-cost unattended RF sensors, networked using industrystandard interfaces; versatile back-end processing and storage of sensor data; spectrum data
analytics, reporting and visualization; and incorporation of historical and projected frequency
usage data from DoD systems for planning of airborne training and test missions. This paper
defines the primary use cases for COSMOS, outlines the COSMOS system architecture, and
describes the software architecture and implementation of the COSMOS prototype (including
both sensors and back-end processing), and the hardware design of the four sensor variants.
Following the completion of COSMOS system prototyping, Perspecta Labs will conduct system
test and evaluation at DoD training and test ranges, ahead of planned transition to wider
operational use.

DEVELOPING SPECTRUM SITUATIONAL AWARENESS
Spectrum situational awareness (SA) indicates a state of knowledge about the RF spectrum
environment that can be characterized by three levels [1]:
1. Observations: collected data from disparate sources, including measurements, spectrum
allotment and assignment artifacts, operational status of spectrum-dependent systems,
etc., that are relevant to the RF spectrum in question.
2. Comprehension: synthesis of a level of understanding about the state of the RF spectrum
from the observations that exceeds the mere collection of those observations; for
example, is spectrum access for a planned use contested by congestion from other
planned uses, or by adversarial actions, or for other attributable or unattributable reasons?
Or, do the observations provide any evidence of spectrum usage that is unauthorized?
3. Forecasting/Prediction: can comprehension of the current and past states of the RF
spectrum allow prediction of a future state, e.g. so that I may mitigate any problems for
the operation of my spectrum-dependent systems were that prediction come to pass?
As applied to DoD flight training activity, development of RF spectrum SA will help owners of
spectrum-dependent flight training systems to:
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establish both a near real-time and an historical profile of RF spectrum use by those
systems (expected and planned use);
detect, identify and characterize other uses, both attributable and unattributable, of the RF
spectrum targeted by flight training systems; and
predict the future impact (on DoD flight training missions) of spectrum cohabitation
between spectrum-dependent flight training systems and new shared uses of targeted RF
spectrum authorized by cognizant spectrum authorities.

COSMOS builds spectrum SA from raw sensor RF measurements, refined sensor spectrum data
products, joint signal processing on spectrum data from two or more active sensors, and active
frequency allotment and assignment records from federal spectrum repositories and DoD
planning systems.

COSMOS FUNCTIONALITY AND USE CASES
The architecture and design of COSMOS is motivated by the use cases that the system must be
able to support. NGS2AS requirements [2] (that COSMOS is designed to meet) identify two
primary user types, Spectrum Manager and System Configuration Manager.
Function

Consequence

View a real-time report of Verify spectrum use in a given
area
spectrum usage
Determine the amount of
View a report of historical
required spectrum for ongoing
spectrum usage
operations
View a geographical heat
map of spectral energy
List
prospective
transmission types

Identify
interference
conditions
Identify the types of radios
using spectrum

Geolocation of prospective Identify where interference
may be coming from
emitters
Calculate and display RF Document spectrum usage per
standard metrics
spectrum metrics
Set alerts for RF spectrum Notification when energy is
seen above threshold
activity
Manage alerts

View alerts, dismiss alerts,
refer alert conditions for
further system action.
Table 1: Spectrum Manager Use Cases
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Notes
User specifies time window
(e.g. past 5 minutes, hour,
day); based on sensed power.
User can generate different
reports
for
different
aggregation time periods, with
range, region or nation scope.
User can select range area,
freq band and time window
User can specify a range area,
time window and freq range.
User can specify a range area,
time window, freq range, and
geo algorithm (LoB or TDoA).
Using a subset of the spectrum
metrics specified in RCC 70714 [3], with range, regional or
national scope.
User can specify a range area,
time window, freq range, and
threshold triggering alert.
Alert notifications may be
through COSMOS GUI or
other comms methods.

The former is specifically concerned with spectrum SA, which can be developed over training
range (installation), regional (aggregation of training ranges), and national spatial scope. The
latter is the user responsible for configuration and maintenance of the COSMOS sensor field,
management of the sensor network, management and maintenance of back-end server hardware
and software, and life cycle support for all COSMOS hardware and software. Use cases for
Spectrum Managers and System Configuration Manager are summarized in Table 1 and Table 2,
respectively.
Function
Add or remove sensors from
the sensor field
Check and update sensor
software
Update or revoke sensor
certificate
View sensor health

Consequence
Manage the sensing assets in
the system.
Keep sensor software up-todate, fix bugs
Enforce and protect COSMOS
security at the sensor edge
Determine sensor maintenance
needs

Notes
Supports sensor growth and
maintenance efforts.
Over-the-air check and update
is critical for remote sensors.
Sensors
Map- or list-based selection of
sensors with drill-down

Table 2: System Configuration Manager Use Cases

COSMOS SYSTEM ARCHITECTURE
To realize the use cases, we have defined an architecture for COSMOS that combines “edge”
processing at the RF sensors with centralized processing in a server core. A highly simplified
illustration of the COSMOS architecture is shown in Figure 1.

Virtualized Back-End Server
Sensor Network

Sensor
Registry

Integrated GUI

Engines

Sensor

Sensor
Controller

Analytics DB

JSDR, IFDS,
TRMS, XLS,
etc

Sensor

Sensor
Measurement
DB

Assignments
DB

Figure 1: Simplified COSMOS Architecture
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Two classes of RF Sensors are realized in the COSMOS sensor field. The Scanning Sensor is
capable of quick scans for RF energy in spectrum bands of interest, and offers limited edge
processing capabilities. The more capable Staring Sensor can perform all Scanning Sensor tasks,
and also more intensive edge processing tasks, and can participate in multi-sensor processing
requiring close time alignment of data from those sensors. While at this time all sensors are
assumed to be fixed, in the future mobile and portable sensors can be readily incorporated
because all sensors are required to integrate GPS position and time references. Note also that
since the COSMOS architecture is independent of sensing requirements specific to any particular
frequency range or spectrum bands, it can accommodate diverse spectrum sensing needs.
The Sensor Network connects the sensor field to the back-end server, and must support the
establishment of IPsec VPNs between each sensor and a VPN gateway within the back-end
server. Otherwise, point-to-point, point-to-multipoint, and mesh topologies are all feasible for
the sensor network.
The Back-End Server consolidates sensor control, centralized processing engines for signals and
analytics, interfaces to external systems to obtain reference data, and repositories for spectrum
data products (raw and processed) and reference data. Server functions can be virtualized to
provide the training range operator with two primary options for the deployment of COSMOS:
on-premise (server hardware, server software, and system operation and maintenance are all
local to the training range), and cloud-based (only the sensor field and sensor network need be
local to the training range, and all other COSMOS functions are installed, operated and
maintained from a suitable cloud computing infrastructure such as DISA MilCloud). The
Integrated GUI pulls together the functionally distinct Spectrum Manager and System
Configuration Manager interfaces into a single front end, through which users are provided with
access to system capabilities and RF spectrum data via roles.
Sensor control and management functions are integrated into the back-end server. The Sensor
Controller works with the server engines to determine what new sensor data is required to meet a
spectrum SA objective, and then dispatches tasks to the sensors and collects spectrum data
products from the sensors. Sensor data is stored to and retained in repositories depending on the
specific retention policies defined for that data. The actions that the Sensor Controller can take
are strongly constrained by sensor configuration and current sensor status information in the
Sensor Registry. The Sensor Registry allows for and accounts for diverse sensor capabilities
within COSMOS, including coverage of different and distinct spectrum ranges.

KEY REQUIREMENTS, ARCHITECTURE AND DESIGN TRADES
Some of the requirements on the NGS2AS solution [2] have a particularly significant impact on
the architecture and design of COSMOS. These requirements generally reflect operational
realities for COSMOS deployment on DoD training ranges.
First, COSMOS sensors must be capable of completely unattended operation on possibly remote
training ranges, in harsh outdoor locations and without access to range infrastructure support
(line power and network connectivity). This implies that COSMOS sensors must have
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weatherproof enclosures and must implement protection against physical tampering, including
unauthorized opening of enclosure access doors and unauthorized movement of fixed sensors
from their permanent or semi-permanent installations. The server-to-sensor command-andcontrol (C2) link must protected from eavesdrop and basic over-the-air cyber attacks; use of
IPSec-based VPNs predicated on installation of a valid sensor certificate provides a well-known
and understood line of defense. This also requires sensors to be capable of operation on battery
power, with a solar solution for battery recharge. Since remote sensor deployments can be very
challenging to extend networking, it is important that the system design imposes minimal
requirements on sensor network performance (e.g. requiring neither high throughput nor low
latency). Transport needs for spectrum data produced by the sensors can be managed if the
sensors implement edge processing at sensor as a data reduction strategy. These sensor
networking constraints also make it infeasible for COSMOS to provide hard real-time spectrum
SA that must be supported by real-time, high data rate streaming sensor data (such as raw I/Q
data produced at high sampling rates). Finally, unattended and remote sensor deployment is
made much more robust and reliable when sensor software and security certificates can be
updated over-the-air through a sensor C2 maintenance protocol.
Second, the cost to deploy and operate COSMOS must be reduced where possible by system
architecture and design. Virtualized back-end server software components can be deployed on
range-local server hardware, or in a cloud computing infrastructure, or in a combination,
depending on what best suits spectrum SA operations at any given range. Irrespective of the
deployment path chosen for the back-end server, the RF sensor field must be deployed to provide
suitable coverage over the range space, and therefore control over sensor cost is an important
attribute of system design. We have chosen to maximize the use of COTS components and
subsystems in sensor hardware design, to take advantage of commercial economies of scale
where it is feasible and where sensor performance will not be materially diminished. Our
strategy to deploy a sensor field with multiple sensor types will help us to meet the objective
average sensor cost ($2.5K) for a typical COSMOS sensor field without having to implement all
possible sensor capabilities into a single design. Simple, less capable and less costly scanning
sensors will be deployed in relatively larger numbers, while more complex, capable and costly
staring sensors will be judiciously mixed in with the scanning sensors to achieve the proper
balance between sensor field cost and sensor field capability for a given COSMOS deployment.
Also, active management of sensor power consumption (via sensor hardware, sensor software,
and sensor C2 protocol design) allows for smallest size and cost of the battery power and solar
charging system needed to support remote and unattended sensor installations.
While a single COSMOS instance on a modest training range may require on the order of 20
sensors and have no more than two or three simultaneous users, systems need to be capable of
scaling up to 10,000 sensors and 1,000 users. Several system design decisions enable such
scaling. Sensor edge processing distributes development of sensor data products instead of
relying on a centralized server to create an increasing number of processed sensor data products
from raw samples. Virtualization of back-send server functions allows them to be realized
wherever computing power is available and cheap, as long as they have WAN connectivity to the
sensor network and field (since sensing itself cannot be virtualized). Finally, we have chosen
implementation technologies that are already proven to scale in demanding World-Wide Web
applications. The COSMOS server back-end is based on web services realized with a production
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web server and Java servlets; particularly large COSMOS instances can employ reverse proxy
and load-balancing methods for smooth scaling of system capacity (e.g. for developing spectrum
analytics over large aggregations of spectrum data with regional and national scope). The
integrated GUI is designed as a browser-based single-page application (SPA), using a modern
Javascript front-end framework. The SPA handles all UI screen rendering once it receives page
data from the back-end server, so the back-end isn’t burdened with rendering and redraw
operations for every browser client it serves.

COSMOS SENSORS
As stated above, we have defined two classes of sensors for COSMOS, to allow system owners
to strike a balance between sensor field cost and capability in system deployments. The basic
functional capabilities and key subsystem exemplars for scanning and staring sensor classes are
shown in Figure 2.

Figure 2: COSMOS Sensor Classes and Variants

Both classes of COSMOS sensor are built from a commodity software defined radio (SDR) that
implements the fundamental RF sensing operation via center-frequency tuning and configurable
signal sampling. They also incorporate a commodity general-purpose processor (GPP) that
processes raw samples obtained by the SDR into various sensor data products using the Gnu
Radio (GR) signal processing framework. Within a sensor class (scanning or staring), we have
defined a low-end and high-end variant, which differ in the number of SDR receiver channels
capable of independent or coordinated sampling, and in the processing capability of the selected
GPP. Note that all of the processor variants identified in Figure 2 have industrial temperature
part numbers, are available in a common compact commercial form factor (COM Express Type

7

6), and implement automatic management of processor power dissipation (through internal
adjustment of clock rates) as a function of current processing load.
Overall capabilities of the COSMOS sensor family are summarized in Table 3. The basic
sensing and sensor processing and data reduction functions are realized in Gnu Radio (GR)
flowgraphs, which the Sensor C2 protocol calls (with parameters) to task the sensors in order to
obtain the required sensor data products. The design of the COSMOS Sensor C2 protocol is
based heavily on our experience building an efficient, scalable and robust C2 middleware layer
for distributed RF operations on DARPA’s Advanced RF Mapping (RadioMap) program [4,5].
Capability
Frequency scanning

Details
 Instantaneous ingest bandwidths to 56 MHz
 Swept scanning from < 100 MHz to > 5 GHz center frequencies
Local sensor processing  Configurable frequency scan and spectrogram
and data reduction
 Feature detection, signal detection and signal identification for a
library of relevant training range signals of interest
 Line-of-Bearing (LoB) estimation (for multi-antenna variants)
 Short-term local I/Q sample storage (for staring sensor variants)
 Self-contained GPS for sample and data product timestamping
and sensor location
Sensor Command and  C2 protocol designed by Perspecta Labs for sensing operations
Control (C2)
and sensor maintenance.
 Can use wired or wireless data backhaul.
 Uses standard interfaces for remote C2 and sensor data
collection, including ANSI VITA 49.2 radio transport (VRT)
packetization
 Supports over-the-air (OTA) update of sensor firmware, e.g. for
new edge processing functions
 Support for distributed/multi-sensor operations through C2
coordination
Security
 IPsec for protection of C2 communications and sensor data
 Supports OTA update of sensor certificates, used to authenticate
sensor access to server.
 Tamper detection hardware (access door alarm, accelerometer to
detect movement of fixed sensors)
Table 3: COSMOS Sensor Family Capabilities

COSMOS ENGINES
The COSMOS edge (sensor) processing strategy provides both crucial reduction of sensor data
volume and highly scalable contributions to spectrum SA, via sensor capabilities above and
beyond basic frequency scanning such as signal feature detection and signal identification.
However, not all spectrum SA tasks can be completed successfully by the processing actions of
single sensors working independently from each other. Some tasks require coordinated
8

processing of data from multiple sensors, while other tasks can be improved (completed with
better quality) if data from multiple sensors can be incorporated. An example of the former is
geolocation of a RF emitter, for which measurements from at least three sensors (power levels,
lines of bearing, or relative time-of-arrival) are necessary to develop a geolocation solution
estimate. An example of the latter is demodulation and (channel) decoding of a RF signal of
interest, in order to validate its presence with very high confidence. Use of multiple sensor
receivers with macroscopic diversity combining can increase the demodulation SNR above what
can be obtained from any single sensor.
The COSMOS back-end server contains two engines that perform processing on RF sensor data
from multiple sensors. The Signal Processing Engine (SPE) is the seat for all multi-aperture
signal processing in COSMOS. For example, for geolocation of an emitter signal of interest
(SoI), the SPE can apply one of three multi-sensor algorithms:
1. “Power on arrival” (PoA), for which a sensor’s power measurement for a SoI serves as a
proxy for distance from the SoI to the sensor; and with which SoI location is estimated
via triangulation among at least three concurrent sensor power measurements; or
2. Line-of-bearing (LoB) reconciliation (see Figure 3(a)), for which concurrent LoB
estimates for a SoI from three or more multi-aperture scanning or staring sensors are
intersected to find the most likely SoI location; or
3. Time difference of arrival (TDoA), for which closely synchronized I/Q sample windows
from three or more staring sensors are processed to produce hyperbolae that intersect in
the most likely SoI location, as shown in Figure 3(b).

(b) Time Difference of Arrival (TDoA)
(a) Line-of-Bearing (LoB) reconciliation
Figure 3: Two Emitter Geolocation Algorithms options for the SPE

The second COSMOS back-end engine is the Analytics Engine (AE), which runs calculations
over possibly large sets of RF spectrum data from all system sensors to develop estimates of
spectrum usage and occupancy and spectrum trends. The AE can perform validation analyses on
a frequency plan for a training mission, namely, whether the spectrum SA picture developed
during training mission execution (a) provided evidence that all planned emitters were actually
used, and (b) provided any evidence of unplanned, unauthorized emitters using the same
spectrum and possibly interfering with the training mission. The AE can also produce reports
detailing how intensively the RF spectrum bands of interest are used by both training community
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and other authorized interests, including the calculation of formal metrics for spectrum usage and
occupancy [3].
CONCLUSIONS
DoD missions that have been able to count on exclusive access to RF spectrum operations are
having to confront a new spectrum reality: rapidly increasing demand for spectrum access from
other claimants (commercial wireless carriers, community unlicensed users, non-DoD federal
agencies) exceeds the amount of spectrum in viable frequency bands that could be made
available on an exclusive basis to meet that demand. DoD organizations that rely on missioncritical spectrum-dependent systems need to consider alternate courses of action in the face of
this major regulatory change: relocate to other spectrum bands that are more readily amenable to
exclusive use, or figure out ways to coexist with the other uses, or retire the affected RF systems
in favor of alternate technologies.
The DoD flight training community determined that it would embark on a period of spectrum
sharing for its L-band operations (1755 to 1780 MHz) impacted by the FCC’s auction of the
AWS-3 band, possibly in advance of a spectrum relocation plan for those operations. As part of
its coordination procedures, the community identified a need for a new spectrum situational
awareness (SA) capability that could capture, characterize, archive and report on spectrum usage
in the shared band. A tool implementing that capability could assess and attribute authorized
spectrum use to flight training systems and new commercial systems (e.g. LTE cellular access
networks), as well as detect and flag unauthorized use of the spectrum by other RF systems that
could cause RF interference degradation to the authorized uses. Perspecta Labs is architecting,
designing, prototyping and testing COSMOS as a realization of the training community’s vision
for a next-generation spectrum situational awareness system (NGS2AS), which will facilitate
new spectrum sharing arrangements for its spectrum-dependent systems.
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ABSTRACT
There is a general belief that there is not enough spectrum available to meet T&E needs.
How do we know this is true? The very few studies that have analyzed this have done so
with limited data and limited modeling.
Spectrum is a natural resource. An analogy to gold mining can be useful. A certain amount
of gold exists in the ground, but it takes equipment to extract it. It is only the extracted
quantity that is available as supply. Transmitters and receivers are the mining equipment
that extract spectrum.
Demand is different from requirements. A quagmire of debate surrounds requirements.
Whereas, what testers want is their choice. There is evidence that not all demand is input
into spectrum scheduling systems due to a combined perception by some testers of low
priority and a lack of spectrum. Thus, use and request data do not even capture demand.
This paper provides models and techniques that can aid analyses trying to predict the gap
between spectrum supply and demand.
INTRODUCTION
The decision process for determining how to invest in technology to meet the telemetry
spectrum needs for Test & Evaluation (T&E) can be enhanced through a systematic
analysis of spectrum supply and demand. (Cost is also a factor but is not addressed in this
paper.) This paper overviews theoretical models for analyzing the interplay between these
factors and investments and events that affect spectrum. The foundational approach is
based on spectrum being a natural resource. As with gold mining, there is a certain amount
of the resource available, but it takes mining equipment to provide a useful supply.

Telemetry equipment, such as transmitters and receivers, are the mining equipment for
spectrum.
The fundamental question addressed is:
Does existing telemetry equipment provide enough supply to meet user demand?
If not, two more questions arise:
How will investments into telemetry technologies affect supply and demand?
What impact does a lack of spectrum have?
The models presented are strongly influenced by two MITRE reports: The Economic
Importance of Adequate Aeronautical Telemetry Spectrum [1] and The Growth of Data Rates
for Aeronautical Telemetering and the Implications for the Radio Spectrum [2]. These
reports provide a “model-of-models” approach that were used to analyze potential
scenarios to support efforts to obtain additional spectrum for T&E during the World Radio
Conference in 2007 (WRC 07). The models overviewed here are a considerable expansion
on the MITRE models.
The MITRE reports provide a mechanism to answer the basic question: How do you report
impact of technology investment? The mechanism starts by constructing a baseline supply
and demand of current operations. It then develops impacts from different technology
investment scenarios or other events that impact spectrum availability. Analysis of before
and after differences aids investment decision making. Of particular note is that keeping
track of supply and demand allows for a gap analysis. An approach taking by MITRE, and
continued here, is to use the size of the gap to trigger inclusion of impact factors in the final
analysis.
A significant difference between the MITRE reports and the models here is that MITRE
considered supply in terms of Megahertz (MHz). The models here use MHz Hours (MH) as
the baseline supply. Analyzing MHz limits the results to a maximum simultaneous
spectrum demand. Using MH allows for a more granular analysis that incorporates the
ability to meet demand through scheduling in time.
SPECTRUM GAP MATRIX
The ultimate objective of supply and demand analysis is to determine the spectrum gap between
the two – both now and in the future. To do this, the first step is to determine a baseline
prediction for both supply and demand without consideration of future investments in spectrum
technology or other events that would affect spectrum. But both supply and demand will be
affected by future activities so the second step is to adjust the baselines based on that affect.
Table 1 illustrates the table that would capture this analysis. Knowing both the baseline and
predicted gaps aids in determining if an investment produces a significant reduction in the gap.

Table 1 Spectrum Gap Matrix
Year

Baseline
Supply

Baseline
Demand

Adjusted
Supply

Adjusted
Demand

Baseline
Spectrum
Gap

Adjusted
Spectrum
Gap

1
2
…
N
SUPPLY MODEL
Transmitters and receivers are the mining tools to be supply spectrum. This is different from the
amount of spectrum potentially available. A simple example is if there is only one receiver that
can receive a single 20 MHz signal, then the supply is 20 MHz regardless of how many MHz are
in the band. Extending this concept to MH, supply is also dependent on infrastructure
availability over time. Within the T&E application, it is usually necessary to have test and
support personnel as well as other non-spectrum resources involved. A simple example of this
affecting supply is that control rooms are not normally manned 24/7.
Generally, tests are implemented within formally defined test areas such as R2508 or one of its
subdivisions at Edwards AFB. (Although there are times when tests cross test areas boundaries.)
Spectrum supply for a given test area is dependent on the receivers available to that test area.
Supply is also dependent on available transmitters but, generally, transmitter capability for
exceeds receiver capability. The bandwidth of a given band, such S or C band is an upper limit
for spectrum supply.
Another limitation on supply for a test area is due to operational interference (OI) as defined in
IRIG 106 [3]. If there is potential for a transmitter to interfere with a receiver other the ones it is
transmitting to during a test, that transmitter causes OI and that receiver cannot be used (for that
frequency) even if it is in a different test area. That is, OI reduces supply. IRIG 106 also
introduces the concept of Areas of Mutual Use (AMU). An AMU is the set of test areas that
have the potential for mutual OI. Thus, when calculating spectrum supply it is necessary to
calculate a maximum loading for the entire AMU based on OI rather than simply summing the
supply available in every test area.
The point here is that test areas do not necessarily have the geographic separation needed for
each test area to use the same frequency simultaneously. That is, just because two test areas are
being used for tests, it does not mean the spectrum supply doubles.
Keep in mind that supply is in MH, not MHz, so it is necessary to consider time domain factors
as well in calculating supply. For example, different test areas may have different levels of
personnel support available or some test areas might not be considered safe to fly in at night. It

is important to capture these aspects of supply because of investments that might be made to alter
these factors. For example, adding testing at night or on weekends, or moving a test to another
area, are sometimes viable options – but at a cost.
An algorithm for calculating the maximum spectrum loading of an AMU for a single band has
been developed but will not be presented here. But given that algorithm, we can calculate
overall supply using the following model. Specifically, the total spectrum supply is the sum of
all maximum loadings for every AMU over all bands.
Let
𝑆(𝑦)
= the baseline spectrum Supply (MH) for year y.
𝑆
(𝑦, 𝑏, 𝑚) = the spectrum supply (MH) in year y in band b in 𝐴𝑀𝑈 . This includes
limitations due to OI.
𝑏(𝑦, 𝑚)
= the number of bands in 𝐴𝑀𝑈 in year y.
𝑢(𝑦, 𝑚)
= the number of AMUs in year y.
Then
( , ) ( , )

𝑆(𝑦) =

𝑆

(𝑦, 𝑏, 𝑚).

In application, there are, of course, many subtleties and variations that might have to be
considered. Those would need to be considered by an analyst for specific cases.
DEMAND MODEL
Fundamentally, spectrum demand is the sum of the demand from all programs – both known and
unknown. (The model is a “demand” model vs. a “requirements” model. We let the users
determine what is required.) However, there is also spectrum overhead. Every data transfer
protocol requires bits that are used to implement the protocol that are not data used by programs.
Examples include sync words, packet headers, and word buffer bits. There is also spectrum
overhead from non-spectrum logistics. Preparing everything needed to perform a test is complex
and doesn’t always happen on schedule. Spectrum has to be available from the time it is
scheduled whether everything else is or not. This can lead to periods when there is no
transmission even though the spectrum is unusable by anyone else. Table 2 shows the structure
of a demand aggregation matrix.
Table 2 Example Spectrum Demand Aggregation Matrix
Program\Year
Program 1
Program 2
…
Program m

1

2

…
…
…
…
…

Total

Unknown Programs
Spectrum Overhead
Total – D(y)

…
…

This leads to a basic mathematical model.
Let
𝐷(𝑦)
𝐷 (𝑦)
𝐷 (𝑦)
𝐷 (𝑦)

= the total baseline spectrum demand (MH) for year y (or other time unit.)
= the spectrum demand for Program P for year y.
= the spectrum demand for Unknown future programs for year y.
= the spectrum demand for spectrum Overhead for year y.

Then
𝐷(𝑦) = 𝐷 (𝑦) + 𝐷 (𝑦) +

𝐷 (𝑦).

Determining program demand can be done in several ways. The first is simply to have each
program fill in entries in the matrix. A more granular, and potentially more automated approach,
would be to state demand in terms of operational pace. That is, identify how many of what types
of tests will be conducted over a given time period. Another approach is to use analytic
regression analysis on historical data. Some caution has to be used with analytic methods. For
example, projecting long term demand based on the developmental test phase is probably not
appropriate since it tends to use an order of magnitude more spectrum than during operational
phases of a system.
Determining unknown programs is difficult. One approach was presented in the MITRE reports.
Specifically, the method of Future and On Going (FOG) and Major User Programs (MUP). FOG
might be considered the “noise floor” of spectrum demand with MUPs representing a strong
“signal” on top. MITRE used this model for MHz. The method can be used for MH. (Using this
method, MITRE was able to argue that the T&E community was reaching the point where a
single vehicle would require more MHz than was available prior to WRC 07 when we acquired
access to C band. A pretty good argument for requesting more spectrum.)
FOG = (mean number of users) * (estimated median user bandwidth demand)
The use of median user bandwidth for FOG is to offset MUPs which would skew the mean since
MUPs are few and tend to use an order of magnitude more than the average user. Developing a
growth curve for FOG reduces the need to try to predict unknown future programs. MITRE
calculated a doubling of FOG demand of about 13 years. MITRE also estimated that a new
MUP starts about every four years with a doubling of spectrum demand from the previous MUP.

TECHNOLOGY ADOPTION METHOD
Once baselines for spectrum supply and demand are established, the next step is to adjust the
baselines based on implementation of new technologies or other events. This adoption method
can be applied to anything that affects spectrum. That is, upgrading existing equipment or
software, buying new equipment, developing new scheduling methods, or actual loss of available
MHz. It can also be applied to costs associated with technology adoption.
The first part of the approach is to establish an adoption rate. This might be a percentage per
year, adoption in a single year, or some variable adoption rate. The second part is to determine,
as best as possible, how the technology affects supply and demand.
The main technology adoption over the last couple of decades has been new modulation
techniques such as SOQPSK. This has reduced spectrum demand because it increases bits/sec.
It takes less spectrum to transmit the data – which is the basis for the demand. The growth in
complexity of systems is the main driver of an increase in spectrum demand, but there are other
things that can increase demand. Examples of changing supply include loss or gain of bands or
adding a new ground receiver.
The impact of a technology might translate into a simple percentage change in supply or demand
or it might be more complicated. Implementing more than one technology at a time may
complicate determining this affect if the effects are not independent.
Once the adoption rate and the impact to supply and demand has been determined, it is possible
to provide adjustments to the baselines over time.
It is possible that a new technology can impact both supply and demand. Network telemetry is
an example of this. PCM is very efficient in that it has small bit overhead. (Well below 5%.)
Ethernet is an extreme example of overhead. Because of its contention-based protocol, 60%
throughput used to be considered great. So, networks increase demand. But the ability to do
dynamic format changes can increase supply. Traditionally, PCM has been used with a static
format where the same data is transmitted through the entire test. Network protocols can allow
pumping up the data flow during critical test events while reducing the data flow to safety of
flight parameters between test points. By enabling other users to transmit during these low
transmission periods, supply is increased.
Changes to supply and demand is technology specific and must be analyzed carefully.
IMPACTS FROM A SPECTRUM GAP
Even with technology investments, it is possible that there will be (and is) a spectrum gap. The
impact of this is not easily determined. The base assumption is that a lack of spectrum leads to
less or longer testing. This most likely leads to system shortcomings not being identified or
delays in fielding systems. This can affect the warfighter in their ability to execute a mission and
possibly lead to loss of life.

Spectrum supply and demand models take the first step to this analysis by identifying what the
gap is. MITRE used a “trigger” technique to estimate some of the functional impacts. That is,
given different size gaps, different estimates of cost impacts, delays, accidents, and loss of life
are triggered in the analysis.
SUMMARY
Models for spectrum supply and demand have been developed. (Associated cost models are in
work.) The objective of these models is to aid in determining the effect and value of investing in
spectrum technologies and to asses the impact of spectrum related events. Because of the wide
variety of potential solutions to supply spectrum, it is necessary to include many factors that
might not normally be considered part of spectrum. Once the size of a spectrum gap is
identified, an analysis of impacts to the warfighter can be attempted and decisions regarding
investments can be aided.
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ABSTRACT
DoD T&E and Training ranges are under pressure from two sides: externally to share or vacate RF
spectrum to make it available for commercial purposes, and internally to increase that usage to
support more missions per day, and more data per mission. To appropriately respond to these
pressures, the DoD CIO developed the DoD Electromagnetic Spectrum Roadmap and Action Plan.
A key recommendation from that plan is to develop a spectrum usage monitoring program at T&E
and training ranges. SUMS is being developed in response to that recommendation.
The primary objective of SUMS is to give individual T&E and training ranges, as well as the DoD
CIO and other senior DoD leadership, a comprehensive picture of spectrum usage at those ranges.
This will enable them to make intelligent decisions about spectrum use, and also give them the
tools needed to defend current and future spectrum allocations, or to plan cooperative spectrum
sharing with non-Federal users.
This paper will describe the need for a capability like SUMS, some of the challenges of developing
SUMS, its overall architecture, and some of the benefits we expect the DoD to realize when SUMS
is fully implemented and deployed.
INTRODUCTION
To support a wide variety of mission goals, Department of Defense (DoD) Test and Evaluation
(T&E) and training ranges have an ever-expanding need to communicate data between Test
Articles (TAs) and systems on the ground. For safety of flight purposes as well as overall mission
effectiveness, much of this data must be conveyed in real time, which requires the use of RF
spectrum that has been allocated to those ranges. But commercial interests also have an everincreasing need to use this same spectrum in ways that benefit the public and are willing to pay
handsomely for it. Thus, the DoD has incentives to use its assigned spectrum efficiently not only
to maximize benefit to test programs but also to justify the need for those spectrum allocations. In
some cases, there is an opportunity to share spectrum with commercial interests.
1
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The growing need for T&E ranges to use increasingly more RF spectrum comes from two sources:
ranges are attempting to perform more missions per day and more TA data is available to be
transmitted for each mission. The additional TA data is generated by more complex TAs that
include both improved sensors and a greater number of sensors. These trends show no signs of
decreasing in the future.
A first step in ensuring that these allocations are being used efficiently is to measure actual
spectrum use. Existing spectrum management systems primarily measure planned usage, without
determining how much of that planned usage actually occurred. In fact, the Range Commanders
Council (RCC) Frequency Management Group (FMG) document, “Spectrum Management
Metrics Standards” (FMG 707-14) [1], defines “Use” as “Denial to Others”. While this is a useful
definition for the purposes of that document, it ignores any difference between usage that was
planned and that which was actually used. Another important step is to document unmet needs for
spectrum. In other words, capturing how much additional spectrum is required to most effectively
support the DoD mission, and the benefits to T&E ranges if this additional spectrum were
available.
CHANGES OVER TIME
When wireless telemetry started in the 1920s, only a few measurements could be sent, at a slow
rate, and the process was very unreliable. Werner von Braun once claimed that it was more useful
to watch the rocket through binoculars. Since then, the number of measurements and the rate at
which they are measured have grown exponentially. Transmitting more measurements, and
transmitting them more often, requires an increasing amount of RF spectrum. At the same time,
commercial use of RF spectrum has also skyrocketed. These two forces compete for the limited
amount of spectrum that is available for everyone. In recent years the DoD T&E ranges have lost
some of the spectrum that had been allocated to them, in favor of commercial interests that were
able to pay tens of billions of dollars for the use of that spectrum.
Ongoing research and development into spectrum efficient technologies and network telemetry are
leading to tools and techniques that make better use of the available spectrum, including more
efficient encoding of measurements, dynamic configuration of airborne instrumentation, and
radios capable of aggregating non-adjacent frequency bands. Two-way communication and
improved computing capacity onboard TAs have enabled real-time selection of which data will be
transmitted and how often it will be transmitted [2]. These capabilities can increase the amount of
useful data that can be transmitted to ground in real time, while reducing the amount of bandwidth
dedicated to data less critical to safety and real time analysis. But each of these techniques will
only go so far. There is a real need for T&E ranges to understand how the spectrum they have
available is being used, to better allocate their spectrum between the missions that are requesting
to use that spectrum, and also to assure legislatures and other government entities that they are
making efficient use of that spectrum.
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UNDERSTANDING SPECTRUM USAGE
T&E ranges must understand their spectrum usage on both short and long time scales. For short
time scales, on the order of minutes or seconds, knowing how spectrum is used could allow systems
that can change their frequency assignment to move to different frequency bands, to allow systems
that are not as agile the use of their previous bands. That type of automatic frequency shifting is
rare today, but could be more common if instantaneous spectrum usage information were readily
accessible.
For long time scales, on the order of days, months, and years, knowing how spectrum is used can
guide mission planning and execution as well as either defending existing frequency allocations
or cooperating with other government or commercial entities in the use of those allocations. Each
of these is addressed in the following paragraphs.
Mission Planning: While several systems exist to aid T&E ranges in planning for missions, they
only look at planned usage, not actual usage. But if actual usage is not measured or considered,
mission planners are only working with partial information, and so they risk suboptimal planning.
Defending Existing Frequency Allocations: As has already been discussed, RF spectrum that has
been allocated to T&E ranges is a very valuable asset, both to the ranges themselves and to other
government and commercial interests. Being able to show metrics highlighting how existing
allocations are being used, and being used efficiently, would enable the ranges to more
successfully defend the need for those allocations.
Cooperating with Other Government or Commercial Entities: Under some conditions, the same
frequency band can be used by both the T&E range and by other Federal or commercial entities.
For example, if the band in question is only needed occasionally by each organization, it may be
possible to coordinate that use so that only one organization is using it at any given time.
Understanding how that frequency band has been used in the past would help the range manage
the details of making such a cooperative arrangement.
SYSTEM DESIGN
To measure actual usage, SUMS must aggregate data from various sources. These sources will
include Range Instrumentation, such as telemetry receivers; Frequency Monitoring Systems, such
as dedicated RF receivers; and Scheduling, Planning, and Visualization tools, often used at ranges
to plan RF spectrum usage.
Most ranges already have examples of some or all of these systems in place. One of the technical
challenges of the effort lies in integrating spectrum usage information from these myriad sources
without interfering with the primary mission of those respective systems. Additional sources of
actual spectrum usage information such as from dedicated RF monitoring equipment will also be
used to support the SUMS system.
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Data from each of these systems will need to be sent to a central database server, stored there, and
then processed to produce the outputs described in the next section. A nominal configuration at a
typical range will include the data sources mentioned previously, a database server, and systems
for configuration and control as well as data analysis.
OUTPUTS
The primary outputs of SUMS will be reports, which can be automatically produced according to
a schedule or manually on demand. These will include:
Periodic Reports: Traditional periodic reports will be automatically generated according to a
predetermined schedule and automatically delivered electronically to a predetermined distribution
list. It will also be possible to have two distribution lists: one to which draft reports are transmitted,
and a second one to which reports are transmitted only following approval by the responsible
person(s). Reports will also be automatically archived on the Data Servers and will be easily
retrievable by report type, date, and any other desirable criteria.
Interactive Reports: Some reports can be requested interactively by selecting the report type and
applicable parameters on an electronic form. If desired, the access to various reports may be
controlled on a user basis (i.e. not every user may have access to all reports), or location basis. The
available technology supports requesting interactive reports from any browser connected to the
network by a user with the proper credentials.
Real-Time Reports: The range’s SUMS servers may be programmed to maintain a real-time
display of predetermined information. Each time the server receives predetermined new data, the
server will run a predetermined analysis of the data and update the real-time display. Alternatively,
or in addition to these real-time displays, the result of the analysis may trigger the transmission of
appropriate messages (such as emails, IM, or SMS, depending on network connectivity) to
preconfigured users.
Visualization: For metric and spectrum usage visualization, SUMS will provide several built-in
chart formats including pie, line, area, bubble, scatter, and bar. In addition, users will be able to
develop custom charts or use third party libraries that provide other forms of data visualization
such as 3-D surface plot implementations.
CHALLENGES
We expect there to be several challenges that we will need to overcome during the development
of SUMS. Some of these are technical, and others are nontechnical.
In addition to the challenges that are encountered in every software project, such as algorithm
selection, database schema design, and user interface design, the development of SUMS will
engender less common challenges, such as:
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•

Multiple system interfaces: SUMS must interface with many different systems on the
range, all of which have unique interfaces, and ultimately, SUMS must operate at different
ranges, each with its own architecture.

•

Non-intrusive access: SUMS interface to the range instrumentation receive chain must not
interfere with or slow down range operations.

•

Data correlation challenges: With data being ingested from multiple, heterogeneous
systems, SUMS must attempt to correlate records of the same spectrum events acquired
through these different systems. Since each legacy system maintains its own internal
representation of the spectrum event with different identification markers, correlation of
data from these different sources may be challenging. Once correlated, data must be
captured in a common format.

•

Real-time data distribution: Real-time distribution will be important if SUMS is to function
as a dynamic frequency management tool. The challenge of real-time distribution is added
to the challenge of crossing multiple network boundaries inherent in the architecture of
most ranges.
BENEFITS

The main benefit of SUMS is that local range frequency managers will have a more robust picture
of spectrum usage, a picture which is both broad in scope but also with enough detail to fine-tune
spectrum usage plans. SUMS-generated planned usage versus actual usage reports will help
identify areas where mission participants thought they would use certain frequencies, but for
whatever reason ended up not using them. A direct product of these reports should be more
efficient planning of future missions.
The selection of reports, visualizations, and real-time displays available from SUMS will give
local range frequency managers the tools they need to make optimal decisions for mission
planning. They can characterize how often RF frequencies in the range’s spectrum allocation are
being used, and indications of modulation and encoding techniques will indicate how efficiently
those frequencies are being used. Finally, by indicating when certain frequencies are being used,
these reports can support efforts to share spectrum with other Federal or commercial entities.
In addition to the longer timeframe reports, by monitoring frequency usage on a short-term
(seconds or minutes) basis, and providing that data to the range, SUMS can enable frequency-agile
RF equipment to be used optimally, changing frequencies in response to real-time events as they
happen.

5

CONCLUSION
The DoD must better understand the use of RF spectrum at T&E ranges, and at the same time
optimize its use of that spectrum. The spectrum usage data collected by SUMS can be used to
substantiate that the ranges are using their allocated spectrum efficiently in order to better manage
its existing allocations, and to take advantage of opportunities to share that spectrum with other
government or commercial entities. By leveraging existing information sources, and by taking
advantage of some new ones, SUMS can provide the tools to make that understanding possible.
By collecting and distributing spectrum usage information in real time, SUMS can also enable RF
hardware to make the best use of available allocations as the RF environment changes.
REFERENCES
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ABSTRACT
Once the telemetry is de-commutated by the real-time Soft Decom and Distribution Server, it will
need a client to display the engineered values in real-time. To display the engineered values, the
Client must connect to the real-time Soft Decom and Distribution Server using the Server’s
message based subscription process. In addition, to be fully customizable, the Client needs to
allow the user to select specific telemetry parameters and build displays to view the parameters.
The RttmClient is a fully customizable real-time Windows client built using C#, Windows
Presentation Foundation (WPF), Telerik Controls for WPF and NetMQ (C# lightweight messaging
library). It is capable of displaying hundreds of real-time parameters in several displays. The
parameters are displayed using different controls (widgets) including Numeric, Indicator (light),
Gauge, Strip Chart, Table, Container and Text.
Key Words: Telemetry, real-time, Client, WPF, C#, Windows

INTRODUCTION
The RttmClient (Client) is a Graphic User Interface (GUI) driven software application that is
designed to interface with the RTTMServ (Server). The Client provides the user with the ability
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to display Server provided, user selected, engineered telemetry parameters. The Client displays the
engineered parameters in user selected Widgets on a custom displays. Currently, there are 9 widget
types (Numeric, Indicator, Gauge, Grid, Strip Chart, Table, Text, Container, and Group). The
RttmClient is dependent on the Server for the telemetry data and the dictionary definitions needed
to correctly parse the telemetry data.
The RttmClient GUI was built using Microsoft’s Windows Presentation Foundation (WPF) and
the Model - View - View Model Pattern (MVVM) [1] and the NetMQ Lightweight Messaging
Library (NetMQ).
MVVM
MVVM consists of 3 main parts, the Model, the View and the ViewModel. The View defines the
layout and what the user sees on the display. The Model handles the underlying business and data.
The ViewModel is a “middle man” between the View and the Model, getting the Model’s data,
formatting the data in a way that makes it easier for the View to display. Using this pattern allows
for a clean separation of concerns (decoupling) between the 3 parts. [1]
WPF
WPF is Microsoft Windows next generation graphical user interface (GUI) that is part of the
Microsoft .NET Framework (Version 3.0 and newer). WPF uses Extensible Application Markup
Language (XAML) to define and link user interface (UI) elements. The code behind XAML can
be written in C# and other .NET programming languages. WPF has high performance presentation
capabilities due to the use of 2 main threads (Windows Forms only uses 1 thread). One thread is
used for rendering the graphics and the other is used for UI management. The core of WPF consists
of a rendering engine, device independent pixels and a dynamic layout. The rendering engine uses
vector based hardware acceleration on the graphics processing unit (GPU) via DirectX. The device
independent layout allows graphics to scale according to the display resolution without losing
image quality. The dynamic layout enables the UI elements to arrange themselves according to
their content, parent layout container and available display area. [2]
NetMQ
NetMQ is a native C# implementation of the lightweight messaging library ZeroMQ. [3, 4]
NetMQ extends the operating system’s socket interface to provide, an abstraction of asynchronous
message queues, multiple messaging patterns, message filtering and seamless access to multiple
transport protocols. The Client uses NetMQ to implement the following Transport Protocols:
1. Transmit Control Protocol (TCP) = Used for communication with the server. [4]
2. InProc - Allows the Client to connect sockets running within the same process, thus
removing the need for shared state/locks. This is used for widget communication. [4]

ARCHITECTURE
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Diagram1: RttmClient Architecture

The RttmClient shown in Diagram1, consists of a GUI layer that is updated by a Communication
layer. The GUI Layer contains the MainWindow and the WidgetDiagram that is displayed in the
MainWindow. The Communication layer consist of the following, the Manager,
ServerCommunicator and DataRequestor.

MANAGER
The Client has one instance of a Manager that is responsible for maintaining global parameters,
keeping a list of widget names and subscribers and the available parameters. It creates and
maintains the NetMQ contexts for all the Client sockets. The Manager also creates the following
functionality for each widget: an update message receiver, a widget address, and a NetMQ
PushSocket [4] that connects with the ServerCommunicator.
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COMMUNICATION LAYER
For the Client to display hundreds of engineered parameters in real-time a robust communication
methodology was designed and implemented between the Server and the Client, and the Client
and its widgets. The communication methodology is based on the NetMQ [4] and WPF Binding
[2]. The following sections will discuss the objects involved and how they implement the
communication methodology.

ServerCommunicator
The ServerCommunicator is responsible for setting up the NetMQ sockets with the Server and for
sending the following NetMQ messages to the server:
1. Status
a. The initial communication between the Client and the Server uses the NetMQ
implementation of the Request-Response Pattern. When the Client is started a status
request message is sent to the server.
2. New Widget
a. Message is sent to Server when a user selects a parameter for a Widget that has just
been created
3. Change Widget
a. Message is sent to Server when a user changes the selected parameter for a selected
widget.
4. Delete Widget
a. Message is sent to Server when a user deletes a selected widget
5. Delete All Widgets
a. Message is sent to Server when the user closes a display
6. Drop Client
a. Message is sent to Server when the user closes the Client
The ServerCommunicator receives the following NetMQ messages from the server:
1. Status Response
a. Contains the parameter dictionary. Upon reception of the response, the Client
processes the received parameter dictionary and populates the DataAssignment
window that is now available for dynamic Widget parameter selection.
2. New Widget Response
a. New Widget Response - Contains a “true” if widget was added, else it contains
“false”.
3. Change Widget Response
a. Change Widget Response - Contains a “true” if widget was changed, else it contains
“false”.
4. Drop Client
a. Drop Client Response
5. Remove Widget
a. Remove Widget Response
6. Remove Widget List
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a. Remove Widget List Response
7. Server Error Message
a. Contains a text description of the Server error.
When the user closes the MainWindow the ServerCommunicator is responsible for sending Drop
Client message to the Server.
The ServerCommunicator is also used as a middle man between the widget and Server. This is
established through the NetMQ Push-Pull pattern. The ServerCommunicator creates a NetMQ
PullSocket that accepts incoming messages from a widgets NetMQ PushSocket. The incoming
message is then forwarded to the Sever via the Server Communicator’s RequestSocket.
DataRequestor
The DataRequestor’s main purpose is to request subscribed TM parameters for all the widgets
from the Server. This happens on a continuous 20 millisecond interval, pausing only when a
request message is sent to the Server. The TM parameter requests are sent to the Client using the
NetMQ Request-Reply pattern via the DataRequestor’s NetMQ RequestSocket. The received
message from the Server contains a widget ID and its updated data. The updated data is routed to
the correct widget using the NetMQ Router- Dealer pattern. The DataRequestor acts as the Router
keeping a list of a widget IDs and a unique address for each widget socket. The widget receives
the data update through its asynchronous DealerSocket.

VIEW

MainWindow
The MainWindow implements the MVVM pattern and is the overall View of the RttmClient.
The MainWindow is the outer shell of the GUI and contains the ServerConnected (“Connected”),
DataReceived (“Data”) indicator and the Display (WidgetDiagram). It also contains the
following menu icons, “Save All Displays”, “Load Displays From File”, and “Add New
Display”, “Delete Current Display” and “Help”. The MainWindow initiates the following events:
connect/disconnect server, open new display, save display(s), open saved display(s), delete
display(s) and open help. The MainWindow is built using the Telerik Docking control, which
gives the user the ability to create multiple tabbed displays that can be docked and undocked. [5]

Display
A Display is the tabbed container where the widgets are created and displayed. It is built using the
Telerik WidgetDiagram control. A Display contains the Widget Toolbox, the Display Properties
selector, the surface for displaying the widgets and the following user selectable menu buttons,
5

Undo, and Redo, Snap, Align Positon and Assign. A display also shows the IRIG time that is
received from the Server. When a new display is created, it is opened in the MainWindow as a tab.
It is titled with a default name that can be edited by double clicking with the mouse on the tab title.
This puts the title into an edit mode. Once the edit is completed, the user needs to click anywhere
and the tab will return to normal mode.

WidgetDiagram
The WidgetDiagram is the backbone of a display. It is built using the Telerik Diagram
Framework control. It contains the components and functionality that allows the user to create
dynamic and flexible interactive layouts. The WidgetDiagram implements the MVVM pattern
and is an underlying View within the RttmClient’s main View (MainWindow).

Widgets
A Widget is highly customizable representation of a telemetry(TM) parameter(s) that is selfcontained and asynchronously updated via its NetMQ DealerSocket. Each Widget is its own
implementation the MVVM pattern and is running on its own thread in a .NET Parallel Task. [6]
The widget structure is derived from the Telerik RadDiagramShape control, which is part of the
Telerik DiagramFramework. Each widget has a context menu that is activated when the user
right mouse clicks on a widget. The context menu allows the user to assign a TM parameter,
delete the widget, add a text widget and add the widget to Group Widget. When a TM parameter
is assigned, the widget is initialized with the TM parameters dictionary limits. The widget then
kicks off a TM parameter update loop that will check its NetMQ DealerSocket for updates from
the DataRequestor’s NetMQ RouterSocket [4]. Tm Parameter limits and other user assignable
properties can be modified using the widget’s Settings Pane when the widget is selected. The
widget can be resized by selecting it and using the mouse to grab and drag its border, making the
widget larger or smaller

Numeric Widget
The Numeric Widget is used to display a TM parameter as a number. The background color is
green when the parameter is within the set limits, red when the parameter is above the high limit
and blue when the parameter is lower than the low limit.

Indicator (Light) Widget
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There are 2 different Indicator Widget shapes, round and square. The background color is green
when the parameter is within the set limits, red when the parameter is above the high limit and
blue when the parameter is lower than the low limit.

Gauge Widget
The Gauge Widget is circular in shape and has a linear scale. The tick marks can be changed by
the user.

Strip Chart Widget
The Strip Chart Widget is based on a Cartesian Chart using a Line Series. The X axis is the
parameters date/time placed on a continuous axis. The Y axis contains the engineered parameter
values. The stroke color is green when the parameter is within the set limits, red when the
parameter is above the high limit and blue when the parameter is lower than the low limit. The
Strip Chart Widget allows the user to add/remove axis that represent the limits.

Table Widget
The Table Widget is a 2 column, multiple row table. It display a TM parameter on each row. The
first column contains the Tm parameter’s name and the second column contains the value. The
Table Widgets TM parameters are assigned in the RttmClient’s configuration file,
RttmClientConfig.xml. When the table widget is placed on the display it will be automatically
populated with the TM parameters. The background color of each TM parameter is green when
the parameter is within the set limits, red when the parameter is above the high limit and blue when
the parameter is lower than the low limit.

Container Widget
This widget is used to group (not the same as a group widget) other widgets. The Container Widget
is an empty rectangle with an editable title. Once the container widget is placed on the display,
other widgets can be dragged into the Container Widget. The background color is changeable by
the user.

Text Widget
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The text widget when selected allows the user to type text into it. This is used as a label for other
widgets. If a text widget is created from the context menu of an existing widget that has a TM
parameter assigned, the Text Widget will be automatically populated with the name of the TM
parameter that exists in the TM parameter dictionary

Group Widget
A group widget allows all the widgets within a group to be represented by a single widget. The
single Group Widget’s (Indicator Widget) background color will be green if all widgets in the
group are within their limits. If any widget in the group is out of limits the Group Widget’s
background will be red. The user can create a new Group Widget by right mouse clicking on an
existing widget, activating its context menu, and selecting Groups. Once Groups is selected, the
user will have the option to select New or an existing group if there are groups already created.
When the user selects New, the exiting widget is transferred to a new display and is now
represented by the Group Widget. If the user selects an existing group, the widget is transferred
to that groups display. The group display can be brought to the forefront by double clicking the
group widget.

OPERATION
At Client startup the ServerCommunicator sends a Status message to the Server via a NetMQ
RequestSocket. The Client then waits for the Server to reply with the status and the parameter
dictionary. Once a Status Response is received, the MainWindow’s Connected Indicator is
changed from red to green, the Client is now connected to the server waiting for data and the
DataRequestor’s data request loop is started. The request loop will run throughout the lifetime of
the RttmClient, requesting data from the server every 20 milliseconds, pausing only when a request
message is sent to the Server.
At this point the user can click the “Load All Displays From File” icon to load any saved displays
or click the “Add New Display” icon to create a new display. Once the new display is created,
Widgets can be added by left mouse clicking on the Toolbox tab and selecting and grabbing a
Widget, dragging it onto the Display surface. The user now has the capability to add a parameter
to the selected Widget by clicking the WidgetDiagram’s Assign button or selecting the widget and
then choosing Assign from the widgets context menu. Once a TM parameter assignment is made,
a NewWidgetRequest will be sent to the Server. The Server will then start sending updates to the
client.
When the DataRequestor receives a data update from the Server, it sets the color of the
DatatReceived indicator to green and pulls out the IRIG time parameter, updating the IRIG time
on the WidgetDiagram. The DataRequestior then walks through the remaining parameters using
each parameter’s WidgetId to lookup up the widget address for the parameter. The parameter is
then sent to the widget via the DataRequestor’s Router.
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When a widget receives a parameter from the DataRequestor’s NetMQ Router over the widget’s
NetMQ DealerSocket in the widget’s ViewModel, the parameter is checked against the limits and
the widget’s View is updated appropriately.

CONCLUSION
Using Microsoft C#, Microsoft WPF, Telerik Controls for WPF, MVVM and NetMQ has enabled
the RttmClient to be a fully customizable real-time Windows application that is capable of
displaying hundreds of real-time parameters in several displays each containing multiple widgets.
The RttmClient has been successfully tested with more than 300 displayed TM parameters on
multiple widgets, all being updated in real-time.
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ABSTRACT
Pulse Amplitude Modulation (PAM) is a legacy modulation technique still in use in older telemetry
systems. Normally a telemetry system relies on hardware solutions to demodulate and decommutate PAM. This
paper examines now a software solution can process from baseband.
INTRODUCTION
This paper is targeted for use by a programmer responsible for telemetry processing. It should be
relatively easy to expand the base program presented to cover a range of PAM telemeters. The essential theory
will be discussed, as well as a discussion of trade-offs made for speed of execution. Some recommendations will
be suggested as to future expansion.
THE BODY
PAM Basics
As of IRIG 106-17 The PAM documentation appears in appendix K, Annex A-1 [1]. This paper will
focus on NRZ-PAM. Specifically, the paper will make reference to one specific test file, produced by a PAM
simulator and recorded on a modern telemetry recorder.

Figure 1: 100 percent duty cycle PAM with amplitude synchronization

The baseband PAM consists of several “channels”. Each of these channels represents something like a
sensor voltage, or a discrete value, like one bit. These channels are then serialized in a specific order, and a
synchronization pattern is inserted between each frame. This pattern is “zero, full, full, full, half”. So, for the
width of one channel the signal will be near zero volts. Then for the width of three channels the voltage will be
near 100% of the maximum voltage. Then for the width of one channel the voltage will be near 50% of the
maximum voltage.
The test signal was set up to output a total of 64 channels, including synchronization pattern. The rate
was set to 36k channels per second. A few other options were selected such that interesting data would be
produced, instead of flat voltages.
Fast PAM Demodulator
It was decided that the PAM demodulator needed to process faster than “1x”. 1x would represent realtime. So 2x would be twice as fast, whereas 0.5x would be half speed. For example, if a one-minute file were to
take 30 seconds to process then it would be at 2x. This speed requirement was important to allow the program to
be used for range safety calls. Also, it would become unusable if the processing took hours.
Software PAM Steps
The major steps required for PAM Demod/Decom are
1) Auto scale
2) Synchronization Detect
3) Decommutation
A short explanation for each will follow:
1) Auto scale:
The signal arrives at a level that we will need to scale. It is necessary to scale the signal such that the
voltages are presented from zero to 100%. For example, we may decide to auto scale the received signal for
every 1000 sample points. It is necessary to include the sample rate in this calculation. For example, the test file
samples at 2 million samples per second. So for the rate of 36000 channels per second we arrive at more than 55
samples per channel. For the chosen 1000 samples it would include only 18 channels. That is less than a frame.
In this case it is probably best to choose a much higher number. In the software the author chose to scale one
Chapter 10 packet at a time. This resulted in may thousands of samples all scaled at the same time. This appears
to work well.
2) Synchronization Detect:
The next step is to step through the samples and look for the zero, full, full, full, half pattern. So the test
program looks for the first channel to be less than 0.1, the next three channels to be greater than 0.9, and the fifth
channel to be between 0.4 and 0.6. After this the program takes the first 64 channels after this pattern in the list
and sends them for decommutation.

The recorder will have sampled the data at a higher rate than the channel rate. Again, at our 36k channel
rate, with a 2M Sa/sec recorder rate we will have over 55 samples per channel.
It is necessary to determine the Channel Period. This will then be used to find the time offset of each
channel. These offsets will be added to a current sample time as the program loops through the samples.
Example:
Current start sample: 137.000000 sec
Channel Rate: 36000 Channels / sec
Channel Period: 28 usec
T0: 137.000000 sec
T1: 137.000028 sec
T2: 137.000056 sec
T3: 137.000083 sec
T4: 137.000111 sec
We then look at the value at each time. The test program finds the first samples after each designated
sample. These samples are then used to test for synchronization. If the test fails, the program iterates to the next
sample and recalculates the time offsets. If the synchronization succeeds then the program calculates the time
offsets for all the channels, finds the samples at these time offsets, and sends the samples to decommutation.
3) Decommutation:
At this point you should have 64 channels all lined up and ready to send to an output file or to a GUI.
The demo program displays the channel values as text and as bars. Any further processing will require a data
dictionary. In this case the test file just puts out a pattern, so the output is sent to the GUI directly.
CONCLUSIONS
The original test was to see if we could replace hardware PAM equipment with software. The answer
appears to be a resounding yes. In the past it has been necessary to purchase and maintain various pieces’
hardware for many years, including after most organizations have moved on to other modulation techniques.
This requires people with the knowledge to operate the equipment. It also requires the space to store the
equipment. This is time and money not spent on other things.
As long as organizations continue to use legacy telemeters it will be necessary for the telemetry organizations to
assess the priority for support of these telemeters. It is hoped that this will be a better solution than what has been
offered so far.
COMPUTER REQUIREMENTS
The software was tested on several computers. All had Intel Core i7 processers, with 16 gigabytes of
RAM. The software does utilize multiple cores. Extensive testing was not performed in regards to minimum
requirements. A modern computer should work fine. Further testing on other computers, including small single
board computers, is still needed. The software requires .Net 4.5 or higher.
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ABSTRACT
It is expected that XML-based languages for configuring telemetry systems like MDL and TMATS
will eventually replace their non-XML predecessors. However, despite its numerous benefits, XML
does not solve all the related problems. In particular, it cannot harness the complexity of constraints
that may pertain to vendor hardware or to express system-level constraints that span across entire
networks of devices.
In this paper, we present TACL, a T&E extension to W3C Shape Constraints Language (SHACL)
for formulating constraints on configurations represented in MDL and TMATS, independently of
any configuration software. TACL introduces high-level components that help to form constraints
close to the user’s intent and are less concerned with the low-level syntax details. It exhibits much
better resilience to changes in the XML schemas than the languages that refer directly to the XML
trees. A proof of concept TACL engine has been successfully developed and applied to MDL/TACL
configurations.

INTRODUCTION
Configuring multi-vendor T&E systems today poses a number of challenges that cannot be fully
addressed without proprietary solutions that are often too expensive to develop. In order to build
a proper multi-vendor configuration, it must be validated with respect to RCC standards, vendor
constraints pertaining to each of the devices that comprise it, and to system-level constraints that
may be imposed by the user. Because there is no standard language to express all of these constraints,
proprietary solutions are developed independently by each vendor. Thus, to build a configuration
with devices developed by n vendors, the engineers must use n configuration tools to validate each
device setup. In addition, they must leverage additional software to validate system-level constraints
that do not pertain to any specific device, for instance, to limit the maximum weight or power usage
of the entire configuration (c.f. left side of Figure 1). When a system-level constraint is violated, the
engineer must make appropriate changes and run the validation with each vendor’s software. This
could result in a lengthy process that is not suitable for last-minute changes that are often required
before a test is conducted. Each software suite used in the process must be updated to keep up with
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Figure 1: Configuring multi-vendor T&E systems today and tomorrow.

the changes in the RCC standards (and maintained, if built in-house), and requires separate training
for new engineers, thus further increasing the overall engineering time and effectively, the cost.
In practice, multi-vendor T&E systems are avoided both in the military and the commercial domain,
and instead, users stick with a single vendor to provide all the hardware, allowing them to use
a single software package to build the configuration. While this allows building multi-device
configurations, it comes with caveats. In particular, the user is locked-in with the vendor and cannot
use competitive devices, even if they offer better performance, price, or provide a new functionality.
The main obstacle to effectively building multi-vendor systems is the lack of a standard language
to express constraints. If such a language was present, the instrumentation engineers could rely
on a single piece of software that interacts with cross-vendor devices using RCC standards and
validates all types of constraints at once (c.f. right side of Figure 1). Under such paradigm, the users
could easily build cross-vendor configurations, and the vendors could attract the customers that
were previously reluctant to use their hardware as it meant increased cost. Both the configuration
management software and the validation engine could be implemented by third-party vendors,
further facilitating a competitive market that significantly benefits the end-user (the instrumentation
and test engineers) in terms of improved performance, engineering time, and cost. Most notably,
upon a release of a new version of an RCC standard, such as MDL [1] or TMATS XML [2] schema,
it would be in the interest of these third-party vendors to keep their software up to date, removing
this burden from the users, as it is the case today. In addition, having all constraints in one place
opens up opportunities for new functionality that was not even possible before, e.g. development of
T&E constraint satisfaction problem solvers, tools that could automatically suggest configurations
given a set of measurement requirements specified by the test engineers.
In summary, a standard T&E constraint language would have a positive impact on all stakeholders
by providing the following benefits:
• Decreased engineering time spent on developing a configuration (fewer iterations) by combined validation of all constraints
• Decreased software development cost via access to third-party tools that implement the
standard
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• Decreased acquisition cost by open access to a competitive market of alternative hardware
solutions
• Decreased training time by training engineers with a single management software as opposed
to a number of vendor-specific tools
• Increased chance of mission success by supporting last-minute, or even in-test modifications
via automated system-level validation
• Significantly reduced engineering time by assisting the engineers with a (semi-)automated
deconfliction and optimization
While the T&E community largely agrees there is a need for a constraint language, no formal
document has been published to date to formally specify the requirements for such language. There
is an ongoing RCC-TG task with the purpose of collecting such requirements from various US
military bases, although it will not address the vendor constraints, and undoubtedly be incomplete.
For any constraint language candidate to become a successful standard, it must address all of
the stakeholders’ constraints, otherwise it will merely serve a subset of use cases and will not be
adopted by the wide community. Being fully aware of this challenge, VIStology and SwRI have
been encouraging various stakeholders to participate in the process of requirements elicitation,
with a rather limited success so far. Although the language proposed in this paper, TACL, targets
MDL and TMATS XML data, the general approach could as well be applied to data expressed in
other data exchange standards that are based on XML, JSON, RDF [3], or any other format that is
well-defined and could be automatically converted into a semantic data model. The following lists
the requirements for a T&E constraint language that our team has developed at the beginning of the
work on TACL:
• The language should support expressing all stakeholders’ constraints in a declarative manner
• All MDL and TMATS concepts must be expressible in the language
• It shall relate to the XML models of MDL and TMATS so that it is intuitive to the engineers
already familiar with these standards
• It shall facilitate appropriate level of abstraction, i.e. be intuitive enough for the engineers to
use without requiring them to learn too much about a new technology
• It shall not be tightly-coupled with a particular version of the XML schema and exhibit
resilience to future changes in the schema
• It shall not rely on XML schema-specific constructs, such as ID/IDREF, which have no
counterpart in the conceptual level of the MDL/TMATS data
• It shall be extensible, i.e. allow adding new concepts without the need for modification
TACL meets the requirements described above and is defined as an extension to the Shapes
Constraint Language (SHACL) that became an official W3C standard “for validating RDF graphs
against a set of conditions” [4] as of July 20, 2017. SHACL is domain-agnostic and exhibits a lot
of features that are desired in the T&E domain. Please note that the team had reviewed several
other languages as potential candidates before settling on SHACL, but due to space limitation, the
respective discussion is not included in this paper.
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Figure 2: Using Shapes to validate XML data, based on [9]

SHACL
SHACL is a product of a long effort led by a community of various stakeholders, which faced a
similar problem to the T&E community: lack of a standard constraint language to validate data
originating at disparate sources. While in the T&E domain the primary concern is the MDL XML
data, SHACL targets RDF documents, widely used to represent Linked Data [5] on the Web. Beyond
validation, SHACL is also intended to support other use cases such as building UI, generating
validation code and data integration. The following key features lead our team to development of
TACL:
• SHACL is an official W3C standard and will soon be followed by an ecosystem of software
tools that support it. In fact, an open source SHACL API [6] is already available for Java
applications.
• All XSD constraints can be expressed in SHACL, but many SHACL constraints cannot be
expressed in XSD because the latter is a lot less expressive.
• It can be integrated with OWL [7] ontologies and utilize the power of OWL inference to
introduce a high-level of abstraction in constraint definitions.
SHACL was specifically developed to validate RDF graph data and as such it cannot be directly
used to validate XML data. Fortunately, any XML tree can be represented as an RDF graph through
the process called semantic lifting [8], and then be subject to standard SHACL processing. There
are two kinds of SHACL shapes: node and property. The node shapes specify constraints on a class
of nodes or a specific node, and for instance, can be used to enforce a naming convention on the
resources in the data graph. The property shapes specify constraints that need to be met with respect
to nodes that can be reached from a focus node by following a property path, e.g. The power needs
of a DAU cannot exceed its power sourcing capacity. The data flow presented in Figure 2 illustrates
how a single SHACL constraint is processed against an XML input:
1. XML instance data is lifted to an equivalent RDF data graph
2. Based on the targets specified in the shape, initial focus nodes are selected
3. Filters defined in the shape eliminate those nodes that meet the constraints
4. Remaining (invalid) nodes, if any, are described in the validation result as an output
Shapes can target any of the following: a concrete node in the graph (e.g. Device1), a class of
nodes (e.g. all thermocouples), subjects of a specific triple (e.g. all devices that have a power
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sourcing capacity), objects of a specific triple (e.g. all measurements with specific attribute), or
nodes selected by a SPARQL [10] expression (e.g. all devices that weigh more than 10 lbs.). Note
that the target class of nodes may be a reference to a class defined outside the input data graph, in an
OWL ontology, and as such may leverage the inference capability of OWL to also target any node
that is inferred as a member of the class (e.g. Thermocouple class, where the ontology provides its
logical definition akin to “Any device that is capable of measuring temperature”).
To address the wide range of use cases developed by SHACL community without defining a large
standard that is hard to implement, SHACL Working Group defined the following:
1. SHACL Core — a set of common constraint components (constraint types) that every SHACLcompliant engine must support: and, less-than-or-equals, or, unique-languages, property,
qualified-min-count, max-length, min-length, disjoint, qualified-max-count, min-exclusive,
node, exactly-one, SPARQL, not, in, max-count, max-inclusive, closed, min-inclusive, mincount, datatype, max-exclusive, class, has-value, language-in, pattern, equals, less-than,
node-kind, derived values. These types of constraints are very similar to those found in XSD.
2. SHACL Extensions — mechanisms that customize the standard to specific user needs. The
most notable mechanism is the notion of SHACL Constraint Components, which represent
user-defined, parameterized constraint types that can be reused in different contexts. Users can
define domain-specific components and effectively create a high-level abstraction vocabulary
that is close to their domain and processable by standard SHACL processors. Components
are declared using standard SHACL RDF statements and the business logic of the associated
validation can be defined in any of the extension languages. The standard supports SPARQL
and JavaScript, but other languages could be used as well.
To better illustrate SHACL, a few examples are given below, with increasing complexity:
1 # The weight of every device must be 40.
2 :Shape1
3
sh:targetClass :Device;
4
sh:property [sh:path :hasWeight; sh:hasValue 40; ].
1 # The value of volume of every device must be less than
2 :Shape2
3
sh:targetClass :Device;
4
sh:property [sh:path :hasVolume; sh:lessThan :hasWeight; ].

the value of its weight.

Note that :Shape2 involves relating the values of two different properties, which cannot be expressed
in a language like XML Schema.
1 # Each console must have at least 1 FPGA.
2 :Shape3
3
sh:targetClass :Console;
4
sh:property [sh:path :hasPart ; sh:class :FPGA ; sh:minCount 1; ].

While the basic constraint components can cover a lot of the basic constraints found in various
data exchange standards, it is the advanced examples that really demonstrate the power of SHACL.
These examples leverage SHACL’s more advanced features, such as SHACL-SPARQL, which
allows using SPARQL expressions to define the constraint. SPARQL is to RDF what SQL is to
relational data, and gives the constraint author a very rich language to inspect the data.
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1 # The total weight of all devices in a radar sensor must not exceed 200.
2 :Shape4
3
sh:targetClass :RadarSensor;
4
sh:sparql [
5
sh:message "The total weight of {$this}({?value}) exceeds the maximum of 200.";
6
sh:select """
7
SELECT $this (sum(?weight) AS ?value)
8
WHERE { $this hasPart/hasWeight ?weight .}
9
GROUP BY $this HAVING (?value > 200)"""] .

In the shape above, the message template property includes variables in the curly brackets. When
the particular constraint is violated, SHACL processor produces an error message based on this
template using concrete values from the focus nodes that did not pass the validation. For instance,
the shape could result in a message like “The total weight of RadarSensor15 (350) exceeds the
maximum of 200”.
The SPARQL expressions used inside SHACL shapes, while very powerful, may be hard to accept
by the T&E community due to the fact that the new users would have to learn a new language to
use them. This is where SHACL constraint components come into play — they can be used to
encapsulate the SPARQL expressions and users can make use of them just as they do with the Core
components. Because they can be parameterized, they can introduce a higher level of abstraction
and be aligned closely to a specific domain. To illustrate this, consider the following constraint
component developed as a generalization of :Shape4, shown above:
1 :Shape4Component
2
a ConstraintComponent ;
3
sh:parameter [sh:path ex:maxWeight ; sh:datatype xsd:integer ; ];
4
sh:nodeValidator [
5
sh:message "Total weight of {$this} ({?value}) exceeds the maximum of {$maxWeight}." ;
6
sh:select """
7
SELECT $this (sum(?weight) AS ?value)
8
WHERE {$this :hasPart/:hasWeight ?weight .}
9
GROUP BY $this HAVING (?value > $maxWeight)"""].

The SPARQL query inside the component looks almost exactly like the SPARQL query inside
:Shape4, with the exception that the maximum weight is now parameterized. Also, note that the
component does not specify any target class and can be applied to any target that fits the data pattern.
With the component definition, the :Shape4 constraint is now much simpler:
1 :Shape4usingComponent
2
sh:targetClass :RadarSensor ; ex:maxWeight 20.

The new constraint is clearly much simpler and no longer requires using SPARQL. SPARQL is used
inside the definition of the component, but the constraint author does not need to know anything
about it. The same component can now be used in different contexts, for instance, it could be
applied to a specific network of devices:
1 :Shape5 sh:targetNode :Network5 ; ex:maxWeight 15.

The component could be even more generalized by replacing :hasWeight with another parameter,
allowing it to be used in any constraint that needs to quantify the value of any property within the
target defined by the shape, e.g.:
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1 :Shape5 sh:targetNode :Device4 ; ex:maxAttributeName :hasVolume ; ex:maxAttributeValue 25.

It can be seen how powerful is the component mechanism of SHACL and how extensible it is
without requiring a custom software to process it. In addition to components, SHACL has other
extension mechanisms (not covered in detail due to space limitations), most notably user-defined
targets (e.g. all devices with a module from Vendor X) and user-defined functions (e.g. a custom
algebraic operation for conversion between derived and base units of measurement).

TACL
Given the powerful extension mechanisms in SHACL, we are proposing T&E Extension for SHACL,
or TACL, which is a set of extensions to SHACL Core, and consists of the following:
• TACL Ontology — semantic data model that imports MDL and TMATS ontologies, which
reflect the T&E XML schemas and adds additional concepts and logical axioms to facilitate
automatic inference and effectively a more powerful constraint language.
• TACL Constraint Components — set of commonly used T&E constraint types that refer to the
ontological model. They will involve potentially very complex SPARQL expressions inside,
which the end users will never have to see. Instead, they will simply use a TACL processor
that already imports the component definitions and leverage a SHACL engine internally.
• TACL Functions — set of functions commonly used inside the constraints, components, or
target definitions.
TACL bears a similar relationship to SHACL as MDL does to XML — a customization of a standard
language to a specific domain that can be processed with the tools developed for the core language.
Just like MDL or TMATS XML documents can be processed with domain-agnostic XML tools
(editors, schema validators, query processors), TACL can be processed with those developed for
SHACL. With the W3C behind the standard, SHACL user community is quickly growing, which is
important for the relatively small domain of T&E. If the community decided to develop an entirely
new language, it would take a much longer time before appropriate tools would be in place, and
there would be a lot fewer resources (user groups, forums, etc.) to rely on.
Naturally, the community could use pure SHACL instead of standardizing a set of extensions,
but then it would result in a lot of redundancy for the commonly used constraints, and force the
engineers to learn the more complex SPARQL expressions. The benefits of pursing TACL as the
standard are manifold:
• Easier constraint authoring and maintenance due to a more succinct syntax and domainspecific terms, while still being compliant with SHACL tools. For instance, consider custom
target class tacl:usesForeignModules to point to any device that contains a module that is
manufactured by a foreign vendor.
• A looser coupling with the MDL schema (resilience to updates) — if the domain model
changes, the TACL component definitions may need to be updated, but the individual constraints are likely to be entirely unaffected. Consider the following scenario as an example:
1. A TACL component (e.g. tacl:maxPowerNeeds) is developed against a variety of vendorspecific generic parameters to facilitate development of constraints on maximum power
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needs (not currently supported by MDL).
2. The generic parameters are eventually standardized and become first-class citizens in
the MDL schema.
3. The component is reimplemented to reflect the changes, but the constraints that used the
component do not need to change at all.
• Improved time required to author constraints due to the reusability of TACL components in
different contexts (c.f. :Shape5 above).
The following are some examples of constraints that could be developed with TACL. Note that
TACL is just a proposal and that it requires more involvement from the wider community before it
can be subject to standardization. The primary purpose of this work is to convince the community
of its value and to show how this approach would benefit all stakeholders.
1 # Devices with 3-5 transducers must have at least two power sources
2 :TaclShape1
3
sh:target [a tacl:hasTransducers ; tacl:min 3; tacl:max 5]; tacl:hasPowerSourceCount 2.
1

# DAUs from VendorX can be mapped to at most 5 measurements and have a maximum
power need of 20

2 :TaclShape2
3
sh:targetClass mdl:DAU ; sh:property [sh:path mdl:manufacturedBy "VendorX" ];
4
tacl:hasMeasurmentsMax 5; tacl:hasMaximumPowerNeed 20.

Given that MDL and TMATS XML are both XML languages, they can be subject to processing
with other standard languages that refer to the XML data model, such as XPath or XQuery (which
uses XPath internally). These languages are a lot more expressive than XML Schema and could
be considered as a basis for a T&E constraint language, however, they are not meant to serve that
purpose, which leads to undesired consequences:
• Because XPath works directly on the XML tree structure, any change in the schema must be
followed by changes in the respective XPath expressions. In large projects this could easily
amount to a major task.
• Because XPath does not provide extension mechanisms, it results in a lot of redundancy.
• Because XPath does not have a notion of parameterized components, the constraints must use
syntax that is far from the language of the domain.
• Because XPath is not a constraint language, it requires coupling with non-XPath technologies
such as XForms to actually provide the constraint validation.
For a comparison, consider two examples of constraints, encoded both in XPath/XForms and in
TACL.
Constraint 1: “DAU1” device sample rates are 20 to 210 , and only powers of 2
XPath:
1 <!-- Scope -->
2 //mdl:Measurement[@ID = //mdl:PortMapping[mdl:PortRef/@IDREF = //mdl:NetworkNode[mdl:Name

eq "DAU1"]//mdl:Port/@ID]//mdl:MeasurementRef/@IDREF]/mdl:DataAttributes/mdl:
DigitalAttributes/mdl:SampleRate
3
4 <!-- Constraint -->
5 mdl:ConditionParameter/mdl:ConditionValue = (’1’, ’2’, ’4’, ’8’, ’16’, ’32’, ’64’, ’128’, ’

256’, ’512’, ’1024’)
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TACL:
1 :TaclShape3
2
sh:target [a tacl:MeasurementOfNetworkNode ; tacl:name "DAU1" ];
3
sh:property [
4
sh:path (mdl:hasSampleRate mdl:hasConditionValue ) ;
5
sh:in ("1" "2" "4" "8" "16" "32" "64" "128" "256" "512" "1024"); ];.

Constraint 2: Uncertainty of “DAU1” measurements must be in range between .03 ms to 80 ms
XPath:
1 <!-- Scope -->
2 //mdl:Measurement[@ID = //mdl:PortMapping[mdl:PortRef/@IDREF = //mdl:NetworkNode[mdl:Name

eq "DAU1"]//mdl:Port/@ID]//mdl:MeasurementRef/@IDREF]/mdl:DataAttributes/mdl:
Uncertainties/mdl:Uncertainty
3
4 <!-- Constraint -->
5 (num(mdl:ConfidenceInterval/mdl:ConditionParameter/mdl:ConditionValue) ge . 3e-5)
6 and (num(mdl:ConfidenceInterval/mdl:ConditionParameter/mdl:ConditionValue) le 0.08)

TACL:
1 :TaclShape4
2
sh:target [a tacl:MeasurementOfNetworkNode ; tacl:name "DAU1" ];
3
sh:property [
4
sh:path (mdl:hasDataAttributes mdl:hasUncertainty mdl:hasConfidenceInterval mdl:
5
6

hasConditionValue) ;
sh:minInclusive ". 3e-5" ;
sh:maxInclusive "0.08" ; ];.

Note the intricate scope expression in both XPath constraints — it traverses the XML tree to
find all measurements that are bound to a device with a specific name. Not only it cannot be
reused and must be retyped in each similar constraint, it is tightly coupled with the schema and all
such expressions would have to be updated if the related schema changed. By contrast, in TACL
constraints, this lookup is replaced by a single component tacl:MeasurementOfNetworkNode that hides
all the details. Schema changes would not affect these constraints at all, only the component would
have to be recoded. Furthermore, using ontological axioms, the paths can be much shortened, e.g.
in the first constraint, the mdl:hasDataAttributes/mdl:hasDigitalAttribtues/mdl:hasSampleRate could be
defined as an OWL property chain that effectively adds a shortcut in the graph that relates the
measurement directly with the sample rate value. As a result, the constraint expression is much
more succinct.
All of the constraints described in this paper were implemented and tested against input XML data,
including the MDL examples that are bundled with the schema. The tests were performed with
xVISor, VIStology’s TACL constraints validation engine, which includes a semantic lifter that
automatically converts the XML input to RDF/OWL.

CONCLUSIONS
VIStology and SwRI are actively collaborating to develop more candidates for TACL components
and functions and to extend the TACL ontology with richer semantics. It is a work in progress that
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we hope the community will join and eventually adopt. Once TACL is standardized, cross-vendor
configurations will be much easier to build and it will pave the way to new and more advanced use
cases, such as semi-automatic generation of configurations given the measurement requirements
and a set of constraints pertaining to all available devices, and those imposed by the user.
While TACL syntax is reasonably succinct and easy to read and write, it may still pose a challenge
to those engineers that never worked with any semantic standard. For this reason, our team will
explore the possibility of generating basic TACL constraints based on the input from the user given
via graphical user interface or through predetermined templates. Although it is plausible that a
controlled natural language could be used to author some constraints and then to generate TACL
from it, it is unlikely that it could ever be expressive enough to cover all use cases. Consequently, we
are proposing that only TACL is standardized, allowing vendors to develop their own user-friendly
interfaces to interact with their users, but to require that TACL is used in any exchange crossing
their systems’ boundaries.
Acknowledgements: This work was performed under Air Force contract FA9302-16-C-0017
“Rule-Based XML Validation for T&E (RuBX)”. Any opinions, findings and conclusions or recommendations expressed in this material are those of the authors and do not necessarily reflect the
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ABSTRACT
As technologies like network-based telemetry and standardized configuration languages begin to
see wider adoption within the flight test community, new techniques exploring the new possibilities
they provide are also developed. This paper reviews a subset of these techniques, including successful use in commercial flight test, focusing on the concepts of constraints and their application
in the field, specifically their use in helping users to create correct-by-construction configurations.
We then explore ongoing efforts with the Air Force and DARPA to extend these techniques into
constraint satisfaction and real-time adaptation, providing the ability to create and adapt configurations to match (possibly changing) test requirements.

INTRODUCTION
New technologies including network-based telemetry and standardized configuration languages
are slowly trickling into use in the flight test community. The IRIG 106-17 standards[1] have
been been released, formalizing MDL v1.0.0 for use by both government and commercial flight
test programs. The Boeing Company’s Modular Instrumentation Setup Tool (MIST) has been
developed, making use of a dialect of MDL to provide a vendor-agnostic solution for their use[2].
Techniques for semantic validation of Test and Evaluation XML data are being developed, building
higher level semantic rules on top of the basic XML syntax of the language[3].
In parallel, and originally unrelated to these standardization and expansion efforts, DARPA has
been running its Building Resource Adaptive Software Systems (BRASS) program, whose goal
is "to realize foundational advances in the design and implementation of long-lived, survivable
and complex software systems"[4]. Teams of performers tackle varied domains with specialized,
cutting-edge adaptation techniques with a goal of "making software that will last for a hundred
years".
1

During phase 2 of the program, SwRI (funded by DARPA and AFRL) was chosen to present
a third-party challenge problem of military significance: flight test. SwRI’s role is to develop
and frame a series of scenarios, complete with modeling tools and accessibility considerations, to
allow these non-domain experts to apply their specific techniques to flight test, under the umbrella
of the "Adaptive Constraint Satisfaction in Flight Test Configuration" (SIFT) team. This brings the
research advances in adaptive software to this new domain, benefiting the program by providing a
useful transition direction, and opening new possibilities for adaptable systems in flight test.
This paper first looks at the successful commercial use of these configuration techniques, in Boeing’s MIST. Near-future adaptation techniques using constraint satisfaction and offline reasoning
are discussed, with the language advances that make those possible. Finally, this paper provides a
look into the future of how flight test is being integrated with the BRASS program, and the new
capabilities this may provide to prospective programs.

SUCCESSFUL COMMERCIAL USE
The Modular Instrumentation Setup Tool (MIST) was originally implemented by the Boeing Company to configure data acquisition devices from Zodiac Data Systems for the 737-MAX flight test
program. MIST resides on a server and accesses data from a Boeing database. A new version
has since been made available to allow the 777-X flight test program to use MIST onboard test
airplanes, in addition to providing additional configuration capabilities on the ground. A new version to be released later in 2018 will allow users to work completely offline, onboard and on their
laptops, modifying MDL files and dynamically configuring MDL devices without being connected
to the larger Boeing database. These capabilities will also provide a path for MIST to be integrated
into the Next Generation Flight Test System from Boeing Test and Evaluation.
Architecturally, MIST was designed to use MDL as a standard interface with vendor hardware and
software, breaking the previous dependence on proprietary formats. MIST also utilizes externalized Constraints written in XPath, eliminating the need to hard-code configuration rules for each
specific device type on a test airplane. When any of these XPath Constraints are violated, errors
are dynamically displayed to users using XForms, HTML5 and Angular JS.
During the 737-MAX flight test program, MIST provided its greatest benefits to the user community through the use of Constraints and Instant Validation. User input and configuration dependencies are instantly evaluated by the Orbeon (Open Source) Constraints Engine using Vendor,
System and User Constraints. Boeing Engineers provided their own set of User Constraints to
complement or additionally restrain Vendor and System Constraints. These Constraints facilitated
quick changes and adjustments during the flight test program, as they reside outside the code in
XML formatted files that can be modified independently of the source code for the tool.
Moving forward with MIST as an integral part of the Boeing Next Generation Flight Test System
will present opportunities for integrating new MDL devices and adopting the official MDL 1.0
standard (MIST currently uses an older version to support vendor devices). In addition, a more
generic architecture can be created that will allow new tools to be developed on an MDL and
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Constraints based framework, where business rules will reside outside the application code and
can be added and modified by Flight Test Engineers using a potential new set of tools available
from SwRI, VIStology and other research companies.

CONSTRAINT SATISFACTION
Standardization of new configuration languages such as MDL opened up new opportunities that
were not even thought of before. Configuration management software can now access all parameters: not only those specified by the standard, but also those that are vendor-specific, which was
made possible due to flexible extensibility mechanisms embedded in the language. With all parameters uniformly expressed in one language, it is now possible to specify constraints that pertain to
all stakeholders of the configuration process in one place: the instrumentation engineers building
the configuration, the vendors supplying the hardware, and the standardization organizations, such
as RCC. It is now feasible to significantly reduce the engineering time required to build a configuration by performing a constraints validation that considers all parameters and constraints at once. In
addition, new types of tools can now be developed to perform some form of constraint satisfaction
in order to (semi-)automatically build configurations that meet the test engineer’s measurement
requirements and satisfy all of the constraints.
While the configuration languages are sufficient to represent all parameters, they are not equipped
with rich enough semantics to express all constraints. In particular, the widely used XML schema
is not expressive enough to capture inter-element, or inter-attribute constraints, which are actually quite common. Without the standard language to express all constraints, proprietary vendorspecific solutions are developed. Thus, to build a configuration with n different vendor devices, n
different configuration tools must be used to validate each setup. Furthermore, additional software
is needed to validate system-level constraints that do not pertain to any specific device. This is
arguably the main reason why cross-vendor configurations are rather avoided in practice.
The T&E community is well-aware of the lack of a standard T&E constraint language and has
been actively searching for a solution to this problem for the past several years. Given the fact the
community is relatively small, and the problem of putting constraints on XML-based documents
is domain-independent, there has been a lot of interest in reusing existing technologies to expedite
the standardization process. The main candidate that has been considered so far is W3C XPath,
which is a query language for XML documents. While it has much richer semantics than XML, it
is closely-coupled with the XML trees, which leads to major challenges with maintenance required
to stay up to date with the frequent standard updates.
VIStology and SwRI are proposing TACL, a T&E extension to the W3C Shape Constraints Language (SHACL) as the new standard T&E constraint language. SHACL is a product of a long
effort led by a large community of enterprise stakeholders, which faced a similar problem to the
T&E community: lack of a standard constraint language to validate data originating at disparate
sources. SHACL targets Resource Description Framework (RDF) [5] documents, widely used to
represent Linked Data [6] on the Web, but it may as well be applied to other data sources after a
straightforward conversion. The key features that lead to development of TACL are 1) the fact that
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SHACL is an official W3C standard and will soon be followed by an ecosystem of software tools
that support it, 2) all schema constraints and those exposed publicly by vendors and users can be
expressed in SHACL, 3) it can be integrated with OWL [7] ontologies and utilize the power of
OWL inference to introduce a high-level of abstraction in constraint definitions.
TACL bears a similar relationship to SHACL as MDL does to XML — a customization of a standard language to a specific domain that can be processed with the tools developed for the core
language. Just like MDL or TMATS (Telemetry Attributes Transfer Standard) XML documents
can be processed with domain-agnostic XML tools (editors, schema validators, query processors),
TACL can be processed with those developed for SHACL. It can be used for formulating constraints on configurations represented in MDL and TMATS, independently of any configuration
software, introduces high-level components that help to form constraints close to the user’s intent, and are less concerned with the low-level syntax details. It exhibits much better resilience to
changes in the XML schemas than the languages that refer directly to the XML trees.
VIStology’s xVISor, a proof of concept TACL engine, has been successfully developed and applied
to MDL/TMATS configurations. The next step is to develop solutions that leverage this technology
further and automatically build configurations that satisfy all constraints.
In the BRASS realm, there are several classes of problems that can be solved or addressed by the
constraint satisfaction type of approach. More specifically, these are problems for which all the
parameters and metrics are known and static, and answers can be verified without the information
of a particular circumstance.
One class of problems matching these criteria is that of configuration requirements analysis. An
engineer may have a set of requirements for her acquisition system, defining the measurements
needed, data rates, and other information. In the theoretical world where a BRASS-powered system
has all the capabilities that are foreseen as possible outcomes of the program, there are a few
options open to her.
The engineer can validate that the acquisition system she assembled from available parts is capable
of satisfying the requirements, based on the capabilities of the individual components and the
system topology. She can get a measure of the redundancies of the system in the face of failures
(e.g. how many sources there are of a particular piece of safety-critical information). She can
opt to have the BRASS-powered system build configuration possibilities for her, drawing from
the available devices and equipment available for use at that facility, with a goal of the minimum
hardware required to satisfy the requirements.
One particular problem that has been explored is the question of what to do when hardware is in
need of replacement. A scenario may present where, in a pre-flight situation, a Data Acquisition
Unit (DAU) is broken and needs to be replaced. Inventory stock for that DAU is low, so the risk of
depriving other concurrent programs which rely on that part is high. The decision could be made
to order a new DAU from the vendor, which adds a purchase cost and a significant lead time during
which no more tests can be run. Alternatively, there may be another type of DAU, even from a
different vendor, which has similar capabilities and is in stock at the facility.
Using requirements analysis techniques, it is possible that the BRASS-powered system can prove
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that the secondary DAU will satisfy the original requirements that the DAU being replaced was
responsible for (regardless of the actual sampling rates and other parameters used in operation).
This would save money and time for the program, and would avoid putting other programs at risk.
These BRASS adaptations can explore beyond what an engineer would be tasked to do, because
there isn’t a minimum feasibility that would have to be met. In other words, it doesn’t have to
seem likely for BRASS to explore the possibility. These types of exploratory optimizations and
adaptations are generally only done by humans with significant domain experience and "intuition"
to help guide them, but a BRASS-powered system can explore further and faster with more formal
satisfaction of the requirements.

REAL-TIME ADAPTATION
Dynamic, real-time adaptation of telemetry systems involves reasoning about, and making decisions on a range of system factors, from a number of potential automation suppliers. These reasoning techniques, and the software tools used for their implementation may span many technologies.
Attempting to integrate diverse software technologies into a single, tightly coupled system both
compounds the difficulty in construction and may limit the available tools. In addition, the evolution of software solutions would be hampered, as technology lock-in prohibits adoption of the
current best-in-class tools. Consequently, the SIFT team opted for a loosely coupled integration of
the telemetry systems configuration.
Another goal of the system is to simplify the process of integrating tools with the system. While the
native XML format is compact and expressive for specifying a configuration, it requires substantial
domain knowledge and an XML interpretation interface in a tool.
Finally, since the file is monolithic, incremental editing to the file can be problematic, and consistency issues can arise if multiple readers/writers are attempting to modify a configuration.
The approach to allow for loose coupling, semantic isolation, and multi-client access is to maintain
the instrumentation system state in a NoSQL (Not only SQL) database. The advantages of this
approach are:
• Native Graph Support: The test configuration involves many entities, often related to multiple other entities in the system. To reason about the test configuration, these relationships
must be evaluated. Graphs are a natural format for capturing this information. Physical,
software, and information entities are captured as attributed nodes. Relationships (dependencies, assignment, sequencing, etc) are captured as graph edges. The NoSQL databases
have powerful queries that assist a tool in finding and traversing these entities and relationships.
• Multi-User Access: Core to the database technology is the ability to provide access to a large
number of client systems. This technology has powerful and high performance mechanisms
for locking and synchronizing updates, including monolithic updates for consistency.
• History Maintenance: Databases have mechanisms to maintain versions, to support post-test
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analysis of the system state as it progresses through a test campaign.
• Multiple Formats: In addition to graphs, the NoSQL databases support key-value stores,
document stores, and standard relational database approaches to permit matching of the data
to the best/highest performance native format. While the graph format is the best match for
MDL, documents and ontology can capture high volume data and semantic mappings to help
external parties understand the semantic meanings of a configuration.
This combination of technologies serves to maximize accessibility of the system to the performers,
who, while they have considerable technical expertise in their specializations, are not familiar
with much of the flight test field, much less the intricacies of MDL. By abstracting these into
general reasoning structures, framing the data into graphs backed by ontologies that describe both
the relationships between fields and the constraints placed upon them by both the physics of the
test and the limitations of the devices under use, the performers can apply their solutions without
needing the decades of flight text experience that our team supplies.
This then leads back into our theoretical world where the BRASS-powered systems are available
and performing as predicted. In addition to the configuration-time adaptations discussed above,
there are many points in a flight test program where real-time adaptations are desired (though
they may not be actually carried out, due to the relatively static nature of running tests and the
complex interdependencies between simultaneous flights). A BRASS-powered system could take
into account the environment of the whole test range, and make decisions that either avoided impact
to other tests while adapting a single test, or trigger adaptations to maximize the value (or minimize
the cost) of the entire range, depending on the scope of the operation the system is responsible for
managing.
Recent evolutions in flight test telemetry mean that some scenarios are actually adaptable without a
BRASS system. An example of this is a situation with a test article (TA), which, after encountering
strange vibration, requires more safety of flight data to continue the test. In a traditional PCM
system, this TA would be configured with a fixed transmission schedule, and would just be forced
to land. Using an iNET TmNS system, but still configured with a fixed transmission schedule (an
unlikely scenario), a BRASS system would be able to dynamically reconfigure the radios, taking
into account other transmissions scheduled on that frequency. A more typical iNET system would
be able to use the Link Manager to adjust the scheduled bandwidth for that TA, and grant the
bandwidth rights to be able to send down the necessary data without any reconfiguration.
A more interesting situation is a TA performing a test when another parallel test is grounded,
leaving that TA with significantly more available bandwidth for a period of time. The TmNS
system can make the adjustments to grant the TA that bandwidth, but there are likely no guidelines
for how to adapt for beneficial situations that operators can follow. As such, a traditional system
would just continue as if no change had occurred, and the range would lose the cost and value
associated with the grounded test. A BRASS-powered system, however, could have knowledge
of many relevant parameters to decide on a course of action: the current configuration of the
TA’s instrumentation system, the progress in the testing program (which tests have and have not
been done), and even environmental conditions. This system could advise anything from simply
transmitting more data for the existing test to suspending it to do a more "lucrative" test, in order
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to maximize program value. Obviously, these types of complex adaptations are far away, but it is
important to highlight the potential of these types of approaches.

CONCLUSIONS
Configuration techniques have made rapid strides in the past decade, with the introduction of MDL
as a standard configuration language and the rest of the TmNS standards playing a crucial role.
Standards that normalize behavior between vendors mean vendor-agnostic tools can be created,
including Boeing’s MIST tool. These same standards can be built upon, in turn, by technologies
and languages such as TACL and XVisor, which add further reasoning capabilities and ease the
definition of rules and interactions within the system. Going further, the BRASS program, as
applied to flight test, can use these same configuration languages, abstracted into general reasoning
problems, to adapt to changing environments and situations across complex systems. As these
advances are slowly adopted by the community, programs will be able to set up devices quicker,
intelligently making decisions that increase program value and reduce cost across all areas of flight
test.
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ABSTRACT
This paper analyzes lossy data compression in the specific context of event-related potential (ERP)
analysis of electroencephalography (EEG) data. The lossy data compression techniques analyzed
here are bit-rate quantization and frequency truncation using the discrete cosine transform (DCT).
Within the context of both methods it is demonstrated that ERP analysis waveforms yield significant data compression advantages over raw EEG data. It is found from the experimental results
that for any given quantization error bound, utilization of ERP analysis requires approximately 3
fewer bits per EEG sample than normalized EEG data. Additionally, given any error bound for
frequency truncation, at least 30% more total DCT coefficients can be discarded when utilizing
ERP analysis instead of raw EEG data. The results hold significant implications for large-scale
medical applications that rely on ERP analysis of EEG data.
INTRODUCTION
Electroencephalography (EEG) is a method of recording the brain’s electrical activity and is widely
used as a medical diagnostic tool. Recent interest in creating publicly available databases of EEG
datasets [1, 2] has led to a renewed need to consider the problem of compressing EEG waveforms to
decrease storage space requirements and download times. Many of the EEG compression methodologies that have been studied to date have been lossless or near-lossless [3, 4, 5] due to clinical
liability considerations. The difficulty with lossless schemes is that the maximum compression
achievable is often minimal, being limited by the entropy of the input signal. While lossy compression can overcome this difficulty, careful consideration must be given to the manner in which
the EEG waveforms will ultimately be utilized in order to preserve diagnostically significant data
(e.g., [6]).
A particularly potent tool for understanding EEG is event-related potential (ERP) analysis,
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which has been shown to have widespread utility in the detection of neurological disorders [7,
8, 9, 10, 11, 12, 13], brain-control interfaces (BCI) [14, 15, 16], understanding brain processing
[17, 18, 19], and even for evaluating the perceptual quality of audio stimuli [20]. ERP waveforms
are created by time aligning multiple sections of raw EEG waveforms using appropriate temporal markers while performing renormalization (i.e., ‘removing the baseline’) to compensate for
voltage drift [21] and then averaging the derived trials. This research considers the problem of
lossy compression in the context of how it affects ERP analysis. Specifically, the paper analyzes
the impact of two fundamental lossy compression techniques, namely quantization and frequency
truncation, on the accuracy of an extracted ERP waveform.
ERP ANALYSIS OF QUANTIZED EEG DATA
A.

Quantization of EEG Data

We first normalize the raw EEG waveforms by channel which allows us to simulate the process
of quantization using the formula
xk [n] = ∆ · round[

xk [n]
]
∆

(1)

with quantization step size ∆ = 2−b , where b is the number of bits used per input sample. Due to
the bipolar nature of EEG data, the true number of bits used per sample must be adjusted to b + 1.
The dataset used in these experiments is the sample dataset included with the EEGLAB toolbox
and consists of 32 channels sampled at 128 Hz for a duration of 240 seconds, resulting in 30504
frames per channel [22]. The dataset contains 80 temporal markers indicating the presentation of
a stimulus to the subject. All frames for each channel are quantized using (1) for the range b = 1
to b = 9, that is, 2 bits per sample to 10 bits per sample. At each level of quantization, the mean
squared error (MSE) between the normalized EEG data and the quantized dataset is calculated
over individual channels as well as over the entire dataset. Of the 32 channels represented in the
data set, two have especially notable significance. The F4 electrode (channel 5), located on the
front right quadrant of the subject’s scalp, shows the most pronounced P300 response to stimuli
of the test while the O2 electrode (channel 32), located on the back right of the subject’s scalp,
demonstrates the least pronounced P300 response. The P300 is a time domain waveform that is
characteristic of early-brain processing and ERP analysis will typically accentuate the P300 if it is
present [21], motivating our attention toward the extremes of this response.
B.

Impact on ERP Analysis

We then perform event-related potential analysis at each quantization level (2 bits per sample
to 10 bits per sample) on the normalized EEG data. As described above, ERP analysis averages all
time-aligned trials obtained from the 80 temporal markers within the normalized EEG waveforms
while performing renormalization to minimize the effects of voltage drift. The MSE between the
ERP analysis of the original normalized EEG data and the ERP analysis of the quantized datasets
is calculated for each level of quantized data, both across the individual channels and across the
conglomerate of channels.
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Table 1 shows results of the error analyses for the normalized EEG data and ERP analysis
at selected quantization levels and Figure 1 plots those results on a linear plot. In the plot we
include the analyses of the whole data sets (‘All Channels’) as well as channel 5 and channel 32
individually because of the significance of their P300 responses. For all analyses, however, we
observe the variation in error due to data compression between these two extreme channels to be
minimal and sufficiently approximated by the whole dataset.
Table 1: Mean Squared Error for Quantized Datasets

Bits Per Sample Normalized EEG ERP Analysis
2
1.8591e-02
2.5979e-04
3
5.0205e-03
6.4163e-05
4
1.2930e-03
1.6274e-05
5
3.2604e-04
4.1831e-06
6
8.1289e-05
1.0299e-06
7
2.0356e-05
2.5296e-07

Ratio
71.560
78.246
79.455
77.942
78.925
80.468

Figure 1: Quantized Normalized EEG Data and Subsequent ERP Analysis

Table 1 and Figure 1 demonstrate the drastic decrease in MSE from the normalized EEG dataset
to the ERP analysis dataset for all quantization levels. The final column in Table 1 shows the ratio
of the MSE of the normalized EEG dataset to the MSE of the ERP analysis at each quantization
level. The MSE ratios across the range 2 bits per sample to 10 bits per sample have a standard
deviation of 2.93. This statistic is substantially smaller than that for the DCT-based frequency
truncation and allows relatively more uniform conclusions for bit-rate quantization regarding the
relationship between the compressed EEG datasets and the associated ERP analyses.
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Figure 2: Quantized Normalized EEG Data and Subsequent ERP Analysis (Log-Lin Plot)

The semi-log plot in Figure 2 is helpful in drawing conclusions regarding the relationships between the normalized EEG data and the corresponding ERP analysis under quantization. Keeping
the number of bits per sample fixed on the horizontal axis, we can observe the MSE ratios between
the EEG data and the ERP analysis data as enumerated in Table 1. If we fix the MSE on the vertical axis, that is, identify a quantization error bound, we can interpret bit-rate relations between the
normalized EEG waveforms and the ERP analysis datasets. At MSE 10−4 , for example, we must
increase nearly 3 bits per sample across the horizontal axis from the ERP analysis data point to
reach the normalized EEG waveform data point. It is clear from the plots in Figure 2 that such is
the case for any quantity of MSE and therefore we find that utilization of ERP analysis requires approximately 3 fewer bits per EEG sample than the normalized EEG data for any given quantization
error bound.
Plots of the waveforms as shown in Figures 3 and 4 qualitatively support the interpretations
above. Here, we show a sample waveform from the F4 electrode (channel 5) (i.e., the one with
the strongest P300 response). Figure 3 illustrates the effects of quantization (at 4 bits per sample)
on the normalized EEG waveform while Figure 4 illustrates the effects on the ERP waveform. We
note that the quantized ERP waveform mirrors its non-quantized waveform far more closely than
the quantized raw EEG waveform follows its non-quantized version.
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Figure 3: Visual Sample for Normalized EEG Data

Figure 4: Visual Sample for ERP Analysis

ERP ANALYSIS OF FREQUENCY TRUNCATED EEG DATA
C.

Frequency Truncation Using the Discrete Cosine Transform (DCT)

A second method of lossy compression we investigate is using the discrete cosine transform
(DCT) to perform frequency truncations: i.e., retaining only the highest energy frequency coefficients and zeroing out the remainder. The DCT is closely related to the discrete Fourier transform
but has a stronger energy compaction property, meaning that most of the signal information is described by fewer coefficients. This property of the DCT makes it favorable for signal compression.
Here, each individual channel vector x(n) of length N in the sample data set is put through the
DCT-II transform given by
r
N
n π
o
2 X
1
cos
x(n) √
(2n − 1)(k − 1)
k = 1, ..., N
(2)
y(k) =
N n=1
2N
1 + δk1
with δk1 the Kronecker delta. In order to perform various levels of frequency truncation, between
10% and 90% (using 10% intervals) of the lowest energy coefficients are zeroed out. Following the
modification of the DCT coefficients, the inverse of the DCT-II transform is performed, resulting
in lossy compression of the original EEG data with various percentages of frequency coefficients
discarded. For each percentage of discarded coefficients, the MSE between the original EEG data
and the compressed result is calculated over individual channels and as well as the entire dataset.
Table 2: Mean Squared Error for Frequency Truncated Datasets

Coefficients Discarded EEG Waveform ERP Analysis
10%
1.1508e-02
1.6384e-04
30%
3.4173e-01
4.5692e-03
50%
1.9629e+00
2.5663e-02
70%
7.9978e+00
9.7699e-02
90%
4.5723e+01
4.9171e-01
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Ratio
70.238
74.790
76.486
81.862
92.987

Figure 5: Frequency Truncated Raw Data and Subsequent ERP Analysis

D.

Impact on ERP Analysis

Next, we perform event-related potential analysis with each percentage of the DCT-based frequency truncated EEG data. Once again we perform renormalization during ERP analysis to minimize any voltage drift within the EEG scan. We then calculate the MSE between the uncompressed
ERP analysis dataset and the ERP analysis datasets resulting from each percentage of discarded
low energy coefficients.
Table 2 and Figure 5 compare the frequency truncation rate against the MSE for both the EEG
datasets and the synthesized ERP datasets. Although we see here slightly larger variations in MSE
between the individual channels and the dataset as a whole than we did for quantization, the result
for the entire dataset remains sufficient to quantify the effects of frequency truncation on ERP
analysis. The final column of Table 2 shows the ratio between the MSE of the EEG waveform
and the MSE after the ERP analysis at selected percentages of coefficients discarded. The MSE
ratios across the range 10% to 90% of the coefficients discarded have a standard deviation of
6.94, a noticeably larger statistic than for the bit-rate quantization discussed previously. The larger
variance in the MSE ratio for the DCT-based frequency truncation complicates the conclusions that
can be drawn between the compressed EEG waveforms and the corresponding ERP analyses.
The semi-log plot in Figure 6, however, is helpful to identify relations between the frequency
truncated EEG waveforms and the corresponding ERP analysis datasets. Fixing the percentage
of DCT coefficients discarded on the horizontal axis, we can observe the MSE ratios between the
EEG waveforms and the ERP analysis datasets as enumerated in Table 2. If we fix the MSE on
the vertical axis, that is, identify an error bound for frequency truncation, we can draw important
comparative conclusions between the ERP analysis datasets and the EEG waveforms. At MSE
6

Figure 6: Frequency Truncated Raw Data and Subsequent ERP Analysis (Log-Lin Plot)

10−2 , Figure 6 shows that the raw EEG dataset can only discard 10% of the DCT coefficients
whereas the ERP analysis dataset has discarded 40% of the DCT coefficients, meaning that an
additional 30% of the total DCT coefficients can be discarded when utilizing ERP analysis rather
than EEG waveforms for the selected error bound. At MSE 10−1 , the raw EEG dataset can only
discard 20% of the DCT coefficients whereas the ERP analysis dataset has discarded 70% of the
DCT coefficients, meaning that an even larger additional 50% of the total DCT coefficients can be
discarded when utilizing ERP analysis rather than EEG waveforms for that selected error bound.
Following the same inspection process, we note that the additional percentage of total coefficients
that can be discarded when utilizing the ERP analysis steadily increases from MSE 10−2 to 10−1
and levels off for MSE greater than 10−1 . Therefore we find that for any error bound for frequency
truncation, at least an additional 30% of the total coefficients in the DCT can be removed when
utilizing the ERP analysis rather than the raw EEG waveforms, and that as the permitted error
bound increases, we can discard as much as an extra 50% of the total coefficients in the DCT for
the ERP analysis compared to the raw EEG waveforms.
This trend can be visually verified using waveforms sampled from the F4 electrode (channel
5) (strongest P300 response). Figure 7 demonstrates the effects of frequency truncation (at 80%
of DCT coefficients discarded) on the raw EEG waveform while Figure 8 demonstrates the effects
on the derived ERP analysis datasets. Studying these figures, we clearly see that the frequency
truncated ERP waveform matches its uncompressed version far more closely than the frequency
truncated raw EEG waveform matches its uncompressed version.
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Figure 8: Visual Sample for ERP Analysis

Figure 7: Visual Sample for Raw EEG Data

CONCLUSIONS
In this paper, we have examined how the lossy compression techniques of quantization and frequency truncation affect EEG data destined to be processed into ERP waveforms. For both quantization and frequency truncation, it is observed that utilization of ERP analysis waveforms yields
significant data compression advantages over raw EEG data. Specifically, given any quantization
error bound, utilization of ERP waveforms requires approximately three fewer bits per EEG sample than normalized EEG data. Given any error bound for frequency truncation, utilizing ERP
waveforms rather than raw EEG data permits at least 30% more of the total DCT coefficients to be
discarded. Taken together, these results support the idea that lossy compression of EEG waveforms
is a viable solution to the problem of efficiently storing and transmitting EEG signals for those applications that use ERP analysis. Future work includes examining the effects of lossy compression
on other important EEG analysis techniques such as time-frequency analysis and cross-frequency
coupling analysis.
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ABSTRACT
Medical applications of telemetry continue to evolve with the demand for real time networked
medical data, and with minimum intrusion to the mobility of the patient. This paper presents
several architectures for managing a scalable hospital’s medical devices localization service and
shows how these can be represented using the Unified Modeling Language (UML) model. It
targets medical devices which are equipped with wireless technologies such as WiFi, Bluetooth
Low Energy (BLE), etc. which can be incorporated into a networked telemetry system. The
UML modeling demonstrates a scalable medical devices localization service for a hospital which
can make use of client-server and cloud based architectures. The resulting model is a step
towards a practical implementation of the service in tackling several problems which can arise
due to the misplacement and improper sharing of medical devices in a healthcare scenario such
as hospitals.
Key words: Localization, BTLE, healthcare, Medical Devices, UML

1. INTRODUCTION
Bluetooth Low Energy (BLE) forms the part of Bluetooth V4.0 specification that has been
ratified by the Bluetooth SIG since June 2010. Applications and products which make use of this
technology have seen a significant explosion such as health, fitness and location awareness. By
incorporating BLE to mobile devices running applications, it is possible to provide gateway
connectivity to the internet.
Today many enterprises and startups are building sophisticated wireless medical devices with
complex companion software and mobile applications that rely on Bluetooth connectivity. Shortrange Bluetooth connectivity between the medical device and the smartphone allows data
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transfers via the Wi-Fi and cellular antennas to integrate the on-device patient data with clinical
systems and cloud-based architectures.
The BLE technology can be used for an additional purpose than its original intended
functionality - the communication with the health care applications and infrastructure. The BLE
can be used to track medical devices which could cause disease transmission due to improper
sharing. Medical devices such as a blood glucose monitoring devices are Bluetooth enabled. As
evidenced in the case of acute hepatitis B infection which occurred in a long-term care home
(LTCH) in Toronto, Canada, the Hepatitis B Virus (HBV) outbreak was associated with shared
blood glucose monitoring equipment. To prevent hepatitis B transmission, it was recommended
that a glucometer and finger-stick device be assigned to each diabetic resident requiring blood
glucose monitoring in addition to following routine infection control practices [1]. Similar
incidents were also investigated in psychiatric long-term care facility [2].
Medical devices which are assigned to be dedicated to specific patients should be tracked to
avoid misplacement. To reduce the risks of infections associated with the sharing of medical
devices due to misplacements, we implemented a pilot project in our previous work which tracks
those BLE equipped medical devices. The experimental results show how this Bluetooth Low
energy technology which is currently available in many medical devices can be used to properly
track these medical devices in a long term care home scenario [3].
This paper addresses the first step, UML based service modeling of a scalable scenario of the
localization application, towards implementing in a bigger area such as a multi-story healthcare
building. Nowadays, service-oriented architectures are becoming gradually more important.
There is a vast diversity of implementation and support platforms for this kind of architecture,
such as client-server and cloud. This increases the complexity of the development process of
service-based systems. With the aim of facilitating the development of localization service
solutions, we propose a specification of the architecture for this application.
Wireless medical telemetry is generally used to monitor a patient’s vital signs such as pulse, and
respiration. These devices have the advantage of allowing patient movement without restricting
patients to a bedside monitor with a hard-wired connection.
2. BACKGROUND
Bluetooth low energy is designed to enable new markets requiring low latency, low cost, low
duty cycle and low power consumption data devices. These markets include healthcare,
proximity, fitness, automotive and smart grid applications. These may include device categories
that are completely new to Bluetooth technology, or will use multiple features such as low
energy and high speed Bluetooth technology within the same device.
Bluetooth Low Energy [4] devices operate in the 2.4 GHz licence-free band and share the same
indoor propagation characteristics as 2.4 GHz WiFi transceivers. The beaconing, or advertising
mode, permitted in the BLE standard enables a very short, unsolicited message at very flexible
update rates. These messages can be used to allow a device to detect close proximity to a specific
location based on the Received Signal Strength (RSS). In this way, location specific triggers,
adverts, vouchers and information can be provided to the user.
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2.1 Bluetooth LE in Medical Devices
In 2003, only two years after Bluetooth wireless technology was officially released to the world,
the U.S. Food and Drug Administration (FDA) approved a Bluetooth enabled medical device for
the first time. It was a Serial Port Adapter for emergency room equipment, designed for
applications like wireless printing of electrocardiograms or transmitting medical images over the
air.
As manufacturers of different medical devices are causing interoperability issues, the Bluetooth
Special Interest Group (SIG) formed the Medical Working Group (MEDWG). As a result there
has been a seamless integration of medical devices in health care applications and infrastructure.
Incorporation of wireless technology in medical devices can have many benefits, including
increasing patient mobility by eliminating wires that tether a patient to a medical bed, providing
health care professionals the ability to remotely program devices, and providing the ability of
physicians to remotely access and monitor patient data regardless of the location of the patient or
physician (hospital, home, office, etc…). These benefits can greatly impact patient outcomes by
allowing physicians access to real-time data on patients without the physician physically being in
the hospital and allowing real-time adjustment of patient treatment. Remote monitoring can also
help special populations such as seniors through home monitoring of chronic diseases so that
changes can be detected earlier before more serious consequences occur [5].
Radio frequency (RF) wireless medical devices perform at least one function that utilizes
wireless RF communication such as Wi-Fi, Bluetooth, and cellular/mobile phone to support
health care delivery. Examples of functions that can utilize wireless technology include
controlling and programming a medical device, monitoring patients remotely, or transferring
patient data from the medical device to another platform such as a cell phone. As RF wireless
technology continues to evolve, this technology will increasingly be incorporated into the design
of medical devices.
2.2 Bluetooth LE Beacons
A BLE beacon is a wireless device that periodically broadcasts a Bluetooth Low Energy
advertising packet that can be received by a smartphone and used to determine the position with
respect to the beacon itself. This provides "context-aware" information to the mobile user,
opening up the possibility to connect the online (virtual) world with the offline (real) physical
world.
BLE beacons werefirst introduced by Apple’s iBeacon followed by Google’s Eddystone. Those
BLE enabled beacons transmit a signal up to a certain distance, ranging from 15cm (~6 in) to
70m (~230 ft). Beacons provide a virtual region, when we identify with a specific region of the
beacon then we can say that we are within that region. A Beacon broadcasts a Bluetooth signal
which contains unique identity information frequently, so the coverage area will be filled with
beacon signals; this area is called Beacon Region. Beacons have been attractive to retailers for
implementing location based services (LBS) as they have a long battery life and low cost of
maintenance.
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This work is based on Estimote beacons [6] which provide developers with a ready-made
Bluetooth LE device that can plug into Estimote’s SDK and give Apps hyperlocal awareness –
letting them detect nearby devices and provide contextual information about the world around
them instantly.
3. SCALABLE BLUETOOTH LOW ENERGY LOCALIZATION FOR HEALTHCARE
In our previous works [3], we implemented medical devices localization over a small area as a
proof of concept using an Android application. Developing a scalable medical devices
localization architecture should be considered that will be able to support health care in multistory buildings.
This section develops a scalable medical devices localization system based on BLE signals for
medical devices with BLE. Identification of the rooms also uses BLE signals from the Estimote
beacons. BLE or Beacon is a future trend. According to Bluetooth SIG, “by 2018 more than 90
percent of Bluetooth enabled smartphones will support Bluetooth Smart”. In general, other
wireless technologies such as WiFi can be also exploited to perform the localization.
The main reasons for using the Beacon technology are the following: low power consumption,
24/7 for over a year with a button cell battery; high supported range; cross-platform operation,
and support wide range of devices. BLE is supported by different platforms including Android,
iOS, and Windows and more. In addition, according to Bluetooth SIG, by 2018 more than 90
percent of Bluetooth enabled smartphones will support Bluetooth Smart [2].
Localization techniques can be employed. Although there is no specific support for positioning
service in Bluetooth technology yet, the predominant technology used are signal strength
measurement, link quality and bit error rate which rely on the services of the Host Controller
Interface. Thus the Received Signal Strength Indicator (RSSI) value of the Bluetooth signal is
used to get a correlation in the distance between sender and receiver in a network. RSSI value
fingerprinting using Bluetooth Low Energy signals can be used for localization similar to the
work in [7].
3.1 TECHNOLOGICAL ARCHITECTURE
This subsection discusses various technological architectures under consideration for scalable
medical devices localization. These are the client-server architecture and cloud-based
architectures.
3.1.1

Client-Server Architecture

The client-server architecture can be implemented using an iterative server which communicates
with the client application. The client App can be developed to be able to connect to the server
via a TCP socket. When the App is started it performs the following functions: it requests the
user of the App to turn the BTLE function ON if it was OFF, it scans for BTLE devices, and
scans for nearby Estimote beacons.
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The server on the other hand accepts several incoming connections from different clients. It
communicates with a database stored in mapping tables. Once it accepts a location request of a
medical device under query, the server uses the Estimote’s id to map the room and look for the
correctly assigned medical device to that particular room. It replies with this information and the
client displays the assignment to the user.
3.1.2 Estimote Cloud Architecture

A second type of architecture can be implemented using a cloud computing. The cloud provides
a software service which will mainly be used for managing the BLE based beacons which are
installed in the healthcare building. Considering the fact that a multi-story building will require
installation of a few beacons in each of the rooms, the total number of beacons inside the
building will be considerable.
The Estimote provides a SaaS cloud service to manage beacons deployed inside a building. The
deployment in each of the rooms can be done using their App to scan while walking around the
room where the App suggests the number and placement of the beacons. Once this phase is
completed, we can use an application token to access our beacons for localization. After the
beacons are installed, Estimote Cloud exposes a public RESTful API that can access the beacon
fleet data in a programmatic, machine-friendly way. The API can be used to fetch data about the
beacons; perform Estimote analytics; use fleet management API and integrate Estimote Cloud
with an independent backend. Using the Estimote cloud architecture, the localization system can
be deployed across hundreds of locations using SaaS subscription which has the above
mentioned features, applications, and APIs.
3.2 FUNCTIONAL ARCHITECTURE: UML MODELLING
This section focuses on service oriented architectural modelling using UML. The UML
diagramsin this section are a partial graphical representation (view) of the model of the medical
devices localization system under design for scalability based on the previously demonstrated
proof of implementation.
3.2.1

USECASE DIAGRAM

Use Case diagrams [8] are usually referred to as behavior diagrams used to describe a set of
actions (use cases) that some system or systems (subject) should or can perform in collaboration
with one or more external users of the system (actors). Each use case should provide some
observable and valuable result to the actors or other stakeholders of the system.
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Figure 1: Use Case Diagram
3.2.2

SEQUENCE DIAGRAM

Sequence diagram describes an interaction by focusing on the sequence of messages that are
exchanged along with their corresponding occurrence specifications on the lifelines.
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User

Client App

Server

Database

1.Start Application
2.Open Socket: connect()
3.Scan for Device

4.Scan Beacons/BTLE devices
5.Send beacons/BTLE
6.Request for Maps

7.Load Maps

8.Determine Device ID
9.Device/ Room ID Mapping
10.Display Mapping

11.Quit()
12.Close()
13.Close()

Figure 2: Sequence Diagram: Client
1. A user starts the localization App installed on a mobile device. If the device is not capable of
supporting BLE, it notifies the user. If the device supports BLE but it is not turned ON, it notifies
the user to turn it ON.
2. The client App opens a socket connection either via TCP or UDP to the server.
3. User presses the Scan devices button on the client application and the App scans BLE devices.
4. The client App scans for Estimote beacons and BTLE devices which are reachable.
5. The client sends the scan results (both the BLE devices and beacons) to the server.
6. Server requests for the maps between devices and rooms to the database.
7. The database loads maps to the server after performing the right query.
8. Using the localization algorithm, the server determines the device ID associated to a room.
9. The sever sends the Device-to-Room identity mapping to the client App.
10. The client displays to the used the mapping.
11. The user quits the application.
12. Client closes the socket to the server.
13. The server closes the socket to the client application.
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Server

Administrator

Database

1.Connect(ID,Port)

2.AcceptConnection()

3.sendQuery
4.performQuery

5.querySuccessful
6.QuerySuccess

7.connectionClose()

8.connectionClose()

Figure 3: Sequence Diagram: Administrator
1. The administrator sends a connection request to the server via its specified ID and port.
2. The server accepts the connection request from the administrator after successful
authentication.
3. The administrator sends a query to the server.
4. The server relays the query request from the administrator to the server.
5. The database executes the query. After a successful query execution, the database sends a
query success message to the server.
6. The server notifies the administrator the success of the query
7. The administrator sends a connection close message to the server.
8. The server replies with a connection close message to the administrator after closing the
connection.
3.2.3

CLASS DIAGRAM

Shows structure of the designed system, subsystem or component as related classes and
interfaces, with their features, constraints and relationships/associations, generalizations,
dependencies, and more.
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Figure 4: Class Diagram of the Structure of the System
The domain model diagram is an instance level diagram which shows instance specifications and
interfaces (objects), slots with value specifications and links (instances of associations). The
class diagram specified in Figure 4, can be extended to implementation class diagram which
includes indoor navigation capability besides the localization of medical devices. The classes
such as Departure, Destination, IndoorNavClient, RouteRequest and DisplayRoute implement
the part of the application which supports indoor navigation capability. The other classes
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implement the BTLE localization, Bluetooth device hardware functionality, Points of interest
(POI) and database connectivity.
4. CONCLUSIONS AND FUTURE WORK
This work highlights scalable modeling of medical devices localization. We develop several architectures
for managing location services for BLE devices and demonstrate how UML modeling can be used to
capture these for comparison. It has been demonstrated that the use of Estimote beacons and medical
devices which are equipped with BLE devices can be used to implement a localization system. Previous
experimental work covered a small area and targeted a single floor building. The UML modeling
demonstrated in this work is a step into the implementation of a scalable localization system which covers
an entire multi floor building. Future work will investigate expansion of the previous pilot
implementation to scale into larger area and multi-story healthcare building to perform medical devices
localization.
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Abstract
This paper reviews at a high level Ampex’s Black Lightning capability. The Black Lightning
capability tool was developed to be the first cyber defensive tool specifically designed to work
at the field device component level of a Control System (CS). BLACK LIGHTNING is a
passive, real-time monitoring and detection tool designed and built specifically for control
systems professionals. The BLACK LIGHTNING capability uses a patent pending detection
algorithm, which scans SCADA specific protocols for any anomalous activity within the
customer defined component thresholds. In doing this BLACK LIGHTNING is able to alerting
operators of any abnormal activity for further investigation faster than anything currently on the
market.
One can look at the internals of an aircraft as multiple layers of control systems working
together. As defined, “A control system is a collection of mechanical and electrical equipment
that allows an aircraft to be flown with exceptional precision and reliability”. An aircraft has
many control systems. These systems consist of fuel, heat, speed, altitude, hydraulics,
navigation, communications, sensors, actuators, servos, multiple computers just to name a few
as examples.
At Ampex, we view a control system as what it is, a control system. The process(es) above
that the control system(s) is transparent to us. If you protect the system and subsystems
below the process then by default you will protect the process above regardless if it’s an
industrial power plant, nuclear power plant, water facility, manufacturing plant or an aircraft. At
Ampex we protect the process by monitoring and protecting the systems below.
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Introduction
MIL-STD-1553 is a military standard developed by the US Department of Defense (DoD) for
the purpose of military platform integration [6] which has served as the backbone of military
and aerospace avionic platforms (e.g., F-15, AH-64 Apache, F-16, V-22, X-45A, F-35) for more
than 40 years. It is primarily used for mission-critical systems that require a high level of fault
tolerance, since it is deterministic and dual redundant; it also uses a reduced cable topology,
connecting all devices on a single bus in a multipoint topology, as opposed to point-to-point
topologies.
MIL-STD-1553 is considered deterministic, because it is based on a master/slave methodology
in which the master issues messages based on a predefined order and timing. Although other
modern, reliable and deterministic data buses have been introduced MIL-STD-1553 remains
the most widely used standard in military aviation as it has been for the last 40 years, and is
expected to be used in the future. The main reason that alternative deterministic
communication buses are not used in existing platforms is the difficulty of modifying an entire
operational platform and replacing the main data transmission topology. Moreover, subsequent
standards are based on the communication protocol defined by MIL-STD-1553. For these
reasons, MILSTD-1553 will likely be an integral component of critical military platforms for
many more years to come.
MIL-STD-1553 was developed long before the notion of cybersecurity was familiar and even
basic cyber-attacks, such as denial-of-service (DoS) attacks, had not yet been introduced.
Research regarding DoS attacks initially reported in the early 1980s, several years after the
release of the most recent version of MIL-STD-1553 in 1978, and focused mainly on DoS in
operating systems, rather than computer networks.
Much like the present monitoring systems of control networks such as power systems, relies a
lot on state estimation, which is based on SCADA data collected from field devices such as
Remote Terminal Units (RTUs) or Programmable Logic Controllers (PLCs) and sent up to the
control system. If one looks at an aircraft and views it as multiple integrated subsystems it is
very easy to see that there are a lot of similarities of an integrated control systems, it is easy to
tackle the problem of protecting an aircraft in a similar manner of protecting a ground based
control system.
The potential vulnerabilities of both an aircraft and electric power control system are inherently
different but the result of the attack or effect are very similar. In both cases, the operator / pilot
has no ability to detect an intrusion or malicious attack at the time it occurs and is only able to
speculate that there may have been an event if the particular event yields distinguishable
changes to the network. Attacks such as Stuxnet would never have been detected on the
operator display modules.
There are three (3) major problems with the lack of defensive capabilities for control systems:
1. Industry has not developed many defensive capabilities specifically for control systems
2. Majority of capabilities only protect at the management level of a ICS (i.e. Operator
Console or HMI (Human Machine Interface))
3. Most available capabilities are signature based
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In the case of an aircraft control system(s) it’s only true defense being so called “air gapped” or
being a fast moving target and not allowing an attacker enough dwell time to conduct an
attack. Most experts would disagree that protection via these statements. The MIL-STD-1553
is public knowledge, papers and books have been printed on the topic. The question now
should be not how can we protect this but how can we detect this. You must be able to
monitor and detect long before you can ever protect.
The biggest problem of the three is the reliance on signature-based tools. In signature-based
techniques a sequence of instructions unique to a malware is used to generate a malware
signature, which is captured by researchers in a laboratory environment. In order for a
signature-based capability to be effective during an attack, the research community must have
already discovered the specific attack scenario, developed the set of instructions necessary to
yield this particular attack ineffective, relayed this information to industry, industry must have
already updated their tool and the ICS network in question must have updated their signaturebased tool appropriately such that it contains the current library of signatures.
Ampex plans to address all three problems with BLACK LIGHTNING.

BLACK LIGHTNING
Einstein is attributed with having said “If I can’t picture it, I can’t understand it”. Information
assurance today is ineffective because decisions are based on an incomplete picture with
security gaps. Effective protection of a network can only occur if decisions are based on an
integrated contextual picture resulting from real-time awareness of the network components
and especially network traffic. BLUE LIGHTNING was designed with this specific point in mind,
to be able to help operators identify and quickly respond to threats and risks in their
automation systems and gain a clear view of the activities occurring within their environments.
AMPEX presented “Embedded Endpoint Protection” at the TechConnect Defense Innovation
Technology Acceleration Challenges in Tampa last fall. The point of the presentation was that
the AMPEX BLUE Lightning capability for industrial control system cyber protection could be
adapted to protect military systems, such as aircraft.
The capability is based on a patented algorithm and specialized software that monitors the
operation of control protocols and detects the behavioral changes in the protocol stream.
These changes are indicators of process abnormalities which can be due to equipment
pending failure, misconfigurations, or in the worst case, injection and operation of malware on
a bus or in a network. Blue Lightning is deterministic, not heuristic or based on machine
learning. It does not employ malware signatures. First marketed this year and going
operational with installations at DOE Laboratories PNNL and INL, the target is commercial
energy system operators. An adjacent opportunity is to adapt the algorithm to aircraft control
protocols to detect system abnormalities, malware, and prevent data spoofing while providing
process resiliency. Inherent in the product is the ability to counteract the effects of malware
based on predetermined decisions. In a larger view, this detection technique can serve as the
basis for cooperative detection, automatic analysis, and countermeasures among the aircraft in
a strike package or similar interconnected formation.
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AMPEX has modified and adapted Blue Lightning to detect malware and especially spoofing
attempts in MIL-STD-1553B, the bus standard that dominates avionics control and the control
systems and subsystems associated with an aircraft. We call this new modification “Black
Lightning”.
The BLACK LIGHTNING is made up of both software and distributed hardware components.
The logical evolution was to bring BLACK LIGHTNING to aircraft as a SWAP optimized
appliance, a miniaturized component, application software of other systems already aboard
aircraft. The first step is to run that algorithm against experimental data sets of MIL-STD1553B data to optimize the algorithm for effective operation in this protocol’s respective. Called
BLACK Lightning, it is an aircraft version of BLUE Lightning. BLACK LIGHTNING can be
hosted on a standard aircraft Network File Server (NFS) or mission recorder and that host can
fit into the available space, whether as a TS 282, TS 480, TS 640, TuffCORD, or other device
tailored to a specific SWAP budget. This obviates any need to add equipment to an already
cramped airframe. Once loaded, the core complex mathematical algorithm creates a “digital
fingerprint” of all associated and programed network data. This algorithm has been determined
to be very useful for detecting anomalous activity in CS network traffic both analog and digital.
The detection algorithm that works specifically as a SCADA traffic anomaly detector operated
in real-time by passively monitoring data objects inside of a SCADA protocol stack as it’s
passed from one device to another device. BLACK LIGHTNING collects and statistically
analyzes the normal protocol patterns of the data object for sudden changes and then
calculates to determine if the current traffic is behaving in an unordinary manner based on our
initial baseline. We use this technique to detect anomalies in protocol network traffic behavior.

Software
The network traffic is collected by the BLACK LIGHTNING sensor and the algorithm breaks the
identified traffic (data) into its wavelets, which are then scaled and shifted versions of a single
waveform. The signal is then reconstructed only from those wavelet coefficients that reach the
alert thresholds which are determined based on the specific customer requirements for their
specific network. By extracting local information regarding the signal in time and frequecy
domains, malicious attacks may be detected using the changes in data charceteristics.
This type of analysis is suitable for non-stationary signals produced by control systems. The
irregularity in shape and compactly supported nature of wavelets make wavelet analysis an
ideal tool for analyzing signals of a non-stationary nature.
A 1553 network (or “data bus” in older terms) is a heterogeneous architecture where the
various computers (terminals) on the network have a master/slave relationship. Message
communication is controlled by one master terminal/computer called the Bus Controller (BC).
The BC initiates all communications between computer-network end points, which are called
Remote Terminals (RTs). There can also be passive Monitor terminals (“Bus Monitor – BM”)
that “sniff” or record bus traffic (message packets).
A 1553 network is time division, half duplex communications where all transmissions are on a
single cable (unlike full-duplex Ethernet, RS-232/422 or ARINC-429 where separate transmit
and receive wires are utilized). Only one computer terminal can talk/transmit at any given time
(time division) and the other computers listen/receive (full duplex systems like Ethernet and
RS-232 allow simultaneous transmit and receive on different wires).
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BLACK LIGHTNING can monitor both analog and digital signals. 1553 does allow for
Broadcast option (like an Ethernet UDP multi-cast) of certain message types to allow data or
Mode Codes to be simultaneously issued to multiple RTs. The 1553 protocol does not
implement any CRC or Forward Error Correction, just a simple “command-response” protocol
to handshake data. We know that all 1553 words are 20 μSecs in time, one bit per μsec and
there are 16 bit words with 3 bits of sync and one bit of odd parity. This is an example of a
variable we can monitor for and develop a baseline against for protection.

We also know structure of a 1553 Data Word which is the information passed between the
computers (BC and RTs) on the 1553 network. The figure below shows a Data Word Format. With
analyzers, Data Words are usually shown in standard hex nibbles.
Words are the data structure used for transmitting commands, data, and status over the bus. A
collection of words defines a message used for receiving or transmitting data. Messages can be
periodic or aperiodic. Periodic messages are sent at fixed time intervals (i.e., time cycles). A major
frame is a predefined time frame in which all periodic messages are transmitted at least once
(derived from the periodic message with the longest time cycle). Aperiodic messages are eventdriven and therefore are not sent in fixed time cycles. However, they have a fixed time slot in
the major frame.
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Hardware
The BLUE LIGHTNING hardware consists of a server which operates as the master controller
for the mesh sensor network. However, BLACK LIGHTNING will be hosted on a standard
aircraft Network File Server (NFS) or mission recorder and that host can fit into the available
space, whether as a TS 282, TS 480, TS 640, TuffCORD, or other device tailored to a specific
SWAP requirements.

Algorithm
We developed a Discrete Wavelet Transforms (DWT) algorithm that scans control specific
protocols for signs of abnormal and/or malicious of network data. This technique will be very
useful for intrusion detection including third party interference.
Our algorithm takes the raw packet traffic and breaks the signal (data stream) into its wavelets,
which are scaled and shifted versions of a single waveform known as the mother wavelet. We
selected to build on wavelet analysis due to its suitable for non-stationary signals produced by
infrastructural systems. The irregularity in shape and compactly supported nature of wavelets
make wavelet analysis an ideal tool for analyzing signals of a non stationary nature. Their fractal
nature allows them to analyze signals with discontinuities or sharp changes, while their
compactly supported nature enables temporal localization of a signal’s features. We selected to
develop our detection algorithm upon Wavelet Transforms because:


Wavelet Transforms are very good tools to extract local information regarding a signal in
time and frequecy domains. This property of the wavelets can be used to detect the
malicious attacks using the changes in data charceteristics.



The wavelet analysis is capable of revealing aspects of data that other signal analysis
techniques miss, aspects like trends, breakdown points, discontinuities in higher
derivatives, and self similarity.



Because wavelet analysis gives different views of data, it can compress or denoise a
signal without appreciable degradation of the signal.



Wavelet transforms decomposes a given signal into shifted (translation) and scaled
(dilation) versions of the mother wavelets represented by different coefficients called
"Approximations" and "Detail Coefficients".



The different approximations and detail coefficients represent the signal at different
resolutions. A given signal is decomposed using low pass filters giving approximations
and high pass filters giving the detail coefficients.
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In order to minimize redundancy we have used Discrete Wavelet Transform (DWT). In this
method the discrete scales as well as corresponding sampling intervals differ by a factor of two
(dyadic sampling).
From our evaluation we selected to use DWT which produces two sets of constants termed as
approximation and detail coefficients. The approximations are the high-scale, low frequency
components of the data stream. The detail coefficients are the low-scale, high-frequency
components. The dialation function of the discrete wavelet transform can be represented as a
tree of low and high pass filters, with each step transforming the low pass filter. The signal is
passed through a series of high pass and low pass filters to analyze respective functions at each
level.

Discrete Wavelet Transform:
DWT is any wavelet transform which wavelets are sampled discretely. The main advantage of
DWT is to capture both frequency and location information.
Decomposition
For a given signal s, by convolving with low-pass filter and high pass-filter, followed by down
sampler we can obtain approximation and detail, respectively. The first step is shown below:
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The next step we obtain new approximation and detail coefficients by splitting the previous
approximation coefficient and so on.

At each decomposition level, the half band filters produce signals spanning only half the
frequency band. This doubles the frequency resolution as the uncertainty in frequency is reduced
by half
In accordance with Nyquist’s rule if the original signal has highest frequency of ω, which requires
a sampling frequency of 2ω radians, then it now has a highest frequency of ω/2 radians.
•

It can now be sampled at a frequency of ω radians thus discarding half the samples with
no loss of information.

•

This decimation by 2 halves the time resolution as the entire signal is now represented
by only half the number of samples.

•

Thus, while the half band low pass filtering removes half of the frequencies and thus
halves the resolution, the decimation by 2 doubles the scale.

Wavelet analysis starts by selecting basic wavelet function, called the mother wavelet (e.g.,
Haar Wavelet), wavelet representation of a signal can be given by:
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Scaling Function:

Wavelet Function:

This signal is passed through a series of high pass and low pass filters to analyze the respective
function at each level. Low-pass and high-pass filters are respectively:

Reconstruction
We reconstructed the approximation coefficient, Inverse Discrete Wavelet Transform (IDWT) by
inverting the decomposition step by inserting zeros and convolving the results with low-pass and
high-pass filter. The procedure is shown below:
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Anomaly Detection
Intrusion detection using our DWT algorithm consists of three parts:
1. Targeted network protocol generated signal
2. DWT algorithm to analyze the signal
3. Anomaly detection using thresholds

The algorithm takes the reconstructed signal only from those wavelet coefficients that reach the
alert thresholds. Through the sampling of historic traffic, we establish the threshold value in each
level of decomposition. By setting a high threshold at each level, anomalies can be detected with
high confidence. Varying the window size may possibly lead to changes to these threshold
values.
The BLACK LIGHTNING detection algorithm upper and lower thresholds are is tuned to detect
at P(μ-σ < X < μ+σ) where μ is the mean of the detailed coefficients and σ is the standard
deviation also of the detailed coefficients. We found that this is approximately 98% detection
rate with a 2% probability that it will be a false positive. Based on beta testing at the Pacific
Northwest National Laboratory, we were able to tune the determine the optimal scalar for the
algorithm.
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Our approach is different from traditional network defensive tools which are based on signatures
of the threat after the fact. Our approach scans at the protocol level in near real-time and is
based on historical and statistical analysis of the targeted network and network traffic.
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ABSTRACT
In this paper, we investigate the application of physical-layer security coding for next generation
aeronautical telemetry communication systems. The coding we refer to is similar to error-control
coding, but the codes are deployed for two purposes: to achieve reliable communications, and to
achieve secure communications. We consider a single eavesdropper on an air-to-ground aeronautical telemetry link, and show how the overhead measured by the rate of the code can be used to
keep secrets from eavesdroppers over noisy channels, rather than recover from channel errors. We
show simple examples that work over erasure channels to achieve a security constraint, and then
consider approaches to more practical coding constructions for Gaussian channels that satisfies
both reliability and security constraints on the network.
INTRODUCTION
Security for aeronautical telemetry links is becoming a growing concern among researchers and
test field operatives alike [1, 2]. In classical communication systems, security has been addressed at
the application layer of the protocol stack with cryptography providing the solutions [3, 4]. Nowadays, security is a multi-layer problem with solutions at every layer in the stack [5, 6]. As telemetry
links become more and more sophisticated, additional layers are likely to be capable of providing
additional security benefits [1]. The physical layer has traditionally been overlooked for security
technologies in general communication systems, and yet, physical-layer security solutions [7] can
provide a significant increase in security for communication links, including telemetry links, when
eavesdropping is a concern.
Physical-layer security derives its power from naturally occurring phenomena in communication
links such as channel noise, interference, and fading [7, 8]. These phenomena typically distort reliable communication links, and are therefore considered detrimental to achieving the basic goal of
communications: reliability. For physical-layer security, we treat these potential causes of channel
errors as allies in achieving two conflicting design constraints: (a) data reliability for legitimate
users of the communication network, and (b) information-theoretic security against eavesdropping
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adversaries. It is also of note that physical-layer security solutions can exist in tandem with solutions at higher layers. For aeronautical telemetry, this amounts to adding a layer of security that
prevents eavesdroppers from obtaining clean signals of the encrypted messages [5].
In this paper, we outline the utility and design of codes that can achieve both security and reliability by exploiting channel noise. In the following sections, we define the notation of the paper, and
present the wiretap channel model with a discussion of its utility in modeling aeronautical telemetry links with eavesdroppers. The remainder of the paper outlines existing techniques for coding
that can achieve physical-layer security. We first present the main ideas, and examples and design approaches follow for erasure channels and Gaussian channels, respectively. Erasure channel
models may be of use when eavesdroppers use off-the-shelf networking hardware, and standard
networking algorithms. Gaussian channel models are more appropriate for eavesdroppers who use
custom hardware and algorithms. The main goal of the paper is to investigate how informationtheoretically secure codes can improve security and performance of aeronautical telemetry systems
for both types of adversaries.
A NOTE ON NOTATION
In this work, we denote random variables as capital letters (e.g., X), and lowercase letters signify
realizations of their corresponding random variables (x). A calligraphic letter (X ) indicates the
alphabet (also commonly known as the range of a random variable) over which the random variable
is defined, and the probability mass function (p.m.f.) of X is denoted pX (x), or just p(x) for short.
X n signifies a random vector of length n, and we may depict a realization of X n as xn , or simply
x for ease of notation. Finally, H(X) is the entropy of X and I(X; Y ) is the mutual information
between X and Y . These quantities are measured in bits, and are given by [9]
X
p(x) log2 p(x),
(1)
H(X) = −
x∈X

and
I(X; Y ) =

XX

p(x, y) log2

x∈X y∈Y

p(x, y)
.
p(x)p(y)

(2)

BACKGROUND: PERFECT SECRECY AND THE WIRETAP CHANNEL MODEL
A.

SHANNON’S PERFECT SECRECY

In a 1940s landmark security paper [10], Claude Shannon demonstrated the utility of information
theory [9] in quantifying security for a communication link. Let M signify a message that is
encoded into X n , which is then transmitted over a channel. The encoder φ(·) is either an encryption
algorithm with a key K, so that
X n = φ(M, K),
(3)
or a keyless encoding algorithm, so that
X n = φ(M ).
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(4)

If the encoder is as in (4), then it is assumed that the encoder also has a source of randomness
that can be used to add confusion. The random source in a stochastic encoder plays the role of the
secret key, in some sense. We elaborate on this idea in the next section of the paper. In Shannon’s
original work, the encoder was assumed to be a key-based encryption algorithm, as in (3). Shannon
then used the equivocation (or conditional entropy)
X
H(M |X n ) =
p(x)H(M |X n = x)
(5)
x∈X n

=−

X

p(x)

x∈X n

X

p(m|x) log2 p(m|x)

(6)

m∈M

to measure the confusion of an attacker regarding the message assuming full knowledge of X n ,
and coined the phrase perfect secrecy. The conditional entropy H(M |X n ) measures the remaining
information about M unknowable by observing X n . The perfect secrecy condition was defined by
Shannon as
H(M |X n ) = H(M ),
(7)
or equivalently that
I(M ; X n ) = 0.

(8)

In other words, a system is perfectly secure if X n does not leak any information about M .
Cryptographic security is traditionally measured by computational complexity of the best known
attacks. The security goal is then to ensure that the time and effort required to break the system
is too large to be practical. Unfortunately, the best known attacks are almost never proven to be
the best possible attacks, meaning future breakthroughs may leave modern encryption algorithms
vulnerable. Shannon, however, assumed that the adversary has access to unlimited time and computing power, requiring security claims to make statements about the lack of information about the
message given the observations of the channel.
The benefit of quantifying security using information theory is that mathematical proofs can guarantee very strong security, regardless of future mathematical and/or technological advances. However, Shannon himself proved it was impossible for real-world communication links to achieve
perfect secrecy. To be specific, he showed in [10] that perfect secrecy can only be achieved if and
only if
H(K) ≥ H(M ).
(9)
In other words, if we assume messages and keys to be comprised of symbols from the same alphabet, and chosen unifomly at random, then the key has to be as long as the message, and must
somehow be communicated to all friendly parties ahead of time.
B.

ONE-TIME PAD

The one-time pad is the classic example of a cryptosystem that achieves perfect secrecy, and is
impractical due to the key distribution problem. Let us examine a binary version of this system in
Table 1. The encoding operation is to compute
xi = mi ⊕ ki
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(10)

for all i, where ⊕ is a bit-wise X-OR operation (bit-wise addition modulo two [11]), and the
subscripts indicate time indices on the sequences. For this example, X n = Mn = Kn = F82 ,
the field of all binary tuples of length eight. Although it can be shown mathematically that this
system is perfectly secure [10], intuitively it can be reasoned to be secure also. The x sequence in
Table 1 can be mapped to any possible 8-bit message sequence using some key k ∈ Kn . Without
knowledge of the key, or some a priori knowledge of the message, all keys, and hence all messages,
are equally likely. Notice the problem is not that one cannot compute all possible keys and all
possible messages, but that there does not exist sufficient information in the signal X n to rendor
any message more likely than another.
Table 1: Binary one-time pad example.

Signals
m
0 1 1 1 0 0 1 0
1 0 1 0 0 1 1 1
k
x
1 1 0 1 0 1 0 1

C.

WIRETAP CHANNEL MODEL

Although the one-time pad achieves perfect secrecy, its practical limitations leave us legitimately
wondering whether information theory really has anything useful to say about security. It turns out
that a more realistic channel model solves the problem of allowing practical systems to be built that
can achieve some level of information theoretic security. The wiretap channel model was presented
in the 1970s by Aaron Wyner in the paper [12], and a modern version of this model is shown in
Figure 1. Here we see three players, where Alice tries to communicate a secret message M to Bob
by first encoding the message into X n and then transmitting it over the main channel, and Eve
attempts to eavesdrop on the transmission over the wiretap channel. The wiretap channel was so
named because in Wyner’s original work, he really was considering a physical wire-tapper. Today,
we consider all types of communication channels, including wireless links for the eavesdropper.
The signals Y n and Z n are Bob’s and Eve’s received signals, respectively. Bob attempts to decode
the message, and obtains an estimate of M called M̂ . We could say that Eve also attempts to
decode the message, and this is certainly what she would do in practice; but for the sake of making
the strongest information-theoretic security arguments possible, we instead attempt to calculate the
mutual information
I(M ; Z n ).
(11)
As with the perfect secrecy case, we use a pure information theoretic measure, and do not consider specific attack algorithms for Eve. This is akin to assuming a worst case scenario where
Eve has infinite time and computing power to attempt to compromise the system. For this reason, information-theoretic security constraints are widely considered to be the strongest security
requirements on a system [7].
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Figure 1: Wiretap channel model.

We say that a system achieves weak secrecy if
1
I(M ; Z) = 0,
n→∞ n
lim

(12)

and a system achieves strong secrecy if
lim I(M ; Z) = 0.

n→∞

(13)

The weak secrecy measure only requires that the rate at which we leak information to an eavesdropper go to zero; i.e., as the blocklength in the encoder goes to infinity, we need to leak information
at a rate that grows no faster than linearly with n. This will allow the limit to approach zero in (12),
and yet may leak a total amount of information that is unacceptable in a communication system [7].
For this reason, strong secrecy, which requires that the total amount of information leaked to Eve go
to zero as blocklength n gets large, is the preferred security constraint in information-theoretically
secure systems.
Notice the key differences between Shannon’s and Wyner’s approaches: 1) Wyner assumed that
Eve received a noisy version of X n , rather than X n itself, and 2) Wyner removed the requirement
for zero information leakage, replacing it with an assymptotic security constraint. While perfect
secrecy cannot be achieved in practice, there are systems that can achieve weak and strong secrecy
in practice [13, 14]. Wyner and others worked to establish the fundamental limits of communication such that reliable communications between Alice and Bob could be guaranteed, and security
against Eve could also be achieved [7, 12, 15, 16, 17]. This new model opened the way for innovative contributions in coding for physical-layer security.
CODING FOR SECRECY
Coding for secrecy [13, 14] is the practice of designing codebooks that map messages M to codewords X n such that when an eavesdropper observes Z n , information can be kept secure. The codes
must also allow for reliable communications to Bob so that Bob can deduce the message with high
probability from his observations Y n . These codes do not require a key, but do exploit properties
of the noise in the wiretap channel to bring about security.
Low-density parity-check (LDPC) codes [18, 19, 20] and polar codes [21, 22] are among the major code classifications that can be used to achieve physical-layer security. The reader is referred
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to [13, 14] for concise collections of codes that achieve information-theoretic security and discussions about their advantages and drawbacks. Aeronautical telemetry standards in IRIG 106 [23]
already include the use of LDPC codes for channel reliability in telemetry communication links.
Let us consider binary codes only, and let k be the number of message bits, and n be the number
of coded bits in a linear block code, such as an LDPC code. Assuming that messages are equally
likely, then the rate of the code is defined as
R=

H(M )
k
= ,
n
n

(14)

which serves as a measure of the overhead required by the code to correct errors. Secrecy codes
allow designers to utilize all or part of the overhead of the code to confuse eavesdroppers about
the message, rather than allow for correction of channel errors. A key component in the design
of codes for physical-layer security is that of binning. Said another way, the codebook must be a
one-to-many mapping from message to codewords.
Suppose that the wiretap channel model in Figure 1 represents an air-to-ground telemetry communication link. Then Alice represents the transmitter on the test article, and Bob represents the
receiver in the ground station. Further suppose that transmitted data are binary, and that the communication link declares bit-wise erasures with a certain probability, but that the data are otherwise
reliable. Now we consider the eavesdropper’s observation Z n to help us understand the structure
of codes that can keep secrets. Suppose that bits are grouped into chunks of size k, and that each
unique tuple of k bits is assigned a unique binary codeword in X n , just as in traditional error
control coding [11]. Then Eve’s observation z n would be comprised of reliable bits and erased
bits. Presumably, the set of revealed bits to the eavesdropper may be consistent with a subset of
possible codewords, meaning at all the revealed bit locations, the codewords and the observation
match bit values. In order to keep secrets, codewords must, therefore, resemble one another, which
undermines the error-corrective capabilities of the code.
If the codewords must be very similar to preserve security, how then are we to use the overhead in
the rate of the code to keep secrets? We would like codes to be more capable of keeping secrets if
we assign more of the overhead to the task. The answer is that codes must have several possible
codewords assigned to each message, and that one of them must be chosen at random in the encoder
so that all are equally likely representations of their prescribed message. An example in the next
section illustrates the benefits of coding in this way for erasure wiretap channels, and an example
in the following section covers the more practical Gaussian wiretap channel.
SECRECY CODING FOR THE BINARY ERASURE WIRETAP CHANNEL
In this section, we assume the scenario from the previous section, and specify a codebook to be
used for keeping secrets when the wiretap channel is a binary erasure channel (BEC) and the main
channel is noiseless. This scenario is known as the binary erasure wiretap channel (BEWC) model,
and represents the simplest model by which one can consider coding for secrecy. To be clear, bits
are erased at Eve’s receiver independently, each with probability , and erasures are indicated by
the ‘?’ symbol.
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In terms of practicality, this model captures the case where an eavesdropper uses off-the-shelf
hardware/algorithms to build an illegitimate receiver, and the transmitter uses interleaving so that
each packet of data is comprised of bits from many codewords [20]. When packets are dropped or
discarded, they are effectively erased, and many coded blocks of data have a number of bit erasures
after de-interleaving in the receiver as a result of the missing packets.
This section is dedicated to a small toy-code example for the sake of illustrating the process of
coding for secrecy over the BEWC. Note that codes discussed in [13, 14] offer specific designs
that achieve asymptotic information theoretic security constraints, such as weak or strong secrecy.
In this section, we will actually compute the equivocation
X
H(M |Z n ) =
p(z)H(M |Z n = z)
(15)
z∈Z n

=−

X
z∈Z n

X

p(z)

p(m|z) log2 p(m|z)

(16)

m∈M

exactly. The secrecy code is given in Table 2, and we assign all of the overhead of the code to the
Table 2: Code table for an n = 4, k = 2 coset-style secrecy code.

m = 00
m = 01
m = 10
m = 11

m0 = 00 m0 = 01 m0 = 10 m0 = 11
0000
1100
0011
1111
1000
0100
1011
0111
0010
1110
0001
1101
1010
0110
1001
0101

task of keeping secrets since the main channel is assumed to be noise free.
Suppose the message m = [0 1] is to be transmitted over the telemetry link as a part of a larger
stream of bits. Then, the encoder chooses one of the four codewords on the second row of the
codebook at random. We represent this idea with an auxiliary message M 0 , which is actually just a
random choice, and carries no meaningful information except to randomize the choice of codeword
for the message to be encoded. Suppose the random encoder chooses m0 = [1 0]. Then the encoder
transmits the codeword that corresponds to m = [0 1] and auxiliary message m0 = [1 0]. Thus,
xn = [1 0 1 1].
Now, consider the receivers. Since Bob’s channel is noiseless, he receives y n = [1 0 1 1], consults
the codebook, and finds that the message is equal to [0 1]. Eve, however, eavesdrops over an
erasure channel, and receives an erasure-prone observation, e.g., z1 = [1 ? ? 1]. Note that all
four messages have a codeword in the table that is consistent with this observation, and therefore,
H(M |Z n = z1 ) = H(M ), which is equal to two bits if messages are equally likely. Thus, our
eavesdropper has observed half of the transmitted bits error free, and still has no information about
the message.
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Now, suppose instead that Eve observes z2 = [1 0 ? ?]. The four consistent codewords now show
up in only two message rows, meaning Eve actually does have some information about M . Again,
assuming messages to be equally likely, Eve has only one bit of entropy about M in this case.
Although this doesn’t always happen, since the two consistent messages are [0 1] and [1 1], Eve
actually knows the second bit of the message is equal to one, and has no information about the first
bit, as it is equally likely to be zero or one.
This process can be continued over all possible z ∈ Z n , and we obtain
H(M |Z n ) = 2(2 − ).

(17)

Note that the calculation can be simplified by observing that the four codewords in the top row
of Table 2 form a vector subspace in F42 , the field of length-4 binary vectors, and each of the
other rows in the table form a coset of the subspace [11]. One property of a codebook formed in
this way is that each z with an identical erasure pattern is guaranteed to have the same value for
H(M |Z n = z) [24]. Thus, the calculation need not sum over all possible z, but rather only over
all possible erasure patterns.
We plot the polynomial in (17) in Figure 2 as a function of , the erasure probability in the wiretap
channel. Here we see that the code is not capable of keeping secrets about M when  = 0, but can
keep M completely secure when  = 1. These two operating points are not surprising, as physicallayer security derives its power from the noise in a noisy channel, and a useless wiretap channel
would certainly not benefit Eve. Note the transition from a perfectly secure system to a perfectly
leaky one as Eve’s channel improves (i.e., as  → 0). Just as larger codes are more capable of
correcting errors, they are also more capable of keeping secrets, and again, the reader is referred to
explicit code designs highlighted in [13, 14] for more information on codes capable of achieving
greater levels of secrecy.
SECRECY CODING OVER GAUSSIAN CHANNELS
In this section, we consider eavesdroppers on telemetry links who are capable of custom receiver
hardware/algorithm design. Thus, we can no longer use the erasure coding techniques for physicallayer security in the same manner as we used them in the previous section. Telemetry links tend
to be standard Gaussian channels, sometimes with fading, often due to multipath [25, 26]. We
must assume that eavesdroppers on these networks are capable of custom receiver design, and
therefore, we should consider coding for the Gaussian channel. Also, the code we presented in
the last section was incapable of correcting errors by design. Since we assumed a noiseless main
channel, the example code still worked; but in practice, we need to do more for reliability.
Unfortunately, although it has been shown that lattice codes exist that can achieve strong secrecy
and reliability when both Bob and Eve have a Gaussian channel [27], explicit constructions of
such codes remain elusive. Calculation of the equivocation for finite blocklength codes is also an
open problem over the Gaussian wiretap channel. Clearly then, one approach to coding over more
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Figure 2: The equivocation H(M |Z n ) for the secrecy code in Table 2.

practical channels is to solve the open problems of explicit code designs for the Gaussian wiretap
channel.
Another approach is given in [14], where it is shown that many communication channels are mathematically equivalent to a series of two channels, where the first channel in the series is a BEC.
Thus, if Eve has a different channel, say a Gaussian channel, one can simply calculate the erasure probability in the leading BEC of the equivalent channel model, and then design a secrecy
code for the BEC. It has been shown [14] that following this approach for the Gaussian wiretap
channel leads to requirements on Eve’s signal-to-noise ratio (SNR) that are somewhat ridiculous
in practice. For example, Eve’s SNR needs to be far lower than would allow her to even detect the
transmission signal, let alone obtain synchronization and signal lock, in order to guarantee strong
secrecy due to coding.
A third possible solution to coding for secrecy over the Gaussian wiretap channel is presented
in [28, 29], where a secrecy code with structure similar to the code from Table 2 is used as the
outer coding layer in a series of nested encoders. The inner layers of coding are designed to mimic
channel models over which we already know how to code for secrecy [13, 14]. For example, Bob
can use the inner layers of coding to achieve an effectively error-free channel, while Eve’s output
from her inner decoding stages may be made to approximate the output of a BEC or a binary
symmetric channel (BSC) [11]. Explicit code designs exist for both of these scenarios that can
achieve strong secrecy.
In designing nested coding schemes, as in the third approach, one must be cautious that the assumptions made for Eve’s decoders are best-possible in practice so as not to leave a communication network insecure. In making any assumptions at Eve’s receiver, we lose pure information
theoretic security claims, but at the advantage of gaining practical security nonetheless. It may be
argued that coding for secrecy in this way is similar to modern cryptography, in that we do not
9

have a formal proof of security, but in practice, the data are secure. Thus, although approaches to
secrecy over the Gaussian wiretap channel exist, there are many open and important problems in
this area.
CONCLUSION
In conclusion, physical-layer security can strengthen many existing communication systems by
adding an entirely new layer of security in addition to those already in play. For telemetering communication systems, this amounts to a layer of security that prevents eavesdroppers from obtaining
clean ciphertext. The tradeoffs in design rate are similar to those for traditional error-correcting
codes, and secrecy coding structures are similar in style to linear block channel codes. An example
of an erasure secrecy code was given, and several approaches to physical-layer security over the
Gaussian wiretap channel were discussed, as well as many open problems.
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ABSTRACT
The threat of a malicious user interfering with network traffic so as to deny access to resources is an
inherent vulnerability of wireless networks. To combat this threat, physical layer waveforms that
are resilient to interference are used to relay critical traffic. These waveforms are designed to make
it difficult for a malicious user to both deny access to network resources and avoid detection. If a
malicious user has perfect knowledge of the waveform being used, it can avoid detection and deny
network throughput, but this knowledge is naturally limited in practice. In this work, the threat of a
malicious user that can implicitly learn the nature of the waveform being used simply by observing
reactions to its behavior is analyzed and potential mitigation techniques are discussed. The results
show that using recurrent neural networks to implement deep Q-learning, a malicious user can
converge on an optimal interference policy that simultaneously minimizes the potential for it to be
detected and maximizes its impediment on network traffic.
INTRODUCTION
With the increasing availability of relatively cheap software-defined radios (SDRs), the number
and complexity of security threats at the physical layer of wireless networks has also increased.
On the passive side of security threats is the development of algorithms that can exploit information
that cannot be concealed simply by using encryption such as symbol-rates and packet sizes to infer
the nature of a user’s activity. These passive security threats, in which the malicious user does
not actively transmit, ultimately enable higher levels of intelligence for the active security threats
such as jamming or spoofing. For example, an intelligent jammer can classify the modulation of
a frame and choose to selectively interfere with some frames and not others to simultaneously
impede network throughput and avoid detection.
However, many of the intelligent jamming techniques may be difficult to implement in practice due
to the need for the malicious user to detect and react to traffic on the order of microseconds. Hence,
to combat this threat, physical layer waveforms can be designed to minimize detectability by an
eavesdropper such that by the time the eavesdropper detects a frame, it no longer has time to react.
A more effective threat than this reactive approach, is an intelligent jammer that can predict the
behavior of network traffic through both passive observation and through observation of reactions
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to actions taken by the intelligent jammer. Such a jammer would not be limited by the need to react
in such short times or perhaps even need to detect frames and thus could likely be implemented on
far less capable hardware.
The aim of this work is to examine some aspects of such an approach using the same modern reinforcement learning techniques that have received attention for being able to reliably defeat even
the world’s best in some video or board games. By adopting a vastly simplified model for some
common communication protocols such as 802.11, several reinforcement learning techniques are
tasked with learning the optimal strategy for impeding network traffic, while minimizing its exposure through transmissions. Comparing the performance of these reinforcement learning techniques with more simple jamming techniques as a baseline, the results show that it is possible for
a reinforcement learning algorithm to learn the optimal policy to jamming simply by observing
reactions to its own actions.
BACKGROUND
Basic Jamming Agents
Jammers can be sorted into one of five different categories; constant, intermittent, reactive, adaptive, and intelligent [1]. These jammers vary in respect to the simplicity of their implementations,
their effectiveness, their power usage, and their ability to remain undetected.
Constant jammers are very simple in that they output a constant signal of modulated or unmodulated noise with the intent of degrading signals or occupying bandwidth. These jammers are very
effective, but at the cost of high energy usage. They can also be easily detected by statistical
analysis of received signal strength (RSS), carrier sensing time (CST) and packet error rate (PER).
Intermittent jammers are similarly simple to their constant counterparts, but behave by producing
signals at random or predetermined intervals. This can greatly reduce their energy usage, but also
lower their effectiveness as jammers. These too can be detected with analysis of the RSS, CST and
PER.
Finally, intelligent jammers act by exploiting weaknesses in the upper-layer protocol. Often this
is accomplished by targeting and degrading packets that are necessary to synchronize radio users,
instead of payload packets. This has been shown to be effective when exploiting the IEEE 802.11
standard, commonly known as Wi-Fi, by disrupting the transmission of request to send (RTS) and
clear to send (CTS) packets. These packets are often much shorter than the proceeding payloads,
but by jamming these control packets the jammer can ensure that the payloads will not even be
sent. The strength of this intelligent approach is that much less energy is used because small
control packets are targeted instead of much longer data payload packets. They are also unlikely
to be detected by analysis of RSS, but could be found when observing changes in CST and PER.
Furthermore, as suggested by the name, these jammers are much more complex than the constant
and intermittent designs and require knowledge of the protocol being used beyond the physical
layer. This work focuses on the implementation and evaluation of constant, random, and intelligent
jammers.
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Existing Intelligent Jamming Techniques
The current research leveraging machine learning to jam wireless systems revolves around the network layer. This involves observing, classifying and attacking packets when the attacker believes
that the corruption of those packets in particular will be more detrimental to the transmission of
data than others. Often it is because these packets are heavy in control information that sync
transceivers in the network and work to setup communication before the payload is sent.
This network layer focus is demonstrated in [2] by Amuru and Bueuhrer, where they model and attack the RTS-CTS handshake system of an 802.11-type wireless network. This is done by framing
the problem as a Markov decision process, and using the current state of the network to determine
the best action to be taken. This simulation is useful to see the effects the time delay has on the
attacker’s ability to learn, but it relies on the assumption that the protocol used by the transmitterreceiver pair is known. It also depends on the use of ACK/NACK packets, which may not be used
by a given protocol, or may not be available to jammers in certain situations.
In [3] a similar approach is taken, in which packets are jammed and ACK/NACK packets are
monitored for feedback. However, the entire target packet is not jammed. Instead, a pulse jamming
ratio ρ is used to stochastically raise and lower the strength of the jamming signal. The benefit of
this approach is that the jammer can operate more efficiently and decrease its likelihood of being
detected.
The “Greedy Bandit” algorithm was proposed by ZhuanSun et. al. to improve upon the “Jamming
Bandits” algorithm [4]. They address the need to learn without ACK/NACK packets and propose
two possible behaviors that can be observed in place of them; changes in power and enduring
time. This takes advantage of the concept that if the jammer is successful in interfering with the
communication of the sender-receiver pair, that the power of the signals transmitted will increase,
and the pair will change their communication parameters quickly. We will continue this line of
thinking and use modulation encoding changes as a way to detect whether or not jamming was
successful.
These past papers have succeeded in using machine learning to jam packet level network communications. They have demonstrated how Markov decision processes are useful for determining
optimal actions using state information. However, the behavior of wireless networks is not only
dependent on the current state of the network, but also the previous states. One example of this
behavior is when transmitter-receiver pairs are determining the modulation encoding scheme to be
used during transmission; a modulation will be chosen such that bits per symbol will be maximized
without transmission failing regularly due to channel noise. And if the channel deteriorates during
transmission such that many packets are failing, a lower modulation can be chosen to decrease the
number of failing packets.
This behavior is just one example of how the network’s actions are dependent on data from many
time steps in the past, and not solely based on the current state of the network. Furthermore, this
paper seeks to demonstrate how an agent wishing to optimally disrupt communications between a
sender-receiver pair must be able to leverage past state information in their decision making. We
show that this can be accomplished using deep Q-learning paired with recurrent neural networks.
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METHODOLOGY
Epsilon Greedy
Epsilon greedy is a common and simple implementation of a reinforcement learning algorithm
to solve a multi-armed bandit problem. Multi-armed bandit problems occur when an agent must
decide how to allocate a finite number of decisions or resources among several competing choices.
At every time step, a choice must be made as to which action should be taken. With a probability of
, where  ∈ [0, 1], a random action is taken. With a probability of 1 −  the action that has returned
the highest average reward is chosen. This algorithm works well when one action consistently
returns higher rewards than the others, and the environment in which the agent is in is static.
Markov Decision Processes
Markov decision processes were first described by Richard Bellman in 1950s [5]. They consist of
a finite number of states, and a set of actions that can be taken by an agent at each state. When
each action is taken, there is a probability that the environment will move to a certain new state, or
stay in the current state. Each transition, either to a new state or continuing to stay in the current
state results in some reward.
The goal of the agent is to maximize the rewards it receives at the current step and in future steps.
To do this, the value of each state must be calculated, and this is done with the Bellman Optimality
Equation. Shown below, it describes the value of a state as V ∗ which is equal to the weighted
average reward earned by taking the best action plus the discounted value of the state transitioned
to:
V ∗ (s) = maxa Σs0 T (s, a, s0 )[R(s, a, s0 ) + γ · V ∗ (s0 )]

(Bellman Optimality Equation)

• T (s, a, s0 ) is the probability that the transition from state s to s’ occurs given action a is
taken.
• R(s, a, s0 ) is the reward the agent receives as it transitions from s to s’ given action a is taken.
• γ ∈ [0, 1] is the discount rate that decreases the value of future rewards.
However, in order for the agent to take optimal actions, it must know the value of taking an action
given its current state. This value is a state-action pair, also known as a Q-value. The Q-learning
algorithm allows for an agent to discover the Q-values of all state-action pairs through experimentation, without knowing the transition probabilities or the rewards beforehand.
Qk+1 (s, a) ← (1 − α)Qk (s, a) + α(r + γ · maxa0 Q(s0 , a0 ))
• α ∈ (0, 1) is the learning rate.
• r is the reward earned when leaving state s after taking action a.

4

(Q-Learning Algorithm)

Approximate Q-Learning
The Q-learning algorithm is successful in small state spaces, but can become intractable as the
number of possible states and actions grow. The solution to this problem is Approximate QLearning. This is when a function with a manageable number of parameters is used to estimate
Q-values either with information about the state or with expert features. It has been shown that
neural networks are apt at representing these functions to estimate Q-values, a technique called
Deep Q-learning [6].
Deep Q-learning is accomplished by creating a neural network whose input is the current state,
and whose output is the Q-values of all possible actions that can be taken at the current state.
Training is conducted by having a neural network labeled “actor” interact with the environment by
calculating the Q-values of each action at a state and then either picking the optimal action with a
probability of 1 −  or exploring non-optimal actions with a probability of , where  ∈ [0, 1].
These Q-value estimations, the actions taken and the resulting reward are recorded into a replay
memory. Then after a set of actions has been stored in the replay memory, a “critic” neural network
is used to estimate the Q-values of each state visited. Using this data, the deep Q-learning cost
function is used to determine the degree to which the critic is incorrect in estimating the Q-values
of each state.
J(θcritic ) =

1
Σa (y − Q(s, a, θcritic ))2
n

(Deep Q-learning Cost Function)

• θcritic and θactor are the parameters of the critic and actor neural networks, respectively.
• y = r + maxa0 Q(s0 , a0 , θactor ) and is the targeted Q-value prediction as made by the actor.
• Q(s, a, θcritic ) is the critic’s prediction of the Q-values.
• n is the number of possible actions.
Notice that the cost function is the mean squared error of the target Q-values calculated by the
actor and the predicted Q-values calculated by the critic. This error is used to optimize the critic
neural network and on regular intervals the parameters of the improved critic network are copied
to the actor.
Classic and Recurrent Neural Networks
Using Deep Q-Networks is a powerful approach to Markov decision processes, and its relies on
neural networks. The most basic neural network is comprised of layers of nodes. Each node
multiplies an input xi by a weight wi and then adds a bias b. Every node has a weight corresponding
to each input from the previous layers nodes, but only a single bias. The sum of the node’s bias
and the products of all respective weights and inputs is then passed through an activation function,
σ(n) and outputs y.
y = σ(w · x + b)

(Single Node Output Function)

The output of each node then becomes an input for every node in the next layer, or becomes the
final output of the network. After a network has output a value, it can then be compared to the
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theoretical output and a cost function like MSE is used to calculate the error. After the error is
found, the gradient of the error with respect to the weights and biases is then calculated. This
allows for the weights to be moved along that gradient to reduce the error in the output. When the
network is trained on individual steps in this way it is known as stochastic gradient descent [7].
Recurrent neural networks are similar to their classic counterparts but are modified to handle time
series data. At each time step, nodes calculate an output yt as well as a hidden state ht .
ht = σ(whx · xt + whh · ht−1 + bh )

(RNN Hidden State Function)

yt = σ(wyh · ht + bh )

(RNN Output Function)

• whx is the matrix of weights connecting the input and hidden layer.
• whh is the matrix of weights connecting hidden layers of adjacent time steps.
• wyh is the matrix of weights connecting the hidden layer and the output layer.
Because the output yt is a function of both the inputs xt and the previous hidden states ht−1 , the
network can make calculations based on data from both current and previous time steps. This gives
the network the ability to handle time series data. Training RNNs works similar to training classic
neural networks, but the back propagation algorithm is modified to account for the numerous time
steps.
The specific architecture of RNN used in this paper is the Long Short Term Memory design
(LSTM). It functions similar to the previously described RNN, but the hidden layer is replaced
by a “memory cell” that is better equipped to handle long time series data. Further review of RNN
architectures can be found in [8].
PROBLEM FORMULATION
Environment Design
OpenAI Gym is a library that allows for the creation of environments such as games as well as
for agents to act in these environments. The power of this library comes from developers’ ability to create and share environments that allow other developers to create agents for them. As
such, this framework was chosen to create a game called “Throttle” in which the agent acts as an
eavesdropper (Eve) between a sender-receiver pair.
The sender-receiver pair chooses an arbitrary modulation encoding of 0, 1, 2, or 3, with a higher
number representing a higher encoding and higher data throughput. Each time step, a single packet
is sent across the channel and Eve observes the modulation, which it interprets as the state of the
environment, and can decide with what power to jam the signal; 0, 1, 2, or 3, with 3 being the
highest power. A jamming power of 2 and 3 results in the packet to fail. If four consecutive
packets fail, the sender reduces the modulation by one. If four consecutive packets succeed, the
sender increase the modulation by one. After each action is taken by Eve, it is rewarded using the
Reward Equation:

4−a :s≤1
r(a) =
(Reward Equation)
0
:s>1
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As shown, Eve is rewarded solely for keeping the modulation (known as the state s) at 0 or 1, and
not by the effectiveness of its jamming. Eve does, however, receive a lower reward for jamming
(taking action a) with high power, and is therefore motivated to keep the modulation below the
threshold with as little jamming and as low jamming power as possible.
Agent Designs
Six different agents were designed and tested in the “Throttle” environment. At every time step,
the agents were told which of the 4 modulations were being used and were given the ability to
decide the jamming power.
The first two agents were constant and random jammers. By their design, neither made use of
the state information they observed, and instead had hard-coded behaviors. The constant jammer
always used the max jammming power of three at every time step. The random jammer chose a
jamming power between zero and three by sampling from a discrete uniform probability distribution. This was implemented using numpy’s randint function.
For the epsilon greedy agent, each of the four jamming powers were considered an arm that could
be taken. The epsilon value was set at 0.25.
The fourth agent was implemented with approximate Q-learning by having a neural network predict the Q-values, thus creating a deep Q-network (DQN). The current modulation was input into
the network and the output was the four Q-values, each representing the predicted Q-value of the
four different jamming powers that could be chosen. The neural network had a hidden layer of 16
nodes each with a ReLU activation function, and then an output layer of four nodes.
The fifth agent was similar to the previous DQN except a recurrent neural network (RNN) was used
to predict the q-values. The input was the last six time steps of the state, inclusive of the current
time step, which is the modulation encoding used by the sender-receiver channel. The hidden layer
had 16 nodes which was unrolled in time over the six time steps. The output of the node in the last
time step of the hidden layer went to a layer of four non-RNN nodes which output the predicted
q-values.
The final agent designed also used a RNN but each input was the current state and the last action
taken. This made the input size two for each of the six time steps. The hidden layer had the same
architecture of 16 hidden nodes then an output of four non-RNN nodes.
Model Training
The epsilon greedy agent as well as the DQN agents all required training in order to maximize
their average reward. All models were trained for 5,000 time steps, but the epsilon greedy model
had its epsilon fixed at 0.25 while the DQNs used a dynamic epsilon value. Their value began at
1.0 and decreased rationally down to 0.01 over 5,000 time steps. This was necessary in order for
the models to be able to thoroughly explore in the beginning, but then almost always choose the
optimal action towards the end of training. Without the decreasing epsilon value, the DQNs with
RNNs would not observe successive time steps of optimal behavior and could not learn the optimal
behavior of jamming only once every four time steps.
As described previously, mean squared error was used to define the cost function. To optimize the
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network, Adaptive Moment Estimation (Adam) was used. Adam is a form of Stochastic Gradient
Descent (SGD) that uses a combination of past first and second moments to calculate the training
step [7]. This gives the training algorithm “momentum” that moves it past local extrema which
can often keep RNNs from converging on global extrema.
RESULTS

Figure 1: Summary of Agent Behaviors

The summary of the results of each type of agent can be seen in Figure 1. As a baseline, constant
and random jammers were first tested in the throttle environment. The constant jammer performed
the worst although it completely prevented network traffic because it also maximally exposed itself
through jamming. The random jammer did slightly better than the constant jammer because it only
occasionally exposed itself through jamming, but also often successfully jammed frames.
Epsilon Greedy Agent This agent was trained for 10,000 time steps, with an epsilon value of
0.25. The agent was able to settle on the jamming power of two being the optimal power, and
once it did the average reward of the arm approached two. A power of two is optimal for the
agent because it fails packets in order to keep the modulation and coding at one or lower, but it
also maximizes reward. These results demonstrate that the agent was able to learn that the power
of two was powerful enough to fail packets and that three was unnecessary and only lowered the
reward earned.
DQN Agent This agent demonstrated significant improvements over the epsilon greedy agent.
It succeeded in learning to use different jamming powers when observing different modulation
encodings. When it observed an encoding of zero, the agent jammed with a power of zero and
reaped a max reward of four. After four time steps, the environment would then increase the
encoding to one, and observing this new state the agent would jam with a power of two. It did this
consistently while in state one, earning a reward of two until the modulation was degraded back
down to zero. This resulted in an average reward of three. Although this reward is higher than
those earned by previously tested agents, it still shows how the agents lack of memory of the past
states and actions led to it jamming several packets in succession when it didn’t need to.
DQN with RNN Agents Next a DQN was constructed similarly to the previous one, except with
8

Figure 2: Behavior of NN-DQN Observing the Current State

its network composed of recurrent nodes. The agent reacted consistently and followed a pattern
of 16 time steps shown in figure 10. In time steps one through four, the state remained at zero
and the agent jammed with a power of zero earning the max reward of four. In time step five the
encoding modulation was increased to one and the agent jammed with a power of two in order to
fail the packet. Then for the next three time steps the agent jammed with a power of zero because it
was able to make its decision with six time steps of data, which included a transition that it knows
it always jams. Then, in time step nine it knew it had to jam again to keep the modulation from
increasing to two. However, it continued to jam because all previous states it saw (the current state
and the previous five) were all of a modulation encoding of one and it could not remember which
action it took during those states. This continued until the modulation was decreased back to zero
in time step 13. In the final time step of the series, number 16, the agent jammed with two knowing
it had not jammed the previous three time steps since the modulation transition from one to zero.
After time step 16, the pattern repeats from time step one again.
This behavior demonstrates the network’s ability to leverage the past state observations, but also
how when the state is constant for more time steps than the agent remembers, it acts sub-optimally.
This is because it is unable to deduce what its past actions were, and thus whether it is necessary
to jam or not.
The final DQN was constructed with an RNN but was given both the currently observed modulation encoding and the previously taken action, for six time steps at a time. This resulted in the
modulation encoding remaining constant at one, and the agent jamming with a power of two once
every four time steps. This behavior is optimal for the given environment, and earns the agent an
average reward of 3.5. It also demonstrates how in order for the RNN to act optimally it must be
able to make decisions based on both the environments past states and the agents own past actions.
Figure 3: Behavior of RNN-DQN Observing States

Figure 4: Behavior of RNN-DQN Observing States and Actions
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CONCLUSIONS
Jamming continues to be a threat to the security of wireless communications and mitigation techniques must evolve together with the complexity of threats. Currently described intelligent jammers work to exploit upper layer protocols to decrease sender-receiver throughput, but are difficult
to implement in practice. We’ve demonstrated using modern machine learning techniques that
common adaptive modulation and coding schemes can be exploited in a predictive manner rather
than a reactive manner.
The results of this work admittedly only scratch the surface of what an intelligent jammer equipped
with modern machine learning techniques can potentially accomplish. Since many wireless protocols obey a common set of rules, they can potentially be learned through reinforcement learning
techniques over a short enough time. Dynamic modulation and coding is only one such example, but it’s logical to see how other practices such as handshakes, ACK/NACK packets, and static
packet structures are predictable and possibly open for exploitation. The defense against this attack
being that radios need to constantly change their behavior in order to deny an intelligent attacker
the time to learn the pattern they are following.
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ABSTRACT
Networked Telemetry faces the threat of intrusion like any other cyber network. In this paper, we
address the problem of modeling an Intrusion Detection System (IDS) using Hidden Markov
Model (HMM). It is part of a bigger objective towards capturing and analyzing network traffic to
identify anomalous traffic which in turn will be used to alarm a system administrator. The
network traffic analysis phase involves feature extraction, dimension reduction and vector
quantization (VQ) techniques which play a significant role in large data sets as the number of
data being transmitted is increasing day by day from one network to another. The IDS
framework developed makes use of multi-class HMM where each of the HMM layers are trained
for a specific network traffic type. In order to test the resulting model’s capability to predict
anomalous traffic, the system is tested with a testing data set. Performance of the model against
the KDD ‘99 dataset demonstrates accuracy greater that 99%.
Key words: Intrusion Detection System (IDS), Vector Quantization, Hidden Markov Model (HMM),
Principal Component Analysis (PCA), K-Means

1. INTRODUCTION
The Internet is indispensable for our modern life, where the different social, military, economic
and academic sectors are connected. These connections between so many different sectors make
1

our life easier. In return, it exposes our data, services and systems to different forms of threats.
To deal with these problems different prevention mechanisms are invented like cryptography,
firewall, antivirus. This first line of defense failed to ensure the current security requirements.
Networked Telemetry will suffer the same fate.
The intrusion detection system (IDS) represents a second line of defense that is built in order to
protect networks and systems against the various forms of treats and attacks. It represents a key
tool when other prevention mechanisms fail. IDS can be defined as a tool that detects all
suspicious events in the network or system and enables the network administrator to take
countermeasures. Prevention tools are becoming less and less effective, therefore IDS becomes
increasingly important in protecting our networks and systems.

2. BACKGROUND
Intrusion detection systems come in different flavors and approaches. Based on their strategic
points of placement, they can be network-based (NIDS) and host-based (HIDS) intrusion
detection systems. NIDS are placed at strategic point or points in the network infrastructure to
monitor traffic whereas HIDS run on individual hosts in the network.
Based on their way of detecting malicious traffic, IDS can be generally classified into Signature
based, Anomaly based, passive IDS and reactive IDS. Signature based IDS will monitor packets
on the network and compare them against a database of signatures or attributes from known
malicious threats. An IDS which is anomaly based will monitor network traffic and compare it
against an established baseline. The baseline will identify what is “normal” for that networkwhat sort of bandwidth is generally used, what protocols are used, what ports and devices
generally connect to each other- and alert the administrator or user when traffic is detected which
is anomalous, or significantly different than the baseline. A passive IDS simply detects and
alerts. When suspicious or malicious traffic is detected an alert is generated and sent to the
administrator or user and it is up to them to take action to block the activity or respond in some
way. A reactive IDS not only will it detect suspicious or malicious traffic and alert the
administrator, but it will also take pre-defined proactive actions to respond to the threat.
Typically this means blocking any further network traffic from the source IP address.

2

The IDS developed previously in the Wireless and Network Security( WiNetS) Lab starts with a
training data sequence and reduces the entropy of the data by sending it through data processing
functions and finally a vector quantization process. In addition, a Hidden-Markov Model (HMM)
is then employed to help to further characterize and analyze the behavior of the network into
states that can be labeled as normal, attack, or anomaly. The experiments showed that the IDS
can discover and expose telemetry network vulnerabilities using Vector Quantization and the
Hidden Markov Model providing a more secure telemetry environment [1].
The vector quantized data was introduced into the HMM, and the Baum-Welch algorithm is used
to train the model and optimize the model parameters. We start with rough estimations of the
model parameters (𝑨, 𝑩, 𝝅), and use the Baum- Welch algorithm to re-estimate the parameters
until a convergence criteria is met. This is called log-likelihood estimation and, using the
expectation maximization algorithm, it will determine the number of iterations needed to arrive
at the optimum model parameters. After training, normal system behaviors can be modeled by
the HMM. The HMM is a powerful and well proven method used successfully in spoken word
recognition and other applications. Its application as an IDS has had limited success.

3. DESIGN APPROACH: DATA PROCESSING
A challenge in applying the Markov model to intrusion detection systems is the lack of a
standard method for the translation of the observed network packet data into a meaningful
Markov model. The first step towards building an IDS based on Hidden Markov Models
involves processing TCP traffic into meaningful observations.
The IDS designed in this work is as specified in flow chart of Figure 1. This section discusses the
techniques followed starting from analyzing the TCP captured Wireshark pcap file through to
vector quantization.
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Figure 1: IDS Design Architecture
3.1 Datasets
For simulating the IDS two datasets are considered. The first one is a Wireshark file consisting
of HTTP and SMTP traffic. The raw files are extracted into a database using a java library
construct using 28 features based on the TCP headers [2].
The second dataset is based on KDD Cup 1999 [3]. KDD training dataset consists of
approximately 4,900,000 single connection vectors each of which contains 41 features and is
labeled as either normal or an attack, with exactly one specific attack type. The simulated attacks
fall in one of the following four categories: Denial of Service Attack (DoS), User to Root Attack
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(U2R), Remote to Local Attack (R2L) and Probing Attack. In this paper, only a small portion of
the training and dataset is used simulating the IDS model.
3.2 Feature Extraction/ Dimension Reduction
Feature extraction, also known as dimension reduction, is applied after feature selection and
feature creation procedures on the original set of features. Its goal is to extract a set of new
features through some functional mapping. If we assume 𝑛 features (or attributes) 𝐴1 , 𝐴2 , … , 𝐴𝑛
after feature selection and creation, feature extraction results in a set of new features
𝐵1 , 𝐵2 , … , 𝐵𝑚 (𝑚 < 𝑛) , 𝐵𝑖 = 𝐹𝑖 (𝐴1 , 𝐴2 , … , 𝐴𝑛 ) and 𝐹𝑖 is a mapping function.
Principle Component Analysis (PCA) is a classic technique used to compute a linear
transformation by mapping data from a high dimensional space to a lower dimensional space
where the original 𝑛 features are replaced by another set of 𝑚 features that are formed from
linear combinations of the original features. In this paper, PCA via Singular value
Decomposition is (SVD) used to achieve dimension reduction [4].
3.3 Vector Quantization
After applying the PCA procedure to the data, using the principal components, the data is
mapped into the new feature space. Then, the K-Means algorithm is applied to the data in the
feature space. The objective is to be better able to distinguish the different clusters. The K-means
objective function [5] is used to assign labels to the different clusters.

4. MULTIPLE CLASSIFIER SYSTEM HMM-based IDS
The HMM-based IDS implemented in this work involves a Multiple Classifier Systems (MCS)
approach which is widely used in Pattern Recognition applications. It allows
to obtain better performance than a single classifier. Reasons why an MCS could perform better
than a single classifier have been deeply investigated in the literature, and the effectiveness of
MCS for computer security has been also explored [6-8].
4.1 DESIGN APPROACH
A HMM is a stochastic model that represents a dynamic process of two related random processes
[9-10]. An underlying stochastic process that is not observable (hidden states) can be observed
5

through another set of stochastic processes that produces the sequence of observed symbols. A
HMM consists of a set of N distinct “hidden” states of the Markov process 𝑄 = {𝑞1 , 𝑞2 , … , 𝑞𝑁 , }
and a set of 𝑀 observable symbols per State = {𝑣1 , 𝑣2 , … , 𝑣𝑀 , } . The overall HMM model is
defined as follows (with 𝑞𝑡 and 𝑜𝑡 denoting the state and observation symbol at time 𝑡
respectively).
The HMM is specified by a set of parameters (A, B, Π):
1) The prior probability distribution Π = Π𝑖 where Π𝑖 = 𝑃(𝑞1 = 𝑠𝑖 ) are the probabilities of 𝑠𝑖
being the first state in a state sequence.
2) The transition probability matrix 𝐴 = {𝑎𝑖𝑗 } where 𝑎𝑖𝑗 = 𝑃(𝑞𝑡+1 = 𝑠𝑗 |𝑞𝑡 = 𝑠𝑖 ), are the
probabilities to go from state 𝑠𝑖 to state 𝑠𝑗 .
3) The emission (observation) probability matrix 𝐵 = {𝑏𝑖𝑘 } where 𝑏𝑖𝑘 = 𝑃(𝑜𝑡 = 𝑣𝑘𝑗 |𝑞𝑡 = 𝑠𝑖 )
are the probabilities to observe 𝑠𝑘 if the current state is 𝑞𝑡 = 𝑠𝑖 .
The above mentioned emission probability matrix is defined for the case of discrete HMM. In
order to train the HMM models, the continuous measures observations are used to infer the
discrete-state of the network TCP traffic using an iterative procedure called the Baum-Welch
method (Expectation Maximization) [11-12]. It computes the maximum-likelihood estimates of
the HMM model parameters (A, B, Π) using the forward and backward algorithms. Once the
models, 𝜆1 , 𝜆2 , . . . , 𝜆𝑛 , are trained, the forward algorithm is used to determine the states. For a
given sequence of observations, 𝑂 = 𝑜1 , 𝑜2 , . . . , 𝑜𝑡 , the forward algorithm computes the
probabilities 𝑃(𝑂|𝜆𝑖 ), 𝑖 = 1,2, … , 𝑛 for each model.
The model λi with the highest likelihood probability at a given time step represents the estimated
state of the TCP traffic. Thus, to determine the state at time t.
𝑆(𝑡) = arg 𝑚𝑎𝑥𝑖 𝑃(𝑜1 , 𝑜2 , … , 𝑜𝑡 |𝜆𝑖 ) … i = 1, … , n ……………………….…… (1)
Figure 2 shows the general idea of this technique. Equation (1) is represented in the final
compare step. Since the focus of this paper is in identifying the type of traffic detected as it
passes through the IDS, models 𝜆𝑖 : HTPP, FTP, Telnet, SMTP, etc.
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Figure 2: MCS HMM-based IDS
Our data set varies significantly among different features. Log transformation is useful when
there is high degree of variation within variables or when there is a high degree of variation
among attributes within a sample [13]. This property makes the log transformation one of the
several possible methods for data normalization before applying PCA. In addition our data set
contains zeros. To apply log-transform on data containing zeros, a small number must be added
to all data points.
5. RESULTS
In this work, a multi-class classification problem based on HMM model is used to design an IDS.
The sequence of observations which are used for this model are extracted using feature selection
and dimension reduction techniques followed by a vector quantization procedure which is Kmeans clustering.
Statistical features are extracted from the time series observations at time 𝑡 = 𝜏. This enables us
to use the historical information before the time 𝑡 = 𝜏 as an input for classifying the network
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traffic. As a result the network traffic before the given time 𝑡 = 𝜏 is well represented in the
feature vectors.
The performance of the model is evaluated using Confusion Matrix where each column
represents the number of instances in a predicted class and each row represents the number of
instances in an actual class.
The confusion matrix on Table 1 shows the performance of the multi-class classification method
by splitting the data set into 70% training and 30% testing data set. The HMM Toolbox for
MATLAB [14] is then used to implement the multi-class HMM.
The quantized data is used as a time series observations. At every time step in the HMM method
S(t) is evaluated and the HMM that best describes the sequence until that point is the estimated
state at a given time 𝑡 = 𝜏. Here, the time series data for 202 HTTP and 33 SMTP observations
vectors. The observation series has a length of 30.

Actual
Traffic at t=τ

Actual
Traffic
at t=τ

Predicted Traffic at t=τ
HTTP
SMTP

HTTP

201

1

SMTP

0

33

(a) TCP only test dataset

Predicted Traffic at t=τ
HTTP SMTP DoS

normal

HTTP

2

5

0

0

SMTP

0

0

1

0

DoS

2

1

44

0

normal

0

0

0

47

(b) TCP and KDD Cup 1999 test dataset
Table 1: Confusion Matrix for test datasets
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Figure 3: Accuracy for different lengths of observations
The accuracy of the system is plotted in Figure 3 for various length of observation sequence. As
the length varies from 10 to 800, the accuracy of the system improved significantly. Accuracy is
99.57% at length of observation sequence is 30 as in Table 1 (a) which only contains the TCP
datasets. In case of test set of Table 1(b) which consists of the TCP test dataset of Table 1(a) and
KDD Cup dataset subsets normal and DoS traffic, the accuracy is at 91.18% for observations of
plotted in Figure 3.

6. CONCLUSIONS
This work highlights the potential for use of multi-class HMM-based IDS for telemetry
applications. PCA using SVD is used for dimension reduction of TCP data after feature selection
and feature creation. By applying K-means clustering as a vector quantization technique on the
reduced data, the cluster labels are used as a sequence of observation to an HMM model. The
IDS is based on multi-class classifier where the different layers of HMM represent different TCP
traffic types. This HMM IDS model managed to achieve accuracy greater than 99% when the
sequence of observations is greater than 30 and accuracy of 91.8 % is achieved when KDD Cup
9

1999 datasets of normal and DoS traffic are included for testing with observation lengths varying
from 10 to 800.
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ABSTRACT
Homomorphic encryption [1, 2] is a branch of cryptography in which data transformation
operations can be performed on already encrypted data—promising better protection of data as
the data no longer needs to be decrypted in order for specific analysis operations to be
performed. Thus, better security is achieved by absolutely minimizing the amount of time
sensitive data is potentially exposed. After reviewing homomorphic encryption principles,
system level architectures will be presented discussing where homomorphic encryption may best
fit in the generally accepted data security taxonomy involving disk, file, and application
encryption. Emphasis will be placed on application to telemetry post-processing environments.

INTRODUCTION
Data security challenges in telemetry post processing activities are noteworthy because telemetry
data is very valuable to an organization. Telemetry data provides valuable insight into how
systems may or may not be working properly and if these systems have national security impact
the telemetry data is even more sensitive. Data security in the enterprise spans data at rest, data
in motion, data sent through e-mail, data used by applications, and data backed up. Of particular
import is data at rest security and its impact on data used by applications. This is because when
data needs to be used by an application the data is at most risk of compromise since the
application will need to decrypt the data elements it needs to process. The mechanism used to
secure the data at rest (e.g. disk encryption, file encryption, database encryption, or application
encryption) will ultimately determine the envelope of time decrypted data will be vulnerable.
However, what if the application did not need to decrypt the data to process it? What if it could
merely apply transformations to the encrypted data and have it be the same as if the data was
decrypted, had the same transformations applied, and then re-encrypted? This would truly be
revolutionary as there would then be no envelope of time data would need to be decrypted to
undergo transformation; thereby, eliminating the possibility of compromise during this type of
processing. However, before examining these technological possibilities it will be important to

review both the merits and perils of achieving data at rest security with disk encryption, file
encryption, database encryption, and application encryption.
DATA AT REST ENCRYPTION PRACTICES
There are basically four encryption approaches used to protect enterprise server and database
data at rest. Self-encrypting disks provide the least amount of data security to the organization.
This is because when the disk powers on and the proper authentication/password information is
presented, the entire content of the disk is available for decrypted use by the host operating
system (OS) and any higher layer application; with no further protections on the data except
what the operating system might offer. Thus, the only real benefit of encryption at this level is if
the disk is physically stolen, or inadequately erased when it is decommissioned because the disk
will be in its self-encrypted state when it is both powered down, or when powered up and an
incorrect password to decrypt the disk has been presented.
With file based encryption, dedicated processes run just above the operating system to
seamlessly decrypt the files sensitive data resides in when the data is going to be needed by an
application, adding significant protections beyond self-encrypting disks. Typically, a dedicated
software based agent performs this role and is deployed at just above the OS level to intercept all
file read/write operations, evaluate established policy and determine if applications and/or users
attempting to access data in files (flat files, database files, etc.) have a right to do so. The truly
enormous advantage of encryption at the file level is no modifications need to be made to
existing applications that use the data stored in files or databases. However, the downside is that
for the period of time the files are decrypted (this may occur when an application or even
database administrator needs to access the data), all the data in the files are theoretically
vulnerable to compromise. Thus, if files being decrypted for an application happened to be
database files, then for the period of time those files were decrypted, all the data in the database
would be potentially vulnerable. On the positive side, another advantage of this approach is that
key management policies and data access policies can be centrally orchestrated with dedicated
(and redundant) management applications controlling all the file encryption/decryption agents.
Database encryption can almost be considered a subset of application encryption. Basically in
database encryption very specific subsets of the data in the database can be encrypted utilizing
the native encryption capabilities of the database. The downside of this approach is that if the
organization has many different vendor databases; each database will have its own key
management and policy applications, making it somewhat tedious to centrally manage all the
policies. These solutions also have to decrypt and re-encrypt all encrypted data when a key
rollover occurs. This is a time-consuming process which in many cases takes the database off
line during the process. However, on the positive side, implementing database security may not
necessarily require application changes, as the database will take responsibility for seamlessly
decrypting the data before it is presented to the application---but there will be downtime if a
production database which is not using decryption, is enabled to do so.

Finally, with application level encryption, very specific subsets of data can be encrypted. This
granular control affords data in the enterprise to have the most protection as data is essentially
encrypted to the very last moment until it is required by the application. While application level
encryption affords the organization the best security; it also involves some complexity in that the
applications will need to be specifically modified to leverage the granular encryption services. It
is at the application level that both tokenization and Format Preserving Encryption (FPE)
approaches can also be introduced. In tokenization a non-sensitive entity is substituted for a
sensitive data item where the substitution method is very difficult to reverse if the tokenization
system is not present. In FPE, the output of an encryption process is encrypted but in the same
format as the input. For instance, if the input was in a credit card number format, the output
would be in the same format. This allows the FPE encrypted items to be directly placed in the
same database schema intended for use with the original non-encrypted data. Compounding the
complexity is the need to migrate the existing data sets to the tokenized or format preserved
encryption form. However, this is a one-time operation. Also note with application level
encryption overall application performance can be improved as the data is protected once and
then is used in its protected state throughout the network. There is no need for encrypt/decrypt
cycles at every server in the network. Security policy is based on the data element no matter
where it resides; it is not specific to a platform or an application.

Figure 1. Contrasting a traditional cryptosystem with a homomorphic encryption system.
Decryption of R1 and Decryption of R2 will yield the same result!

Although self-encrypting disk technology, file level encryption, database encryption and
application level encryption are different methodologies for securing data; they do all have one
thing in common; when sensitive data needs to be used, data must be decrypted leaving it
vulnerable to compromise—the difference being the amount of time sensitive data will need to
remain unencrypted and the volume of the data that remains unencrypted over the time period
the data is being used. With disk encryption the amount of time is long and the volume is great
as after the password is input to decrypt the entire disk is accessible to the host operating system.
With application level encryption the amount of time is short and the volume small, as only the
data element the application needs to process must be decrypted and only for the short time it
needs to be directly used by the application. File level encryption is somewhere in between.
A POTENTIALLY SUPERIOR APPROACH: HOMOMORPHIC ENCRYPTION
While application level encryption affords an organization the absolute minimum in sensitive
data exposure time, homomorphic encryption totally eliminates it. This is because homomorphic
encryption systems have a property that transformational operations to data can be directly
Table 1. Challenges with Homomorphic Encryption
Challenge Item
New cryptographic algorithms

Comment
Of AES, Triple DES and RSA only RSA is
partially homomorphic and only with respect
to multiplication. New homomorphic crypto
systems will need to be vetted by the user
community
Computational requirements
Homomorphic systems created to date require
big compute power for even simple
transformational operations to complete
Malleability
Encrypted data can be altered without
decryption leading to the question: how to
identify the originally encrypted data? Or how
to track what transformations have already
been done to the encrypted data?
Functions to operate on the encrypted data not While homomorphic encryption protects the
private
privacy of data operated on; there is no
provision for protecting the function(s) that
will be applied to the encrypted data;
potentially giving adversaries clues with
respect to the content of the encrypted data.
NIST FIPS 140-2 evaluation not likely
A FIPS 140-2 certification requires use of
possible
NIST certified cryptographic algorithms.
Homomorphic encryption systems create new
cryptographic systems that will require a from
scratch evaluation by vetting entities.

applied to encrypted data with the result being as if the data was decrypted, the transformations
applied and then the data re-encrypted again, see Figure 1. It should be pointed out that
homomorphic encryption is probably best applied at the application level; so individual data
elements that are encrypted can be directly transformed. The concept of leveraging
homomorphic encryption on a complete data file somewhat defeats the intent of homomorphic
encryption, as arbitrary operations to the entire file would be difficult to standardize.
HOMOMORHIC ENCRYPTION
The mathematics underlying homomorphic encryption are beyond the scope of this paper.
Instead, the characteristics of these new homomorphic systems will be discussed in order to
understand the implications of their use. Beyond its unique attribute with respect to performing
mathematical operations directly on encrypted data without the need to decrypt, homomorphic
encryption is not a total panacea! It has several characteristics which will make it challenging to
successfully deploy in the marketplace. The concept of homomorphic encryption is not new.
Before Craig Gentry disclosed he had created a fully homomorphic encryption system in 2009
(this was his PhD thesis subject at Stanford University), many people were engaged in such
research. In fact, it was known that other crypto systems previously created were partially
homomorphic. For example, the famous RSA encryption algorithm developed by Adi Shamir,
Ron Rivest and Len Adleman [3] is homomorphic with respect to multiplication; however, not
addition; notably both arithmetic functions are needed in order for any mathematical operation to
be implemented. Unfortunately, the most popular symmetric ciphers in use today like Triple
DES [4] and AES [5] are not homomorphic. And herein lies the first troubling characteristic with
respect to homomorphic encryption---by definition, a new crypto system is being created that can
deliver the unique functionality. One can’t just somehow “bolt” homomorphism onto the
existing old (dependable) crypto algorithms like RSA and AES. Of course the primary benefits
of AES and RSA and Triple DES is they have been used for years and years and have been
totally vetted by the scientific data privacy community. Any new homomorphic system coming
out, will be just that: new and totally not vetted.
There are other issues of concern with homomorphic encryption. First the theoretic systems
proposed would require a great deal of computational power to practically implement. Further,
one must also be aware that while the data remains encrypted, there are no privacy guarantees for
the algorithm(s) or transformation(s) that will be used on the encrypted data. In one sense, this
could potentially leak information about the data being processed. In other words, if one knows
the data transformations that will be of interest for data, one might be able to conclude or
anticipate the type of data that will be operated on. Finally, homomorphic systems are
malleable; i.e. they alter the encrypted data with no real mechanism for remembering what was
done to the data or what the original data was. These somewhat problematic characteristics of
homomorphic encryption are summarized in Table 1.
SECURITY CERTIFICATION IMPLICATIONS
In the security industry proving one’s security product itself is secure is very important. The two
most important certifications in this regard are the National Institute of Standards and

Technology (NIST) FIPS 140-2 standard [6] and the International Standards Organization (ISO)
Common Criteria (CC) [7]. Many industry governance standards as well as governments
themselves require their organizations/agencies only purchase Commercial Off the Shelf (COTS)
security products that have achieved one or more of these certifications. FIPS 140-2 is a
hardware specification that is used to evaluate hardware that protects cryptographic keys and
performs sensitive cryptographic operations on data at rest and in motion. This hardware is often
called a Hardware Security Module (HSM). There are four levels of merit in the specification,
with each increasing level implementing more robust security safeguarding measures.
Common Criteria (CC) is an International Standards Organization and
Standardization/International Electrotechnical Commission (ISO/IEC) standard and is
recognized internationally by 25 countries. Common Criteria is really a methodology for
evaluating security claims about a product. It’s not looking at the entire product, only its security
features. The CC includes specifying a Security Target (ST) document that defines the security
functionality and assurance methodologies used to verify that those functionalities are actually
achieved. The ST document also defines the Target of Evaluation (TOE)—which is the product
or subset of product for which the methodology will be performed. A Protection Profile (PP) is a
ST that is written in a general way for a particular product type—for example, firewall products
or intrusion prevention products. Common Criteria has seven Evaluation Assurance Levels
(EAL). The desired EAL level being pursued dictates the rigor of how those assurances are
verified.
A natural question is: would it be possible for a homomorphic based encryption product to
achieve a FIPS 140-2 or Common Criteria certification? With respect to FIPS 140-2 probably
not. This is because FIPS 140-2 Level 1 assurance centers around use of NIST evaluated (i.e.
certified) cryptographic algorithms (e.g. Triple DES, AES). Recall to engineer a homomorphic
encryption system an entirely new cryptosystem must be created. Unless NIST were to certify
that new cryptosystem; a FIPS 140-2 evaluation would not be possible despite the fact that FIPS
140-2 Levels 2, 3, 4 levels relate to how the HSM is secured (e.g. tamper evidence, data
zeroization, etc.), not really the cryptographic algorithm used. Unfortunately, a Level 2, 3, or 4
evaluation requires Level 1 compliance. With respect to Common Criteria the story is more
optimistic as there is no real reason why a homomorphic encryption system could not achieve a
desired EAL level. The challenge would be defining a new ST and TOE for that system. If done
in a general way, a PP could be defined that other homomorphic encryption system
manufacturers could leverage if they wished to purse a CC evaluation.
TELEMETRY POST PROCESSING IMPLICATIONS
At first thought one might conclude that the data security in telemetry post-processing
environments would be substantially enhanced by deploying homomorphic encryption. This
would generally be true modulo one important factor: the robustness of the new crypto system

implemented to be homomorphic! Before general use in either public sector or private sector
environments, there would need to be significant vetting of the crypto system to ensure it could
not be easily compromised. Given that such a system was implemented correctly, organizations
deploying such systems would significantly narrow their data security exposures---as data would
no longer need to be decrypted in order to be transformed. However, another factor would need
to be managed before practical use could be adopted: data malleability
As previously mentioned, by definition, homomorphic system data are malleable. This
characteristic is not an insignificant issue in telemetry post processing environments. What
transforms are applied to post processed data is a critical issue. Thus, post processing
environments will need to establish an accountability mechanism to track the transforms applied
to encrypted data. Once such a tracking capability was put into operation, a telemetry postprocessing environment could maximally leverage a homomorphic encryption capability given
adequate compute power to support the homomorphic computations.
SUMMARY
Homomorphic encryption is an exciting area of research in cryptography. There is no doubt that
the underlying paradigm---being able to mathematically operate on encrypted data without the
need to decrypt the data could transform data security in organizations. Thus, it is very germane
to environments where telemetry post-processing and analysis are carried out. However, much
more research needs to be done in order to overcome some of the troubling characteristics
associated with homomorphic encryption including, the introduction of new cryptosystems that
must be vetted for their security, computational horsepower required to practically implement,
protecting the disclosure of the functions operating on the encrypted data and the data
malleability side effect of homomorphic encryption. None of these obstacles are insurmountable
and thus it is within reason to believe at some point in the nearer future homomorphic
cryptosystems will be a viable option for telemetry post processing environments.
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ABSTRACT
This paper develops and utilizes a method for analyzing, modeling and simulating cyber risks in
a networked environment as part of a risk management model by incorporating an approach that
will be used for the development of attacks, detection, controls from real data or assumptions.
The risk assessment considers Morgan State University’s network as a case study, which can be
migrated to a networked telemetry system. Recent attacks on more than 300 U.S. universities
targeting university professors, students, and faculty to collect credentials of the victims’
university library accounts have been identified by the PhishLabs. This research work develops a
model for cyber-attack risk assessment and countermeasures for the security of distributed and
decentralized Servers resource in academic and other environments.
Key words: Risk Assessment, Cyber Security, Telemetry Networks

1. INTRODUCTION
One of the significant purposes of Risk Assessment is to have measurable and verified
Information Security. We need our personal and sensitive information to have high
Confidentiality, Integrity, and Availability (CIA Triad) to authorized persons only. This paper
adopts an analytical model [7] and provides a worked example with a normalized MSU’s IT
system while under attack and shows the results (risk reduction estimates) from simulations that
reflect the analytical model. To achieve this, a process model that was based on MSU’s
normalized design of the old (CISCO), and new (NGN-using ALE) network security
infrastructure was being used.
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Figure 1: Risk Model for a Cyber System
The proposed methodology is based on the assumption that risk is related to the elapsed time
required for a successful attack. This general risk model developed from the NIST model [1],
describes how attackers, also known as the threat sources, launch various attacks whose purpose
is to exploit any known vulnerabilities in a network. While some controls are in place, we found
out that there are still some loopholes (residual risks) in the system which could allow the
attacker to gain unauthorized access to personal information or data intended only for authorized
users. This could adversely impact the network and could result in different levels of risks
depending on the mission of the attacker. This same model is applied to both Morgan State
University’s normalized old and new (Improved-NGN) network. Comparisons were made, and
the resulting impact and risks (monetarily, i.e. $$ and non-monetarily, i.e. reputation/prestige)
were assessed for different attack mechanisms.
2. BACKGROUND
The methodology described below depends on the process model which came from
NIST/ISACA [2-3], and the analytical model which is from MSU [7] is used to get the
network’s reaction to various attacks, and this was eventually used to compute the impact and
risk of these attacks on the network.
Attack: A cyber-attack could be any passive or active threat actions taken to gain unauthorized
access to any information that is considered confidential, by exploiting the vulnerabilities of the
network. The probability that an attack is present, Pa, can be expressed as the probability of one
or more attacks
∞
Pa= ∑ 1- Πι((1-Pai(k=0)))
(1)
i=1
The probability of k occurrences of attack (i) during any specified interval of time with a Poisson
pdf as:
Pai(k) = λikeλi/k!

(2)

2

λi = average arrival rate of k attacks, for attack (i) with i = 0, 1, 2, 3… ∞ in some interval T.
Residual risk = Likelihood of Vulnerability * Value – “% controlled” + Uncertainty) [4], while
Risk can also be simplified to equal Vulnerability * Threat.
Vulnerability:
“A Vulnerability is a weakness in an information system, system security procedures, internal
controls, or implementation that could be exploited by a threat source” [1].
Vulnerabilities could be classified but not limited to any of the following categories: Policy
flaws, Design errors, Protocol weaknesses, Software vulnerabilities, Misconfiguration, Hostile
code, or Human factor [5].
The number of successful attacks determines how vulnerable a network security system is.
Therefore, to account for the network’s vulnerability, we first account for the probability of a
successful attack over a period T and with an exponential probability of detection with parameter
λ2. This can be represented as [7]
Psa = 1-Pd = 1-e-λ2T

(3)

The probability of detecting an attack, Pd, is a critical factor in determining how vulnerable the
system. The system’s vulnerability is high with a low probability of attack detection, and vice
versa if the probability of detection is high. We can also say that the shorter the detection time,
the less vulnerable the network is, and if it takes a longer time to detect the attacks, then the
vulnerability of the system can be said to be high. The likelihood of detection is mathematically
represented as
Pd = λ2e-λ2T

(4)

Where λ2 represents the average time for detection, and T is the time it takes (attack or detection)
Controls: Security controls against successful attacks against the network are a crucial factor to
be considered while trying to reduce the impacts of attacks on your network. If the controls in
place can detect infiltrations on time, the impact and hence their risks on the network would not
exist
The probability of penetration detection (Ppd) was used to model the network security control,
and it could be represented with an exponential pdf as:
Ppd = λ3e-λ3T

(5)

Where λ3 is the average time it takes to control penetration and T is the period.
Impact:
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Attacks cause two major categories of harm, regardless of the source: data breaches and loss of
service. Data breaches could cause a situation whereby your confidential information is captured,
secretly removed, and transferred to criminals. Data breaches could cause damaging impacts by
tarnishing the organization’s reputation, thereby causing customers to lose trust in the company,
and this could eventually lead to business shutdown due to be financial losses accrued from
compensating attack victims, legal charges etc. Companies who fall victim to network attacks
spend a lot of time and money detection and technical remediation [6].
How does a targeted attack affect the victims?
Business upheaval, i.e. system downtime, loss of intellectual property or personally identifiable
information (PII), tarnished reputation, and financial loss, are some of the negative impacts that
could be felt if your network is under attack [5].
The magnitude of the loss of an attack (i) is assumed to be proportional to the total penetration
time Tp which exponentially approaches your net worth ($NW) as:
Lossi(T) = (1 - e-λ4Tp )$NW

(6)

Where λ4 represents the time constant for dissipation of assets from the enterprise network.
Risk:

Figure 2: Risk Illustration
Risk can be computed as an accumulation of costs and their associated probabilities. In a multiattack environment the aggregate risk can be expressed as:
Risk = ∑iPsp(i) Lossi (T)

(7)

Risk can be express from equations 1 to 7 above as[7]:
Risk = ∑i (∑i (λikeλi/k!)) (1 – e-λ2T)(1 – e-λ3T)(1 – e-λ4Tp)$NW

(8)

3. RISK ASSESSMENT
Figure 3 describes normalized MSU’s old network security architecture; this contains two
redundant firewall service modules (FWSM), and operating in a failover configuration modes
which were located at the outer edge of the network to help safeguard information technology
(IT) resources from security risks. The network also includes two operational but redundant core
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switches/routers, which are capable of segregating the un-trusted wireless and students computer
lab network segments from the administrative users. Server farm (servers that houses banner
application for Students, Human Resource, and Financial Information Systems) was positioned
behind one of the Cisco Firewall Service Module (FWSM), operating on a Cisco 6509
switch/router positioned within the MSU network.

Figure 3: Old Network Diagram
Each switch block that surrounds the core represents each building of the school. Some of the
attacks experienced include but not limited to phishing, SQL injection, and WordPress Attacks.
Assaults on most educational institutions includes, but is not limited to: Eavesdropping, Data
Modification, Identity Spoofing (IP Address Spoofing), Password-Based Attacks, Man-in-theMiddle Attack, Compromised-Key Attack, Sniffer Attack, Application-Layer Attack etc. while
some of these attacks were detected and removed, others had negative impact on the school’s
network, but not to the extent of costing the university loss of reputation.
3.1 MONTE-CARLO SIMULATION OF THE RISK MODEL
The Monte-Carlo model simulation of the cyber security model in Section 2 was simulated for
different scenarios considering a single attack type and λi fixed for attack arrival and cost, λ2 and
λ3 are varied for the 4 different scenarios. These scenarios are as follows:





Small emphasis (10%) on both detection (λ2) and control(λ3)
High emphasis (50%) on detection only.
High emphasis (50%) on control only.
Balanced emphasis (35%) each on detection and control.
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Figure 4: Comparing cost for all four cases
The results of the risk (cost) of the four scenarios are plotted in Figure 4. It depicts the balanced
approach to detection and control is the lowest risk and most effective strategy. This confirms
what many security experts predict in the risk management of systems. The next sections of this
paper apply this theoretical simulation in a practical approach.
3.2 NEW NETWORK SECURITY INFRASTRUCTURE
The network diagram (normalized) in Figure 5 shows what the new network (NGN) security
infrastructure; the security method used can combat most Attacks. Some of the attacks experienced
include but not limited to all that was stated in the old network and more. NEW Components of the New
Network Security Architecture

Figure 5: New Network Security Architecture
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3.2.1 Wired Users
Wired users are connected to the network via cables (RJ-45 CAT6), as soon as a user logs into
his/her PC by typing his/her username, the user will immediately be directed to its portal based
on the user group classification he/she belongs, the user’s classification also determines the level
of privileges the user will have on the network. Access guardian is what makes this possible.(a)
(a) Access Guardian
Access Guardian requires a combination of 802.1x configuration, AAA authentication, and QoS
ACL to identify the user network profile (UNP) to configure the individual users into an
assigned group to provide a dynamic, proactive network security solution.
Authentication and Classification—Access control is configured on 802.1X-enabled ports
using device classification policies. A policy can specify the use of one or more types of
authentication methods (802.1X, MAC-based, or Web-based Captive Portal) for the same port.
For each type of authentication, the policy also specifies the classification method (RADIUS,
Group Mobility, default VLAN, or block device access)
User Network Profiles (UNP)—one of the configurable options of a device classification policy
is to classify a device with a UNP. When the policy applies the UNP to one or more devices, the
UNP determines the VLAN assignment for the device, and if any QoS access control list (ACL)
policies are applied to the device, which will be based on MSU’s existing and future Active
Directory structure.
(b) Policy Configuration for Access Guardian

Policy network group provides the access list, which identifies the permissible IP address or IP
network; furthermore, the policies correlate to policy condition that is tied to the policy rule and
policy list. The configuration is standard across all access switches accordingly.
3.2.2 Wireless Users
Wireless Users (secure wireless, guest wireless, eduroam), unlike wired users, they are connected
wirelessly and without wires. Wireless devices initially locate the nearest access points, and the
access points routes the data’s through the switch and to the wireless controllers where policies
are being setup (looks just like access lists). For the wireless devices, the wireless controllers
check the policies in place for each user based on the group they belong by checking and
authenticating via ClearPass policy manager.
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The ClearPass Network Access Controllers provides Radius Authentication Services for wired,
wireless, and Palo Alto VPN clients. It also provides wireless guest access. It operates by
matching the user to their AD group membership, and returns the necessary role to Access
Guardian and the Wireless Access Controllers, for assigning the proper network access to the
user.

Figure 6: Communication between Clearpass and Active Directory
The Active Directory structure has direct ties to the security architecture of ClearPass as well as
Access Guardian and Firewalls. Given proper consideration, Active Directory can provide
granular security permission through Access Guardian and ClearPass for wired and wireless
users. Others include but not limited to lldp security, learned port security and more.
3.3 Vulnerabilities in the Old Network and Solutions from New Network Security
The Security vulnerabilities identified in the old network are balanced by placing security
controls in the new network. Table 1 shows these network vulnerability and their
countermeasures in the new network.
Vulnerabilities of old Network Security

Solutions from the New Network Security

IDPS systems - Device Hardening
1. Significant portions of MSU’s network traffic
were not subject to IDPS coverage
2. IDPS signatures were not updated on the
ISDM for about 20 months
3. The ISDM modules were not being backed up.

MSU implement IDPS coverage for all critical
portions of its network MSU also continually
maintain active licenses for its ISDM modules and
update the signatures on the modules as the vendor
releases them.
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Periodically, MSU backup the ISDM modules’
configuration files and store them offsite in a secure
environmentally controlled location.

Control over administrative access to its two Limited administrative access to IPS1 to only IP
addresses of network administrators and network
IDSM modules is not good enough
management servers that require access.
1.The User Account on the IPSs modules
configurations each contained one locally defined Default user account was deleted.
user account for accessing the device which was not
Authentication control settings for user accounts and
renamed or deleted
passwords comply with DoIT requirements.
2.User Authentication - several user authentication
control settings were not enabled.
OLD Network Security Architecture (Host-based Complete IDPS coverage was introduced which
includes the use of network-based IDPS.
IDPS)
IDPS coverage for encrypted traffic entering the
MSU network from un-trusted sources did not exist.
Old Network Security – Firewall (Outdated and
Unsupported Software)
Data center Firewall Service Module software was
susceptible to known vulnerabilities, and the Enables constant firewalls updates.
manufacturer no longer supported the FWSM
software
Provision of adequate policy for the installation and
monitoring antivirus and antimalware.

Old Network Antivirus/ Anti-malware

1. Inadequate procedures or policy to install,
monitor MSU workstations and server
MSU acquire and utilize a centralized management
2. Lack centralized management of monitoring console to monitor.
Antivirus and Antimalware
Old network’s Administrator Privileges:
User Access Control (UAC) was not enforced

User Access Control (UAC) was enforced

Table 1: Vulnerabilities in the Old Network and Solutions from the New Network
4. CONCLUSIONS AND FUTURE WORK
To implement a very good security system in a networked environment, you have to do a thorough risk
assessment, and make sure to put into account every known attack while also making considerations for
attacks that may occur in the future. The simulation which contains an analytical model from prior work
shows that if you place a balanced emphasis on attack detection and control, you have far lesser risk than
when you only place much emphasis on either attack detection or controls. A worked example of the
previous model is used to compare Morgan State University old and new IT network to migrate to an
9

improved security system by placing balanced emphasis on attacks prevention/detection, and control to
reduce the total risk of the old system to the bearable minimum.
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ABSTRACT

Space and weight are key factors in designing, mounting and installing data acquisition
systems on UAV and missile development programs. Additionally, there are an increasing
number of measurements and avionic busses that must be captured reliably and transmitted to
the ground. This paper discusses the challenges faced by the current generation of solutions
and proposes and integrated and expandable solution that addresses these challenges, meeting
the requirements while future proofing the platform architecture for additional data
acquisition requirements.
INTRODUCTION

Missile Data Acquisition Systems (DAS) are generally made up of 5 key component groups:
1. Data Acquisition Unit (DAU)
2. PCM transmitter
3. Multi-band antenna
4. Flight Termination Receiver (FTR)
5. Battery pack
The DAU is usually required to gather data from multiple input sources and encode them into
a PCM frame for transmission to the ground during test. The type of data generally gathered
includes


Vibration



Acceleration



Temperature



Pressure



Strain



Voltage



GPS parameters



Seeker information



Video

A PCM transmitter is generally chosen to meet the specific needs of the flight test program.
A dual band wrap around antennae mated with PCM transmitters and FTRs meeting the
required RF and operating frequency power for the flight test environment are commonly
chosen for missile test programs. UAV programs will have different requirements for a
multiband antenna, but RF power and operating frequency are still key considerations. FTR
systems are generally kept separate for safety of flight considerations although FTR systems
usually monitor some key parameters from the DAU and the battery system onboard.
Given the restricted space and weight requirements of missile and UAV platforms, typical
aircraft power of 28V is not available. Battery packs are generally used for power, but these
can need to be large depending on the platform requirements and duration of flight required
for the test programs. Different components of the system will also require different voltages
and current capabilities, making the battery pack complicated.
OPTIONAL COMPONENTS
Missile systems are often used in very short test flights, placing tough requirements on the
amount of data that can be gathered during the flight. Typically, a sub set of the data is all that
can be transmitted, therefore, where possible, a rugged, crash survivable recording unit is an
ideal solution for missile systems to record the all the data that is required to be gathered as
part of each missile test firing.
INTEGRATED SOLUTIONS
Leveraging new technologies and integrating the major components into reduced SWaP
packaging offers a new paradigm in data acquisition solutions for UAV and missile
applications. The following section discusses desirable features of DAUs and batteries.
DAU
A miniature, rugged, expandable DAU is the ideal solution. In comparison the traditionally
available systems, it would be advantageous to have one that has added new functionalities,
increases the number of signals and measurements acquired while reducing the size of the
boxi.
Modular DAUs are typically available in different sized chassis lengths depending on the
solid chassis chosen or how many modules are stacked in a slice of bread design (one where
modules are bolted together to form the chassis). Slice of bread form factors are more flexible
for altering size whereas a solid modular chassis is more rigid and makes the addition of new
modules to meet new requirements easier to achieve.
Another two features that would make a DAU better suited to UAV and missile programs are
the ability to daisy chain chassis and to field remotely mounted modules. Daisy chaining of
chassis allows users to add multiple DAUs without the need for external switches to
synchronize and gather data from slave DAUs into the master DAU for transmission PCM.

The ability to place modules closer to the sensors removes the need for long cable runs from
the sensors to the DAU which lowers weight and improves the accuracy of the readings. Such
can be achieved using a point to point link between each user slot and the chassis controller.
This technology makes it possible to virtually extend the chassis backplane, allowing a signal
conditioning module to be placed into the tightest of spaces. This also offers better heat
dissipation due to the relative surface area the module has to draw the heat away from the
module.
BATTERY
Traditional battery solutions have many draw backs when it comes to UAV and missile test
applications. They can be bulky, heavy, slow to charge, have a slow power up time when
turned on and require DC-DC converters to turn the voltage into the correct supply levels for
each part of the telemetry system.
A DAU generally requires 28V supply capable of driving up to 80W of power. Transmitters
require +/-4V to +/-6V DC 1-2 ampere supplies – these can generally be driven off the same
28V power as the DAU, but require DC-DC converters built into the transmitter.
FTRs typically share power off its own battery power as well as off the 28V power as the
DAU, consuming up to 5.7W. But these systems are generally run off a separate battery pack
for safety of flight considerations.
The latest generation of thermal batteries offer substantial improvements over the traditional
battery solutions. They are totally inert before their activation, they can store power
indefinitely, offer substantial savings in weight and size, and they can be used for short or
long operating runs (95 seconds to 1 hour, making them ideal for missile applications). They
are extremely robust and maintenance free without self-discharge for up to 10 years. They can
be configured to give out multiple current and voltage outputs from a single battery, removing
the need for bulky DC-DC converter assemblies on board for the different elements of the
system.
But one of the main advantages of thermal batteries over traditional battery solutions is their
fast activation. With traditional battery applications, the data acquisition system would have
to be activated well before firing to allow the DAU to power up. This results in requirements
for longer running batteries and therefore heavier systems. Thermal batteries activate almost
instantly, which, along with an ideal near zero DAU boot time, is an advantage for missile
test.
INTEGRATED SOLUTION OPTIONS
This section will walk through various options of a flight telemetry system for missile test
programs, highlighting how improved DAU topologies can offer an improvement in SWaP
and performance over more traditional data acquisition systems and how the various
components of the full system can be integrated into a very compact package, without
compromising on performance or functionality.

Missile and UAV test programs generally go through various stages of test flights, where the
data gathering requirements vary depending on the tests being performed. During the initial
unguided test shots, data from vibration, accelerometers, temperature, strain, pressure,
voltages and calorimeter and radiometer inputs are required. As the test program progress the
requirement for these decreases and more guidance and video data is required. The DAU
should be able to capture any of the above, in any combination, and be easily configurable to
meet all requirements.
SYSTEM ASSUMPTIONS
There will be a concentration on a missile application, due to the tighter space and weight
constraints this will place on the system. The data acquisition system is to be mounted in the
warhead section of the missile.

Fig. 1.

Cross Section of Typical Guided Missile

GPS, seeker, pressure and video data all come off the front end of the missile. Vibration,
acceleration and strain are all measured off the control and stabilizing surfaces. Voltage
measurements are taken from the battery pack and off various other missile components
throughout the missile. Temperatures are measured mostly at the engine stages of the unit. In
this example, the system will be configured to gather the following signal list:











Vibration – ICP sensors 6 channels sampled at 2,048 Hz
Acceleration – single ended voltage, 2 x 3 axis accelerometers, 6 channels sampled at
2,048 Hz
Temperature – 4 channels RTD, 4 channels thermocouple samples at 32 Hz
Pressure – RS-485 data, 4 channels, Honeywell PPT sensors – sampled at 128 Hz
Strain – full bridge, half bridge, 8 channels sampled at 256 Hz
Voltage – 16 channels – monitoring battery voltages etc. sampled at 64Hz
GPS NMEA data – RS-232 data, 1 channel, 115,200 bps, 1 Hz sampling rate
Seeker Data – RS-485, 1 channel, 5 Mbps, sampled at 2048 Hz
Video Data – HD-SDI H.264 compressed, 2 Mbps input, sampled at 2,048 Hz
PCM encoder – Takes data from all of the above, transmitting out at 6 Mbps

Option 1: 13 user slot Acra KAM-500 chassis
This would have a size envelope of (H x L x W) 98.5 mm x 280 mm x 80 mm and an
estimated weight of 2.9 kgii. The transmitter would be a separate unit, wired to the PCM
encoder for the input data and the output wired to the wrap around antenna. This would have a
size envelope of (H x L x W) 33 mm x 83 mm x 57 mm. The transmitter generally requires
5W, drawing 1A. The FTR will be considered as a separate component for safety of flight
reasons.

The battery pack would be required to supply up to 4.5A to the DAU, up to 1A to the
transmitter and 200mA to the flight termination receiver.

Fig. 2.

Fig. 3.

Generic missile cross section

Component parts of missile data acquisition system

This entire Data Acquisition package, including backshells, would require a warhead space of
over 220mm.
Option 2: 9 user slot Axon
Moving to a 9 User slot Axon chassis offers a 38% saving in volume over the KAM-500
solution and a 52% saving in weight, while still offering flexibility and room to expand to add
further measurements modules.
The vibration and accelerometer channels could be combined to one module type, the
AXN/ADC/401, an 8 channel flexible analog module that can be configured to handle
differential ended, single ended, full bridge, half Bridge, ICP, RTD (2/4 wire), RTD (3 wire),
AC coupled, or thermocouple measurements on a channel by channel basis. Users would need
two of these to capture the 6 vibration and 6 accelerometer channels, leaving 4 spare channels.
The RTD and thermocouple channels could be combined into a single AXN/ADC/401, with 4
channels configured for RTD inputs (individually selectable RTD types per channel) and 4
channels configured for Thermocouple (individually selectable TC types per channel).

The GPS Data, Honeywell pressure sensors and Seeker data are all RS-232 / RS-422 / RS-485
signaling, but at different rates. These could all be captured by the AXN/UBM/401, a 16
channel RS-232 / RS-422 / RS-485 module which handles data at up to 10 Mbps. Using the
above example configuration, there would be 10 free RS-232 / RS-422 / RS-485 channels
available for future expansion.
The strain measurements could be captured by either the AXN/ADC/401 or the
AXN/ADC/404, a 12 channel bridge module. The 16 voltage measurement inputs could be
captured by the AXN/ADC/405, a 24 channel differential ended analog to digital converter
module. The video requirements could be met with the AXN/VID/401, a video compression
module offering both H.264 and H.265 compression.

Fig. 4.

Axon 9 user slot data acquisition system

This entire data acquisition package, including backshells, would require a warhead space of
over 200mm, but with a 52% saving on weight and a 38% smaller DAU.
OPTION 3: 6 USER SLOT AXON WITH A TRANSMITTER INTEGRATED INTO A
MODULE
A standard transmitter is (H x L x W) 33 mm x 83 mm x 57 mm, this includes the casing and
power circuitry to turn the 28V aircraft supply into the voltages to run the transmitter. A
standard Axon user module is (H x L x W) 12 mm x 65 mm x 52 mm - it is easily conceivable
that the transmitter could be modified to take the power off the Axon backplane and fit into a
user slot in the Axon chassis. This would save more volume in the overall system and the
100W power available from the Axon PSU is more than capable of driving the transmitter.
Then by taking advantage of the remotely mounted module Axonite chassis, the data
acquisition could be moved out of the warhead area, closer to the sensors. Moving to a 6 user
slot axon chassis offers a 49% saving in volume over the KAM-500 solution and a 62%
saving in weight, while still offering flexibility and room to expand to add further
measurements modules.

Fig. 5.

Axon 6 user slot data acquisition system, transmitter in Axon DAU.

OPTION 4: 3 USER SLOT AXON WITH TWO AXONITE EXTENDER MODULES
Taking this a step further, a 3 user slot Axon chassis with two Axonite extender cards, each of
which can connect to four Axonites, and the transmitter incorporated into the Axon chassis as
before, even further weight and space could be saved in the warhead section.
Moving to a 3 user slot axon chassis offers a 65% saving in volume over the KAM-500
solution and a 71% saving in weight, while still offering flexibility and room to expand to add
further measurements modules.

Figure 6: Axon 3 user slot & 8 Axonite data acquisition system, transmitter in Axon

OPTION 5: SOUP CAN IMPLEMENTATION
Taking this to the extremes of what is possible - the extender card (AXN/EXT/404) is a single
PCB module requiring 24 pins in the top block to handle all the signal and power for the 4
Axonites. Two of these could be combined into one double PCB card, taking 48 pins in the
top block. The encoder card could be placed into the slot where the transmitter card is,
making essentially a 2U Axon.
Tailoring the design to fit into the smallest package possible, with the transmitter and battery
pack incorporated into a single unit the package size can be greatly reduced. The FTR is still
kept separate. The Axon “Soup Can” is a proposal of how, taking advantage of the remotely

mounted modules, the Axonites, and incorporating the transmitter and the battery pack, a
package can be constructed to fit even the tightest of spaces.
The example below comes in 4 main parts, transmitter, battery pack, front plate and top plate.
The top plate holds the Axon controller and the 2 x 4:1 Axonite extender cards. It will contain
a specially designed backplane to handle the 2 in one Axonite extender cards.
Using custom designed thermal batteries to provide the required voltages for the flight
duration, the need for large DC-DC converters can be removed and a miniature battery pack
can be incorporated into the unit. The battery pack is designed to be at the bottom of the unit
to offer better center of gravity.

Figure 8: Axon soup can length, 90.7 mm, width, 75 mm

Figure 9: Axon soup can installed

Figure 11: Telemetry pack sizes

RECORDING
For UAV applications, where space may not be as limited as missile applications and the
UAV will be recovered after each test flight, Axon offers the AXM/MEM/401 module. This
is an integrated recorder module that records traffic directly off the backplane onto a media
card. The card is both removable for data extraction and can be accessed through the Ethernet
ports of the controller to download and format the card when the DAU is in accessible. The
AXN/MEM/401 can record data in PCAP, iNET-X, IENA, DARv3 and Chapter 10 as
required by the program.
However, in missile test, the unit is often not recoverable, so a crash survivable memory
module is required. To meet this, a Crash Protected Memory Module (CPMM) used in a
Flight Data Recorder (FDR) can be utilzed. For example, the one used in the Fortress FDR is
a 64 GB solid state memory array with crash survivability exceeding ED-112A iii(the latest
regulations), ultra-compact and light weight (1.3 kg).

Figure 12: Crash Protected Memory Module

The CPMM can survive the following:







Fire intensity High: 1100°C for 60 minutes
Low: 260°C for 10 hours
Impact shock: 3,400 G for 6.5 ms
Penetration resistance: 500 lb from 10 ft ¼ inch contact point
Static crush: 5,000 lb for 5 mins per axis
Shear/Tensile strength: 6,000 lb for 1 minute each axis





Fluid immersion: Immersion in aircraft fluids for 24 hr
Water immersion: 30 day sea water
Hydrostatic pressure: Equivalent to depth of 20,000 ft
ENVIRONMENTAL

The requirements for each individual missile program are unique, so any solution would be
tailored to meet these, however theese are typicaly higher than those for standard flight test.
Axon is designed to meet the vibration, shock and acceleration levels encountered in such
applications.





Shock: 100g for 11 milliseconds in each direction of the three major axes, terminal
peak
o sawtooth, 12 shocks.
o 250g for 6ms in each of the three major axes, half sine, 12 shocks.
Vibration:
Sinusoidal: 10g peak
 Endurance: Random, 0.83g2/Hz peak, 10min/axis
 Functional: Random, 0.20g2/Hz peak, 60min/axis
Acceleration: 16.5g for 1 minute in each direction of three mutually perpendicular
axes.

Leveraging many years of providing solutions into missile and space applications, the author
believes that the below levels are achievable:




Shock:
120g
Vibration:
30g
Acceleration: 50g
CONCLUSION

This paper shows that significant savings in weight and space can be made when combining
the latest technologies in batteries with the next generation of DAUs. Solutions can tailored to
meet the smallest of missile and UAV vessels, without compromising on performance or
environmental requirements.
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ABSTRACT
This paper discusses the applications of a wireless telemetry module used to collect remote
sensor data used in a teleoperated electric vehicle that competed in the 2018 Mars University
Rover Challenge (URC). Remote wireless soil sensor pods, 100 cc in volume, equipped with a
32-bit microcontroller and embedded IEEE 802.11 b/g/n Wi-Fi were distributed at key locations
to relay soil moisture and temperature values over a local repeater to a remote base station.
Combined with a low power deep sleep mode (1.84 mW), two 2500 mAh lithium-ion polymer
batteries, and voltage regulation electronics, such a device could periodically relay telemetry data
for many years without recharge. The small size presents the opportunity for large scale
production and distribution across exoplanetary surfaces for monitoring soil characteristics over
time.
INTRODUCTION
The Missouri S&T Mars Rover Design Team (MRDT) designed and built a teleoperated electric
rover that competed in The Mars Society’s 2018 University Rover Challenge (URC) (Figure 1).
The competition simulated tasks that a rover could face while assisting astronauts in the
exploration of Mars. The tasks were presented in the Martian-like terrain of southern Utah and
include extreme retrieval and delivery, equipment servicing, autonomous traversal, and a science
cache task [1].
The science cache task required the operators to select a site with a likelihood of harboring
microbial life through visual observation of cues such as cryptobiotic soil crust, washes, and mud
cracks. The rover was to collect a soil sample from a depth of 10 cm or below and perform a
basic evaluation of the sample using on-board instrumentation [1]. The mechanism created to
accomplish this consists of a 7.5 cm diameter core drill capable of reaching a depth of 15 cm. To
preserve the soil horizons, and to prevent contamination, the collection cylinder is retained inside
the drill and can be released into the sample cache and sealed using neodymium magnets (Figure
2). The 6-position Geneva based sample cache carousel rotates, allowing the drill to pick up one
of many wireless sensor pods containing sensors for moisture and temperature measurements
(Figure 3,4). The Geneva drive is a specially designed mechanical system that converts continuous
1

rotary motion into intermittent motion, allowing for precise positioning of the carousel [2]. The

wireless sensor pod is then deposited into the ground from where each core sample was taken.
The sensor pod continues to transmit sensor data from the drill site well after the heat and
moisture generated by the collection process has dissipated. The rover may immediately move to
another drill site while still collecting data from past drill sites. In addition to wireless sensor
pods, local atmospheric sensors wired directly on the rover measure air temperature, humidity,
UV intensity, barometric pressure, and methane and ammonia concentration. In conjunction with
these measurements, a custom on-rover FT-Raman spectrometer analyzes the collected soil
sample for potential biomarkers such as chlorophyll and protein [3].

Figure 1: MRDT’s 2018 Rover: Atlas

Figure 2: Collection Cylinder Retained in Core Drill

Figure 3: Sensor pod with Lid Removed

Figure 4: Sensor Pod on Geneva Sample Cache
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This paper focuses on the wireless sensor pod design, implementation, and potential application
in the aerospace industry and on MRDT vehicles. Devices like the wireless sensor pod are
becoming more attainable to budget-constrained engineers such as students, hobbyists, and
researchers who now have easy access to sensor and signal hardware for rapid prototyping and
development because of the electronics advancement over the past ten years in embedded Wi-Fi
microcontrollers. Large companies that already maintain such technological capability may now
develop devices like the wireless sensor pod in larger quantities on a tighter budget and with a
smaller package size. This opens the opportunity for mass production and distribution of data
reporting probes for long term monitoring of various environments and systems.
DESIGN
The MRDT wireless sensor pod consists of a 3D-printed capsule housing a soil moisture sensor,
a soil temperature sensor, a rechargeable two-cell lithium-ion battery pack, and a customdesigned PCB booster board mounting a Wi-Fi microchip with TCP/UDP/IP stack, integrated RF
circuitry, an on-board antenna, and a step-down DC/DC converter. The total cost of all
components and fabrication is under 50 USD. All relevant schematics, PCB designs, and gerber
files for MRDT designed electronics are open source and made freely available along with any
applicable software and firmware files at the MRDT GitHub organization [4].
Moisture Sensor
The soil moisture sensor indirectly measures the volumetric content of water by determining the
capacitance between two parallel plates inserted directly into the soil. The water acts as a
dielectric, changing the capacitance. An embedded microcontroller outputs an analog voltage
between 1.2 V and 2.5 V based on the measurement, and an on-board analog to digital converter
(ADC) on the microcontroller measures this voltage. A microcontroller digital output pin on the
main PCB generates a toggleable DC voltage to turn on and off the sensor. Because this sensor
operates by capacitance, any minerals present in the sample may corrupt the measurement. The
sensor was calibrated using the soil approximating its intended sample and using filtered water.
Temperature Sensor
The temperature sensor thermistor is made of a semiconducting material which changes
resistivity based on temperature along a known curve. A constant voltage is supplied by the
microcontroller to act as a toggleable DC-voltage source for the sensor. The thermistor is wired
in series with a 47 kΩ resistor going to ground creating a voltage divider circuit. This resistor
value was chosen because its resistance was near that of the thermistor at the expected operating
temperature around 25°C, allowing for the best voltage resolution below and above that value.
An ADC measures the voltage between the thermistor and resistor, which changes based on the
resistivity of the thermistor.
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Power
Two series-connected 18650 lithium ion polymer batteries each supply up to 2500 mAh at a
nominal voltage of 3.7 V and maximum of 4.2 V. With an operating power requirement of
150 mAh at 3.3 V, this small battery pack can supply continuous power for over 30 hours. In
deep sleep mode, the microcontroller consumes less than 10 A with a power down leakage
current of less than 5 A, considerably extending the life of the battery. Because continuous
telemetry is seldom necessary, the wireless sensor pod can remain in deep sleep mode for days or
weeks before waking for a few seconds to connect to the Wi-Fi network and relay the telemetry
data before returning to deep sleep. Using this power saving routine and a full 2500 mAh charge,
the wireless sensor pod can remain active for up to a year on battery storage alone. Combined
with a renewable energy source, this low-power module could remain powered for years.
Microcontroller
Both the microcontroller and Wi-Fi microchip are integrated as a single system on chip. The
160 MHz 32-bit RISC microprocessor core contains an assortment of GPIOs, dedicated SPI, I2C,
UART peripheral interfaces, a single 10-bit successive approximation ADC, and a real-time
clock capable of driving the deep sleep modes of the system. The Wi-Fi microchip maintains
20 dBm transmit power and –91 dBm receiver sensitivity across an integrated transmit/receive
switch that alternates the transmitter and receiver to a shared PCB balun, low noise amplifier,
power amplifier, π-type matching network, and PCB antenna.
The device operates in the 2.4 GHz band with WPA/WPA2 support, is configurable as both a
client or an access point, and is compliant with IEEE 802.11 b/g/n. The system on chip provides
an on-board crystal reference, voltage-controlled oscillator, phase-locked-loop, bias circuitry,
and power management unit. The RISC microprocessor core has no programmable ROM,
therefore the system maintains an SPI accessible flash to store the user program. The vendor
Internet Protocol Software Development Kit shares user memory and therefore allows additional
user programmable space accessible in heap and data section of roughly 50 kb. The wireless
module is driven via the serial interface of the microcontroller using the standard AT command
set to provide the application level code with a simple interface to generate and consume Wi-Fi
transmit/receive data.
Printed Circuit Board
The microcontroller used was mounted on a development board and features an on-board USB to
TTL Serial converter that allows for simple flashing ability and provides simple USB connection
for communication with the microcontroller. The development board also has an internal DC
buck converter to power the device either by the 5 V USB source or an external dedicated 3.3 V
source when operating without the USB tether. A booster board was designed and fabricated for
mounting and powering the module and breaks out the development board’s header pins to
connectors allowing the analog sensors and battery pack to be easily replaced (Figure 5).
A monolithic IC for a step-down DC/DC converter accepts an input voltage range from 4.5 V to
22 V and regulates to a fixed 3.3 V output at a maximum load current of 2 A. At the positive
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input supply, a 10 µF bypass capacitor is utilized to minimize voltage transients. At the output, a
low-pass filter by way of a 47 µH inductor is in series with the load. The built-in switching
transistor on chip senses the regulated output voltage to complete the feedback loop. The
converter efficiency with an input of 12 V and a load of 2 A is known to be 78%.

Figure 5: Front and Back Sides of the PCB Booster Board

Because the chosen microcontroller has only one 10-bit ADC, the two sensor readings are
periodically muxed to read both values independently. To avoid added hardware, the input for
each sensor is routed to a digital output on the development board, and by pulling the power for
one sensor high while pulling the other low the microcontroller can capture the analog reading of
each independent sensor one at a time. The high internal resistance of the microcontroller pin
then keeps current from flowing back through the return path when the power pin is low.
Firmware
The analog reading is returned as an integer between 0 and 1023. The sensor is then calibrated by
mapping the analog reading between two points at the extreme of the operating window. The
temperature sensor returns an ADC value of 213 at 0°C and 933 at 50°C. These temperatures
were chosen because they encompassed a reasonable range for expected soil temperatures. The
ADC values are then constrained between the two measured limits to avoid errors when the
value drops out of the range. Finally, the reading is mapped to a linear regression based on the
real temperature and the ADC value at that point. At a temperature of 25°C, the ADC values
returned were around 573 which maps to approximately 25°C. The same procedure was used to
calibrate the moisture sensor using values obtained from dry and water-saturated soil as the
baseline. For this task, only the raw data was transmitted, however a moving average filter can
be used to provide more stable results.
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Deployment
The Geneva and lead screw motors are controlled by a custom brushed motor controller PCB
designed around a 12 A continuous, 40 A peak full bridge motor driver IC integrating two
monolithic high-side drivers and two low-side switches. The PCB features four motor driver ICs
configured in two independent drive stages, one per motor, each stage consisting of a parallel set
of drivers to source the 25 continuous amps required by each motor. A 120 MHz ARM CortexM4 CPU with a floating-point unit and integrated 10/100 ethernet MAC + PHY executes the
control code and responds to base station commands.
Signals
The data is relayed back to the rover through a local 2.4 GHz gateway using a custom publishsubscribe UDP library developed by the MRDT called RoveComm, which enables multiple
endpoints on the network to access the data feeds anytime. With an on-board power supply, the
wireless sensor pod operates independently from the other rover systems and can maintain a
wireless 2.4 GHz connection to the rover for over 150 m, relaying continuous telemetry data
throughout the task. With the RoveComm UDP protocol, multiple wireless sensor pods can be
connected to the rover at once. The Geneva carousel mechanism on Atlas can hold up to four
wireless sensor pods or core samples, but the telemetry module and UDP protocol is scalable on
the network.

APPLICATION
The final drill-Geneva system featured open-loop control of the drill, leadscrew, and Geneva
carousel motors, as well as position control using limit switches and state-logic to track the
carousel and leadscrew positions. With these functions paired with the on-rover GPS receiver
and point-to-point navigation, the rover can deploy multiple pods at selected site waypoints,
while maintaining constant telemetry streams from each drill site after sensor pod deployment,
throughout the remainder of the task.
Once a wireless sensor pod is deployed from the rover, the pod will attempt to maintain a 2.4
GHz link with the 6.5 W Wi-Fi access point mounted on rover for as long as the pod is within
signal range; typically, less than 1.6 km on the rocky Utah terrain. The rover Wi-Fi access point
is plugged directly into the rover network switch alongside the 6.5 W 900 MHz base station link
that maintains non-line-of-sight penetration well above a 1.6 km over the same terrain. In this
manner, without any rover-side microcontroller involvement, the wireless sensor pod will
continue transmitting soil temperature and humidity directly to any base station application that
has requested a RoveComm UDP data stream subscription, with the rover signal network acting
as a mobile IP repeater for each wireless sensor pod’s UDP packet transmit stream (Figure 6).
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Figure 6: Radio, Ethernet, and Wi-Fi Network Diagram

FUTURE APPLICATIONS
This wireless sensor pod implementation proved to be so useful and effective that MRDT is
further developing the system for many more applications on next year’s rover. Beyond just
acting as soil sensor telemetry, the self-contained rechargeable wireless microchip can be used
anywhere that data needs to be sent, such as on rover, when the mechanical design does not
easily allow for the physical wires. MRDT presently maintains both a three-axis infinite-rotation
gimbal, and six degree of freedom infinite-rotation robotic arm, utilizing slip rings on every axis
of rotation. The control schemes would benefit from inertial measurements; however, the team
has not found a wiring solution that fits with in the mechanical specification for the data routing
of such readings. Designing around the complexity of such a mechanical system can be
simplified with the Wi-Fi embedded microcontroller by replacing the soil sensors with an inertial
measurement unit and mounting the wireless sensor pod at strategic locations. All that is required
is a space for the circuit board and battery if detached power is needed.
The Wi-Fi-embedded microchip also provides the ability for cheap and simple IoT applications.
For example, the team plans on using this technology to develop a wireless emergency stop
button for the rover to be used during testing. Currently such a button exists tethered to the rover,
but two of these microchips could set up a wireless bridge to communicate between each other to
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trigger the stop remotely. This will add another layer of safety during testing in case of electrical
or mechanical failure.
The wireless sensor pod itself provides scalability in future applications, with the tantalizing realworld application in analysis of exoplanetary surfaces. Surfaces such as on Mars, Titan, and
Enceladus have been of scientific interest for decades but simultaneous measurement of soil and
air characteristics in multiple locations has never been conducted. Whether by rover, or some
other method, many pods could be spread over a surface to create a network of connected
devices. Through use of signal repeaters, data could be transmitted to a rover, habitat, or more
powerful antenna to be relayed to an orbiting satellite. Finally, the collected data could be sent to
Earth, where scientists would have a better understanding of the weather patterns and soil
characteristics of the surface over time. As prices decrease, physical footprints shrink, and
materials become more robust, future applications for pods of similar system level design could
be distributed throughout our solar system. One can imagine seeding Saturn’s rings with a
multitude of such modules to observe the chemical composition of multiple regions, with the
potential to analyze the interaction of particles and larger objects within the rings as matter orbits
Saturn.
CONCLUSION
Throughout the development cycle, mechanical issues, such as misalignments and clearance
issues between the Geneva mechanism and its drive motor, the Geneva mechanism and the
carousel, the carousel and the sample cache holders, and the drill and carousel, necessitated
iterative redesign of the Drill-Geneva system. The initial core drill had trouble penetrating the
soil due to the blunt edge on the original design, prompting the fabrication of a serrated edge,
which proved to be more effective. The 7.5 cm diameter core drill proved to be slightly too large
to firmly retain the core sample under low-humidity conditions. Finally, the wireless sensor pod
would occasionally have trouble connecting to the RoveWiFi system at initial power up. Once
connection was established after a few early system resets, the sensor pod would then maintain a
stable connection throughout the entire duration task.
The rover successfully completed the URC Science task and received a score of 91.3 out of 100
for the task and an overall score of 339 out of 500, placing 2nd in the competition. The original
wireless sensor pod design remained largely unchanged throughout the development cycle and
the system successfully connected to the mobile on-rover Wi-Fi repeater and reliably transmitted
sensor telemetry back to the remote base station providing a proof of concept and motivation for
further development. In future designs, an external panel can be added to the pod with LEDs to
indicate connection status and data transmissions. An external power switch could provide easier
power cycling, and an external USB port would provide easier flashing and debugging. More
research and testing should also be conducted on the nature of the boot sequence connection
issues in order to determine how to improve connection robustness. A future solution to the
single-ADC problem could include a dedicated 2-1 MUX, which would eliminate any
interference between the sensors and allow for a cleaner sensor stack. Overall, the wireless soil
sensor pod preformed remarkably well, meeting all original requirements and design
specifications, and providing a platform for a variety of future features and enhancements.
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ABSTRACT
Installing the many sensors required for flight testing is currently a difficult and awkward process
requiring significant wiring. Short term sensor installation could be greatly improved if individual
sensors did not have to be connected to a distant power source. This paper proposes that small
aerodynamic vibration energy harvesting devices could provide power directly to sensors and simplify installation. To investigate feasibility, the simplest known energy harvester configuration is
chosen. A mathematical model to represent the device is then developed. A test scenario using the
aerodynamic vibrations present on the F-15B aircraft is then incorporated into the model. The test
results are analyzed to determine if the energy harvesting device can produce sufficient energy to
justify further analysis. Finally, potential design improvements are discussed.
INTRODUCTION
Aircraft play an integral role in the global economy, transporting people and a wide variety of
goods to all corners of the globe. A new plane must pass rigorous testing before it is allowed to
enter into regular service. This testing involves a multitude of sensors, miles of copper wiring,
and an invasive installation process. Continued improvements in instrumentation have rapidly outstripped the cumbersome wiring process. To improve the quality of flight testing we investigated
the feasibility of powering sensors with piezoelectric energy harvesting. Small lightweight energy
harvesting devices attached directly to sensors could virtually eliminate the wiring process. Providing an innovative energy supply that reduces reliance on bulky and costly wiring will increase
the accuracy of flight testing by creating a testing environment that more accurately reflects the
aircraft’s intended in-flight experience.
One of the most prevalent forms of ambient energy on an aircraft is aerodynamic vibration.
1

The most common energy harvesting device used to repurpose aerodynamic vibration is the piezoelectric cantilever. A great deal of research has been done in the energy harvesting community to
optimize different aspects of the cantilever. However, these studies often do not include a practical
application of their results. The goal of this paper is to model the simplest energy harvesting cantilever to gauge whether further optimization of the device can provide a sustainable power source
for sensors used during flight testing.
This paper is organized as follows. The energy harvesting cantilever is described and mathematically modeled. Next the experimental results of the completed energy harvester model are
analyzed. Optimization opportunities for future energy harvesting models are then discussed, and
the project is summarized in the conclusion. A large number of variables are introduced in this
paper. A summary listing of these variables is given in the last section called Nomenclature.
MATHEMATICAL MODELING
It is critical to understand how piezoelectric material transforms mechanical energy into electrical energy when designing an energy harvester. All materials can be broken down into a basic
atomic arrangement, or unit cell. Piezoelectric materials are unique because their unit cell is not
symmetric. This irregularity causes useful complications when the unit cell is deformed. The
normally neutral unit cell experiences an imbalance between positive and negative charges during
deformation before the complicated unit geometry can return to neutrality [1]. Periodic deformation, such as that produced by kinetic vibrations, can be used to maintain charge imbalance. The
imbalance manifests itself in the form of an AC electrical voltage that can be collected from the
material’s surface. This kinetic to electrical transformation is the basis for piezoelectric energy
harvesting techniques and will allow us to transform aerodynamic vibrations on an aircraft into a
useful power source.
We reviewed multiple energy harvesting mechanisms and determined that the simplest vibration energy harvester is a unimorph composite beam. A unimorph beam consists of a sheet of
piezoelectric material bonded over the entire length of a supportive layer. We used lead zirconate
titanate (PZT) as the active piezoelectric in our model because it has the highest energy conversion
rate among piezoelectric ceramics [2]. However, PZT is brittle and requires reinforcement. We
selected aluminum as our reinforcing material because of its strength and elasticity. The configuration is shown in Figure 1.
Once the cantilever’s physical make-up is defined, the next step is to determine how the piezoelectric material behaves as part of this construction. We based our testing on mathematical relationships derived from piezoelectric material properties that have been established to define the
mechanical to electrical energy transition. One such relationship can be found in the IEEE standard
on piezoelectricity [3]:
V = g31 tp σp ,

(1)

where V is the generated voltage, g31 is the piezoelectric coefficient, tp is the piezoelectric film
thickness, and σp is the stress on the piezoelectric material. According to the coordinate system in
Figure 2, it is assumed that σp is applied in the x − z plane with no component in the y direction.
For equation (1) to be valid the electrodes secured to the beam must also follow specifications
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Figure 1: A diagram of the cantilever beam structure.

listed in the IEEE standard.
Since stress often leads to strain inside the material a direct relationship can be defined between
the two as long as the object’s movement is restricted to the x − z plane [4]:
σp
,
(2)
Ep
where p is the strain inside the piezoelectric material, and Ep represents the elastic modulus of the
piezoelectric material.
Over time multiple analytical models have been used to represent the strain associated with
the deformation of a beam. We are using the Euler-Bernoulli (EB) model because of its superior
accuracy [5, 6, 7]. This model rightly assumes that the piezoelectric layer is bonded over the entire
length of the supportive layer. A schematic of the EB model can be seen in Figure 2.
The EB model cannot be used to determine strain until an adjustment is made that allows the
differing material layers to act as one unified beam. In a homogenous beam the neutral axis around
which the material bends is central. This is not true when two materials with different attributes
are paired. To find our composite beam’s neutral axis we employed the method of transformed
sections. This method in essence averages the characteristics of two different materials to determine the location of their common neutral axis. According to the newly adjusted model, the strain
in this unified structure can be represented as


tp
M
zn −
,
(3)
p = −
(Ep Ip + Eb Ib )
2
p =

where M is the actuating moment, Eb is the elastic modulus of the support beam, Ip and Ib are the
mass moments of inertia for the piezoelectric and support materials, and zn is the common neutral
access with reference to the piezoelectric surface. How to calculate Ib , Ip , and zn can be found in
most entry level mechanics of materials texts [4]. After completing that process, it can be shown
that (3) can be rewritten as
3
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Figure 2: Schematic of the Euler-Bernoulli model of a beam.

6Ep tp (tp + tb )
 × M,
p = −  2 4
2 4
v Ep tp + Eb tb + 2Ep tp Eb tb 2t2p + 3tp tb + 2t2b

(4)

where v is the beam width and tb is the support layer thickness. To reach this conclusion we
assumed that all parameters were defined in reference to the coordinate system in Figure 2.
Now that we have defined strain we can accurately represent stress σp in equation (1) and
continue the examination of voltage produced by a piezoelectric cantilever. It becomes clear in
(1) that the voltage created by the PZT material and the stress applied to the PZT material are
proportional. Therefore, to repurpose the most energy possible the cantilever must be calibrated to
experience maximum stress when subject to available aircraft aerodynamic vibrations.
Aircraft aerodynamic vibrations cover a wide range of frequencies. Stress within a beam is
maximized when the beam resonates at the frequency of the strongest vibration present on the
aircraft. Since our goal is to produce energy harvesters specific to a chosen aircraft we wanted
to be able to change our cantilever to resonate at any chosen frequency. A series of vibration
frequencies can cause a cantilever to resonate. These are called natural frequencies which are
given by [5]
s
Ep Ip + Eb Ib
,
(5)
ωn = (bn `)2
(ρp Ap + ρb Ab ) `4
where bn = α`n and αn is the constant for the n-th mode of vibration, for n = 1, 2, . . ., ρp and
ρb are the piezoelectric and support material densities, respectively, Ap and Ab are the cross sectional areas of the piezoelectric and support material layers, respectively, and ` is the length of the
beam. The lowest natural frequency ω1 produces the greatest tip deflection and consequently the
greatest stress. The lowest natural frequency of a beam can be set to match available aerodynamic
vibrations by changing cantilever length according to (5). Dimensions aside from length can be
used to influence resonant frequency. However, to simplify our feasibility model the only variable
dimension will be length.
Eventually, by applying (2) and (4) to the voltage relationship (1) we find that the harvested
voltage from the piezoelectric energy harvester is equal to
6g31 Ep tp Eb tb (tb + tp )
 × M.
V (t) = −  2 4
2 4
v Ep tp + Eb tb + 2Ep tp Eb tb 2t2p + 3tp tb + 2t2b
4

(6)

However, this relationship cannot be used without determining one more piece, the actuating moment M . All contributors to equation (6) up to this point have defined how the physical characteristics of the cantilever will affect the voltage. The moment is different because it defines the
influence of the aerodynamic vibrations on the generated voltage. First we define the vibration’s
impact on the beam, or the external forcing function f (x, t), below:
f (x, t) = f0 sin (ωf t)δ (x − `) ,

(7)

where f0 is the amplitude of the external force, ωf is the frequency of the forcing function, and
the δ (x − `) term assumes the force acts at the cantilever’s free end. This assumption behaves
equivalently to base excitation for our purposes. A few steps will allow us to create a connection
between this force and the moment experienced by the beam. Initially the moment is proportional
to the curvature of the beam as follows
M = (Ip Eb + Ib Eb ) k̂,

(8)

where k̂ is the average radius of curvature. The beam’s radius of curvature is also related to its
deflection
∂ 2 w (x, t)
,
(9)
k (x, t) =
∂x2
where w (x, t) represents deflection. Now we come full circle, because deflection can be directly
related to the external force of aerodynamic vibration through the governing equation of a cantilever beam as defined by the EB model [8]:
∂ 4 w (x, t)
∂w (x, t)
∂ 2 w (x, t)
+
γ
+
(ρ
A
+
ρ
A
)
= f (x, t) ,
(10)
p p
b b
∂x4
∂t
∂t2
where γ is the external damping constant. According to the EB model the following assumptions
are required to ensure accuracy: the ratio between beam length and thickness must be greater than
10, and the ratio between beam length and width must be greater than 2 [4, 6].
The solution to (10) may be expressed as a superposition of the deflections corresponding to
the modes of vibration. Using separation of variables, the solution to (10) is
∞
X
w (x, t) =
Wn (x) qn (t) ,
(11)
(Ep Ip + Eb Ib )

n=1

where Wn (x) is the position dependent portion of deflection corresponding to the n-th mode of
vibration and qn (t) is the time dependent portion of the deflection corresponding to the n-th mode
of vibration. After substituting equation (11) into equation (10) it can be shown that
Wn (x) = sin(bn x) − sinh(bn x) −

sin(bn `) + sinh(bn `)
[cos(bn x) − cosh(bn x)] ,
cos(bn `) + cosh(bn `)


(12)


p
2
ζωn cos(ωf t) − ωn 1 − ζ + ωf sin(ωf t)
f0 Wn (`)

p
p
qn (t) =
2βn (ρb Ab + ρp Ap )ωn 1 − ζ 2
ωn2 + 2ωn ωf 1 − ζ 2 + ωf2
 p


2
ζωn cos(ωf t) + ωn 1 − ζ + ωf sin(ωf t)
 , (13)
p
−
ωn2 − 2ωn ωf 1 − ζ 2 + ωf2
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R`
where βn = 0 Wn2 (x)dx, and ζ is the damping factor. The value of ζ was chosen to match
experimental results reported in [6] for MEMS cantilevers. The substitution of equations (12) and
(13) into (11) complete the description of beam deflection.
Once complete w (x, t) can be used in equation (9) to solve for k (x, t). The last step before
computing the vibration imposed actuating moment M in equation (8) is averaging the radius of
curvature to find k̂ given by
Z
1 `
k̂ =
k (x, t) dx.
(14)
` 0
In summary, (12) and (13) are used to compute the deflection w(x, t) given by (11). The deflection is used to compute the radius of curvature k(x, t) using (9) from which the average curvature k̂
is computed using (14). The average curvature is used to compute the actuating moment M using
(8) which is proportional to the voltage (6). The final form of the voltage (6) is
V (t) = Vm cos (ωf t + φV )

(15)

where Vm is the peak voltage and φV is the phase.
The electrical current produced by the piezoelectric cantilever is an important part of energy
harvesting. To determine the current we began with an equation derived from material properties
similar to the relationship between voltage and stress in equation (1) [3, 9, 10]:
D = d31 σp ,

(16)

where D is the electric displacement and d31 is the piezoelectric strain constant. Using (2), (3) and
(8) the electric displacement may be expressed as


tp
k̂.
(17)
D(x, t) = −d31 Ep zn −
2
Note that (16) holds true if there is no applied electric field.
Charges are produced during the deformation of piezoelectric material and their average, Q (t),
can be computed by integrating the electric displacement over the beam area
Z `
Q (t) =
D (x, t) vdx.
(18)
0

From here all that remains in finding the current I(t) is differentiating Q(t) with respect to time
I(t) =

∂Q (t)
.
∂t

(19)

The current is of the form
I(t) = Im cos(ωf t + φI )

(20)

where Im is the peak current and φI is the phase.
Now that we have determined the voltage and current for a specific scenario, they can be used
to find another meaningful measure of energy harvester efficiency, the power generated. Because
voltage and current are the sinusoids (15) and (20), respectively, the average power is
1
P = Im Vm cos (φV − φI ),
2
6

(21)

Figure 3: Aerodynamic vibration intensity as a function of frequency measured at two different locations on
an F-15B aircraft.

Figure 4: Aerodynamic vibration intensity as a function of frequency measured at a third location on an
F-15B aircraft.

In the formulation of equation (1) we assumed capacitor–style electrode were use in collecting
the generated voltage. Consequently, φV − φI ≈ π2 . Fortunately there are circuits that solve this
problem [11]. Assuming the use of these circuits the average power can be simplified to
1
P = Im Vm .
(22)
2
We can now determine the voltage, current, and overall power produced by a piezoelectric energy
harvesting cantilever and compare these results with the requirements of flight test sensors.
EXPERIMENTAL RESULTS
To test the capabilities of the energy harvester model developed in the previous section we formulated a test scenario. We chose to use the dimensions published in [6] as our constant parameters,
as shown in Table 1. Originally, we selected these dimensions so that our cantilever might fall
within the realm of MEMS devices. We chose to use inflight test data available for the F-15B
aircraft published by the NASA Dryden Flight Research Center [12]. From this publication we
determined that frequencies between 40–2000 Hz were present in a range of intensities with units
of acceleration from 0.1-1 g’s as illustrated in Figures 3 and 4, taken directly from [12]. We now
have the data necessary to enter into our previously developed mathematical model.
7

Table 1: Parameter values used in the numerical examples.

Parameter
tb
Eb
ρb
tp
Ep
ρp
v
g31
d31
ζ

Value
200
70
2700
10
50
7600
2300
−9.5 × 10−3
−180 × 10−12
0.095

µm
Gpa
Kg/m3
µm
Gpa
Kg/m3
µm
Vm/N
m/V

We coded the necessary equations from the mathematical model into Matlab and entered the
data from the papers published by [6], and [12]. We only used the first mode of vibration, n = 1,
to simplify our calculations because the first mode has by far the most significant impact on energy
production. Using Matlab allowed us to create plots demonstrating how harvester statistics varied
with changing aerodynamic vibration frequency and intensity as shown in Figures 5-7.
The data in Figures 5 and 6 show that cantilevers built for low frequencies that experience
vibrations of high intensity produce significantly higher maximum values for voltage and current.
Consequently, these cantilevers also produce the greatest power.
The sensors energy harvesting cantilevers would be powering require a range of inputs (David
Siu, 812th AITS/ENIE Engineering Branch Chief, Private Communication, May 2018). Some
sensors like thermocouples and strain gages require hardly any input voltage, while string potentiometers and synchro-transmitters require approximately 28 volts. Energy harvesting cantilevers
could create sufficient voltage; however, our results show that the necessary area required would
be excessive. It should be noted that the standard voltage on an aircraft is 28 volts. Consequently,
many sensors may operate at approximately 28 volts because it is the power source conveniently
available. It is likely that certain sensors could be designed to operate at lower voltages compatible
with energy harvesters.
A positive trend develops in Figure 7. The cantilever surface area required to produce one volt
is minimized at low frequencies, which also corresponds with the cantilevers producing the most
power. In addition a dramatic inverse relationship exists between vibration intensity and cantilever
area. As aerodynamic vibration intensity increases the area required to produce one volt rapidly
decreases. The combination of these two trends is very promising because almost all cantilever
combinations we modeled can produce a volt of electricity using less than a square millimeter of
area.
The graphical results in Figure 7 also show that cantilevers created with their first natural
frequency ω1 in the 40–2000 Hz range are much longer than anticipated. Originally we hoped
to produce energy harvesters on a MEMS scale. However, the shortest cantilever in our desired

8

2500

700

800

3000

2000
1500

1500
1000

1000

500

peak current ( A)

peak voltage (mV)

600

2000

2500

600
500

400
400

200

300

0
2000

0
2000
1500

500

10
1000

1500

0

5

500

frequency (Hz)

2

0

10
1000

5

500

frequency (Hz)

200

intensity (m/s )

0

0

intensity (m/s 2 )

Figure 5: Peak voltage (left) and peak current (right) for a single cantilever as a function of vibration intensity
and frequency.
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Figure 7: Length of a single cantilever (left) and surface area of cantilevers required to produce one volt
(right) as a function of vibration intensity and frequency.

frequency range is just under a centimeter in length. It is unlikely that we will be able to capture the
desired frequency range on a MEMS scale, but sufficient space is still available for larger energy
harvesting cantilevers to be a viable power source. Further optimization is still necessary because
our current beam configuration produces cantilevers significantly larger than our sensors at the
optimum power maximizing frequencies in Figure 6.
OPTIMIZATION DISCUSSION
There are a variety of ways our energy harvester design can be optimized to provide a more realistic power solution. If the simple cantilever structure used in this paper is retained an optimization
process is required to determine the ideal relationship between cantilever length, width and thickness. This process would maximize the power produced and may also decrease the length of the
cantilevers, making their application reasonable in more compact spaces.
Additional optimization may result from changing the shape of the cantilever. In recent years,
many scenarios have been presented to improving energy conversion efficiency. The simplest and
most common option adds a tip mass to the cantilever. Adding mass to the cantilever tip would
allow the capture of lower frequencies with shorter cantilevers and potentially increase stresses applied to the piezoelectric material. Coating both sides of the rectangular cantilever in PZT material
to create a bimorph beam is a second easy way to produce twice the power per cantilever. More
complicated enhancements include only covering a fraction of the beam in piezoelectric material.
Using this method Nabavi and Zhang increased energy harvesting efficiency by 31% [6]. Alternatively, Roundy et al investigated varying beam geometries such as the triangular or trapezoidal
beam [13]. They concluded that a trapezoidal structure has a superior strain distribution and generates more than twice the energy of a rectangular structure. These simple geometries are only the
first of many potentially power maximizing shapes. Spiral, base-mounted, T shape, right-angle,
and varying width cantilevers are all options currently being analyzed [14, 15, 16, 17, 18].
10
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Material choice is the last major optimization decision. Most piezoelectric materials are ceramic and their brittle nature is a major limiting factor in the design of vibration energy harvesters.
Polyvinylidene fluoride (PVDF) is a piezoelectric polymer and a potential replacement for materials like PZT. PVDF’s flexibility opens up more design options and allows for easier access to
low frequencies. However, the benefits of PVDF will have to be weighed against its lower energy
conversion rate and difficult manufacturing process [14].
It should be noted that arrays of any cantilever option can be created to increase energy production. Arrays could include multiple copies of the same cantilever to increase the voltage and
current, or the array could include a range of cantilever sizes to increase the range of frequencies
that produce a usable voltage and current.
CONCLUSION
In this paper we investigated the feasibility of powering sensors used in aircraft flight tests with
vibration energy harvesting techniques. Our process included the creation of an analytical model
representing a simple piezoelectric energy harvesting cantilever. The energy output of this cantilever and its design were evaluated in the model over a range of aerodynamic vibration frequencies and intensities. We concluded that piezoelectric energy harvesters are a viable solution to
power sensors and eliminate wiring in flight testing. With further research and optimization cantilever arrays should be able to produce sufficient power in the available space. However, before a
usable product is produced the many possible energy harvester improvements available will have
to be evaluated in order to find the best fit for powering flight test sensors.
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NOMENCLATURE
Ab
Ap
αn
bn
βn
d31
D
Eb
Ep
p
f (x, t)
f0
g31
γ
I
Im
Ib
Ip
k (x, t)
k̂
`
M

Support layer cross sectional area
Piezoelectric layer cross sectional area
Constant, n-th mode of vibration
Constant, αn independent of length
Constant used in qn (t)
Piezoelectric strain constant
Electric displacement
Elastic modulus, support layer
Elastic modulus, piezoelectric layer
Strain in the piezoelectric layer
External forcing function
Amplitude of external force
Piezoelectric coefficient
External damping constant
Electrical current
Electrical current max amplitude
Mass moment of Inertia, support layer
Mass moment of Inertia, piezoelectric
Radius of curvature
Average radius of curvature
Length
Actuating moment

P
ρb
ρp
φI
φV
qn (t)
Q (t)
σp
t
tb
tp
v
V
Vm
w (x, t)
Wn (x)
ωf
ωn
x
zn
ζ

Power
Support material density
Piezoelectric material density
Phase angle for electrical current
Phase angle for output voltage
Time dependent portion of w (x, t)
Average electrical charge
Stress on the piezoelectric material
Time variable
Support layer thickness
Piezoelectric layer thickness
Beam width
Voltage
Voltage max amplitude
Deflection
Position dependent portion of w (x, t)
Frequency of the forcing function
Natural frequency
Position variable
Common neutral axis of the beam
Damping factor
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ABSTRACT
The ASTM F24 Committee pays substantial attention to the potential safety risks that
roller coasters pose to riders. Although the G-forces exerted on rides are strictly controlled to
prevent traumatic brain injury and other conditions, operators may wish to monitor the impact
forces guests experience to determine if they need to be removed from the ride. We have
designed a system to monitor data and relay the findings to the operators. To measure the effect
roller coasters have on the brains of guests, we used a combination of gyroscopes,
accelerometers, and impact force sensors are incorporated into a headpiece worn by the guest.
During the ride, the sensor data is wirelessly transmitted to a base station where it can be
monitored in real time by an operator. The system compares the gathered data with limits based
on pre-existing research on traumatic brain injuries, and then alerts the operator to potential
issues.

INTRODUCTION
BACKGROUND
ASTM International is a standards developing organization with several committees
focusing on different technical areas. The ASTM F24 Committee focuses on safety standards on
Amusement Park Rides and Devices. Many of the standards created discuss maximum
accelerations and g Forces that patrons can experience safely. While it is important to have these
standards in place, it is also important to be able to tell when these safety standards are not being
met, or when high-risk individuals are experiencing forces that meet the standards, but could

potentially injure the individual. If a rider does experience a concussion due to head collision or
high forces, the faster they can receive medical attention and stop experiencing high forces, the
better they will recover from their injury. If the rider can be removed from the ride immediately
after injury, they have the best chance of recovering.

PREVIOUS MTBI RESEARCH
Mild Traumatic Brain Injuries, also known as MTBIs or concussions, are caused by
excess force to the brain, through either being hit, hitting something, or experiencing rapid
deceleration or acceleration. Since MTBIs show no external trauma, they can go undiagnosed,
but can cause permanent behavioral, cognitive, and emotional changes [5].
In a study of brain stress caused by roller coasters, researchers found that brain stress
dramatically varied in individuals [2]. This indicates that monitoring of head displacement forces
must occur on an individual level in order to properly assess the rider’s probability of a mild
traumatic brain injury. Furthermore, while this research indicates that roller coasters did not
cause brain stress at the levels to cause concussions, previous research indicates that repeated
stress below this concussion threshold still has a significant effect on the brain [3]. Riders will
not only usually experience minor brain stress multiple times on a ride but will accumulate more
stress as they ride multiple coasters, indicating a need to monitor individuals for possible brain
injury.
Methods to determine the possibility of brain injury vary, however, in a study of football
players diagnosed with concussions, researchers found that concussions occurred from impacts
ranging from 60.51 – 168.71 g. Researchers noted that this range may vary due to location of the
force as well as the player’s previous traumatic brain injury history [1]. In another study focused
on rotational acceleration and rotational velocity of subjects found that the average impact
causing a concussion was at an acceleration of 5022 rad/s2 with a velocity 22.3 rad/s. The
average sub-concussive impact was at an acceleration of 1230 rad/s2 and a rotational velocity of
5.5 rad/s [4].

OVERVIEW
This paper describes the need for remote monitoring of head injuries on roller coasters,
describes our solution to the issue, and presents a preliminary design to our mechanism for injury
detection. This paper discusses the features of the design, the basic software layout, and certain
design considerations made through development.

PURPOSE
Since the forces exerted on individuals on a coaster vary [2], in order to accurately
determine if a rider is experiencing forces that may lead to traumatic brain injury, riders must be
monitored individually. This system will monitor the real-time force and angular rate that an
at-risk rider’s head is experiencing, as well as detect sudden head-to-seat collisions that could
cause TBIs such as concussions. The system will analyze the data taken, determine if the rider
has likely been injured, and transmit this data to the ride operator, who can stop the ride and get
the at-risk patron immediate medical assistance.

FEATURES
INERTIAL MEASUREMENT UNIT (IMU)
The system’s IMU measures acceleration and angular position on the x, y, and z axis.
This data is used to calculate the forces acting on the riders head during the high-risk ride. Since
the cause of MTBIs are linked to certain forces as mentioned above, measuring these and
comparing the collected data to predetermined limits gives the best insight to potential issues.
The IMU relays raw data which does not directly tell the system how much force is being
experienced. Therefore, through testing, the raw data is converted so that the numbers are better
representative of what the patron is feeling.

FORCE SENSITIVE RESISTOR (FSR)
The system also utilizes three FSR pads: two on the temples and one located on the back
of the head. These pads will report different values depending on how much force is applied to
their surface. If an at-risk rider was to have a major head to seat collision in the middle of the
ride, this could lead to an injury that should be taken care of.

WIFI TRANSMISSION/WEBSITE
In order to transmit the data from the headset to the base station, the system utilizes a
WiFi shield. This shield is specially made to accompany the Arduino Uno microcontroller and
allows for special programing options. A library of commands allows the system to connect to
WiFi and host a basic html-coded website. In practical use, this website could also control the

rides stop mechanisms directly. In that case, there would need to be more security measures put
in place to ensure only authorized access and use.

SOFTWARE
DETECTING AN ISSUE
This system is designed on an Arduino Uno that receives data from the IMU and FSRs
and transmits this data over wifi to a host station. To determine whether to send an alert, the
Arduino will check the incoming data from the IMU against the values found in the football
injury research. If at any time during the ride the IMU reports back impacts greater than 60 g,
acceleration greater than 1230 rad/s2, or a rotational velocity greater than 5.5 rad/s, an alert will
be sent along with the data received.
While the Arduino is collecting data, it also creates a local server, and hosts a website
containing the real time data and an alert status. The website can be accessed from the base
station by directly connecting to the Arduino’s generated IP. When an alert is sent, the website
changes in a noticeable and easy to read fashion, to indicate to the operator the ride should be
stopped.

DESIGN CONSIDERATIONS
LIMITS VS RIDE DATA
When considering the design, there were multiple ideas on how to detect if there has been
an issue. The two considerations put forth was to measure the data against known force
maximums, and measuring against what forces a typical rider would experience on each
individual ride.
The first concept considered was to compare normal ride data to the data that is being
received in real time. The system would go through a typical ride, collect force data from the
system, and store the values. When a patron rides with the headset, the system would compare
the values measured with the test ride values. If there is a large discrepancy between the two
values, the ride operator would be alerted.
The second method considered was comparing forces measured to forces that are known
to cause concussions. When measuring against known limits of force, the detection is fairly

simple: if any of the values reaches above their specified threshold, send an alert. A set of values
can be programmed into the headset once and be used throughout the patron’s trip.
Ultimately, the decision was made to compare data against known force limits. Because
the limits are fairly universal, the headset does not have to updated before it is set up on a new
ride.

CONCLUSIONS
In conclusion, the system designed provides a level of security not previously seen in
amusement parks. The system collects, analyzes, and transmits the data gathered in order to
ensure the safety of at-risk park guests throughout their stay at the park.
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ABSTRACT
The University of Arizona Baja Racing Team competes annually in a grueling off-road racing
competition designed to test the durability of each team’s vehicle. For the last several years, we
have been developing a custom telemetry system to monitor and analyze the performance of the
vehicle in order to provide live diagnostics to the pit crew and driver, as well as to inform future
designs. This year, we have redesigned the core of the system to be more modular and use more
COTS parts in order to allow easier upgrade and repair, and have upgraded many existing
sensors, added sensors to monitor driver vitals, improved the driver’s display, and embedded
USB hubs in our power distribution boards to allow programming of all microcontrollers on the
vehicle over a single USB interface. These changes will make future development easier and will
produce far more data than we have had in previous generations.

INTRODUCTION
BACKGROUND
Every year, the University of Arizona Baja racing team builds a custom single seat off-road race
vehicle and joins a host of other schools from around the world to compete in a grueling
three-day competition culminating in a four-hour off-road endurance race. Teams are ranked
based on the static and dynamic capabilities of their vehicle, including maneuverability and
acceleration, as well as the design process and overall marketability of the vehicle. A heavy
emphasis is placed on innovation and data-driven design, which is where the telemetry system
comes into play.
Back in 2012, we decided that we wanted to know how fast our car could go. There are many
ways of accomplishing this including laser timing gates, radar guns, or simply following behind
the vehicle with a regular car. After attempting this last method, it occurred to someone that it
would be much simpler if we could just put a speedometer on the Baja car itself.
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By the year 2016, we added more sensors in order to collect more data that we could use to
improve the car. Due to the added hardware, we started running into problems with the weight
and complexity of our wiring harness, which were beginning to limit the expandability of our
system. So as not to reduce the performance of either the car or our system, we decided a
redesign was necessary to address these issues. The next two years held two more iterations of
the system, leading to the version that exists on the car today.
OVERVIEW
This paper is a record of our design decisions over the past four years and the system to which
they have given rise. We will start with an overview of the purpose of the system as it stands
today, and why we decided to rebuild it from scratch. From there we will cover core features of
the system, the software that drives it, and some other factors that influenced the design.
PURPOSE
In any system with moving parts, there is a risk of things breaking. When that system is a custom
built race car flying off jumps on rocky terrain, the likelihood of things breaking increases
considerably. Our system is designed to address this problem in two ways. The first goal of the
system is to provide performance data on various pieces of the car to aid in the design process.
The second is to gather live data during a race, allowing the pit crew to more quickly identify
problems and get the car back on the track. Our system is also designed to allow any component
to be replaced easily and quickly.
The most important goal of this project is to provide its participants with real-world knowledge
and experience. There are products on the market that encompass most of the features we were
looking for, but none of them provide the hands-on learning experience of building the system
from scratch. A further goal is to create a system that is upgradable for future years so that
members can learn from extended work improving a complex system.

FEATURES
DASH MOUNTED DISPLAY
The dash-mounted display is the only visual piece of the system that is accessible to the driver
and has primarily been used as a readout for the speedometer and to relay instructions from the
pit to the driver. The initial system used 7-segment LCD displays for numerical readout and only
displayed speed. Later generations used LCD displays with various inputs including SPI and
HDMI. While all of these solutions work well under test conditions, none are bright enough to be
visible to the driver during the race. The LCD screens also require complex software to produce
useful imagery. This year, we decided to build a custom display with neopixels -- bright RGBW
LEDs that are controlled over a 1-wire digital interface that supports long chains. It is composed
of three different sections: two 4-pixel by 5-pixel grids can each display any alphanumeric
ASCII character (primarily intended for speed) and a ring of pixels around the outside that can be
used to display information like the rpm of different components or to show warning indicators.
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With the ability to select any color for the display, we chose to use green as the default color
because it has the best photonic response with human eyes, and therefore the best visibility. All
other colors were reserved status messages and warnings.
GPS/MOTION DATA
In addition to providing location coordinates, the GPS module performs the velocity calculations
that feed the speedometer. However, we have found that while the GPS module featured in our
original design provides quite accurate data in general with a 1 Hz refresh rate, it lags
approximately two seconds behind when velocity changes, and will also miss any maneuver that
takes less than two seconds to complete. Our solution has been to upgrade to a new GPS unit
with a 5 Hz sample rate.
To enable future improvements to the accuracy of the system, the physical design of this year’s
main board is reconfigurable to allow the GPS and IMU to be read by the same microcontroller.
This allows their data can be merged in real time for display to the driver.
TACHOMETER
Each of the last three years, we have attempted to incorporate tachometers into our system in
some way. Our original research into tachometers had the specific goal of being able to measure
the effective ratio of the primary and secondary pulleys of our CVT to assist in tuning. Our initial
design used a ring with magnets arranged with alternating polarities, which could be slipped onto
the splined shaft in the transmission, and paired with a Hall effect sensor. While the sensor
worked exactly as intended during testing, we eventually scrapped the design due to safety
concerns with the small magnets flying off of the spinning shaft. The next design used an optical
sensor consisting of an IR LED and a corresponding detector circuit. This design was also able to
maintain a clear waveform at well above the expected operating speed but did not make it onto
the car due to a last-minute change in the transmission housing (and loss of the mounting points).
We have since tested the sensors under simulated race conditions and found that they do not
work when the sensor is coated in mud. This year, we found a variant of the Hall sensor that uses
an integrated magnet to detect nearby metals. This allows us to detect gear teeth directly,
eliminating the need to mount magnets inside the gearbox or transmission. This type of sensor
can also be placed on near the brakes and can measure strategically placed holes in the brake
rotors, allowing us to measure the speed of each wheel to detect slipping. To measure engine
speed, we designed a non-contact circuit to detect the spark plugs firing. Initial testing on the car
indicates that it does accurately detect the spark plug firing, but discovered in the process that the
spark plug occasionally skips revolutions. Thus, it will be necessary to analyze the timing of the
sparks, rather than simply counting them.
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BRAKE PRESSURE
As with any race vehicle, being able to stop is almost more important than being fast. Thus, the
last thing you want to fail is the brake system. In an effort to detect leaks in the brakes before
they cause a catastrophic failure we added pressure sensors in the brake lines. In the past, we
have had problems with air being in the sensor, which completely throws off the readings. This
year we mounted them in the reverse orientation, allowing us to get the air out of the system and
produce meaningful data. Unfortunately, the sensors we were able to get didn’t match our brake
lines directly, so adapter fittings were necessary. These ended up causing leaks themselves,
forcing us to take them out of the system for now. We are in the process of finding a better
long-term solution to this issue, possibly by replacing the sensors with ones that will not require
adapters.
POTENTIOMETERS ON PEDALS AND STEERING
A key element of this year’s system is the detection of problems that arise as the car races
through a rugged course. We added potentiometers to the gas and brake pedals, and brought back
a potentiometer on the steering wheel, to detect changes in driver input to the car and the car’s
response. Detecting potential issues before the driver notices them gives the team the edge to
know what is wrong and alert the driver to protect both them and the car from a worse accident.
The potentiometer on the brake pedal in conjunction with a brake pressure sensor informs us
when there is a leak so that it can be fixed before a major problem arises. Comparing how
changes in the gas pedal position affect the rpm of the engine over time, we can detect if the
throttle cable is starting to slip, an issue that occurred this year. The steering wheel position can
be compared with the wheel rpm and the cars heading to detect a broken tie rod, the most
common injury for a Baja car to sustain.
COMMUNICATIONS
One of the biggest goals for this year was to improve the efficacy of our onboard
communications system. In the past, our main board had to be able to interface with SPI, I2C,
and several UART devices as well as various analog and digital devices. This resulted in a
complex and heavy wiring harness which was very difficult to troubleshoot.
In order to minimize the complexity this year, the only communication protocols that our main
board uses to interface with external devices is I2C and the one wire interface used by our
screen. This means that we only need three data wires leaving our box for the the entire system.
Where possible, we chose sensors that natively communicate with I2C. Where that wasn’t
possible, we added a small microcontroller that would collect the data from the sensor and talk to
the main board over I2C. We also did this in places where we wanted to have a higher sample
rate than we could get with talking directly to the core module over I2C.
One hurdle that we ran into is that some sensors come with hard-coded I2C addresses. Since I2C
does not tolerate or resolve address collisions on a bus, no two devices may have the same
address. The first method we tried to resolve this was to use a microcontroller as a relay, thus
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essentially isolating the devices that cannot coexist on a single bus. While researching examples
of how other developers have dealt with similar issues, we came across references to a product
that can operate inline to change the address of I2C packets without otherwise modifying the
contents of said packets. After searching for a COTS board that used these components, we
eventually decided to make our own. While they are extremely finicky about resistor values (1%
resistors are absolutely necessary), they otherwise worked perfectly. The only thing we plan to
change with these boards going forward is to alter the form factor to mate to the sensors whose
addresses they are masking.
Every device that uses a protocol other than I2C was consolidated into the core module. To
communicate with the GPS and the XBee we use UART, and the SD card uses SPI.
The system on the car communicates with our remote console using a serial protocol passed
through two XBee radios in transparent mode. An XBee-PRO 900 operating at 900 MHz on full
power has a line of sight range of about 4 to 9 miles, according to the datasheet. Mounting one
antenna atop a flagpole or a weather balloon significantly improves achievable range in hilly
terrain.
ACCIDENT MITIGATION
In previous years we have had issues with components frying or not working because they were
plugged into the wrong thing. In order to prevent this, we used keyed connectors.
Unfortunately, we found out the hard way that we missed some connector keying with our main
power system. We use a 12 V battery that is then stepped down using a buck converter to 5 Volts
to power our whole system. At some point, the buck was not installed on the vehicle and the 12
V line was plugged directly into the 5 V line. This ended up frying several of our main
components that we then had to replace. Because of that incident, we are in the process of adding
voltage and current protection to the rest of our system.
In the event of a severe mechanical failure or other potentially dangerous situation, we
implemented a system to remotely kill the engine. This protects both the driver and the track
workers going to help the downed car.
BIOTELEMETRY
Something that has never been done before in SAE Baja is receiving driver vitals. By monitoring
heart rate, it is possible to extrapolate bodily stress levels. If heart rate remains highly elevated
for an extended period of time, the stress can be determined as dangerously high. If a sudden
change in heart rate is detected, a few things can be suspected, including loss of consciousness or
shock. The same sensor also tracks blood oxygen levels which, while not a great way to
determine stress, can be used to detect changes in lung efficacy over time. This is important
because races frequently take place in dusty environments; this dust can slowly decrease lung
effectiveness, which is not great for the health of the driver. The eventual goal for this system is
to allow us to pull drivers if the analysis indicates a potential health risk.
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We originally selected a pulse-oximeter chip for its compatibility with I2C and extremely small
form factor. We later discovered that a dedicated microcontroller is necessary for reading the
sensor regardless of the protocol used. Paired with a lack of support in the Arduino I2C library
for simultaneous master and slave, this made it difficult to integrate into the rest of the system. In
addition, to actually implement this in practice requires either mounting the sensor to the driver’s
finger or earlobe, either of which is inconvenient for the driver. All of this combines to make the
testing that would enable the sensor to function effectively impractical to perform using our
current system and drivers.
MAGNETIC CONNECTOR
Certain components of our system are mounted in locations that cannot be permanently tethered
to the car, such as the driver’s helmet and the steering wheel. We decided against a wireless
solution due to concerns about battery life and driver safety. Having decided by default on a
wired solution, we then needed a way for the driver and steering wheel to detach from the car
quickly and easily, preferably without damaging the equipment. After looking at various types of
connectors, including banana plugs and ⅛ inch TRRS plugs, we eventually settled on magnetic
breakaway connectors. After searching in vain for a suitable COTS connector, we decided to
develop our own. The connectors use pogo pins and are designed to have a 5lb pulling force to
disengage them, to avoid accidental detachment while offering minimal resistance to the driver
should they need to exit the vehicle quickly. We also took the opportunity to move the driver’s
radio to a more secure and comfortable housing on the car, rather than in the driver’s pocket, and
ran the microphone and headset wires through the connector as well. To further increase the
convenience to the driver, we ran the push-to-talk button through the other magnetic connector to
the steering wheel, so the driver no longer has a button taped to their thumb.
IMU’S
In previous years, we had a single IMU that was used to get an overall sense of how the vehicle
was moving. This year we decided to add five more to the system. Each suspension member had
one, as did the driver’s helmet. This allows us to monitor the suspension members’ movements
in relation to each other and the main vehicle body. We hope to use this data to analyze and
improve our suspension geometry by obtaining realistic load cases based on the linear and
angular acceleration that the suspension members experience. Additionally, during races, we
hope to be able to use this data to flag collisions that exceed the damage threshold for our
suspension, so as to catch problems as they occur.
The IMUs chosen natively support I2C and, with the use of inline I2C address changers, can all
be connected to the core module on a single bus. These IMUs (BNO055) use an integrated DSP
engine with proprietary firmware to provide absolute orientation and acceleration using a much
higher internal sample rate than I2C supports.
QUICK DISCONNECT, HOT SWAP, BATTERIES
In the past, the competition rules explicitly required all batteries to be sealed lead-acid. As of last
year, the rules were changed to allow any type of battery that is factory sealed and cannot leak
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when inverted. Since that rule change, we have been using Li-Ion drill batteries, which are
designed for durability and have a much higher energy density than the original sealed lead-acid
batteries. By using 3D-printed mounts for the batteries that are modeled off of the way they
insert into a drill we are able to swap the batteries very quickly. There are three such mounts on
the car: the brake lights are powered by a single battery that is swapped at every pit stop, and the
other two are wired in parallel with diodes to prevent back feeding, thus allowing the batteries
for the telemetry system to be swapped without any interruption of power to the system (which
would require the GPS to regain a lock, a process that can take up to five minutes with our
system). The same system of diodes also allows fresh batteries to be mixed with drained batteries
without adverse effects.

SOFTWARE
CORE MODULE
The core module consists of two microcontrollers that aggregate all of the data from the external
devices, do some processing, and log it to a microSD card. It also wirelessly transmits that data
back to the remote console using an XBee transceiver and also drives the screen. One of the
microcontrollers is responsible for collecting the GPS data and running the screen that way the
screen’s refresh can be higher while the other microcontroller is busy aggregating the rest of the
data.
PERIPHERAL DATA ACQUISITION
Because we needed a way to send large amounts of data over I2C, we developed a streamlined
method to achieve this in the code. To send the data over I2C between the microcontrollers and
the core module, the data is first converted into an array of bytes. This is accomplished by
storing the data in a data storage class with a serialize function to create the data array and a
deserialize function to take an array of data received over I2C and convert it into updated values
on the core module. This system is set up to be dynamic so that it can be easily added to by
creating new storage classes using a specific format as a descendant of a parent class called
BaseStorage that contains the serialize functions.
DATA LOGGING
The microSD reader is integrated into the core module so that even if the Xbee becomes
disconnected, data can still be stored in nonvolatile memory. In order to make it easy to import
our data into other programs to be analyzed, we chose to store the data in CSV format, also using
key-value pairs so that the order of the data and the number of different data points doesn’t affect
how we process it.
In order to log the data, the system starts by querying all of the connected I2C devices requesting
their data to be transmitted back. If the data that is being requested is larger than the I2C library
supports, the message is broken into smaller pieces and is reassembled on the core module. Once
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it receives all of the data, it writes it to the microSD and also transmits it back to the remote
console which also logs everything that it receives.

DESIGN CONSIDERATIONS
THE CORE MODULE
The core module consists of a main board with several daughter boards mounted to it using
(primarily) 0.1” headers. The daughter boards include an Adalogger 32u4 Feather and a WICED
Feather, which are both software compatible with the Arduino ecosystem and respectively
provide an ATMega32u4 microprocessor with an integrated microSD card reader, and a Cortex
M3 processor with 16KB of available memory. The former is particularly useful because it is
compatible with the pre-existing libraries for controlling the NeoPixels that make up the display,
and has sufficient flash storage to hold all of the graphics patterns for the display. The latter’s
much faster clock rate and increased memory allows it to poll all of the other devices on the car
and store their responses in memory for packet generation and logging to persistent storage.
The core module also has a microSD card reader (in addition to the one provided by the
Adalogger) and two voltage regulators that can be installed as 5V or 3.3V versions and remapped
accordingly, as well as headers for a GPS module, 9-axis IMU, and XBee. Thus, even if all of
the external I2C sensors are disconnected it can still log and transmit useful data.
We chose to design a custom PCB to connect all of these devices for a few reasons. The primary
reason is that, as always, our primary goal is for our members to learn useful skills. Additionally,
a custom board has a significantly smaller footprint than the equivalent collection of COTS
breakout boards, as it can be designed to accommodate the exact combination of sub-modules we
have chosen to include. It also allowed us to add solder jumpers to reconfigure the
interconnections between the different daughter boards post-assembly.
MODULAR DESIGN
One of the issues that has plagued our systems from the very beginning is component failure.
Due to the harsh nature of the operating environment, it is inevitable that some components will
fail during operation. In addition, during the course of the Baja event, there is often a need to
perform mechanical repairs on the vehicle, further increasing the chances of incidental damage to
the electronics. To combat this, we have been gradually increasing our emphasis on modularity
and replaceability at every level of the system, as well as bringing backups of every major
component to competitions.
The core module is designed so that all of the key components are mounted to it as daughter
boards via female pin headers. This means that if any of them breaks we can pull the broken part
out and drop in a replacement. At this year’s Baja competition, this proved to be especially
critical, as a quirk of our wiring harness made it possible to short the 12V battery line to the 5V
regulated line without any obvious way of detecting it. Had we not been able to replace all of the
8

damaged components, the system would have been completely useless. Instead, we were able to
collect useful data for large sections of the race.
The entire wiring harness is also designed with modularity in mind, such that any sensor can be
removed and/or replaced without disrupting the functionality of the remaining parts.
Unfortunately, while we did bring backups of critical parts, we did not foresee the effects that
arc-welding inside the frame of the car would have on the electronics and did not have sufficient
backups on hand to deal with the sudden increase in demand. In the future, we plan on bringing
more extra parts to be swapped out in the event of a failure, as well as changing the wiring
harness to have protection boards at each node.
DURABILITY
In order to fulfill its purpose, the system has to survive harsh operating conditions. Our methods
of accomplishing this have evolved somewhat over the past few years. Originally, we placed the
components in places where they were less likely to get wet and hoped for the best. Starting three
years ago, we began to 3D-print enclosures for the electronics, which worked well but was both
logistically and technically difficult, as high precision 3D printing takes a lot of time, and the two
halves of the boxes had to align perfectly lest they become extremely difficult to seal. This year,
we used extruded acrylic tubing with 3D-printed endcaps, which reduced the print time for the
largest components, and gave us known dimensions to design around far in advance of the
boards themselves being completed.
For the wiring harness and sensors that are distributed across the car, we have also had a learning
experience. Where we used to solder together the entire wiring harness, we now assemble it in
sections which are then connected via waterproof connectors. All of our sensors are either
waterproof off the shelf, or placed into small 3D-printed enclosures and hermetically sealed with
industrial hot glue. (The small size of the enclosures makes it feasible to print them quickly and
inexpensively.)
In light of our experiences this year, we are now looking into the possibility of hardening our
enclosures against EMI, such as that produced by arc welders.
MAINTAINABILITY
As the number of microcontrollers on the vehicle increased we knew that we had to find a way to
be able to maintain and reprogram them all. All of the devices we chose were programmed over
USB so we could just plug a cable into the microcontroller to reprogram it. However, it would
have meant that each microcontroller would need a waterproof USB connector in its enclosure.
Instead, we designed and built several custom USB hubs which doubled as a power distribution
board. The USB hubs allowed us to permanently connect USB to the microcontrollers. In the
end, we were able to plug a single USB cable into a computer and reprogram any of the
microcontrollers on the car.
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CONCLUSIONS & LESSONS LEARNED
Over the course of designing, building, and testing this system, we learned more about what
works and what is necessary for a telemetry system built for a Baja car. We learned that it was
beneficial this year to have a simplified wiring harness that uses only I2C for communication.
We also learned that the custom USB hubs were valuable in troubleshooting code in full system
tests and that the custom screen was the best solution to show the driver speed in a harsh bright
environment. We found out the hard way that the system needs more protection circuitry at each
hub to prevent damage to parts from high voltage or current, and we will keep the modular
design because it was important this year. In the future, we plan to keep the same basic system
design, adding in modifications to match what we learned and what the team needs for next year.
Along with more protections, we will attempt to further simplify wiring harness. We plan to
create boards to be used at each hub to connect all the wires that need to be connected together in
a hope to be easier to assemble and troubleshoot if issues arise. We will also modify the sensors
we will have on the car, keeping most the same, but with less of an emphasis on biotelemetry.
We also want to use strain gauges when testing the car to be able to get reliable load cases to
help the team design the car and defend their designs at the competition.
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ABSTRACT
An elegant telemetry payload, which transmits IMU, atmospheric, or light data during flight and
deployment from a small model rocket, is presented. Data is received by a custom, mobile, handpointed ground station. The payload is patterned after a thumb-sized satellite, called a femtosat. Its
design is optimized for ease of implementation. The femtosat system resulted from a grassroots,
student peer-mentoring program developed at Brigham Young University.
INTRODUCTION
For the first few semesters, undergraduate engineering programs are challenging and often lack
meaningful opportunities for application. At Brigham Young University (BYU), experienced student mentors created an extracurricular engineering competition to engage their freshmen peers in
a flight project from concept to completion. The competition objective: develop a model, thumbsized satellite (femtosat) that collects, and transmits real-time telemetry during flight and deployment from a model rocket at an altitude of 1000 feet. Peer mentors defined system requirements,
recommended components, and developed support equipment, including a portable ground station.
Five participating teams successfully designed, built, and programmed femtosats; operated them
during flight; and processed the received data.
REQUIREMENTS
The flight system is the Quest Astra III model rocket. The femtosat is deployed when the ejection
charge pushes it and the parachute out of the rocket body. The objectives to fit within the rocket and
deploy at 1000 feet determine the physical dimensions of the femtosat. The maximum femtosat
mass is 20g, based on altitude simulations in Open Rocket [1]. The size is constrained to be
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Figure 1: femtosat with component block diagram

smaller than a cylindrical envelope of 22mm diameter and 70mm length to facilitate easy insertion
and deployment from the rocket body. To fit inside this size envelope and to avoid a requirement
to apply for licensing, the 915 MHz industrial, scientific, and medical (ISM) band is used. Use of
the ISM band forces a requirement that maximum transmission power not exceed 100mW.
To make results comparable, measurement categories are limited to: acceleration, rotational velocity, magnetic field, temperature, pressure, humidity, and red, green, and blue light. Teams are
required to report their data and interpret their results. A complete requirements set is contained in
the appendix.
FEMTOSATS
A basic femtosat consists of four major components: microcontroller, power storage and regulation, sensor, and transmitter. Each team designs a femtosat, selects components, and integrates the
selected components on a printed circuit board, sized according to the femtosat requirements. A
completed femtosat and corresponding block diagram is shown in Figure 1. This section describes
a femtosat design using components recommended by competition mentors.
Microcontroller
The microcontroller, an Arduino-compatible [2] ATmega328P microcontroller [3], is the system
core. It interfaces with the sensor and the radio module to read and transmit data. Built-in I2C and
SPI peripherals make it simpler to interface with the other electronic components. Once Arduino’s
bootloader is installed, the Atmega328P can be programmed with the Arduino IDE, making it
compatible with numerous open-source software libraries provided by Arduino and its community
2

of users. The radio module and sensors were selected based on the availability of compatible,
Arduino software libraries. These libraries abstract away the complexity of the microcontroller,
reducing the flight software to three simple steps: initialization of the sensor and radio, data collection, and data transmission. Data collection and transmission are repeated throughout rocket
flight.
Power Storage and Regulation
The power storage and regulation subsystem is comprised of a 110mAh rechargeable lithium polymer battery and a 3.3V regulator. To simplify the design, battery charging circuits are not included.
Instead, batteries are charged between flights with a separate battery charger. The battery needed
to be small to reduce weight and fit inside the rocket body.
Sensor
Sensor selection is driven by selected measurement targets. Femtosats include an MPU-9250 inertial measurement unit (IMU) for sensing acceleration, angular velocity, and magnetic field, a
BME280 atmosphere sensor for measuring temperature, pressure, and humidity, or an ISL29125
RGB light sensor for measuring red, green, and blue light. Open-source libraries, tutorials, and
off-the-shelf breakout boards make these sensors simple to integrate.
Flight Radio
The femtosat uses an RFM69HCW [4] as its flight radio. The RFM69HCW is a system-on-module
radio the size of a postage stamp. It leverages the power of the Semtech SX1231 RF Transceiver,
and transmits in the 915 MHz ISM band. Open-source Arduino libraries make the RFM69HCW
simple to use. The Low Power Lab RFM69 library, in particular, simplifies transmission by allowing data to be sent as a character array. To be compatible with the mentor-built ground station, all
femtosats used this library.
Printed Circuit Board
The femtosats cleanly integrate the electrical and most mechanical interfaces on the PCB. The
only non-PCB interface is a zip-tie which secures the battery and antenna to the board. Each
team verified designs through breadboard assembly, using an Arduino and development boards
for each component. They designed a schematic and printed circuit board (PCB) in AutoDesk
Eagle. Circuit boards were fabricated through OSH-Park and solder stencils through OSH-Stencils.
Students soldered both thru-hole and surface-mount components to circuit boards to complete their
femtosats.
GROUND STATION
The ground station consists of a high-gain antenna, high-gain low-noise amplifier (LNA), and a
very sensitive software-defined radio (SDR). A simple link budget for this system, adapted from a
satellite link budget developed by AMSAT [5], is found in Table 1. The antenna uses a dipole feed
3

Parameter
Transmitter Power
Transmitter Antenna Gain
Path Loss
Receiver Antenna Gain
Receiver LNA Gain
Total

Gain
20 dBm
0 dBi
-83 dB
11 dBi
40 dB [6]
-12dB

Table 1: Link Budget

Figure 2: Students operating femtosat ground station

mounted on a 915 MHz parabolic dish. This design has a peak gain of 11 dBi, and an approximate
beam width of 30◦ . The antenna is small enough to be held with two hands, allowing a student,
about 40 meters from the launch stand, to direct its narrow beam width and track the femtosat
throughout its flight. This setup, shown in Figure 2, proved simple and effective.
The ground station’s RF front end consisted of a Pasternack PE15A1012 LNA coupled with a
USRP B210 SDR, both borrowed from a satellite ground station at BYU. The USRP SDR is
controlled by a laptop running GNU radio. A custom GNU radio flow-graph, developed for use
with the RFM69HCW at 915 MHz, outputs a binary file containing all the data received by the
ground station.
POST PROCESSING AND RESULTS
Data is extracted and plotted from the binary files recorded during flight. Measurement plots shed
light on flight parameters, such as launch forces (acceleration), altitude and apogee (pressure),
deployment (light), and orientation (RGB light sensing earth or sky). Accelerometer data from the
winning team is shown in Figure 3. Their interpretation follows [7].
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Figure 3: 3 axis accelerometer data from winning team, used with permission

The first 1.5 seconds were very stable suggesting that the femtosat was at rest. [There
was] a minor disturbance at time 24.5s before restabilizing just after 25s as the rocket
launched skyward. The minor disturbance may be attributed to a jolt caused by the
ignition of the rockets motor since it likely takes a split second for the rocket to start
accelerating. Looking at the acceleration data, the key axis is the X-axis. Since the
femtosat was positioned vertically in the rocket, the X-axis represents up and down
forces and correctly reports a force of -1g before launch as well as a force of 2g during
the launch. [. . . ] We also should have increased the sensitivity of the accelerometer
since the launch obviously produced well over 2g of force.

CONCLUSIONS
This system forms an elegant, telemetric link between the ground and a payload on a fast-moving
vehicle. It successfully receives a variety of data during launch and deployment from a model
rocket. Its implementation is elegant, thanks to a minimal design and numerous, communityproduced resources, including tutorials and open source software. Its simplicity is demonstrated
by the accessibility it gives freshmen engineering students to an entire engineering product lifecycle, which helps them find tremendous meaning in their coursework.
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APPENDIX: FEMTOSAT SYSTEM REQUIREMENTS DOCUMENT

Definitions
Femtosat: A femtosat is a tiny satellite. The femtosats referenced here are model femtosats, consisting of a circuit board with electronics for data gathering and transmission. Femtosats are flown
on model rockets to a height of approximately 1000 feet.
Ground Station: The femtosat Ground Station is an antenna and electronics that receives and
processes the transmission from the in-flight femtosat.
System Requirements
1. The femtosat shall record meaningful data for the duration of its flight.
2. Data from the femtosat must be transmitted to and recorded on the ground before the end of
flight.
Electronics Requirements
3. So results are comparable for judging, sensors must measure one or more of the following
parameters:
(a) Acceleration
(b) Angular velocity
(c) Magnetic field
(d) Temperature
(e) Pressure
(f) Humidity
(g) red, green, or blue light
4. All electronics components shall be connected using a custom designed printed circuit board
(PCB).
5. The femtosat may be programmed using the Arduino programming environment, or another
type of programming tool.
6. The femtosat shall be capable of operating on battery power for at least 15 minutes.
Communications Requirements
7. All transmission shall occur in the 915 MHz ISM band.
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8. The femtosat shall be capable of transmitting data from up to 350 meters away.
To use the provided ground station, the following additional communications requirements
must be met.
9. The femtosat shall use the RFM69HCW as its RF transceiver.
10. All data transmission shall be done at 9600 baud.
11. The data link and network layers shall be implemented with the Low Power Lab RFM69
Arduino library.
12. A unique node ID, provided after passing the preliminary design review, shall be used to
identify all transmission.
Mechanical Requirements
13. The femtosat shall not exceed a cylindrical envelope 22mm in diameter and 70mm in length.
The antenna may exceed the above dimensions in the 70mm direction, but not in the 22mm
direction.
14. All board corners shall have a radius of 3mm or greater.
15. The femtosat shall weigh no more than 20g.
16. For ease of recovery, the femtosat may be tied to the rocket’s parachute cord. This requires a
4mm hole on the end of the board.
17. All components shall be fully constrained (attached) to the femtosat circuit board.
This specifically means that there shall be no loose hanging batteries or other components.
Post Processing Requirements
18. Data collected from the femtosat flight shall be communicated in a report consisting of the
following:
(a) Labeled plots of the flight data
(b) Interpretation of the flight data. Patterns, corruption, and other significant features may be
identified.
(c) An explanation of how the femtosat hardware and software influenced the data.
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ABSTRACT
Munition telemetry engineers are posed with the challenge of developing ruggedized, precision
instrumentation for various projectile bodies. Much of the hardware is custom, and engineers
must address numerous concurrent electrical and mechanical integration issues within a limited
schedule. The Aeroballistics Modular Modalities (AMM) system is a miniaturized, modular,
open-architecture platform which provides a pre-made, tailorable system for developing
projectile instrumentation electronics. The system excels at capturing projectile dynamics data,
where the sensors can be chosen a-la-carte. The system is highly-customizable, and can be
tailored to any instrumentation package.
INTRODUCTION
The concept of a modular instrumentation system for projectiles is borne out of the need to
rapidly provide hardware for precision munitions programs, when those programs are unclear of
their measurement needs. New weapons programs will often need to characterize new airframes,
requiring instrumentation packages to measure projectile fight dynamics (in-bore, muzzle-exit,
in-flight) that are not entirely known in advance. Sometimes, multiple concurrent programs will
require similar instrumentation packages, but with slightly different measurement capabilities.
In other cases, programs will require instrumentation packages to support failure investigations,
where various types of supporting or refuting data will need to be collected quickly to identify a
root cause. All of these cases require a highly configurable sensor package that can be rapidly
built.
In the process of designing these systems, the issue of how to electrically and mechanically
integrate individual sensors and the encoder system within the projectile body or fuze always
arises. Engineers at this point will create their own system design methodology. At one
extreme, the instrumentation electronics can be fabricated all at once on a single printed circuit
board, creating a boutique system designed for a limited application. Examples of such systems
utilizing rigid-flex printed circuit board technology are the ARDEC developed ARRT-150
Aerofuze Rev 2 [1], and the ARDEC STEEL system [2], where all of the electronics are built on
a single folding rigid-flex circuit board. This reduces fabrication costs, simplifies assembly, and
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streamlines component logistics, but increases yield risk. The failure of one sensor (which
usually cannot be reworked) means disposal of the whole system circuit board. The labor
performed on that system, and other expensive parts already assembled to the board, are wasted.
Additionally, integrating new sensors onto the systems requires a redesign of the entire system
electronics - every time. Extra circuitry will need to be added to the system schematic and
routed on the board. Preexisting circuitry must be shuffled to accommodate the newer circuitry,
and care must be taken that this does not cause interference issues or loss in functionality.
At the other extreme, the system electronics can be designed in a fully modular manner, where
the individual sensors are separate, and later connected with wires, headers, or connectors to a
main encoder board [3] [4]. Assembly techniques such as “bird caging” circuit boards, lapsoldering edge-plated circuit boards [6] [7], or creating fully connectorized modules [8], have
been used. This increases fabrication and assembly costs, reduces the volume available for
sensors, but reduces yield risk as individual sensors can be swapped out if they are nonfunctional. This fully modular approach also allows for specific sensor modules, which may
contain parts with long lead-times, to be fabricated ahead of specific needs and put on the shelf
until needed, again providing rapid responsiveness to needs through the modularity in the design.
New sensors can also be integrated into the system easily, providing that they meet an interfacing
specification.
The Aeroballistics Modular Modalities (AMM) system attempts to address most of these issues,
by providing an open-architecture, standard mounting strategy and wiring strategy, designed for
instrumentation packages with diameters between 1” and 2”. This diametric space claim allows
the system to be applicable to a wide variety of munition packages ranging from 40mm to
155mm ammunition. The system was designed to support capturing data from multiple sensors
measuring in-bore, muzzle-exit, and in-flight projectile dynamics, where the sensors could be
chosen a-la-carte. The system is highly-customizable, and can be tailored to any instrumentation
package, including utilization of sensor modules with cores developed for other applications.
AMM SYSTEM DESIGN
In an AMM-based system, individual sensors ICs are placed onto small PCB disks known as
“modules”, which have standardized diameters, mounting hole locations, and electrical headers.
These are then soldered to rigid tabs on a rigid-flex board called a “spine”. The disks are
mechanically mounted together using four corner standoffs, as the spine board weaves through
the spaces between the disks. Similar to the human spine, there is a straight run for each
connection down the spine to a rigid base, which has an analog multiplexer and other extra
circuitry. The base of the spine then connects to the main encoder known as a "core". The core
provides power, control logic, analog-to-digital conversion, and on-board memory. The core
samples the analog signals, interfaces with digital sensors, and generates a telemetry bit-stream.
Finally, the core attaches to the outside world through a connector, or drives an external RF
transmitter. A block diagram of this architecture is shown in Figure . Dimensions for a 14-pin
AMM sensor module (referred to as variation AMM085_X320Y0_14PIN) are shown in Figure
2.
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Figure 1 – System Block Diagram

Figure 2 14-Pin AMM Sensor Module Dimensions (in mils)

The system follows the design spirit of several modern low-cost electronics Arduino kits for
electronics hobbyists. In these systems, the Arduino main board contains a PCB with a
microcontroller, with a set of headers around the outer
perimeter. The pinout of the headers is standardized,
supporting power, analog, and digital signals. Third-party
boards known as "shields" are plugged into the headers to
expand the system capability. The shield can have
functionality ranging from MEMs sensors, to SD card readers,
GPS modules, etc. Another similar system is the Digilent
Pmod peripheral module interface for FPGA and
microcontroller development kits [9]. It is this modularity that
makes the system a popular choice for hobbyists, who do not
wish to have to recreate an embedded system from the ground
up for every project, which is also true for precision munitions
developers.
The mechanical interfacing strategy, illustrated in Figure 3,
consists of four 0-80 x 1/8" OD standoffs on all four corners of
the sensor board. Using four standoffs helps ensure that the
boards are flat and parallel to the horizontal axis of the
projectile, which helps ensure reliable sensor data by

Figure 3 –Assembled AMM
modules and spine
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establishing a common system datum to which all sensors maintain orthogonality to. This is
especially important when using multiple sensor measurements in order to verify measurements
through redundancy, or to generate a full state vector using multiple sensors in an extended
Kalman filter. The electrical interconnection strategy is equally simple – a dual row, 14-pin,
0.050"-pitch header on the right side of each board, mounted on the bottom. The pin
assignments are designed to be symmetric, so that accidentally installing a module upside down
will not cause a short circuit - just a mismatch of signals. For testing purposes, 0.050"-pitch
sockets can be attached. However for flight integration, the headers are soldered directly to the
spine tabs, creating robust connections during high-g shock events.
By utilizing both rigid-flex circuitry and headers, the AMM system gives a balance of highintegration and modularity. It should be apparent that multiple sensor modules, should they be
commonly used together, could be pre-combined into a single rigid-flex circuit board, with the
exact same mounting and header strategy as aforementioned. This eliminates the spine as a
separate PCB. It’s an example of integration, and is up to the system designer. By already
having the mounting and wiring strategy in mind, the AMM system allows for this flexibility.
AMM SENSOR MODULES
Several sensor modules were created during development of the initial AMM system, based upon
sensor ICs that are commonly used for measurements of projectile dynamics [10] [1].
The AMM085_2XMAGFLEX magnetometer, shown in Figure 4, is used to estimate projectile
flight dynamics including roll, pitch, and yaw, by measuring the geomagnetic field vector.
Magnetometers are especially effective on spin stabilized munitions because they possess the
necessary bandwidth to measure the pitching and yawing angular motion of a platform in flight
while it is spinning at rates upwards of 300 Hz [11]. In this case, dual Honeywell HMC1053
magnetometer ICs are used to increase reliability through redundancy, and for capturing the
magnetic field vector around the spin axis at two slightly-offset locations. Each magnetometer
has set/reset hysteresis control circuitry. Two four-channel digital-to-analog converters are used
to calibrate sensor offsets. The output is filtered with 6 two-pole anti-aliasing filters, and passed
through a small compensation resistor before connecting to the spine header.

Figure 4 – 2XMAGFLEX, Dual Magnetometer Module (Left); Folded (Right)
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The AMM085_377_326Z accelerometer, shown in Figure
5, is used to capture lower frequency muzzle-exit tip-off
induced rigid body radial accelerations, and in-flight drag
deceleration. A tri-axis Analog Devices ADXL377, +/200g MEMs accelerometer is used, along with a tri-axis
ADXL327 +/- 16g accelerometer. Each output is filtered
with a single pole 1-kHz antialiasing filter, followed by a
compensation resistor, before connected to the spine
header. These sensors are adequate for measuring in-flight,
but not in-bore projectile dynamics.

Figure 5 AMM035_377_326Z module

The AMM085_3XAD623 board, shown in Figure 6, is a three channel signal conditioning board
for bridge-circuit pressure gauges, or piezo-resistive accelerometers. Pressure gauges are often
used to measure the base pressure seen on the back of a projectile as it travels down the gun tube
or to measure the radial blow-by pressure profile seen forward of the obturator and rotating band
[5]. Piezo-resistive accelerometers, such as the Endevco 7274 are used to capture higher
frequency, high g-force in-bore projectile accelerations, including set-back, set-forward, and
balloting loads. The frequency content of interest for a particular application is not always
known ahead of time, therefore, utilizing an accelerometer with a higher frequency response and
a greater resonance or natural frequency is advisable for capturing in-bore dynamics. In many
applications, the acceleration on the frame or a primary structural component is of particular
interest, in which case the sensing unit would not be physically attached to the board. Pressure
transducer sensing elements are remote from the board in most instances as well. The
AMM085_3XAD623 board is specifically designed to accept soldered leads from remote sensors
with the gauges being connected to a separate 8-pin header on the left-side of the board. Each
channel incorporates an instrumentation amplifier, second stage gain, offset, and four-pole 50kHz Butterworth filter. The offsets are generated by a digital-to-analog converter and can be
pre-programmed to offset or modify gauge imbalance.

Figure 6 – AMM085_3XAD623 module (Left); Assembled AMM085_3XAD623 with Endevco 7274 accelerometer gauge
attached (Right)
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The AMM085_1521L accelerometer board, shown in
Figure 7, is used to capture in-flight axial
acceleration/deceleration events due to rocket motor thrust
and drag respectively. A single-axis Silicon Devices
1521L, +/- 400g MEMs accelerometer is used. The
output is filtered with a single pole 1-kHz antialiasing
filter, followed by a compensation resistor, before
connected to the spine.
Figure 7 - AMM085_1521L module

AMM CORES
The Aerocore is an Actel flash FPGA based PCM telemetry encoder and on-board recorder. It
utilizes four independent external SAR A/D ICs, and includes 64Mbit SRAM and 128Mbit
NOR-based Flash RAM as non-volatile memory. The circuit card assembly, shown in Figure 8,
allows for up to 16 digital I/O, and 4 analog inputs. External analog multiplexers can be attached
to increase the number of analog channels. The board delivers power to its constituent sensor
modules, including 5V regulated, 3.3V regulated, and raw battery power.
The head of the Aerocore contains the headers along the outer perimeter which attach an AMM
spine. The tail contains a small tab which attaches to an external power board. The power board
provides a connector to the outer chassis, and additional circuitry such as an RF transmitter
power regulator and pre-modulation filter. Utilizing an extra inexpensive board allows the
external connections (such as the type of connector) to vary with application, while always using
the same Aerocore main rigid-flex board internally.

Figure 8 - Aerocore Rigid-Flex Circuit Card Assembly

AMM SPINES
A rigid-flex PCB (“the spine”) is used to interface the Aerocore with the sensor suite. One
implementation, used on the ARRT-174 Instrumented Precision Guidance Kit (PGK), is shown
in Figure 9. At the extremities of the spine are rigid tabs with 14-pin through holes headers,
where the sensor modules attach. At the spine base, there is circuitry for an analog multiplexer,
and additional analog sensors. Headers are arraigned along the base perimeter to connect to the
Aerocore circuit board. The multiplexer drives one of the core analog-to-digital converters, and
6
DISTRIBUTION A. Approved for public release: distribution unlimited.
UNCLASSIFIED

is meant for multiplexing in-flight sensors that typically require 3-10 ksps sampling rates. The
remaining three Aerocore analog-to-digital converters are used to capture in-bore sensor data,
such as high g-force accelerometers, that typically require much higher sampling rates per
channel, such as 500 ksps – 1 Msps.

Figure 9 - Rigid-flex spines with AMM modules attached. (Top) Assembled and Unfolded; (bottom-left) Spine base;
(bottom-right) Spine tab

MECHANICAL INTERATION INTO PROJECTILE PLATFORM
The most common way that an AMM electronics package can be mechanically integrated into its
packaging (such as either a projectile or projectile fuze) is to mount the sensor package first to a
primary metal plate via the four corner standoffs. This metal plate is then fastened to either the
fuze housing directly, or to a secondary mechanical assembly, that is packaged into the final
system. Benefits of mounting the system first to a metal plate is that it provides stability,
alignment, and an area for hard-mounting sensors such as accelerometers which is critical to
ensuring that the proper system dynamics generated are accurately transferred to any high
frequency accelerometers. This mounting concept can be integrated into a variety of fuze
housings and form factors.
The ARRT-174 Instrumented PGK - Over Determined Navigation (ODN) variant is one
telemetry system that utilizes the AMM system for its electronics package. The sensor suite is
assembled onto to a metal plate that is part of a mechanical sub-module. This sub-module has an
RF S-band transmitter installed to its top, and a 15-pin MDM connector on its bottom for battery
power. The module is then loaded into the fuze housing. 3D CAD renderings are shown in
Figure .
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Figure 10 - Creo models of the ARRT-174 Instrumented PGK AMM System mounted inside of an ODN Module (Top).
Assembled ODN Module with AMM System secured inside (Bottom)

APPLICATIONS
One use case for the AMM system was for its characterization of the M1156 Artillery Precision
Guidance Kit (PGK) for U.S. Army Armament Research Development and Engineering Center’s
(ARDEC) Affordable Precision Technologies (APT) Science & Technology program. The
program had a need to characterize the in-flight dynamics of a 155mm projectile with an M1156
PGK-like course correcting fuze. The scope of APT was to develop the enabling technologies
for indirect fire precision munitions to operate in GPS denied environments. One of the enablers
being investigated under APT was how to utilize magnetometers, specifically in novel mounting
configurations, along with low cost commercial accelerometers, in order to enable accurate state
estimation on spin stabilized precision guided munitions. The APT program additionally sought
to obtain acceleration measurements associated with setback (in-bore) and set forward (muzzle
exit) dynamics at specific locations within the PGK.
In order to obtain physically relevant sensor measurements, the PGK housing and canard system
needed to remain intact in their tactical configuration to preserve representative mechanical and
aeroballistics characteristics. The internal tactical guidance electronics system however could be
removed while still ensuring a representative dynamic response to a reasonable extent. The
AMM system was utilized to provide the necessary instrumentation within the tactical
representative PGK airframe to capture commercial magnetometer and accelerometer in-flight
data, as well as in-bore and muzzle exit high-g data. The Instrumented PGK is shown in Figure
11.
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Figure 11 - ARRT-174 Instrumented PGK (top) with 3D internal rendering (bottom)

A second use case for the AMM system was for the ARRT-150 Aerofuze Revision 3, an
instrumented NATO-standard fuze. The Aerofuze system is a projectile aeroballistics diagnostic
telemeter for mortars and artillery [1]. Developed to collect in-flight dynamics including spin,
pitch, yaw, and three-axis acceleration in real-time, data is relayed to a ground station using an
integrated S-band transmitter. The electronics were designed to be packaged as either a standard
mortar M734 fuze or NATO standard artillery fuze, providing a single system capable of
measuring complete interior and exterior ballistics during the development of new mortar and
artillery projectiles. The ARRT-150 Aerofuze Rev 3, shown in Figure 12, utilizes the AMM
system as its electronics package and through modularity, it allows for the sensor package to be
customized for each customer’s testing needs, and allows for new sensors to be included on the
platform with minimal effort.

Figure 12 - ARRT-150 Aerofuze Revision 3, 3D rendering with cross-section

9
DISTRIBUTION A. Approved for public release: distribution unlimited.
UNCLASSIFIED

CONCLUSIONS
The AMM system is a modern interpretation of a modular and tailorable telemetry system for
precision munitions applications. It provides developers with a platform to meet a wide range of
projectile measurements needs. Its open-architecture design, low cross-sectional area, and
customizability provides a flexible, low-cost, and schedule effective solution for a multitude of
instrumentation applications and developmental efforts.
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ABSTRACT
Massive multiple-input multiple-output (MIMO) technology has recently gained a lot of attention as a candidate technology for the next generation wireless systems. With a higher
number of antennas, pilot-based channel estimation faces a limitation in the number of orthogonal pilots to be used among users in all cells. Sparse channel estimation by using
regularization methods can reduce the pilots compared to pilot-based channel estimation.
In this paper, we study two regularization methods: least absolute shrinkage and selection
operator (lasso) and elastic net. We investigate the performance of least squares (LS), lasso,
and elastic net when the sparsity of the channel changes over time. We study the optimum
tuning parameters for lasso and elastic net based channel estimators to achieve the best
performance with the different number of pilots and values of signal-to-noise ratio (SNR).
Finally, we present the asymptotic analysis of LS, lasso, and elastic net based channel estimators.
Keywords - Sparse channel estimation, massive MIMO, lasso, elastic net
INTRODUCTION
Multiple antenna technology is a basic feature of all advanced wireless communication systems such as IEEE 802.16M and 3GPP LTE/LTE-Advanced [1]. Next generation wireless
systems leverage a large excess of antennas at the base station (BS), which is referred as massive MIMO, to provide better spectral and energy efficiency, higher data rates and capacity
[2]. In massive MIMO systems, BSs are equipped with a number of antennas much larger
than the UTs in the same frequency-time resource, which improves the spectral efficiency
compared to conventional MIMO. Energy efficiency can be obtained by adding the signals
sent from the antennas of the BS constructively at the desired UTs and destructively at the
remaining UTs.Therefore, massive MIMO is considered to be one of the key technologies for
fifth generation (5G) wireless networks.
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Evaluation of channel state information (CSI) with minimum error is very important to
recover received symbols correctly in a wireless communication system. Currently, pilotbased channel estimation methods are used in most advanced wireless systems. CSI is
estimated by transmitting a set of pilot sequences from each UT to the BS in pilot-based
methods. In massive MIMO systems, one of the main challenges is the interference among
pilots in different cells. This phenomenon, which is called pilot contamination, occurs due
the reuse of orthogonal pilot sequences in different cells. When multiple UTs share same pilot
sequences, interference between these UTs is inevitable [2]. Therefore, pilot-based channel
estimation methods limit the gain that can be achieved with massive MIMO.
The present paper investigates the usage of shorter pilot sequences to decrease the pilot
contamination effect and the overhead due to transmission of pilots. Since the channel
response between the BS and the UT becomes sparse as the number of the antennas at the
BS increases, sparse channel estimation techniques can be leveraged to shorten the pilot
sequences [3]. In [4, 5, 6], sparsity of massive MIMO channel is exploited by using different
techniques to reduce the number of symbols in pilot sequences. In this paper, we study sparse
channel estimation by using two regularization methods: lasso and elastic net. Lasso is a
L1 -penalized LS method which provides a good estimation for sparse channels [7]. Most of
the sparse channel estimation methods in the literature are based on L1 penalization [3, 8, 9].
Elastic net, which uses both L1 and L2 penalization, is another popular regularization method
that does the variable selection and shrinkage simultaneously [9]. Elastic net improves the
prediction accuracy compared to lasso when the pairwise correlations among the group of
variables are high.
In [12], we propose an elastic net based channel estimation for massive MIMO to overcome
pilot contamination effect by decreasing the length of pilot sequences. In this work, we
compare root mean square error (RMSE) and computational complexity of elastic net based
channel estimation with LS and lasso by using MATLAB simulations. We observe the
performance of these methods with and without pilot contamination while number of pilots
and values of SNR change. This paper’s main contributions are:
1. We study the effect of channel sparsity on the performance of LS, lasso, and elastic
net based channel estimation methods when the different number of pilots and values
of SNR are used.
2. We investigate the selection of optimum tuning parameters for lasso and elastic net
based channel estimators.
3. We analyze the asymptotic performance of LS, lasso, and elastic net based channel
estimators when the length of pilot sequences is in large regime.

In this paper, performance of LS, lasso, and elastic net with different levels of channel sparsity
are compared in terms of RMSE by using MATLAB simulations. It is shown that elastic net
gives the least RMSE when the sparsity of channel is high. Moreover, lasso and elastic net
2

achieve similar RMSE while channel sparsity decreases. Optimum tuning parameters are
evaluated for lasso and elastic net by using cross-validation. According to our asymptotic
analysis, it is shown that the variance of lasso and elastic net channel estimators increases
when SNR decreases and K approaches to ∞. We also show with our asymptotic analysis
that the bias of elastic net and lasso channel estimators becomes significantly large when
magnitude of channel coefficients are large.
SYSTEM MODEL
We consider a massive MIMO system in which BS has M antennas and each UT has a single
antenna. It is assumed that there are N UTs where M  N . In each frame, K number of
symbols are transmitted as a pilot sequence. The L received symbols at the M antennas of
the BS are given as:
Y = HX + W,
(1)
where Y∈CM ×L is a complex valued received symbols matrix, X∈CN ×L is a complex valued
matrix of L transmitted symbols. H∈CM ×N is the CSI between N UTs and M antennas of
the BS, and W∈CL×M is the additive white Gaussian noise (AWGN) matrix, i.e. N (0, σ 2 I).
Radio channel in massive MIMO consists of different multipath components (MPCs), which
are caused due to the interaction between the radio waves and the scatterers in the environment. Cluster-based channels are proposed to reduce the number of channel modeling
parameters by grouping MPCs with the same delay and directions into clusters. Therefore,
we extend a cluster-based channel model (COST 2100) in this paper. COST 2100 captures
important massive MIMO channel characteristics [10].
CHANNEL ESTIMATION
In conventional MIMO systems, channel estimation is done by transmitting known pilot
sequences from the UTs to the BS. LS channel estimation method is one of the most common
pilot-based channel estimation methods due to its low computational complexity. If the same
pilot sequences are used in R cells, i.e., Xp1 = ... = XpR . The pilot sequence of the ith cell
is denoted as Xpi . Then, the LS estimator for channel matrix between the BS and the ith
cell is given by,
Ĥi =

−1
(XH
pi Xpi ) Xpi Y

R
X

= Hi +

−1
Hj + (XH
pi Xpi ) Xpi W.

(2)

j6=i,j=1

It is seen in (2) that the interfering channels Hj , j = 1, ..., R, j 6= i will contaminate the
desired channel estimate Hi . This effect is called pilot contamination [11].
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SPARSE CHANNEL ESTIMATION
A channel is considered as sparse if number of multipath components is smaller than length
of the channel. Sparsity of channel can be measured by different metrics. Lp norm-like
measures are widely used as sparsity measures,
! p1
||v||p =

X

vi p

.

(3)

i

In this paper, sparsity of the channel is measured by using L1 norm, which is a form of
regularization. Suppose that an outcome vector y ∈ Rn and a predictor matrix X ∈ Rn×p ,
whose columns x1 , ..., xp ∈ R denote predictor variables, are observed. Lasso regression
solves LS problem by constraining the coefficients by their L1 norm:
!2
p
n
X
X
minp
yi −
subject to
||β||1 ≤ λ,
(4)
βj Xj
β∈R

i=1

j=1

where λ is a fixed non-negative tuning parameter. By using L1 norm, we restrict our estimate
to lie in a ball around 0. This brings sparsity to the estimate.
Channel estimation based on lasso applies a lasso regression on each column vector of the
complex channel matrix. In this case, the jth column vector of the complex channel matrix
H between N UTs and jth antenna of the BS is given as,
ĥj = arg min ||yj − Xp hj ||22 + λ||hj ||1 ,

(5)

hj

where Xp are the pilot sequences such that Xp = (x1 |x2 |...|xN ) and xi = (xi1 , xi2 , ..., xiK ),
i = 1, ..., N are the predictors. yj is the vector of K received pilots at the jth antenna of
the BS.
Even though lasso is more powerful for estimating sparse channels compared to LS, it has
some limitations. For K > N , if correlations are high between predictors, the prediction
performance of lasso starts to degrade. Another regularization method, called elastic net,
has been proposed to overcome the limitations of lasso. Elastic net regularization solves LS
problem by constraining the coefficients by both their L1 and L2 norms:

min

β∈Rp

n
X
i=1

yi −

p
X

!2
βj Xj

subject to

||β||2 ≤ λ2

and

||β||1 ≤ λ1

(6)

j=1

where λ1 and λ2 are fixed non-negative upper bounds on L1 and L2 norms, respectively.
Channel estimation based on elastic net has been proposed in [12]. The jth column vector
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of the complex channel matrix H between N UTs and jth antenna of the BS is given as:


λ2
ĥj = 1 +
arg min ||yj − Xp hj ||22 + λ2 ||hj ||22 + λ1 ||hj ||1 .
(7)
n
hj
Least angle regression (LARS) algorithm, which is proposed for elastic net regression in
[13], is extended for lasso based channel estimation in this paper. At the beginning of this
algorithm, all coefficients are initialized to zero. Then, the pilot sequence xj1 , which is most
correlated with received symbols vector yj , is evaluated. Next, the largest possible step is
taken in the direction of xj1 until another pilot sequence xj2 has the same correlation with
the current residual. The algorithm continues along the least angle direction between xj1 ,
xj2 , and xj3 until another pilot sequence earns its way to the active set which is the most
correlated set, so on. LARS-EN algorithm is proposed for elastic net regression in [9]. The
elastic net problem is equivalent to the lasso problem for a given λ2 . This algorithm is
extended to elastic net based channel estimation in this work.
Calculating the right values of the tuning parameters are key to the performance of the lasso
and elastic net algorithms. One of the primary methods for estimating a tuning parameter λ
is K-fold cross-validation. In lasso, we need to to cross-validate on one-dimensional surface
since there is one tuning parameter. On the other hand, we need to cross-validate on twodimensional surface for elastic net. In this paper, we apply fivefold cross-validation. In elastic
net, a grid of values are first selected for the first tuning parameter. Then, for each value of
this tuning parameter, LARS-EN algorithm generates the solution path for the elastic net
and applies cross-validation to select the second tuning parameter. Finally, the first tuning
parameter is selected as the one with the smallest cross-validation error.
ASYMPTOTIC ANALYSIS FOR SPARSE CHANNEL ESTIMATION
In this section, we will use the following assumptions given in (8) and (9).
K
1 X
xk xk T = C,
lim
K→∞ K
k=1

(8)

and
1
max xk T xk = 0.
(9)
K→∞ K 1≤k≤K
Here, C is a nonnegative definite matrix, K is the length of pilot sequence in symbols, and xk
is the kth row vector of Xp transmitted pilot symbols matrix. Then, LS channel estimator
is consistent and that [14]:



√ 
1
2 −1
K ĥj − hj → CN (0, σ C ) ≈ CN 0,
(10)
SN R
lim
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For asymptotic analysis of lasso, let us define a tuning parameter λK = o(K) when pilot
sequences with length of K symbols are used. By using Theorem 2 in [14], if √λKK → λ0 ≥ 0
and C is nonsingular, lasso channel estimator satisfies the following:

√ 
d
K ĥj − hj →
− arg min(D(t)),
(11)
t∈CN ×1

where
T

T

D(t) = −2t G + t Ct + λ0

N
X

[tn sgn(hjn )I(hjn 6= 0) + |tn |I(hjn = 0)] .

(12)

n=1

Here, arg min denotes the value of the argument t that minimizes the objective function
d
D(·), →
− represents convergence in distribution, tn is the nth element of the vector t, N is
the number of UTs, hjn is the channel coefficient between jth antenna of the BS and nth UT
in the massive MIMO system, and G ∈ CN ×N has a CN (0, σ 2 C) distribution. Note that
when λ0 = 0 and K → ∞, arg mint∈CN ×1 (D(t)) = C −1 G ∼ CN (0, σ 2 C −1 ) ≈ CN (0, SN1 R ).
K
Let us define tuning parameters of elastic net as λK
1 and λ2 when pilot sequences with length
K
of K symbols are used. It is considered that λK
1 = o(K) and λ2 = o(K) for asymptotic
K
λK
λ
analysis of elastic net. We also assume that √1K → λ01 ≥ 0, √2K → λ02 ≥ 0, and C is
nonsingular. From Theorem 2 in [14], elastic net channel estimator is consistent such that:

√ 
d
− arg min(V (u)),
(13)
K ĥj − hj →
u∈CN ×1

where
T

V (u) = −2u W +u

T

Cu+λ01

N
X

[un sgn(hjn )I(hjn 6= 0) + |un |I(hjn =

n=1

0)]+λ02

N
X

un sgn(hjn )|hjn |.

n=1

(14)
Here, arg min denotes the value of the argument u that minimizes the objective function V (·),
d
→
− represents convergence in distribution, un is the nth element of the vector u, W ∈ CN ×N
has a CN (0, σ 2 C) distribution and hjn denotes the channel
coefficient
between jth antenna

√ 
d
of the BS and nth UT in the system. Note that K ĥj − hj →
− C −1 (2W − λ02 hj ) ∼
CN (−λ02 C −1 hj , σ 2 C −1 ) ≈ CN (−λ02 C −1 hj , SN1 R ) for elastic net in the large regime of K.
√
Asymptotic results indicate that we need λK = O( K) while K → ∞ for a consistent lasso
channel estimator.
In order to
√
√ achieve a consistent elastic net channel estimator, we require
K
λK
=
O(
K)
and
λ
K) according to asymptotic analysis. Moreover, variance of
=
O(
1
2
lasso and elastic net channel estimator increases while SNR decreases in the large regime
of K. These results also illustrate that the amount of shrinkage with lasso and elastic net
towards 0 increases with the magnitude of channel coefficient vector hj . Therefore, the bias
of lasso and elastic net channel estimators can be significantly large for channels with low
level of sparsity.
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SIMULATION RESULTS
In this section, a multi-cellular massive MIMO system is simulated in MATLAB. In this
system, each BS has 100 antennas and different number of single-antenna UTs in its coverage.
The total number of UTs in the system equals to 90. The channel is modeled as COST 2100
with Rayleigh fading. We consider a carrier frequency of 2.4 GHz for this massive MIMO
system.
First, we observe the performance of LS, lasso, and elastic net while the sparsity of channel
changes over time. Figure 1 and 2 show RMSE between real and estimated complex channel
matrices of LS, lasso and elastic net methods for different values of λ1 when number of pilots
are 20 and 12, respectively. In both figures, SNR is 10 dB. It can be seen that, performance
of all the methods get worse as the sparsity of the channel increases. When number of
pilots is significantly small, lasso, and elastic net outperform pilot-based channel estimation
methods such as LS. On the other hand, LS achieves smaller channel estimation error than
the sparse channel estimation methods while number of pilots increases.
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Figure 1: RMSE between real and estimated complex channel matrices of LS, lasso, and elastic net
methods for different values of λ1 . Number of pilots and data symbols are 20 and 140, respectively.

We also compare the performance change with sparsity for the different number of pilots.
For these results, tuning parameters for elastic net and lasso were chosen for the different
number of pilots. For lasso, fivefold cross validation is applied for λ1 = [0, 0.01, 0.1, 1, 10, 100]
when number of pilots increase from 12 to 30. In elastic net, a grid values for λ1 is selected
as λ1 = [0, 0.01, 0.1, 1, 10, 100]. Then, for each value of λ1 , fivefold cross-validation is applied
to select the λ2 . λ1 , which gives the smallest cross-validation error, is chosen. Based on the
simulations, λ1 = λ2 = 0.1 are selected. Figure 3 show RMSE between real and estimated
complex channel matrices of LS, lasso and elastic net for channels with different levels of
sparsity while number of pilots increases from 12 to 30. Here, SNR is 20 dB and total number
of symbols equals to 160. It can be seen that elastic net outperforms lasso and LS when
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Figure 2: RMSE between real and estimated complex channel matrices of LS, lasso, and elastic net
methods for different values of λ1 . Number of pilots and data symbols are 12 and 148, respectively.

number of pilots is less than 20 for channels with different levels of sparsity. Lasso achieves
slightly worse RMSE than elastic net but outperforms LS when number of pilots is small.
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Figure 3: RMSE between real and estimated complex channel matrices of LS, lasso and elastic net
methods for different number of pilots and sparsity of channels.

Finally, we observe how RMSE changes with increasing values of SNR when channels with
different levels of sparsity are used. Figure 4 shows RMSE of LS, lasso, and elastic net
based channel estimation methods while SNR increases from -20 to 20 dB. Here, results are
obtained when number of pilot and data symbols are 12 and 148, respectively.
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Figure 4: RMSE between real and estimated complex channel matrices of LS, lasso and elastic net
methods for different values of SNR and sparsity of channels.

CONCLUSIONS
Massive MIMO is expected to be one of the key technologies in the next generation wireless
communications systems. Pilot-based channel estimation methods bring significant overhead
and cause pilot contamination due to the upper bound on the number of orthogonal pilots
to be used for the users in different cells. In this paper, sparsity of massive MIMO channel
is exploited by using regularization methods: lasso and elastic net to estimate the channel
with less number of pilots compared to pilot-based channel estimation methods. Asymptotic
analysis for LS, lasso, and elastic net channel estimators is also presented. With asymptotic
analysis, we show that variance of lasso and elastic net channel estimator increases with
decreasing values of SNR in the large regime of K. Furthermore, the bias of lasso and
elastic net channel estimators can be unacceptably large when channel has a low sparsity.
Performance of these methods are compared with a popular pilot-based channel estimation
method: LS by using MATLAB simulations. By using cross-validation, optimum tuning
parameters are obtained for lasso and elastic net. For channels with different levels of
sparsity, performance of LS, lasso, and elastic net are compared while number of pilots and
values of SNR change. It is seen that elastic net outperforms both lasso and LS when sparsity
of channel is high. However, lasso and elastic net start to achieve similar performance while
sparsity of channel decreases.
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OBTAINING SUPERIOR PERFORMANCE FROM DUALCHANNEL RECEIVERS USING BEST-CHANNEL SELECTION
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ABSTRACT
A Pre-Detection Maximal-Ratio Combiner (Pre-D MRC) provides optimal performance in the
face of additive noise but sub-optimal and even potentially degraded performance in the face of
other common channel impairments such as multipath. Using Data Quality Metric (DQM)
information from the Pre-D MRC and its two input channels, a Best-Channel Selector (BCS) can
correlate the three demodulated data streams and select the best available data on a bit-by-bit
basis. Thus, the BCS can produce a single receiver output with optimal performance in additive
noise and superior performance across all types of channel impairment – fulfilling the promise
the Pre-D MRC cannot always keep. Further, since the BCS need only accommodate small and
predictable latency differences between its inputs, its local performance may exceed that of an
external source selector designed to handle seconds of delay between channels. This paper
describes the BCS and presents performance results from several test scenarios.
INTRODUCTION
Many telemetry applications employ dual-channel receivers to provide signal diversity. Common
forms of diversity include polarization diversity, using the right-hand and left-hand circularly
polarized feeds from a single antenna; frequency diversity, using two independent channels to
receive the same data; and spatial diversity, using two spatially separated antennas to receive the
same data. In any case, it is generally possible to combine the received signals from Channel 1
and from Channel 2 to create a single combined signal that can be demodulated with fewer bit
errors than either Channel 1 or Channel 2. This is the role of the Pre-D MRC.
Because the Pre-D MRC can produce an improved signal, it is common to assume the Combiner
data output will always be better than the Channel 1 or Channel 2 data output. However, typical
telemetry channels suffer from signal impairments that may break this assumption. Relying
solely on the Combiner data output can therefore lead to avoidable communication errors.
Several strategies may be considered to alleviate this problem. These strategies fall into two
main categories: either change the combiner from traditional Pre-D MRC to a structure better
able to avoid some forms of degradation, or add a Post-D source selector to select Channel 1 or
Channel 2 output if the Combiner output is degraded. The first strategy sacrifices optimal
performance of the Pre-D MRC, and the second strategy requires connection to and processing

of the Channel 1 and Channel 2 data outputs. This latter approach, while preferable, sacrifices
the simplicity of connecting to a single data output – unless the source selector can be integrated
with the receiver. This is the role of the BCS.
MAXIMAL-RATIO COMBINING
It has long been known [1] that a Pre-D MRC provides optimal combining performance in the
face of additive white Gaussian noise (AWGN). If the only impairment suffered by a telemetry
channel were noise, the Pre-D MRC would always give the best possible answer. Unfortunately,
this is simply not the case. A typical telemetry channel may be subject to multipath, interference,
and other forms of signal corruption that can challenge or fool even a sophisticated Pre-D MRC.
To understand how these impairments degrade Pre-D MRC performance, first consider the basic
structure of the Pre-D MRC:
CH1 Weight

CH1 Input

SNR
Estimator

Time
Aligner

Phase
Aligner

MRC Output

CH2 Input

CH2 Weight

Figure 1 Combiner Operation.

To operate optimally, the Pre-D MRC must obtain an accurate estimate of the received signal-tonoise ratio (SNR) for both channels, align the two channels in time and in phase, and then sum
the two channels with weights based on their relative SNRs. An error in any stage of this process
will lead to suboptimal performance.
In the case of multipath, all three stages of the process are subject to failure. In particular, SNR
estimation will probably not reflect an accurate measure of signal impairment, especially if the
estimate is based solely on signal strength. Time alignment may also deteriorate as multiple
copies of a signal arrive with different delays. Worse yet, when Channel 1 and Channel 2
experience different multipath, the Pre-D MRC output will be composed of all rays from both
channels, which may be more difficult to equalize or demodulate than either channel by itself.
Likewise, interference can severely degrade SNR estimation. A strong interfering signal with a
high SNR may fool the Pre-D MRC into weighting the interferer well above the desired signal on
both channels, effectively throwing away all useful received information.
It is also possible for propagation effects to result in non-combinable received signals. For
example, space-time coded (STC) waveforms are transmitted as two separate orthogonal signals,
P0 and P1, that each contain the same data. With linearly polarized transmit antennas, P0 and P1
are normally received equally by right-hand and left-hand circularly polarized receive antenna
feeds, so Channel 1 and Channel 2 both normally receive a mix of P0 and P1. However, certain
multipath scenarios may cause the P0 and P1 signals to arrive at the receiver with circular
polarization. In this case, the right-hand feed receives only P0 and the left-hand feed receives

only P1, or vice versa. When this occurs, Pre-D MRC phase alignment of Channel 1 and
Channel 2 fails catastrophically, as the two orthogonal signals cannot possibly be aligned.
BEST-SOURCE SELECTION
When the Pre-D MRC fails to operate optimally, the result is evident as reduced data quality and
ultimately as bit errors. With the advent of data quality metric (DQM) and data quality
encapsulation (DQE) standards, it is possible for a best-source selector (BSS) to observe this
reduction in Combiner output quality and select Channel 1 or Channel 2 output data instead
[2,3,4].
Assuming the cost and space for a BSS is justified, this seems like a nearly ideal solution.
However, there are a few issues with this approach related to using all channels (Channel 1,
Channel 2, and Combiner) from the same receiver.
Most simply, for a BSS to select Channel 1 or Channel 2 data rather than Combiner data, the
BSS requires access to the Channel 1 and Channel 2 data streams in addition to the Combiner
data stream. Connecting these streams consumes physical wiring resources and/or network
bandwidth, either of which may be in short supply, or at best, inconvenient to provision and
maintain.
More subtly, the optimal BSS [5] implements the log-likelihood ratio (LLR) decision criterion
1−𝑝𝑛

∑𝑛∈𝒩0 log (

𝑝𝑛

1−𝑝𝑛

) ≷ ∑𝑛∈𝒩1 log (

𝑝𝑛

),

(1)

where 𝒩0 is the set of source indexes for which a given demodulated bit is a 0, 𝒩1 is the set of
source indexes for which a given demodulated bit is a 1, and 𝑝𝑛 is the bit error probability (BEP)
for source 𝑛. This criterion is predicated on the assumption that source errors are statistically
independent, which is clearly invalid when the sources are Channel 1, Channel 2, and the
Combiner from the same dual-channel receiver. Worse, the degree to which the Combiner BEP
is dependent on Channel 1 or Channel 2 BEP is unknown. Therefore, under some circumstances
the optimal BSS may yield suboptimal performance.
Finally, correlating source selectors are typically designed to handle potentially large delays
between input sources, as much as several seconds. However, the differential arrival delays from
a single dual-channel receiver are guaranteed to be small (at least, local to the receiver).
Assuming finite processing power, a smaller correlation window should lead to faster and/or
stronger correlation.
BEST-CHANNEL SELECTION
The potential issues with using a BSS to cover for the Pre-D MRC are alleviated by placing
source selection within the receiver and leveraging intrinsic knowledge of channel attributes, in
particular, relative channel delays and potential BEP correlation. A high-level block diagram
shows how the BCS augments traditional combiner functionality:
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Figure 2 Dual-Channel Receiver Block Diagram.

The Pre-D Combiner maintains the form of an MRC, so it performs optimally when AWGN is
the primary signal impairment.
The BCS looks like a mini correlating BSS:
CH1 Data/
DQM Input

Data Buffer

Combiner
Data/DQM
Input

Data Buffer

CH2 Data/
DQM Input

Data Buffer

Correlator
(Time
Aligner)

Selector

BCS Data/
DQM Output

Figure 3 Best-Channel Selector Block Diagram.

The BCS correlates the Channel 1, Channel 2, and Combiner bit streams so that selection can
switch at any time without introducing a slip in the BCS data stream. This process is enhanced
by knowledge of the maximum possible delay difference between channels, which is very small
and also predictable. Thus, the BCS exhibits exceptional dynamic performance, as dropped
channels can be correlated quickly and accurately the moment they recover.
Once the channels are correlated, the BCS uses each source’s DQM to select the best data on a
bit-by-bit basis. This is where the BCS has the biggest advantage over the Pre-D MRC. DQM is
computed based on full knowledge of the waveform’s phase structure and the resulting
likelihood that the received signal matches some valid (but unknown) bit sequence, so the BCS
decision criterion is extremely robust.

In the present BCS implementation, the selection process can take one of two forms. The default
selection criterion simply selects the channel with highest DQM. The alternate selection criterion
is the LLR criterion from equation (1). Based on extensive testing, the max-DQM criterion
generally performs comparably to the LLR criterion within a dual-channel receiver. More
importantly, while the LLR criterion may unpredictably select a result worse than the best
channel, the max-DQM criterion by definition cannot. Therefore, the LLR criterion is provided
for test purposes only.
As a final step, the BCS generates an accurate DQM for the composite data stream, which can
then be encapsulated for use by an external BSS. So, only one receiver output is needed to
provide the best possible receiver data. In this way, the BCS and BSS can be best utilized for
their respective strengths: highly dynamic selection to obtain superior performance from each
dual-channel receiver (BCS), and highly elastic selection to allow distributed receivers to fully
cover a range (BSS).
TEST RESULTS
Several test scenarios have been used to verify the efficacy of the BCS. A few of these are
described here.
AWGN Test This test is straightforward: it applies signals with a known level of added noise
and measures accumulated bit errors. Channel 1 and Channel 2 operate normally, but the
Combiner is manually configured to ignore its Channel 2 input, so Combiner errors are highly
correlated with Channel 1 errors.
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Figure 4 AWGN test accumulated bit errors – Combiner degraded due to unused CH2 input.

Figure 4 shows the results of this test with SOQPSK at 5 Mb/s and Eb/N0 = 12 dB. Clearly, the
BCS output is at least as good as the best channel. In fact, it is so much better than the best
channel, the result is not immediately intuitive. However, this feat is readily explained.

4096 bits
(DQE frame)

Low DQM

Low DQM

Bit errors

Bit errors

Figure 5 AWGN test real-Time DQM and bit errors.

Figure 5 shows a typical real-time capture of DQM and actual errors detected by a bit error rate
tester (BERT) under the same test conditions as Figure 4. The DQM value is represented by the
yellow trace, ranging from 0.0 V (BEP = 50%) to 2.5 V (BEP < 10-12). Bit errors are represented
by the purple trace, ranging from 0.0 V (no error) to 2.5 V (error). In this particular instance, two
pairs of bit errors occurred, one pair at time t = 0.0 s, and another pair at time t = 11.5 ms.
Note that the DQM was lowest immediately following the bit errors; that is, the DQM was
lowest corresponding to the DQE frames in which these bit errors would appear. Since DQM
values are logarithmically related to BEP, these lower values dramatically delineate frames in
which bit errors are likely. And because this delineation occurs in real time, the BCS can
confidently select alternate sources on a frame-by-frame basis. Thus, “best” is virtually
instantaneous best, not just average best. When errors are sparse, as in this example, the benefit
is substantial.
Returning to Figure 4, note that both BCS selection criteria, max-DQM and LLR, were tested.
As expected, the max-DQM criterion significantly outperforms the LLR criterion due to the high
degree of correlation between Channel 1 and Combiner bit errors.

STC Test This test synthesizes STC waveforms to mimic the real-world propagation
phenomenon mentioned previously. In reality, the P0 and P1 signals may acquire circular
polarization, which leads to the circularly polarized feeds at the receive end delivering mostly P0
to one channel and mostly P1 to the other channel. In this test, P0 and P1 power is varied to
achieve a similar result:
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Figure 6 STC test time-varying input power.

During the oscillation, Channel 1 sees the ratio of P1/P0 power vary from roughly 4:1 to 1:250;
Channel 2 sees the same ratios of P0/P1 power. The test is run near sensitivity, so Channel 1 and
Channel 2 incur bit errors at the bottom of each oscillation. Due to combiner gain, the Combiner
incurs few bit errors due to the power drop; however, at the same time, the Combiner cannot
phase align its two inputs (P0 only from Channel 1 and P1 only from Channel 2) since they are
orthogonal, so it has its own burst of bit errors. Thus, this scenario demonstrates the effect of
uncorrelated Combiner errors.
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Figure 7 STC test accumulated bit errors – Combiner degraded due to periodic P0-only + P1-only orthogonal inputs.

Figure 7 shows the results of this test with STC at 5 Mb/s and net input power at -91 dBm.
Again, the BCS output is better than Channel 1 and Channel 2, and far better than the Combiner,
which is failing to do the impossible: combine two orthogonal signals. Once more, both BCS
selection criteria were tested. In this case, the LLR criterion outperforms the max-DQM criterion

due to the negligible correlation between Combiner bit errors and Channel 1 and Channel 2 bit
errors.
Multipath Test This test generates independent time-varying multipath on the Channel 1 and
Channel 2 inputs. Due to severity of the multipath, the test is run with adaptive equalization
enabled. This scenario clearly shows potential for Pre-D MRC performance degradation due to a
common channel impairment.
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Figure 8 Multipath test accumulated bit errors.

Flight Test This test applies recorded signals from a 43-minute flight test at the Yuma Proving
Ground. The recording includes two complete RF outages. So, this scenario demonstrates
synchronization recovery as well as performance during challenging real-world link conditions.
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Figure 9 Flight test accumulated bit errors.

Figure 9 shows that the BCS again outperforms all channels, despite excellent performance from
the Combiner.
Figure 9 also shows performance results for an independent BSS configured to use the same
inputs as the BCS, that is, data and DQM from Channel 1, Channel 2, and the Combiner. It is
worth noting that the BCS fared well in comparison with the BSS, while also noting that a
single-receiver application is not typical for, and does not showcase the strengths of, a BSS.
Break Frequency Test This test implements the equivalent of the IRIG 118 break frequency
test [6]. In this test, the Channel 1 and Channel 2 inputs experience periodic fades 180 degrees
out of phase. As one or the other channel fades, the Combiner weights its output toward the
opposing channel, avoiding the fade and maintaining a low bit error rate. The fade rate is
increased to find the limit at which the Combiner can no longer keep up with estimating and
implementing optimal weighting, at which point its bit error rate exceeds a predefined threshold.
This fade rate is called the combiner break frequency.
The primary channel impairment in this test is AWGN. Therefore, the Pre-D MRC is optimal,
and the BCS would ideally select only the Combiner output data. However, at the bottom of a
fade, the opposing channel is essentially the only signal present in the Pre-D MRC output.
Therefore, the DQM for the opposing channel and for the Combiner are essentially equal, and
small variations in the DQM estimate may lead the BCS to occasionally select Channel 1 or
Channel 2 rather than the Combiner. This should have no more impact than possibly degrading
bit error rate by a tiny amount.
Consider, however, the case in which the fade is sufficiently deep to cause sync loss in the faded
channel. If the BCS fails to properly correlate channels, and rapidly enough, then when the faded

channel recovers, any selection other than the Combiner will lead to significant degradation. So,
this test demonstrates the dynamic correlation performance of the BCS.
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Figure 10 Break frequency test results.

Figure 10 shows results of the break frequency test for PCMFM at 5 Mb/s with a 20 dB fade
depth – more than deep enough to induce sync loss. The BCS performs nearly ideally, showing
no degradation due to correlation failure.
As an aside, note that Figure 10 also shows break frequency test results for two alternate
combiner implementations. Given availability of an accurate DQM, it may be tempting to try
replacing the Pre-D MRC with a combiner using DQM-based weighting. Clearly, the weighting
could be tuned to emulate maximal ratio operation (DQM, MR in the figure), or it could be best
source, based simply on the higher DQM (DQM, BS in the figure). This approach seems like a
relatively easy way to achieve the objective of the BCS.
Unfortunately, ease of implementation comes at a price. As shown above, dynamic performance
suffers dramatically with either of these implementations. This is because the DQM is calculated
over a frame of received bits. By the time the Combiner receives the fed-back DQM, it is
processing bits in a subsequent frame. Under static channel conditions, no harm is done. But
under dynamic channel conditions, the guidance provided by the delayed DQM may be slightly
misleading or even categorically incorrect.
A corollary to the preceding statement is that the BCS operates as well as it does in part because
its selection criterion is applied directly to the bits the criterion is derived from. This may sound
like an obvious statement of desired operation, but its importance cannot be overstated.
CONCLUSIONS
The well-known Pre-D MRC provides optimal performance under some channel conditions but
not others. This paper has presented a means to mitigate those cases where Combiner

performance falls short: a BCS that can dynamically select the best data from Channel 1,
Channel 2, or the Combiner in a dual-channel receiver. The BCS uses DQM information to form
its decision criterion, and it generates an output that contains accurate DQM information for the
composite selected data stream. Thus, the BCS provides a single output from a dual-channel
receiver that reliably supplies data superior to Combiner-only output.
The BCS does not replace a BSS for range-wide source selection from multiple distributed
receivers. It has been demonstrated, however, to provide excellent performance, particularly
under dynamic channel conditions. Because it is not constrained to correlate channels with very
large delay skew, and it is aware that its input channels are likely correlated, the BCS is ideally
suited for source selection at the receiver level.
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ABSTRACT
A simple pulse overlay circuit using a logic OR gate was developed to overlay a precise leading
edge 1 pulse per second time reference marker from a global positioning system receiver onto a
non-return -to- zero-level pulse code modulation telemetry data stream to validate time stamp
accuracy and measure propagation delay in telemetry equipment.
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NOMENCLATURE
DA
DAU
GPS
OS
OC03
OTDR
PCM
PD
PO
PRN11
RTC
VDA
VDC
VPW
VR1

distribution amplifier
distribution amplifiers unit
global positioning system
one-shot
optical carrier level three
optical time domain reflectometer
pulse code modulation
propagation delay
pulse overlay
pseudo random number 11
real time counter
video distribution amplifiers
voltage direct current
variable pulse width
variable resistor one
1

1PPS

one pulse per second

INTRODUCTION
A pulse overlay (PO) circuit was designed to produce a time reference marker within a pulse code
modulation (PCM) telemetry data stream that was recorded and analyzed to validate an IRIG
Standard 106-17 Chapter 10 recorder’s time stamp accuracy [1]. A manufacturer of a newly
purchased Chapter 10 recorder claimed the time stamp accuracy to be better than 10 microseconds
(µs) with only IRIG-B120 (IRIG-B) input and better than 1 µs with IRIG-B and one pulse per
second (1PPS) inputs. The PO circuit and a Chapter 10 recorder test setup were used to verify the
vendor’s data-time synchronization claims and to justify infrastructure upgrade costs to connect
additional cables to each purchased recorder. The circuit was also used to measure the propagation
delay (PD) of a long distance Telemetry multiplexer/demultiplexer telecommunication system
which the manufacturer did not provide a PD specification.

CIRCUIT DESIGN
The PO circuit is shown in Figure 1. The 1PPS signal of the global positioning system provides a
20 µs pulse with the leading edge being within 100 nanoseconds (ns) of a second mark. The 1PPS
signal is processed using the one-shot (OS) multivibrator 74LS123 [2, 3] chip (Texas Instruments,
Dallas, Texas) to adjust the 1PPS pulse width from 10 µs to 110 µs with a maximum delay of
32 ns. The adjusted signal is called 1PPS variable pulse width (VPW). This signal provides a
flexible method to create a unique signal or test data pattern that is easily observed on an
oscilloscope or within processed data. The 1PPS VPW signal is logically OR-ed within the
74LS32 [4] chip (Texas Instruments, Dallas, Texas) to overlay the 1PPS VPW signal into a PCM
telemetry data stream. The final modified PCM telemetry data output is used to measure and
analyze time synchronization of processed or transported telemetry data within an operational
environment.

Figure 1. Pulse Overlay Circuit.
2

CHAPTER 10 RECORDER TEST SETUP
The Chapter 10 recorder test setup is shown in Figure 2. The GPS receiver provides a standard
IRIG-B and 1PPS time signals that are connected to the distribution amplifiers unit (DAU) to
distribute conditioned signals to the tested Chapter 10 recorder and the PO circuit. The Chapter 10
recorder was tested with IRIG-B only and then tested with IRIG-B and 1PPS as time input signals.
The output of the PO circuit provides the modified PCM data with an overlaid 1PPS VPW precise
time reference marker. The video distribution amplifiers (VDA) and the DAU are used to optimize
signal levels with negligible ~14 ns propagation delay for each amplifier.
A serial telecommunication test set was used as the PCM telemetry data source. This test set
generated a PCM data and clock telemetry stream with a pseudo random number 11 (PRN11), also
known as 2047 pseudo random bit sequence to emulate a random telemetry data stream [5]. The
PCM clock signal is synchronized to PCM data bits for receiving equipment to correctly process
each PCM data bit.
The following is the tested recorder setup:
Chapter 10 PCM packet: 16-bit aligned packed mode
Bit rate = 2.5 Mb/s
PCM sync pattern: 0x805022
Data word length: 12 bits
Words/minor frame: 2047
Bits/minor frame; 24576 total = 24564 + 12 filler bits to align data to a 16-bit boundary
Minor frames/Chapter 10 PCM packet: 2

Figure 2. Chapter 10 Recorder Test Setup Used to Verify Time Stamp Accuracy.
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CHAPTER 10 RECORDER TIME STAMP OFFSET TEST METHODOLOGY
A Chapter 10 packet viewer was used to read the recorded Chapter 10 file PCM data in a hex
format and to read the time stamp for the 1st PCM data bit within the packet. The Chapter 10
recorder uses the IRIG-B and optional 1PPS time signals to correlate the Chapter 10 internal
10 MHz real time counter (RTC) with the on the second IRIG-B time data. The information is
recorded within a Chapter 10 time packet. The Chapter 10 recorder then synchronizes PCM data
to time by recording an updated RTC value for the 1st PCM data bit within each PCM packet. One
RTC increment represents 100 ns of time. This 1st PCM data bit time stamp is needed to calculate
the time stamp for the 1st bit of the overlaid 1PPS VPW data sequence.
The packet viewer was also used to find Chapter 10 packets containing and not containing the
overlaid 1PPS VPW data sequence. A clean PRN11 sequence data pattern was collected and saved
to precisely identify the actual 1st 1PPS VPW data bit within a Chapter 10 packet. A Chapter 10
packet containing the overlaid 1PPS VPW data sequence will have the 1st PCM data bit time stamp
near a second mark. The displayed PCM data set within the packet viewer was then copied and
pasted into a text editor to verify the presence of the unique 1PPS VPW data sequence pattern of
“FFF,” (Table 1). The clean PRN11 data pattern sequence cannot have more than 11 consecutive
1s, so searching for “FFF” is enough to find the approximate beginning of the full unique 1PPS
VPW data pattern.
The main analysis for calculating the time stamp for the 1st 1PPS VPW data bit is to count the
number of bits between the 1st PCM data bit and the 1st 1PPS VPW data bit, and divide this count
by the PCM bit rate to produce a 1PPS delta time offset that is added to the Chapter 10 1st PCM
data bit time stamp (see the following formulas for more details).
Table 1. Relationship Between 1PPS Pulse Width and Possible Hex Patterns.
The unique 1PPS VPW signal produces a consecutive 1s data pattern. The relationship between a 1PPS VPW pulse
width and PCM bit rate will produce different lengths of consecutive 1s. The consecutive 1s pattern can be viewed
as hex and may have possible patterns starting 0x1, 0x3, 0x7, 0xF and ending with 0xE, 0xD, 0xC, or 0x8.
Data rate
1PPS pulse width
Number of consecutive 1s bits
Example hex patterns
1.0 Mbps
20 µs
20
FFFF F or 1FFF FE or 7FFF F8
2.5 Mbps
20 µs
50
FFFF FFFF FFFF C
4.0 Mbps
20 µs
80
3FFF FFFF FFFF FFFF FFFF C

Formulas to Calculate 1PPS Time Stamp:
The following are the variable names and descriptions used in the formulas:
1PPS_time
= Calculated time stamp for 1st bit of 1PPS VPW
mF_time
= Packet viewer’s reported time stamp for 1st PCM data bit
DB
= Packet viewer’s reported byte address nearest to the 1st 1PPS VPW data bit
IPH
= Intra-packet data header size = 80 bits
Db
= Additional bits offset to the 1st 1PPS VPW data bit
Filler
= Recorder added bits to end packet on a 16-bit boundary = 12 bits
br
= PCM data bit rate = 2.5 Mb/s
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The setup of the Chapter 10 recorder will record two minor frames of telemetry PCM data within
each Chapter 10 PCM packet, so there are 2 formulas to consider in calculating the time stamp of
the 1st 1PPS VPW data bit. The decision point for selecting the correct formula is based on the
byte offset for the 1st 1PPS VPW data bit. If the byte offset is greater than 0x0C0A, Formula#2
accommodates the subtraction of 12 filler bits from the first minor frame and subtracts another
80 IPH bits from the second minor frame. The 0x0C0A decision point is derived from (80 IPH bits
+ 24,576 bits per minor frame)/8 bits = 3082 bytes = 0x0C0A.
Formula#1 - 1st bit of 1PPS VPW byte address is “less” than 0x0C0A:
1PPS_time = mF_time + (DB * 8 bits – IPH + Db) / br
Formula#2 - 1st bit of 1PPS VPW byte address is “greater” than 0x0C0A:
1PPS_time = mF_time + (DB * 8 bits – IPH + Db - Filler - IPH) / br

Test#1 Example - Calculated Results with Only IRIG-B Time Input:
The analysis example below has its results defined within Table 2 as bold text. The Chapter 10
packet containing the 1PPS VPW data pattern has a time stamp of 077:20:55:03.998354 for the 1st
PCM data bit. The PCM packet data set was copied into a text editor to search for the unique “FFF”
data pattern and verify the location of the 1st 1PPS VPW data bit. The saved standard PRN11 data
set was then used to precisely identify the actual 1st 1PPS VPW data bit (see Table 2 for the total
of 12 calculated results from this test group).
The following shows the values for the variable names used in the formula:
mF_time = 077:20:55:03.998354 – Time stamp for 1st data bit within the PCM packet
br
= 2.5 Mb/s
DB
= 0x20A or 522 bytes– Formula#1 used because byte address < 0x0C0A
IPH
= 80 bits for 16 bit aligned packed mode
Db
= 0 bit – see packet data below where “FFFF” byte address is 0x20A
Formula#1 used to calculate the time stamp of the 1st 1PPS VPW:

1PPS_time = 077:20:55:03.998354 + (522 bytes*8 bits – 80 bits + 0) / 2.5Mbs
1PPS_time = ~077:20:55:03.9999924 = 077:20:55:03.998354 + 0.0016384
1st 1PPS VPW data bit time stamp is offset by ~7.6 µs (early) or 19 bits offset
The following shows the shortened Chapter 10 PCM packet data for review:
Packet data:
[- intra-packet header (IPH) -] ||--1st PCM data bit is 10002
00000000 E29F 9350 0004 0000 F000 8050 2215 480D
00000010 0723 75D4 50A2 456A 184F 2E72 F725 7615
Byte
*
Address
Normal PRN11 hex sequence:--- 0140 8855 2174
Offset
*
|| 0x20A – bytes offset
00000200 FC61 BCE9 E9C9 DDD5 5002 FFFF FFFF FFFF
00000210 DC8D D751 4289 15A8 613C B9CB DC95 D857
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Table 2. Analyzed Results of Recorded Chapter 10 Data with Only IRIG-B Connected.
Bytes offset
hex
1360
0A44
0134
12DF
11E8
0C6F
0353
1249
020A
092D
001C
0C60

Bits
offset
11
10
0
0
3
3
0
7
0
3
5
5

1st PCM bit time

1pps delta time, s

1st 1PPS bit time

077:20:51:29.984184
077:20:51:59.991612
077:20:52:29.999038
077:20:52:58.984602
077:20:53:25.985392
077:20:53:57.989874
077:20:54:27.997302
077:20:54:57.985078
077:20:55:03.998354
077:20:55:27.992505
077:20:55:57.999932
077:20:56:28.989921

0.0158076
0.0083816
0.0009536
0.0153904
0.0146012
0.0101180
0.0026912
0.0149132
0.0016384
0.0074860
0.0000596
0.0100708

077:20:51:29.9999916
077:20:51:59.9999936
077:20:52:29.9999916
077:20:52:58.9999924
077:20:53:25.9999932
077:20:53:57.999992
077:20:54:27.9999932
077:20:54:57.9999912
077:20:55:03.9999924
077:20:55:27.999991
077:20:55:57.9999916
077:20:56:28.9999918
Average time offset

Time off,
µs
8.40
6.40
8.40
7.60
6.80
8.00
6.80
8.80
7.60
9.00
8.40
8.20
7.87

Test#2 Example - Calculated Results with IRIG-B and 1PPS Time Inputs:
The analysis example below has its results defined within Table 3 as bold text. The Chapter 10
packet containing the 1PPS VPW data pattern has a time stamp of 077:20:43:55.983476 for the 1st
PCM data bit. The PCM packet data was copied into a text editor to search for the unique “FFF”
data pattern and verify the location of the 1st 1PPS VPW data bit. The saved standard PRN11 data
set was then used to better estimate the actual 1st 1PPS VPW data bit (see Table 3 for the total of
12 calculated results from this test group).
The following shows the values for the variable names used in the formula:
mF_time = 077:20:43:55.983476 – time stamp for 1st data bit within the PCM packet
br
= 2.5 Mb/s
DB
= 0x1441 or 5185 bytes – Formula#2 used because byte address > 0x0C0A
IPH
= 80 bits for 16 bit aligned packed mode
Db
= 0 bit– see packet data where “84FF” byte address is 0x1441
Formula#2 used to calculate the time stamp of first 1st 1PPS VPW:
1PPS_time = 077:20:43:55.983476 + (5185 bytes*8 bits – 80 bits + 0 - 12 bits - 80 bits)
/2.5Mb/s
1PPS_time = ~077:20:43:55.9999992= 077:20:43:55.983476 + 0.0165232
1st 1PPS VPW data bit time stamp is offset by ~800 ns (early) or 2 bit offset
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The following shows the shortened Chapter 10 PCM packet data for review:
Packet data:
[-intra-packet header (IPH) -]
||-- 1st PCM data bit is 10002
00000000 EA31 0525 0003 0000 F000 8050 2215 480D
00000010 0723 75D4 50A2 456A 184F 2E72 F725 7615
Byte address *
Address
8472 B70D 671F 6C5B - normal hex sequence
Offset
*
|| 0x1441 – bytes offset with 1st 1PPS data bit is 11112
00001440
84FF FFFF FFFF FFDB A6A7 8733 7FD0 120B
00001450
44CA FC21 94F8 E36D DB56 C1B8 EB68 D977
Table 3. Analyzed Results from Recorder Test with IRIG-B and 1PPS Connected.
Bytes
offset hex
08F3
0549
1441
00FB
0B24
0D1D
0400
12F8
14E6
0BC9
02B8
0759

Bits
offset
6
3
0
0
5
4
7
4
1
4
5
4

1st PCM bit time

1PPS delta time, s

1st 1PPS bit time

077:20:42:57.992699
077:20:43:25.995701
077:20:43:55.983476
077:20:44:11.999228
077:20:44:25.990904
077:20:44:55.989324
077:20:45:25.996752
077:20:45:55.984528
077:20:46:25.982949
077:20:46:55.990375
077:20:47:25.997803
077:20:47:54.994011

0.0073016
0.0042988
0.0165232
0.0007712
0.0090964
0.0106752
0.0032476
0.015472
0.0170512
0.009624
0.0021972
0.0059888

077:20:42:58.0000006
077:20:43:25.9999998
077:20:43:55.9999992
077:20:44:11.9999992
077:20:44:26.0000004
077:20:44:55.9999992
077:20:45:26. 9999996
077:20:45:56.0000000
077:20:46:26.0000002
077:20:46:55.999999
077:20:47:26.0000002
077:20:47:54.9999998

Time off,
µs
-0.60
0.20
0.80
0.80
-0.40
0.80
0.40
-0.00
-0.20
1.00
-0.20
0.20

Average time offset

0.23

Summary of Chapter 10 Recorder Test Results:
Test results from Chapter 10 recorder test#1 with IRIG-B only has an average offset time of
~7.87 µs (early) and the test results of Chapter 10 recorder test#2 with IRIG-B and 1PPS has an
average offset time of ~0.23 µs (late). The two tests successfully verified the vendor’s claim and
justified the implementation to add the 1PPS signal to the range Chapter 10 recorders.

PROPAGATION DELAY SETUP AND MEASUREMENTS
The PO circuit was also used to measure the PD of an entire optical carrier level 3 (OC-3)
multiplexer/demultiplexer system within its normal operational environment (see Figure 3 for test
setup). This measurement was needed since the manufacturer did not provide a written PD
specification. Using an optical time domain reflectometer (OTDR) would only measure the fiber
link.
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The test setup with PO circuit provided a simple PD measurement of the entire OC-3 system that
included video distribution amplifiers, patch panels, and cables. The 1PPS signal of the GPS
receiver provided a solid trigger on the oscilloscope. The oscilloscope cursors were used to
measure PD between the sent/return 1PPS VPW signals. The measured PD round-trip was
12.22 milliseconds, which translates to a one-way PD of 6.11 milliseconds. These test results
matched with the vendor’s verbal specification of 3 milliseconds PD per OC-3 unit.

Figure 3. Propagation Delay Measurements Block Diagram.

CONCLUSION
Using the one pulse per second time reference marker of the global positioning system receiver
and the pulse overlay circuit to overlay the one pulse per second variable pulse width signal into a
pulse code modulation telemetry stream provided an excellent means to validate time stamp
accuracy within a Chapter 10 recorder and to measure propagation delays within a normal
telemetry operating environment. The positive results from the Chapter 10 recorder tests validated
the vendor’s claims and justified the implementation to add the one pulse per second signal to the
range Chapter 10 recorders. The pulse overlay circuit and test setups defined in this paper can
easily be used to measure other telemetry equipment.
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ABSTRACT
In this paper, we explore a carrier frequency offset (CFO) estimation scheme with sparsity-constraint
(SC) on the aeronautical telemetry channels. This SC CFO estimator is implemented in two steps.
In the first step, channel support is recovered by combining compressed sensing techniques with
the CFO estimate based on the non-sparsity constraint (NSC) on the channel. Next we use the
estimated channel support to derive the SC CFO estimator. Simulations are performed to compare
the performance of the SC CFO estimator against the existing NSC CFO estimators using shaped
offset QPSK version TG (SOQPSK-TG) modulated iNET-formatted data over an aeronautical test
channel.

INTRODUCTION
Delays observed on test ranges for low-elevation angle flight paths [1] show that multipath interference is dominant when the elevation angle is lower. Moreover, complexity of air-borne test
articles has grown significantly over the last several decades which demands higher data rates (1020 Mbits/s) in modern aeronautical telemetry systems. Consequently, bandwidth of the modulated
carrier has grown up to such an extent that essentially all the multipath fading are frequency selective. Due to this frequency selective nature multipath interference is the dominant cause of link
outage in aeronautical telemetry. Minimum mean squared error (MMSE) type equalizer is a viable
solution to mitigate the frequency selectivity of the aeronautical channel. As MMSE equalizer
filter coefficients are a function of the equivalent discrete-time channel and noise variance, a reliable estimate of channel and noise variance are required. Moreover, to generate reliable estimate of
channel and noise variance, the carrier frequency offset (CFO) must be estimated and received data
samples should be de-rotated using that estimate. CFO is present in any wireless communications
systems due to oscillator uncertainty and relative motion between the transmitter and receiver. A
1

good estimate of CFO is also required for coherent detection as well.
Data-aided frequency offset estimation is usually enabled by the periodic insertion of pilot bits
[2]. The complexity of CFO estimation for frequency selective channels has been analyzed in
[2], where it is shown that this computational burden can be reduced if the pilot symbols are
repetitive. This fact leads some of the wireless communication standards to include repetitive pilot
sequence (e.g., [3]). It is worthwhile to mention that the aeronautical channels are made of very
few sparsely distributed multipaths [4]. As a result, multipath channels in aeronautical telemetry
environment are sparse in their equivalent baseband representation. This fact leads [5] to examine
the application of compressed sensing techniques for the estimation of a discrete-time equivalent
aeronautical multipath channel. However, as discussed above, implementation of aeronautical
telemetry system requires the knowledge of CFO. Therefore, one must explore how the channel
sparsity can be exploited towards the estimation of CFO for an aeronautical telemetry system.
In the AWGN environment, most data-aided CFO estimators correlate the received signal samples
with the known data to create a signal that well-approximates the sinusoid-in-noise problem. The
maximum likelihood estimator for the sinusoid-in-noise problem was first formulated by Rife and
Boorstyn [6] and involves the maximization of the periodogram. The complexity of the maximumlikelihood approach can be reduced by operating on the phase differences associated with the
correlation functions. Examples include the Kay [7], Fitz [8], Luise & Reggiannini (L&R) [9], and
Mengali & Morelli (M&M) [10].
Hebley and Taylor [11] examined the performance of CFO estimation over frequency selective
channels, but did not derive an explicit channel estimator (they assumed the channel was a random
process with known statistics and averaged over all possible realizations). Morelli and Mengali [2]
derived a data-aided CFO estimator in the presence of frequency-selective fading and showed that
when the pilot symbols are repetitive the complexity of maximum-likelihood (ML) CFO estimator
could be greatly reduced depending on the number of repetitions of the pilot symbols at the cost of
shortened estimation range.
To implement our CFO estimator, first we estimate the sparse channel combining compressed
sensing techniques with the non-sparsity-constrained (NSC) based CFO estimate. The estimated
channel support is then used to obtain the desired sparsity-constrained (SC) CFO estimate. An
extensive numerical study is performed to compare the performance of the SC CFO estimator
against the existing CFO estimators.
In the mathematical development, lower case bold letters (e.g., v) are used to denote column
vectors and upper case bold letters (e.g., M) are used to denote matrices. M† is the conjugate
transposes (Hermitian operators) of M. Term M−1 is the inverse of the square matrix M. The
`p -norm of vector v is denoted as kvkp . Script letters, such as T , are used to denote a set (usually
comprising integer-valued indexes). The cardinality of T is |T |.
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SYSTEM MODEL
The preamble sequence (PRE) in iNET is CD98hex repeated eight times [3, p. 48]. The preamble
field is followed by the attached sync marker (ASM) field defined as 034776C7272895B0hex . The
DATA field is 6144 randomized data bits which correspond to a single LDPC codeword in the
coded system. The iNET bit sequence is modulated by one of the IRIG 106 modulation schemes
(SOQPSK-TG or PCM/FM) which propagates through a frequency selective channel and experiences a CFO as well as the addition of white Gaussian noise.
The received signal is filtered, down-converted to I/Q baseband, and sampled (not necessarily in
that order) using standard techniques. The resulting sequence of received samples is
" N
#
2
X
r(n) =
h(k)s(n − k) ejω0 n + w(n),
(1)
k=−N1

where h(n) is the impulse response of the equivalent discrete-time channel with support on −N1 ≤
n ≤ N2 , ω0 rads/sample is the CFO, and w(n) is a complex-valued zero-mean Gaussian random
process with variance σw2 per dimension.
The preamble and ASM bits are known and thus the samples corresponding to those bits are used
to estimate the CFO and channel impulse response. Before these estimations can be performed,
the start of the samples corresponding to the preamble bits in the received signal must be detected.
This is accomplished by the preamble detector block, whose algorithm is based on the detection
algorithm described in [12]. Once the start of the preamble is known, the CFO is estimated to
begin with. The CFO is used with a complex-exponential to derorate the received data to remove
the frequency offset. The derorated data rd (n) are used to estimate the channel and noise variance.

FREQUENCY OFFSET ESTIMATORS
In this section, we explore several data aided CFO estimation schemes. The first one of these
estimators is based on NSC technique and uses both preamble and ASM bits of an iNET packet.
This method will be found to achieve Cramér-Rao bound at a very low signal-to-noise ratio at
the cost of higher computational complexity. The second NSC CFO estimator described here is
also based on ML criterion but it makes use of repetitive structure of preamble bits to reduce the
computational complexity. A few other NSC CFO estimators here are derived by modifying some
of the well known CFO estimators in AWGN channel for multipath channels. These suboptimum
estimators are heuristic in nature and offer further reduction of the computational complexity.
Finally, SC-ML based estimation of CFO is explored which relies on CS techniques and NSC
CFO estimate for channel support recovery.
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A.

NSC based estimation using both preamble and ASM bits

To derive the ML estimate of CFO, we rewrite (1) in matrix form as
r = Ω0 Xi h + w,

(2)

where r is the column vector of length L = Np + Nasm − N1 − N2 formed from the received
samples starting at n = i + N2 (where n = i is the sample of r(n) corresponding to the start of the
preamble sequence), Ω0 is the L × L diagonal matrix given by

(3)
Ω0 = diag ejω0 (i+N2 ) , ejω0 (i+N2 +1) , . . . , ejω0 (i+L+N2 −1) .
Matrix Xi is the L × Lh convolution matrix formed by the iNET preamble and ASM samples with
Lh = N1 + N2 + 1, h is the Lh × 1 vector representing the channel impulse response with a noncausal component comprising N1 samples and a causal component comprising N2 samples. The
last term w is an L × 1 complex-valued Gaussian random vector with zero mean and covariance
matrix
o
1 n
E ww† = σw2 IL ,
(4)
2
where L is the available data length. Given Ω0 Xi h, r is a Gaussian random vector with mean
Ω0 Xi h and covariance matrix σw2 IL . Therefore, the log-likelihood function for the parameters
θ = (h, ω0 , σw2 ) is
1
Λ(θ) = −L ln(σw2 ) − 2 |r − Ω0 Xi h|2 .
(5)
2σw
To estimate the CFO (i.e. ω0 ), we assume available data length is greater than the channel length
Lh . Now, we use (5) to get the ML CFO estimate as follows:

ω̂0 = argmin |r − Ω0 Xi h|2 .
(6)
ω0

Next we assume channel response h as function of ω0 and obtain its ML estimate via solving the
equation ∂h∂ † Λ(θ) = 0 which gives us

−1
ĥ = X†i Xi
X†i Ω†0 r.
(7)
Using (7) in (6), we get
(
ω̂0 = argmin
ω0


Letting I − Xi
takes the form



X†i Xi

−1

X†i







Ω0 I − Xi X†i Xi

−1



X†i Ω†0 r

2

)
.

(8)

= M and using identities Ω†0 Ω0 = I as well as M† M = M, (8)
n
o
†
†
ω̂0 = argmin r Ω0 MΩ0 r .

(9)

Since Ω0 is a diagonal matrix, (9) may be put as

ω̂0 = argmin ωR† MRω † ,

(10)

ω0

ω0



where vector ω = 1 ejω0 · · · ejω0 (L−1) and matrix R is a diagonal matrix formed from vector
r.
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B.

NSC based estimation exploiting repetitive structure of preamble bits

Complexity of the ML based CFO estimation can be further reduced by exploiting repetitive structure of iNET preamble bits. The iNet preamble comprises 8 repetitions of a 16 bit sequence.
Consequently, the resulting modulated carrier is also periodic over the time interval corresponding
to the occurrence of the preamble. Furthermore the sampled modulated signal is periodic over the
interval corresponding to the preamble sequence.
If the preamble sequence starts at index i, then s(i) = p(0), s(i + 1) = p(1) and so on up to
s(i + Lp − 1) = p(Lp − 1). Now let q(n) be the samples of the complex baseband modulated signal
corresponding to the 16-bit sequence that is repeated to form the preamble, and let the length of
q(n) be Lq . (At an equivalent sample rate of 2 samples/bit, Lp = 256 and Lq = 32.)
Using a simple change of index, we may re-write r(i), r(i + 1), . . . , r(i + Lp − 1) as r(i + `Lq + m)
for ` = 0, . . . , 7 and m = 0, . . . , Lq − 1. The contribution of h(n) to r(i + `Lq + m) depends only
on m, the position inside the q(.) block. Consequently, the only difference (other than the additive
noise) between the sample at position m in adjacent blocks is the phase rotation due to the CFO.
This is only true for middle six blocks (i.e., ` = 1, . . . , 6) because the convolution sum in the first
block (` = 0) includes samples from the data field immediately preceding the first block whereas
the last block (` = 7) includes samples from the ASM field immediately following the last block.
Eliminating the first and last blocks is sufficient as long as N1 < Lq and N2 < Lq . For the case
0
0
where the CFO estimation is based only on the middle ` blocks (here ` 6 6) of iNET preamble
samples, the relationship (2) becomes
r1 = Ω1 Pi h + w1 .
0

(11)
0

where r1 is a ` Lq ×1 vector of received samples
n corresponding to the middle ` blocks of preamble
o
0

bits and Ω1 is a diagonal matrix given by diag ejω0 (i+Lq ) , ejω0 (i+Lq +1) , . . . , ejω0 (i+(` +1)Lq −1) . To
fully exploit the repetitive structure of preamble we consider matrix Pi as a circulant convolution
0
matrix of size ` Lq × Lq and write

>
Pi = P, P, . . . P ,

(12)

where P is also a circulant convolution matrix of size Lq ×Lq . Due to the new dimension of preamble matrix Pi , length of the channel estimator will be changed to Lq . Following the development
of CFO estimator in Section B. our new estimator can be read from (10) as
n
o
†
†
ω̂0 = argmin ω1 R1 M1 R1 ω1 ,
(13)
ω0

h
i
0
where ω1 = 1 ejω0 · · · ejω0 (` Lq −1) , R1 is a diagonal matrix formed by elements of vector r1
0
0
and M1 is a ` Lq × ` Lq matrix given by


−1 
†
M1 = I`0 Lq − Pi Pi Pi
P†i .
(14)
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Note that, using (12) in (14) M1 can be expressed as [2]



M1 = I`0 Lq




ILq ILq . . . ILq

1
ILq ILq . . . ILq 
− 0  ..
..
..  .
`  .
.
. 
ILq ILq . . . ILq

(15)

Recall that R1 is a diagonal matrix comprising of received samples. Combining this fact with the
above matrix M1 , we find that the elements of matrix Ć = R†1 M1 R1 have the following structure
(
0
0
ćij , if i − j = mLq , −(` − 1) 6 m 6 ` − 1
[Ć]ij =
(16)
0,
otherwise.
It is obvious that the CFO estimator just described above offers a considerable reduction in computational complexity compared to the previous estimator, since the current estimator deals with
th
0
(2` − 2) order polynomial as opposed to (2L − 2)th order polynomial. However this reduction
in complexity comes at a price of reduction in estimation range of CFO by a factor of Lq . For notational simplicity, from now on we will denote this estimator as ML2 estimator and the previous
one as ML1 estimator of CFO.
C.

Modified NSC estimators

The complexity of the maximum-likelihood approach of CFO estimation can be further reduced
by operating on the phase differences associated with the correlation functions. Examples include
the Fitz [8], Luise & Reggiannini [9], and Mengali & Morelii [10]. These methods cannot be
applied directly to our problem because of the unknown multipath interference. The reason the
channel estimate cannot be used is because the channel estimate requires an estimate of the CFO.
Consequently we want to use a CFO estimator that does not depend (at least, strongly) on the
channel impulse response. The periodic structure of the iNET preamble allows us to use modified
versions of these algorithms. The modified algorithms are described in section 3 of [13]. Only the
final results of the modified CFO estimators are listed here due to space limitations.
C..1

The Modified Fitz Estimator

Using the available correlation functions the modified Fitz estimator can be found as
5
n
o
1 X
m arg R̂(mLq ) .
ω̂0 =
55Lq m=1

where R̂(m) =

PN

k=m

xk x∗k−m is the unnormalized correlation function.
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(17)

C..2

The Modified Luise & Reggiannini Estimator

The modified L&R estimator is
1
ω̂0 =
arg
3Lq
where R(m) =
C..3

1
N −m

PN

k=m

(

5
X

)
R(mLq ) .

(18)

m=1

xk x∗k−m is the correlation function.

The Modified Mengali & Morelli Estimator

The modified M&M estimator is
ω̂0

=

1
[5φ(Lq ) + 8φ(2Lq ) + 9φ(3Lq ) + 8φ(4Lq ) + 5φ(5Lq )]. (19)
35Lq

where φ(mLq ) = arg {R(mLq )} − arg {R((m − 1)Lq )} for m = 1, 2, 3, 4, 5.
D.

SC based estimation using both preamble and ASM bits

The SC estimate of CFO requires the knowledge about non-zero support set of the channel. Now
the support set T of the sparse channel is found from SC estimate of channel which is1 [14]
ĥSC-ML = argmin khk0

such that

h∈C38

2

†

Ω̂0 r − Xi h

<

(20)

2

for some small  > 0. As discussed in [5] and references therein the minimization (20) is a special
case of the subset selection problem [15]. The solution of which is NP-hard that requires an exhaustive search over all possible combinations of positions of the non-zero elements (i.e. support
set) in h. The complexity can be reduced if it is known a priori
 that the solution is S-sparse (i.e.,
N1 +N2 +1
khk0 = |T | = S) but it is still combinatorial. All
possibilities for the S positions of
S
non-zero elements in h must be evaluated. Suboptimal approaches such as `p -norm minimization
[16] and greedy algorithms [17] are studied in the CS literature. However, our problem is different
form the well-known CS problem. The measurement matrix in CS is short and fat (much fewer
rows than columns) whereas in our problem measurement matrix Xi is tall with full column rank.
Therefore, the `p -norm minimization approach requires additional heuristic optimization step as
the resulting solutions is not exactly sparse [18]. Alternatively, the greedy algorithms whose indices and values are determined iteratively provide more control on the set of nonzero elements.
In this paper, we will use the Generalized Orthogonal Matching Pursuit (GOMP) [17] of greedy
algorithms to derive the sparse channel as it provides better control for sparsity than the `p -norm
†

minimization algorithms. GOMP takes de-rotated data vector Ω̂0 r, measurement matrix Xi , and a
1

Note that, for channel support recovery the knowledge of CFO is required. We can use any of the NSC CFO
estimator described above for this purpose.
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certain stopping criterion as its inputs and computes a sparse solution ĥSC for the unknown vector
h as its output. Hence, we denote the GOMP operation by
†

ĥSC = GOMP(Ω̂0 r, Xi , stopping criterion).

(21)

The channel sounding experiments described in [1] found that S = 6 is the maximum weight
of essentially all of the equivalent discrete-time channels. Therefore, stopping criterion for the
recovery of channel support T will be |T | = 6.
Let XT be the L × |T | matrix formed from the |T | columns of Xi indexed by T . In the above
context, ML1 estimator given in (8) becomes
)
(


2

−1
,
(22)
ω̂0 = argmin Ω0 I − XT X†T XT
X†T Ω†0 r
ω0




−1
†
†
which is named as SC-ML1 CFO estimator. Letting I − XT XT XT
XT = M2 , we can
write from (10)

ω̂0 = argmin ωR† M2 Rω † .

(23)

ω0

We will denote this estimator as SC-ML1 estimator of CFO.

NUMERICAL RESULTS
Computer simulations were performed extensively to evaluate the performance of the estimators
described in the previous sections. Due to the popularity of Shaped offset QPSK version TG
(SOQPSK-TG) among the three continuous phase modulation (CPM) schemes suggested by IRIG
106 [19], SOQPSK-TG was used to carry out the simulations. The performance of the estimators
were evaluated using the following parameters:
1. Training sequences were generated according to iNET packet format where they consists of
128 bits of preamble sequence followed by 64 bits of attached sync marker (ASM) sequence.
The preamble sequence is CD98hex repeated eight times [3, p. 48] and ASM field is defined
as 034776C7272895B0hex .
2. The payload data rate was equivalent to 10 Mbits/s (the equivalent “over-the-air” bit rate was
10.3125 Mbits/s). The iNET-formatted SOQPSK-TG signal and channel were generated at
an equivalent sample rate of 2 samples/bit.
3. Because the channel estimator does not know the true length of the channel, the estimator
used values for N1 and N2 larger than any of the test channels. These values were N1 = 12
and N2 = 25 samples.
4. The simulations were performed over a representative channel shown in Fig. 1 which is
derived from channel sounding measurements conducted at Edwards AFB [1].
8
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Figure 1: The equivalent discrete-time aeronautical telemetry channel used in this paper. This
channel is derived from channel sounding measurements conducted at Edwards AFB [1].
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Figure 5: Estimator error variance as a function
of Eb /N0 for the test channel.

The mean-squared error (MSE) for the CFO was computed using

N −1
2
2 
1 X
ω0 − ω̂0 (i)
E
ω0 − ω̂0
≈
N i=0

(24)

where N is the number of iterations and ω̂0 (i) is the frequency offset estimate for the i-th iteration. Performances of the CFO estimators described in the Section were simulated using the test
channel. Each set of plots shows the simulated mean of the estimators for Eb /N0 = 10 dB, and
the estimator error variance. The mean is used to assess the operating range of each estimator. The
variance is used to asses how accurate the estimators are.
The key observations regarding the mean performance are the following:
• As expected, the ML1 estimator has the highest possible estimation range for any CFO
estimator operating on baud rate samples. Thus it gives unambiguous estimates for | ω2π0 | ≤ 21 .
• As analyzed earlier, estimation range of ML2 estimator is Lq times narrower than ML1. At
an equivalent sample rate of 2 samples/bit Lq = 32 and at this sample rate ML2 estimator is
1
. With an “overcapable of providing unbiased estimate of CFO within the range | ω2π0 | ≤ 64
the-air” bit rate of 10.3125 Mbits/s the estimation range is equivalent to 322.2656 kHz in
continuous domain. This range is well above the practical range of CFO encountered.
• The modified ML estimators have much more smaller estimation ranges. Among these estimators modified Fitz and modified M&M estimators have the narrowest estimation range
and the range is approximately | ω2π0 | ≤ .0025. Modified L&R estimator has higher estimation
range among the modified estimators and it is roughly | ω2π0 | ≤ .0043. With a sampling rate
of 20.625 Msamples/s modified Fitz and modified M&M have an estimation range of about
51.5625 kHz while modified L&R can estimate up to around 88.6875 kHz.
• Note that, the estimation range of the SC CFO estimation will be dictated by the CFO estimation used for channel support recovery. For this purpose we used ML1 estimator in this
10

paper.
For the estimator error variance, the following observations are made.
• SC-ML1 estimator has the lowest error variance and outperforms the Cramér-Rao bound of
ML1 estimator by 2 dB.
• ML1 estimator achieves its Cramér-Rao bound at lower SNR.
• Although ML2 estimator has a lower error variance than the modified estimators at lower
SNR, all of them have almost similar error variance at higher SNR.
• All of the estimators other than ML1 and SC-ML1 do not reach the Cramér-Rao bound
derived in [20]. But this is to be expected because the bound assumed the use of Np + Nasm −
N1 −N2 samples whereas the estimators other than ML1 and SC-ML1 used Np −2Lq = 6Lq .
The Cramér-Rao bound for estimating the frequency of a sinusoid in noise after observing
N samples is roughly proportional to 1/N 3 [6]. Assuming the estimators of Section are
operating at their Cramér-Rao bounds, the difference in signal-to-noise ratio between the
Cramér-Rao bound and the performance of these estimators is roughly




(Np + Nasm − N1 − N2 )3
347
≈ 7.7 dB.
∆SNR ∼ 10 log10
= 30 log10
(6Lq )3
192
This is the difference observed in Figure 5.

CONCLUSIONS
This paper investigates the performance of an ML based CFO estimator that exploits the sparsity
of the aeronautical telemetry channels. To implement this estimator, channel support is first recovered by combining compressed sensing techniques with the CFO estimate that assumes channel as
non-sparse. The estimated channel support is then used to derive the CFO estimator. In our numerical study, we consider iNET formatted data transmission over frequency-selective multipath
aeronautical telemetry test channels. Numerical results show that, depending on the sparsity of an
aeronautical test channel, the above estimator is capable of providing significant performance gain
(at least 2 dB) over the existing CFO estimators.
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ABSTRACT
This paper includes the design, modeling and analysis of the aeronautical channel which includes
the dynamics of flight simulation. For any given flight path scenario in the cruise state it is well
understood that the channel is fitted by a 2 ray model. The dynamics of this model can be
generated using the two-ray ground reflection model which is based on the position, velocity,
and direction of the aircraft. The dynamic aeronautical channel model includes Doppler shift and
delay spread for each path of a channel model. This paper shows how each parameter is created
for modelling the dynamic channel. The design of such channel model will help the telemetry
community to incorporate channel dynamics in computer simulation to improve the accuracy of
flight simulation in the design and pre-test stages. Further, it can provide insight to the selection
of modulation, equalization and coding for such channels.

INTRODUCTION
This paper is about the aeronautical telemetry with the emphasis of the two ray model and the
dynamics of that model. The two ray model covers the most significant phase of an aeronautical
telemetry test which would be the steady state phase where the aircraft is up above and cruising
somewhere in the test range. This is the predominant channel for aeronautical telemetry which
comes with a particularly challenging problem. The two ray results in a spectral null because of
the destructive interference which causes significant phase distortion and loss of the signal
somewhere in the band. Dr. Michael Rice’s work shows the walking null [1].
By looking at the physics of the two ray channel, we can analyze the actual impulse response of
the channel if we know the location, speed and position of the aircraft. Further, we can also
predict the dynamics of the channel related to the motion of the aircraft. Therefore, we can show
the overall variability or the limits of these dynamics over the range of the aircraft, the height of
the aircraft, the antenna heights, the velocity and the direction of the aircraft. With any given
flight scenario, if we have a transmitter and a receiver, an aircraft and a base station in any test
range, by knowing these mentioned parameters, we can model the channel and its dynamics and
their limits before the actual flight.

1

AERONAUTICAL TWO RAY CHANNEL MODEL
The two ray ground reflection model shows a line of sight and a ground reflection path between
the test article and ground station which satisfies law of physics based on geometric optics [2].
For any given flight path scenario, the Doppler and phase shift of the flight path can be computed
for each second of the flight duration using two ray ground reflection model. [4]
Figure 1 shows the aeronautical two ray channel model for Doppler and phase shift calculation
for any flight path scenario.

Figure 1: Aeronautical channel model for any flight path
Knowing the speed and position of the test article which are defined for the simple path created
in flight path model, one can easily compute the distance and height of the test article from the
ground station as a function of speed and climbing angle for each second,
𝑑(𝑡) = 𝑑(𝑡 − 1) + cos(𝜃(𝑡) ∗ 𝜈(𝑡))
ℎ(𝑡) = ℎ(𝑡 − 1) + sin(𝜃(𝑡) ∗ 𝜈(𝑡))
Where, 𝜃(𝑡) = climbing angle of the test article at time t
𝜈(𝑡) = speed of the test article at time t

(1)
(2)

Using the method of images from Rappaport [2], which is demonstrated in figure 2, the path
difference Δ, between the line of sight and ground reflection can be expressed as,
𝛥 = 𝑑 ′′ − 𝑑 ′ =  √(ℎ𝑡 + ℎ𝑟 )2 + 𝑑2 −  √(ℎ𝑡 − ℎ𝑟 )2 + 𝑑 2

2

(3)

Figure 2: The ‘method of images’ to find the path difference between the line of
sight and the ground station
Using equation (1), (2) and (3) we can now calculate the path difference, delta, Δ. Once the path
difference is known, the phase difference 𝜃𝛥 and time delay 𝜏𝑑 ,between the arrival of two
component can be computed by the following relation,
2𝜋𝛥
𝛥𝑤𝑐
(4)
𝜃𝛥 = 
=
𝜆
𝑐
𝛥
𝜃𝛥
(5)
𝜏𝑑 =  = 
𝑐
2𝜋𝑓𝑐
Using the two ray model, the phase difference in the two tones of the impulse response (figure 1)
of a channel can be calculated. Then the phase difference from one between the direct path and
the reflected path can also be modelled.
Modelling of the impulse response with delay and phase shift per tap is shown in figure 3 below.

Figure 3: Channel Impulse Response
Figure 3 shows, at each time 𝑡, each path arrives after a delay𝛥𝑡, which is a function of the
distances for the direct path 𝑑 and the reflected path 𝑑1 + 𝑑2, and each path arrives at an
amplitude 𝐴1and 𝐴2 at phases 𝜃1 and 𝜃2. We normalized these such that the direct path has an
amplitude of 1 and a zero phase and the reflected path has an amplitude 𝐴2 and a phase 𝜃2 −
𝜃1.The calculation of the angle increment per tap was performed using equation (4).
3

The amplitude of first 𝐴1 is simply going to be the direct line of sight path loss, we could assume
𝑑 2 path loss model for aircraft well above the horizon. The second one will be same as the first
one except there will be reflection bounce. The ITU Report [3] shows that, amplitude of 𝐴2 can
be expressed as,
(6)
𝐴2 ≅ 𝐴1 ∗ 𝑅0
Where, 𝑅0 is the ground reflection coefficient. The coefficient 𝑅0 is the function of angle of
incident and also another coefficient 𝐶, which is related to the permittivity and conductivity
equations [3].
𝑅0 is close to 1 for small glancing angles with a phase shift of 180 degrees, which covers most
the range we are interested in. But sometimes it will be less than that, particularly when the angle
of incident is small. For example, when the aircraft is reasonably far away from the ground
station, relative to the height of the aircraft, the angles will be small and we will get our
reflection coefficient close to 1. We modelled that at 0.95 but it could vary a little bit.
Now, we could model our dynamic channel and observe the dynamics of the channel as the flight
changes.

MODELLING DYNAMICS OF CHANNEL
For modeling the dynamics of channel, the stationarity, i.e., the time variability of that channel is
important for design of modulation, an equalizer, or coding. The channel might be characterized
as short or time stationary depending on the flight conditions.
First we will look into the actual path difference, delta∆, which is difference between 𝑑 ′ and 𝑑′′
from equation (3). To vary that over a variety of heights and distances so the aircraft will be some
distance away and some height away and it hardly matters what the angle is relative to the ground
station. We plot the path difference, delta ∆,over a variation of range of 1 to 100 km away from
the ground station and 1 to 20 km in height.
Log Plot of delta over range, height in km
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Figure 4: Log plot of path difference over range if distances and height
4

The three dimensional plot in figure 4 shows that range of delta ∆, varies by as little as 20 meters
over this entire 100 km range and 20 km height. So the rate of change of path difference is only
20 meters over the whole range and it is continuous and the rate of change is actually relatively
small relative to the heights and distances involved and it does not change very first.
Rate of change of delta vs height, ∆𝒉 : By taking the derivative of delta Δ, with respect to the
height of antenna, how delta Δ varies with the function of height can be shown. We can do the
differentiation by parts. Change of rate of path difference delta Δ, with respect to height which is
∆ℎ , can be expressed as a function of distance 𝑑, height of the receiver antenna ℎ𝑟 and height of
the transmitter ℎ𝑡 .
𝛿∆
𝛿𝑑 ′′ 𝛿𝑑 ′
(7)
∆ℎ = 
=
−
𝛿ℎ𝑡
𝛿ℎ𝑡 𝛿ℎ𝑡
𝛿∆
2(ℎ𝑡 +  ℎ𝑟 )
2(ℎ𝑡 −  ℎ𝑟 )
∆ℎ = 
=
−
(8)
𝛿ℎ𝑡
√(ℎ𝑡 +  ℎ𝑟 )2 + 𝑑 2 √(ℎ𝑡 −  ℎ𝑟 )2 + 𝑑2
Figure 5 shows the 3D plot of rate of change of path difference vs height of antenna.
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Figure 5: Rate of change of delta vs height
Figure 5 shows relatively slow varying contour, and it is a continuous contour, there is no
discontinuity. The only anomaly is when the aircraft is extremely close to the ground station and
height is relatively small compared to the tower. If you have an aircraft which is close the ground
station you will see that it will change very rapidly and that is a boundary condition.
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Rate of change of delta vs distance, ∆𝒅 : We can also look at the behavior of delta Δ, as a
function of distance 𝑑, which is the distance of the aircraft along the plane of the earth from the
ground station by taking the derivative with respect to d. This can also be done by parts and can
be expressed as,
𝛿∆
𝛿𝑑′′ 𝛿𝑑 ′
(9)
∆𝑑 =   = 
−
𝛿𝑑
𝛿𝑑
𝛿𝑑
𝛿∆
2𝑑
2𝑑
∆𝑑 =   = 
−
(10)
𝛿𝑑
√(ℎ𝑡 +  ℎ𝑟 )2 + 𝑑 2 √(ℎ𝑡 −  ℎ𝑟 )2 + 𝑑2
Figure 6 shows the 3D plot of rate of change of path difference vs distance.
Derivitive of delta vs range d and height hr
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Figure 6: Rate of change of delta vs distance
Figure 6 shows the rate of change of delta Δ, is quite small except near ground station. Once the
aircraft is 1 or 2 kilometer away from the ground station the system behaves very predictably and
very slowly.
Rate of change of delta vs time, ∆𝒕 : Another important aspect is to show the rate of change of
𝛿𝑑
delta Δ, as a function of time. We can compute ∆𝑡 as a product of ∆𝑑 and 𝛿𝑡 ,
𝛿∆
𝛿𝛥
𝛿𝑑
(11)
∆𝑡 =   = ( ) . ( )
𝛿𝑡
𝛿𝑑
𝛿𝑡
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But,

𝛿𝑑
𝛿𝑡

is the velocity of the aircraft.

∆𝑡 = 

𝛿∆
2𝑑
2𝑑
= (𝑣𝑒𝑙𝑜𝑐𝑖𝑡𝑦). (
−
)
𝛿𝑡
√(ℎ𝑡 +  ℎ𝑟 )2 + 𝑑 2 √(ℎ𝑡 −  ℎ𝑟 )2 + 𝑑2

(12)

And finally, we can then compute the change in radian frequency versus time,
𝛿𝜃
𝛿𝛥
2𝜋
= ( ). ( )
𝛿𝑡
𝛿𝑡
𝜆
𝑐
𝜆 =
𝑓
Now, we plot the angular rate of change vs time.

(13)
(14)

Angular rate of change for range and height
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Figure 7: Rate of angular change of delta vs time
Figure 7 shows the phase variation in radians per second as a function of the height of the aircraft
and the distance from the test article with a Mach 1 speed. The number of radians per second is
small, very little change of phase angle over that space. And likewise this contour is continuous
except near the edge and close to the ground station.
We have now expressions of radial angle change of that path relative to time as a function of
height of the aircraft, the height of the ground station, the distance from the ground station and
the speed of the aircraft. Now we have expression for all the variability.
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ANALYSIS
We can now predict the actual impulse response of the channel as a function of the physical
location of the aircraft. We can also predict the dynamics over time. As we vary the behavior of
the channel, the frequency response shown in figure 8, shows a null that varies in time. This is
the walking null we have seen in Dr. Rice’s measured channels [1]. But the rate of change is
quite small. And therefore, we can predict that the system changes on a continuous pace and
change of this is relatively slow compared to overall dynamics of the channel. Even when the
aircraft is operating at a high speed of Mach 1.
Channel Freq Response with Freq Shift added
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Figure 8: Frequency response of the channel with added
Now the question is how to optimally communicate over this channel. If using a serial tone
modem, for example offset SOQPSK, it suffers not just in amplitude with a null in the middle of
the channel but a significant phase distortion in the region of the null, which is a significant
challenge for the recovering the signal.
Figure 9 shows that there are really three sections to this channel. There are two sections which
are quite a good channel. And then there is a section in the middle where the channel is poor and
perhaps unusable. The serial tone modem tries to equalize the spectrum. And then when it
inverses the spectrum, it inverses the null and emphasize the null portion of the spectrum. This
means taking the noisiest part of the spectrum and amplifying it which degrades the overall
performance of the system.
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Channel Freq Response with Freq Shift added
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Figure 9: Three Section of the channel
We would prefer to not transmit any signal over the poor channel or to transmit with lower QAM
value over the poor channel of the spectrum and transmit signal with higher QAM value over the
good portion of the spectrum. Such an approach is possible using a parallel tone modem such as
with an Adaptive Orthogonal Frequency Division Modulation (AOFDM) which was designed
with such channels in mind. Future work will see if this can be applied in practice.

CONCLUSION
We have developed an analytical model for the two ray aeronautical channel. We have been able
to characterize the features of the channel and their dynamics over a wide range of conditions
with results that are similar to what has been seen with a live testing. Using this two ray
aeronautical channel model we determined the dynamics for a given flight path scenario of a
system called Link Dependent Adaptive Radio (LDAR) and has analyzed the effect of channel
dynamics on LDAR [5]. Also, we have been able to characterize the behavior walking null in the
spectrum which is a serious degradation to the channel, particularly for serial tone modems.
Finally, that we see that this channel is uniquely suited to an AOFDM modulation structure
which would be our future work.
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Test Demonstration Scenarios

Scenario
Demonstrate doppler compensation at limit.
Demonstrate cell radius over supported range.
Demonstrate doppler compensation tracking and throughput at various RF levels.
Demonstrate throughput and attach during simulated aircraft flight profile
Demonstrate inter and intra eNB handoffs during simulated aircraft flight profile

CRTM Lab setup
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MXA
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LTE SV Lab

LTE IP and OAM
support network

Signal Analyzer
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parameters during
test

CRTM RF setup
Fader controls
Timing Advance,
Fading profile,
Attenuation,
Doppler shift

15MHz carrier
bandwidth per cell

eNB 437

TX/RX primary path
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RRH
AHRA
Cell 141
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RRH
AHRA
Cell 241

eNB 4477

Splitters allow
connection of MXA
Signal Analyzer

C band
RRH
AHRA
Cell 142

Splitter
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B

Attenuator reduces
high power signal
level to protect
Fader

Anite
Fader

RAA Airborne
Transceiver

RF Filter
Splitter
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Filter provides
selectivity for
Airborne Transceiver
TX and RX paths

Test Demonstration 1
•Objective:
• Demonstrate doppler compensation at limit of 12 kHz (2600 km/hr or Mach 2.1)
• Attach
• Throughput

•Setup:
• C-band eNB cell
• 15MHz bandwidth
• Airborne transceiver connected to Anite Fader.
• Time advance constant (0 usec).
• RF signal level constant (-85 dBm).
• Doppler compensation (Center Frequency Offset) set to 12 kHz.

•Measurements:
• Show post process graphs
• Show real time measurements

Post processed output
Post processed output

Residual CFO at
eNB

Center
Frequency Offset

Summary:
• AT capable of compensating for 12kHz CFO shifts with low residual error
• UL and DL throughput per 3GPP specs for a 15MHz channel bandwidth
• See possible effect of CPU limiting: AT architecture is maxing out on processing capability

Downlink
throughput rate
Possible CPU
Impact

Uplink
throughput rate

Example AT console log
AT Frequency measurement

Downlink MCS

Downlink
throughput rate

Uplink MCS

Uplink
throughput rate

Test Demonstration 2
•Objective:
• Demonstrate cell radius over range of 20-60 km (Timing advance over range of 133-400
usec).
• Attach
• Throughput

•Setup:
• C-band eNB cell
• 15MHz bandwidth
• Airborne transceiver connected to Anite Fader.
• Doppler compensation (Center Frequency Offset) constant (0 kHz).
• RF signal level constant (-85 dBm).
• Time advance varied 133-400 usec.

•Measurements:
• Show post process graphs
• Show real time measurements

Post processed output
Timing Advance

Downlink
throughput rate

Summary:
• AT searcher and tracker functions at cell radiuses expected at EAFB
• UL and DL throughput per 3GPP specs for a 15MHz channel bandwidth
• 10% delta in uplink throughput observed from near to far cell radius. Under investigation

Uplink
throughput rate

Example AT console log
Downlink MCS

Downlink
throughput rate

AT measured
Timing Advance

Uplink MCS

Uplink
throughput rate

Test Demonstration 3
•Objective:
• Demonstrate doppler compensation tracking and throughput at various RF levels.
• Throughput

•Setup:
• C-band eNB cell
• 15MHz bandwidth
• Airborne transceiver connected to Anite Fader.
• Time advance constant (0 usec).
• RF signal level set to various levels
• Doppler compensation (Center Frequency Offset) set to various levels.

•Measurements:
• Show post process graphs
• Show real time measurements

Post processed output
Near RF
Condition

Middle RF Condition

Far RF Condition

Summary
• AT searcher and tracker functionality operating over a wide range of SNR values
• UL throughput in far RF conditions will increase 10x with the 20 dB gain in transmit
power from the AT high power amplifiers available in Phase 3

Test Demonstration 4
12.5 KM
diameter

•Objective:
• Demonstrate airborne transceiver performance
during simulated aircraft flight profile
• Demonstrate throughput as pattern is flown
• Perform multiple attaches as pattern is flown

•Setup:
• C-band eNB cell
• 15MHz bandwidth
• Airborne transceiver connected to Anite Fader.
Graphical channel profile shown used.
• AT speed: 2000 km/hr or Mach 1.6 (0- +/-9 kHz)
• TA varies between 30-113 usec

•Measurements:
• Show post process graphs
• Show real time measurements

17 KM

RF levels observed at AT as pattern is flown

Post processed output
Timing Advance

Center
Frequency Offset

Downlink
throughput rate

Uplink
throughput rate

Summary:
• AT searcher and tracker operating over a combination of SNR, doppler, and timing advance values
as would be seen in a flight scenario
• See effects of Issue OPL: Intermittent RRC Connection Reestablishments during HO
• See possible effect of CPU limiting: AT architecture is maxing out on processing capability

Example AT console log
Timing Advance

Center
Frequency Offset

Downlink
Throughput rate

Uplink
Throughput rate

Attach results

Test Demonstration 5
6 KM diameter

•Objective:
• Demonstrate inter and intra eNB handovers during
simulated aircraft flight profile

•Setup:
• 3 C-band eNB cells
• 15MHz bandwidth
• Airborne transceiver connected to Anite Fader.
Graphical channel profile shown used.
• AT speed: 1000 km/hr or Mach .8
• eNB info
• Cell 1 eNB1 Cell 2 (PCI 142)
• Cell 2 eNB1 Cell 1 (PCI 141)
• Cell 3 eNB2 Cell 1 (PCI 241)

•Measurements:
• Show post process graphs
• Show real time measurements

8.5 KM

5 KM
4 KM

Handover points and RF levels at AT as
pattern is flown
eNB2 Cell 1 >
eNB1 Cell 1

eNB1 Cell 1 >
eNB1 Cell 2

eNB1 Cell 2 >
eNB1 Cell 1

eNB1 Cell 1 >
eNB2 Cell 1

Post processed output
Frequency offset

Handoff points
with PCIs
Summary
• AT is capable of measuring candidate cells and executing intra- and inter-eNB handoffs
• See effects of Issue OPL: Intermittent HO failures during 3 base-station test scenario
• See effects of Issue OPL: Intermittent RRC Connection Reestablishments during HO
• See effects of Issue OPL: Throughput dips and peaks during successful handoffs

Uplink
throughput rate

Timing Advance

Example AT console log

Handoff
rate

Handoff
sequence

Summary
CRTM Phase 2 lab testing has demonstrated:
• AT capable of estimating and compensating for up to 12kHz CFO due to Doppler shift with low
residual frequency error
• UL and DL throughput per 3GPP specs for a 15MHz channel bandwidth.
• AT searcher and tracker functions at cell radiuses expected for CRTM land-based range
coverage.
• AT searcher and tracker operate as expected over full range of SNR values anticipated in actual
deployment.
• AT searcher and tracker operate as expected over the combination of SNR, Doppler, and timing
advance values expected in an aircraft flight profile.
• AT is capable of measuring candidate cells and executing intra- and inter-eNB handoffs as
expected in an aircraft flight profile.
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ABSTRACT
In order to solve the problem of timing synchronization at low signal-to-noise ratio(SNR) for
Multi-h CPM, a code-aided early-late loop(ELL) algorithm is proposed. The algorithm is based on
the iterative detection of serially concatenated Multi-h CPM with convolutional codes. The ELL
timing estimator based on sequence detection is extended to the maximum-logarithmic maximum
a posteriori (max-log MAP) detection. By using the information updated by iterative detection, the
timing accuracy of multi-h CPM can be improved at low SNR. The simulation results show that,
even when the bit signal-to-noise ratio (Eb/No) is as low as 3dB~5dB, the estimating variance of
the proposed synchronization can be close to the Cramer Rao bound(MCRB) of ARTM CPM.
After this timing synchronizing, the detection performance of the 10th iteration is only 0.03dB loss
compared with the performance with ideal synchronization.
Keywords: Multi-h CPM; Timing; Synchronization; Code-aided; Early-late loop

INTRODUCTION
As one of waveforms in the IRIG106 standard[1], Multi-h CPM signals have a constant envelope
and take into account both the spectrum efficiency and power efficiency. However, the problem
of their timing synchronization is especially serious as a quaternary, partial response CPM
signals[2]. Even at the region of medium and high SNR where the uncoded system is working, the
traditional non-data-aided(NDA)[3] timing or decision-directly(DD)[4] timing technologies are
difficult to work. Although the NDA timing method based on the average filter has a wide
acquisition range of timing error, its accuracy is poor. On the other hand, the DD timing method
has good performance, but it has false-lock problem. Although some solutions for this issue were
proposed in some literature[5], it could only restart capture when the false-lock occurred, which
would delay the capture time.
We adopted an timing scheme based on early-late loop (ELL) and sequence detection for the
uncoded Multi-h CPM system in[6]. The timing synchronization algorithm could effectively solve
the false-lock problem of timing synchronization for multi-h CPM signal. At the same time, it had
a high timing synchronization accuracy. After simplifying with the PAM decomposition or other
efficient low-complexity techniques[7], the practicability of the ELL timing was improved.

Due to the characteristics of convolutional code, multi-h CPM can be used as an inner code
combined with a convolutional code in the serially concatenated coded-modulation system with
interleaving and iterative decoding[8]. However, in the SNR region of the coded system operating,
the timing synchronization problem is further highlighted. Even the ELL timing based on sequence
detection can not achieve the perfect timing synchronization when the Eb/No at the region of 3dB5dB.
In this paper, based on the iterative detection of serially concatenated Multi-h CPM, the ELL
timing estimation in sequence detection is extended to the Max-log-MAP algorithm, which forms
the code-aided ELL(CA-ELL) timing synchronization. Simulation results will be compared with
another code-aided timing synchronization based on expectation maximum(EM) algorithm[9].
ITERATIVE DETECTION OF SERIALLY CONCATENATED MULTI-H CPM
The transmission and iterative reception of serially concatenated Multi-h CPM with a
convolutional code is shown in Figure 1.
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Figure 1The transmission and iterative reception of serially concatenated Multi-h CPM with a convolutional code.

In the transmitter, the random interleaver is placed after convolutional encoding and symbol
mapping, and interleaved symbols are modulated as Multi-h CPM signal and transmitted to the
channel. Additive Gauss white noise channel is adopted in this paper. In the receiver, the soft-input
and soft-output (SISO) module of multi-h CPM uses the max-log MAP algorithm. The extrinsic
information from output of the SISO module is de-interleaved ( π −1 ) and weighted by a coefficient,
then sent to the SISO of convolutional code as its prior information. The output from the SISO of
convolutional code decoding is returned to the SISO’s input of Multi-h CPM after weighting and
interleaving ( π ), which is used as priori information of multi-h CPM to complete the iterative
detection.
The max-log MAP algorithm of Multi-h CPM is based on the BCJR algorithm, which mainly
includes three parts: forward recursion, backward recursion and posteriori probability calculation.
The forward recursive (  k ( ) ) and backward recursive (  k −1 ( ) ) of state  at the kth symbol
interval are:

(

)
max (  ( (e) ) +  ( u (e); I ) +  ( c(e); I ) )

 k ( ) = max  k −1 ( kS (e) ) + k ( u (e); I ) + k ( c(e); I )
e: kE ( e ) =

 k −1 ( ) =

e: kS ( e ) = s

k

E
k

k

(1)

k

Where  kS (e) and  kE (e) indicate the start state and termination state respectively of the path ‘e’
at the kth symbol interval. k ( u (e); I ) represents a priori information input of the information

symbol u(e) corresponding to the path ‘e’ at the kth symol interval, which is from the convolutional
decoder; k ( c(e); I ) is the input of a priori information of the codeword c (e) corresponding to the
path ‘e’, which is from the output of matched filters.
The max-log MAP algorithm can be realized as fixed-window or sliding-window. In order to adapt
to the timing synchronizing process, the sliding-window method is used in this paper.
TIMING ERROR DETECTION USED ELL BASED ON SEQUENCE DETECTION FOR
MULTI-H CPM
In the maximum likelihood sequence detection(MLSD)of Multi-h CPM, the maximum accelerated
ML
metric of all surviving paths on every state  is assumed as surv
, which can be expressed as:
ML
surv
= max  



(2)

ML
ML
The relationship between surv
and normalized timing offset (  ) is shown in Figure 2, and surv
is

shortened to ML . It can be seen that ML ( ) has the largest value at  = 0 and is symmetrical

about  = 0 . While the ML ( ) is shifted to the left and right sides with 0.5δT (where the T is the
symbol interval), the maximum likelihood (ML) metrics of the early branch and late branch can
be obtained respectively:
lt ( ) = ML ( − 0.5 T )
(3)
el ( ) = ML ( + 0.5 T )

ML ( ) , lt ( ) and el ( ) are shown in figure 2. From the Figure 2, el ( ) and lt ( ) have the

following relationship:

el ( )  lt ( ) ,  0

el ( ) = lt ( ) , = 0

el ( )  lt ( ) ,  0

(4)

Amplitude

Normalized timing offset(T)

Figure 2 Metrics vs normalized timing offset

Therefore, the ith estimation of timing error can be constructed as the difference between the early
branch and late branch metrics:
e(i) = lti − eli
(5)
Where e(i) is the timing error estimation of the received signal in the interval of (iD+1) T~ (iD+D)
T (D is block length of the accumulated metrics), and can be expressed as:

(
 = max (  ( n )


i
lt

lt





) D
) D

n =iD + D

eli = max el ( n ) n =iD +1

n =iD + D
n =iD +1

(6)

n =iD + D

Where,  ( n ) n=iD +1 represents the accumulated metric corresponding to the surviving path of state

 in time interval of ( iD + 1) T , ( iD + D ) T  .The sampling offset δ of the early and late branch
will determine the capture range and accuracy of the timing error estimation. The S-curves of the
timing error estimator with different δ are shown in Figure 3.

Figure 3 S-Curves of timing error estimator based on early-late loop

The timing error detector(TED) according to this principle is shown in Figure 4. The sampling
offsets of the ‘late’ branch and ‘early’ branch are 0.5δT and -0.5δT respectively compared with the
demodulation branch whose sampling offset is 0. The accumulated metrics are obtained by
‘adding-comparing-selecting’(ACS) of Viterbi algorithm. The metrics of the whole states outputs
every D symbol, and then the cumulative values of all metrics are initialized. Then the maximum
metric of the early branch eli and the maximum metric of late branch lti are selected respectively.
After subtraction of these two metrics, the timing error estimate value e (i) is obtained.

Clear up

Counter(D)
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Max

+

Matched
Filter

ACS
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Max

Figure 4 Timing error detector(TED) with early-late loop based on sequence detection.

CODE-AIDED TIMING SYNCHRONIZOR BASED ON EARLY-LATE LOOP
The max-log MAP has the ‘ACS’ process like the sequence detection, therefore the timing
synchronization based on ELL can be applied to the Max-log MAP. Since the timing error detector
in max-log MAP can be updated by the information from the decoding module of channel code,
this timing scheme is called code-aided timing synchronization. The iterative receiver with codeaided ELL(CA-ELL) timing synchronization is shown in Figure 5.
The accumulated metrics of early branch and late branch in CA-ELL are:

(
 ( i ) = max ( ( )

k =iD + D

el ( i ) = max  kel ( ) k =iD +1


lt



lt
k

k =iD + D
k =iD +1

) D
) D

(7)

Where  kel ( ) and  klt ( ) are forward recursions for early branch and late branch respectively as
equation(1). Compared with the metric accumulating in sequence detection, the CA-ELL timing
uses the prior information that can be updated iteratively. With the increase of the number of
iterations, the reliability of the  values and the accumulated metrics will be improved gradually.
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Figure 5 Timing loop with code-aided ELL for serially concatenated Multi-h CPM with a convolutional code

Figure 6 gave the iterative S-curves of proposed timing error estimator, which were obtained by 4
iterations with ARTM CPM signal in the case of Eb/No=3.5dB.
It can be seen from the iterative S-curves that, firstly, when the number of iterations increases, the
slope of the S-curves at t=0 increases gradually, which means that the accuracy of timing
estimation increases with the number of iterations; secondly, the estimating range of timing error
remains in [-0.5T, 0.5T]; thirdly, the S-curve has only one zero-crossing point at t=0, so there is
no false-lock point for the timing loop with the CA-ELL TED.
In order to reduce the complexity of the algorithm, a simplified scheme of frequency pulse
truncation was adopted in this paper. Under the simplification of this algorithm, the state number
of ARTM CPM could be reduced from 256 to 64, and the detection performance had almost no
loss.
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Figure 6 Iterative S-Curves with code-aided timing synchronization for ARTM CPM

SIMULATION RESULTS AND ANALYSIS
When Eb/No was 3dB to 5dB, the normalized variance of the timing estimation for ARTM CPM
signals was shown in Figure 7. Among them, the code-aided timing synchronization algorithm
based on EM algorithm and the lower bound of timing estimation (MCRB) were used as reference.
The simulation parameters and conditions were set as follows: The Max-Log MAP algorithm used
the way of sliding windows of which the window length was 64, the sampling offset  is 0.25,
the initialized timing error was set to 0.3T, the first order timing loop was adopted and whose
normalized loop bandwidth was set to BLT=0.001. After 10 iterations, the variance and BER of the
last iteration were statistically counted and analyzed.

Figure 7 Normalized variance of proposed timing estimation for ARTM CPM1.

From Figure 7, we could see that these two code-aided timing algorithms could get closer to the
MCRB in the region of Eb/No>3.4dB. However, when Eb/No was less than 3.4dB, the CA-ELL
timing could always get close to the MCRB, while the EM-based algorithm got worse seriously.
This was because the EM-based timing was based on the soft information from symbol-by-symbol
decision (posterior probability information), but when Eb/No<3.4dB, the performance of this
algorithm was deteriorated due to the poor reliability of the decision. On the other hand，the CAELL timing was based on the optimal sequence estimation instead of the symbol-by-symbol
decision. Therefore, the reliability of proposed TED was higher in low SNR and CA-ELL timing
performed better than the EM-based algorithm.
After the convergence of the timing loop, the corresponding BER curves were shown in figure 8,
in which the BER performance with ideal synchronization was used as reference.

Figure 8 BER performance with timing synchronizations

As can be seen from figure 8, after the code-aided timing synchronization based on CA-ELL, the
BER performance of the 10th iteration for ARTM CPM signal had only 0.03dB loss compared
with the ideal synchronization(BER=10-4). The performance loss of the BER based on the EM
algorithm is about 0.08dB (BER=10-4). But when Eb/No is less than 3.4dB, the deterioration of
BER performance with EM-based timing is more serious than the CA-ELL-based timing, which
is consistent with the results in Figure 7.
CONCLUSIONS
Based on the iterative detection of serially concatenated Multi-h CPM, a code-aided timing
synchronization with early-late loop and max-log MAP detection is proposed in this paper. This
timing method solves the synchronization problem of Multi-h CPM signals at low SNR. The
simulation results of ARTM CPM show that the proposed code-aided timing synchronization can
still be close to the MCRB of timing when Eb/No is low to 3dB, and the BER performance is only
about 0.03dB loss compared to the ideal synchronization.
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ABSTRACT1
The telemetry network revolution takes aeronautical flight testing from a broadcast-only
paradigm to a TM-data-on-demand paradigm. This paper explores this paradigm shift, focusing
on fundamental architectural changes enabled by incorporating telemetry networking
technologies into a flight test system. Two concepts are presented to help understand the TMdata-on-demand paradigm: retrieving and processing recorded data from a test article during a
mission and onboard dynamic data analysis and compression. An example flight test system
with both SST and TmNS components provides a foundation to further explore the paradigmshifting capabilities a telemetry network brings to flight test. In addition to TM-data-on-demand,
the current static spectrum allocation methodology must also be replaced with a more agile,
bandwidth-on-demand paradigm. When both TM-data-on-demand and bandwidth-on-demand
capabilities have been realized, a new era of efficient flight testing will emerge.

INTRODUCTION
For over 50 years, the IRIG 106 Standards have defined a simplex Serial Streaming Telemetry
(SST) standard for telemetry communication links. Generations of flight test systems have been
built around this unidirectional SST link architecture. The Central Test and Evaluation
Investment Program (CTEIP) sponsored the Integrated Network Enhanced Telemetry (iNET)
project which introduced a standards-based approach for a bidirectional, packet-based network
communication link. The iNET project was designed to augment the existing SST link (thus the
name “Enhanced Telemetry”), and a key product was the development of a set of networking
standards that were incorporated into the IRIG 106 Standards, release 2017. The sheer breadth
of these standards can make understanding the benefits of a telemetry network difficult to
discern. A corollary would be to attempt to understand the benefits of High Definition
Television (HDTV) by reading the HDTV standards. This paper explores network-based flight
test systems by first presenting an abstracted telemetry network system followed by a
representative system based on the IRIG 106-17 standards.
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From an end user’s perspective, all the complexities associated with a telemetry system can be
abstracted away as show in Figure 1: a ground system sees the test article (TA) as a data source
and the ground system operates as a data sink. Figure 1a shows a traditional SST
implementation of an abstracted flight test system, whereas Figure 1b shows a telemetry network
implementation. Given this simplified perspective, how does a telemetry network impact the
traditional simplex paradigm? Exploring a broadcast TV analogy may prove helpful in
answering this question.

(a) Traditional SST
(b) Telemetry Network
Figure 1. Telemetry Data Distribution Overview.
BROADCAST TV VERSUS VIDEO-ON-DEMAND ANALOGY
Since the beginnings of broadcast television, TV stations have broadcast a series of preselected
TV shows; only TV shows selected by the TV broadcasters were available. Prior to 1980,
making sure one was home to watch a favorite TV show at the designated “same Bat-time, same
Bat-channel” was just a normal part of watching TV. The TV Guide®, which listed when TV
shows were broadcast, was readily available in most living rooms. From the 80’s and into the
90’s, devices like video cassette recorders and digital video recorders were developed to enhance
our TV viewing experience. While these devices placed us in control of when we watched TV
shows, we did not have control over what was available to watch. The fundamental one-way
broadcast paradigm remained unchanged: TV stations broadcast a series of preselected TV
shows at predetermined times.
Enter the age of the Internet and the “content-on-demand” paradigm was born. Applications like
YouTube® and Netflix® have revolutionized our viewing habits. No longer are we slaves to the
TV broadcasters’ preselected shows; we are now empowered to watch what we want and when
we want to watch it. The TV Guide has become obsolete! Having a bidirectional network that
allows us to request specific videos from network-based video servers has fundamentally
changed how we view videos. With this paradigm change, video providers have changed and
enhanced their offerings. The concept of “binge-watching” video series has become mainstream
primarily due to video-on-demand.
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A typical SST system follows a broadcast TV paradigm. Data Acquisition Units (DAUs) on a
TA generate a predefined pulse code modulated (PCM) data stream that is recorded on the TA’s
recorder. Additionally, a second PCM data stream, which usually contains a subset of the
generated DAU data, is typically telemetered to the ground via SST. On most systems, there is
little a Flight Test Engineer (FTE) can do to alter the data contained in the PCM data stream.
Just like broadcast TV, PCM data streams are preprogrammed; an FTE only receives the data an
Instrumentation Engineer (IE) decided to telemeter when the DAU was programmed. Like a TV
Guide, an IE essentially creates a “TM Data Guide” and the FTE must abide by this guide.
As with the Internet, introducing network connectivity between a TA and a ground system
fundamentally changes the “one-way” broadcast paradigm. No longer is an FTE restricted to
preprogrammed data streams; the IE’s TM Data Guide has become obsolete! Like video-ondemand, ground system applications can now make data requests to TA-based network data
servers. The TM-data-on-demand paradigm shift is realized by incorporating support for
dynamic data requests into a flight test system. Why is TM-data-on-demand so important? A
TA can telemeter only a fraction of the acquired data so the fundamental question facing all
flight test teams is “Which acquired data should be telemetered to the ground?”. The TM-dataon-demand paradigm shifts flight testing from a broadcast-only paradigm in which only a
preprogrammed, static set of acquired data can be telemetered to an on-demand paradigm in
which the acquired data being telemetered can be changed in response to either planned or
unexpected events. The key to the Telemetry Network Revolution is to understand the impacts of
the TM-data-on-demand paradigm shift on a flight test system. As video-on-demand
fundamentally changed both video providers and our video viewing habits, implementing TMdata-on-demand requires a fundamental paradigm shift for developers and users of telemetry
processing applications.
TM-DATA-ON-DEMAND SYSTEM CAPABILITIES
There are three fundamental capabilities required to implement vendor-interoperable TM-dataon-demand:
•

A bidirectional IP network between the TA and the ground system

•

A standardized request mechanism implemented by both data sources and data sinks

•

A standards-based data message format in which payloads are described using a flexible,
extensible data description language

A request-capable data source generates a stream of user-requested data messages across a data
channel. A request-capable data sink receives and processes a stream of user-requested data
messages. Figure 2 represents a typical configuration for a data processing app to request data
from an airborne data server (e.g., an airborne recorder). This configuration parallels a typical
web browser / web server architecture. Please note that the data server and data sink roles could
be reversed whereby data messages flow from the request client to the request server. A webbased corollary would be uploading a photo to a web site versus downloading a photo (the client
and server roles remain the same but the data transfer direction changes).
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Figure 2. Request-Capable Data Source and Data Sink Example
A standards-based flexible, extensible data message format and corresponding description
language is required for describing the encapsulation of telemetry data into data messages. Data
sinks decompose data messages received from data sources by processing a data source’s data
description document which explicitly defines all data message structures. Integral to this data
message format is the inclusion of a timestamp so that data messages may be accurately
timestamped by the data source (i.e., on the TA). Vendor-interoperability is achieved when all
data sources and data sinks use the same data description language for describing data structures
being transported in a standard data message format. Figure 3 presents a simplified Telemetry
Network System. One or more DAUs generate data messages that go to the recorder app and a
subset of those data messages are transmitted across the RF link to the data processing apps.
This simplified system realizes the benefits of timestamping data at the data source along with
using a flexible, describable data message format. However, despite being network-enabled,
these system components still operate using the broadcast paradigm rather than the TM-data-ondemand paradigm.

Figure 3. Simple Telemetry Network System
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Enter the Request-Capable Data Sources and Data Sinks (the blue text items in Figure 3), the
primary enablers of TM-data-on-demand. The introduction of these data processing apps now
provides end users with the following capabilities:
1. Retrieval of recorded data from the TA Recorder App.
2. Data compression via down sampling of data by the DAU, Data Selector App, or
Recorder App.
3. Data filtering via range threshold processing performed by the DAU, Data Selector App,
or Recorder App.
Being able to retrieve a time range of recorded data from the TA Recorder App is a paradigmshifting capability. This capability is similar to retrieving a video from a video server: “I want to
watch Seinfeld season 2, episode 11”. If specific critical data was not received properly during a
test maneuver (e.g., a TM dropout occurred), a data processing app could retrieve the missing
data from the TA Recorder App in mere seconds. If a test point analysis app requires more data
than originally telemetered, the app could retrieve the additional data (that was not originally
telemetered) from the TA Recorder App. In both instances, adding support to ground data
processing apps to receive and process data from a previous time is crucial to implementing TMdata-on-demand.
Data compression and data filtering techniques can be applied to both live and recorded data.
The data compression technique is used to down sample the data. For example: an oil pressure
sensor operates at 10 Hz resulting in the DAU sending an oil pressure measurement to the
Recorder App ten times a second. The ground system could initially configure the DAU or Data
Selector App to send oil pressure measurements to the ground once a second, resulting in a 90%
reduction in RF traffic for this measurement. The data filtering technique applies a minimum
and maximum threshold value to each measurement; the measurement data is only sent to the
ground when a measurement value exceeds either the minimum or maximum threshold value.
These two techniques may be combined as follows: under normal operating conditions, a 10 Hz
measurement sample rate is transmitted to the ground at a reduced 1 Hz rate, but if the minimum
or maximum threshold is exceeded, every sample is sent to the ground. A corollary might be a
web photo browsing app in which previously viewed photos are displayed in a low-resolution
format, but new photos are displayed in high resolution. Using these techniques empowers FTEs
to receive exactly the data they need while efficiently using the RF bandwidth.

TmNS SYSTEM EXAMPLE
While Figure 3 represents an abstract telemetry system, Figure 4 represents a more realistic flight
test system which can be used for exploring TM-data-on-demand capabilities. To assist with
implementing a vendor interoperable telemetry network system, IRIG 106 Chapters 21 – 28
(formerly the iNET Standards) were developed that define a set of Telemetry Network Standards
(TmNS). Vendor components that comply with IRIG 106 Chapters 21 – 28 are referred to as
TmNS components. In the context of TmNS components that implement TM-data-on-demand:
5

•

Chapter 23, Metadata Configuration, defines the Metadata Description Language (MDL)
used to describe not just measurement data but also app configuration.

•

Chapter 24, Message Formats, defines the ubiquitous TmNSMessage Structure (used to
transport measurement data).

•

Chapter 26, TmNSDataMessage Transport Protocol, contains the Request-Defined
Application Data Transfer section that defines request-capable data sources and data
sinks.
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Figure 4 shows a flight test system that includes both SST and TmNS elements. In the
traditional SST implementation, PCM data from a PCM DAU is sent through a bulk encryptor to
the SST transmitter. At the antenna site, an SST receiver regenerates the PCM data which is
then transmitted either directly to the mission control room or converted to IP packets by a PCMto-IP converter (e.g., TMoIP, IRIG 218). Traditional PCM data can also be encapsulated into IP
packets onboard the TA by a PCM Gateway. Network DAUs generate IP traffic that can be sent
to the ground either directly across the TmNS radio link or via an IP-to-SST link (e.g. IRIG 106
Chapter 7). On the ground, all telemetered data is transported via the range network to the
Telemetry Processor in the mission control room and corresponding data processing apps in the
Display System.
The TM-data-on-demand capabilities enabled by the Telemetry Network Standards are realized
when data processing apps request TmNS Messages be sent to the ground. One approach to
receive TA data on the ground is for a data processing app to subscribe to an existing IP data
stream on the TA which is currently not being sent to the ground. This subscription mechanism
is a standard IP networking function, refer to the Internet Group Message Protocol (IGMP).
Once the subscription is established, the TA-based TmNS Message stream would be propagated
to the ground. Enabling and disabling transmission of IP data streams between a TA and the
ground is a simplified form of TM-data-on-demand.
The quintessential TM-data-on-demand capability is defined in the Telemetry Network
Standards as Request-Defined Application Data Transfer. A data processing app sends a specific
data request as shown in Figure 2. The data request includes a time range which may specify
either previously recorded data or live data. Where are the data processing apps that generate
data requests in Figure 4? The answer lies in the selected architecture. Data processing apps
may be embedded in either the Telemetry Processor and/or the Display System. The Display
System may directly communicate with the TA or may communicate with the Telemetry
Processor which then generates the data requests. The TmNS Data Server App (TDS) was
developed for the iNET program as the ground data gateway to the TAs. All ground data
requests, whether Data Display or Telemetry Processor generated, go through the TDS. The
TDS attempts to manage the data flow across the RF link by prioritizing the requests and limits
the number of concurrent data requests being handled by the TA’s TmNS Recorder. Ranges may
choose to implement the TDS paradigm or a fully distributed environment in which any data
processing app may submit data requests to the TA.
Two important components to implementing the TM-data-on-demand paradigm are enhancing
the Display System’s user interface to support data retrieval and dealing with asynchronous time.
Ideally, the user interface should be as simple as pressing the rewind button on a DVR, but
different data retrieval user interfaces for different types of data retrievals will need to be
developed. Additionally, data processing apps in either the Display System or Telemetry
Processor will need to deal with time slices of data rather than a continuous stream of live data.
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A great example of TM-data-on-demand is the PCM Backfill App developed for the iNET
program, see [1]. A PCM data stream is sent to an SST link as well as encapsulated in TmNS
Messages by a PCM Gateway and recorded on the TA TmNS Recorder. The PCM Backfill app
continuously monitors the PCM minor frame synchronization status and whenever a TM dropout
is detected, the PCM Backfill app retrieves the missing data from the TA’s TmNS Recorder and
sends the missing data to the Display System. The result is lossless PCM data made available on
the Display System within a couple of seconds after the RF link has been re-established.
While the Telemetry Network Standards provide a mechanism to selectively request individual
parameters, the standards currently do not include a request mechanism to dynamically change
data compression and/or data filtering as described previously. A representative TmNS
Recorder, the Enhanced Query Data Recorder (EQDR), has been developed under the Test
Resource Management Center’s (TRMC) Test and Evaluation (T&E) Science and Technology
(S&T) Spectrum Efficient Technologies (SET) program. Not only does the EQDR implement
the Request-Defined Data Transfer protocol, the EQDR includes additional functionality like
data compression and data filtering (thus the name “Enhanced Query”), see [2] and [3]. While
the EQDR’s enhanced query interface is currently outside the scope of the Telemetry Network
Standards, future versions of these standards should include an enhanced query interface to
facilitate the benefits associated with data compression and filtering.
The Smart Data Selection (SDS), also developed under a SET program, prototypes an intelligent
Data Selector in which specialized algorithms were developed to analyze and determine which
data to transmit from a TA to the ground, see [4]. The SDS takes onboard TA data processing to
the next level. Rather than send all measured data samples to the ground, the SDS system
applies bandwidth efficient algorithms to selected data. SDS also provides greater operator
awareness of system anomalies while ensuring critical data, such as range safety data, is sent to
the ground continually without interruption. As with the enhanced query interface, future
versions of the Telemetry Network Standards should include an extensible data request interface
to support SDS-like functionality. A proposed HTTP-based data request interface was presented
in [5].
TM-DATA-ON-DEMAND CHALLENGES
Implementing TM-data-on-demand requires flight test teams to view the telemetering of
measurement data from a new perspective. The traditional broadcast-only paradigm views
measurement data as a static data set to be prioritized for transmission prior to flight. Embracing
TM-data-on-demand forces flight test teams to embrace the true dynamic, multifaceted nature of
telemetering mission data. These dynamic factors include:
•
•
•
•

Time: maneuver test point being executed
Discipline: importance of transmitting parameter based on specific maneuver
Data Compression: can parameter be down sampled?
Data Filtering: can parameter be monitored on the test article, and only down sampled
along with anomalous values be transmitted?
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All these factors lead to the ultimate question: “What measurement data needs to be telemetered
at any particular point in time?” The traditional broadcast-only paradigm response to this
question is “Telemeter a static data set during the entire mission”. The TM-data-on-demand
paradigm response is “A variety of factors must be continually evaluated when determining
which measurements should be telemetered.”. This new paradigm supports dynamically
changing the telemetered mission data.
Even after all TA and ground applications have been enhanced to support TM-data-on-demand
capabilities, there are still fundamental operational (non-technical) changes that need to be
addressed. Flight test teams should view all measurement data as “on-demand” data with an
emphasis on prioritizing not just which parameters are to be telemetered but when parameters are
required to be telemetered for ground system processing. Assigning most parameters as “top
priority, required for the entire mission” negates the potential advantages offered by the TMdata-on-demand capabilities. How can safety of flight parameters be considered “on-demand”
data? Simple: safety of flight parameters are the top priority parameters and must be
telemetered for the entire mission. While TM-data-on-demand requires a fundamental change in
how telemetered data is perceived, this new paradigm can still support the traditional broadcastonly paradigm when needed, as in the case for safety of flight data.
Ever since spectrum availability has become an issue in flight test, engineers have addressed the
issue through increased modulation efficiency (i.e., more bits/Hz) and increased scheduling
efficiency (more missions per day). The TM-data-on-demand paradigm exposes a third type of
efficiency called TM data efficiency (i.e., data used vs data telemetered). In other words, what is
the point of telemetering measurements to the ground if the data is not being immediately used?
As stated previously, flight test teams need to justify not just which parameters are to be
telemetered but when those parameters are required to be telemetered for ground system
processing.
Spectrum scheduling entities are also affected by the TM-data-on-demand paradigm shift.
Spectrum should no longer be viewed as a static asset to be allocated for the duration of a
mission. A bandwidth-on-demand paradigm shift is required that treats spectrum as a dynamic
asset, to be continually reallocated during test missions. One approach to bandwidth-on-demand
is to establish a spectrum pool in which each TA is allocated a guaranteed minimum bandwidth
and the remaining bandwidth is shared amongst all the TAs. For example: TA1 is performing a
test maneuver and is dynamically allocated a large portion of the shared bandwidth while TA2
waits to enter a test maneuver until more bandwidth is available. Once TA1’s maneuver has
completed, the shared bandwidth is deallocated by TA1, TA2 is allocated a portion of the shared
bandwidth and TA2’s test maneuver can begin. TmNS radios implement one form of
bandwidth-on-demand via a time-division multiple access (TDMA) channel access method.
TDMA allows multiple users to share the same frequency by dividing the signal into multiple
time slots which are then allocated to different users [6]. To achieve better spectrum efficiency,
the TM-data-on-demand paradigm shift requires bandwidth-on-demand for dynamic, real-time
spectrum sharing.
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CONCLUSION
The key to the Telemetry Network Revolution is to understand the impacts of the TM-data-ondemand paradigm on flight test systems. Retrieving previously recorded data from a TA
recorder and data compression / filtering techniques empower flight test systems with new
capabilities. Once these TM-data-on-demand capabilities have been deployed, the real benefits
shall only be realized when flight test teams start to view telemetered measurement data as a
dynamic data set rather than a static, preconfigured data set. Flight test teams need to prioritize
telemetered measurement data based on a variety of factors to ensure only required data is
telemetered at the correct time. While the TM-data-on-demand paradigm shift holds the promise
of more spectrum efficient flight testing, the current static spectrum allocation methodology must
be replaced with a more agile, bandwidth-on-demand paradigm. When both TM-data-ondemand and bandwidth-on-demand capabilities have been fully realized, a new era of more
effective and efficient flight testing will emerge.

ACKNOWLEDGEMENTS
The author grateful acknowledges the contributions of Mr. Derrick Hinton towards advancing a
network-based flight test architecture. Mr. Hinton’s reference to a “Telemetry Network
Revolution” during the ITC 2017 Special Session was the inspiration for this paper. A special
thanks to Mark and Shannon Wigent along with Mike Rodby for supporting this effort.

REFERENCES
[1] J. Morgan and C. H. Jones, "PCM Backfill: Providing PCM to the Control Room Without
Dropouts," in Proceedings of the International Telemetering Conference, San Diego, CA,
2014.
[2] M. Wigent and D. A. Mazzario, "Enhanced Query Data Recorder (EQDR) A Next
Generation Network Recorder Built Around the iNET Standards," in Proceedings of the
International Telemetering Conference, San Diego, CA, 2014.
[3] M. Wigent and D. A. Mazzario, "Spectrum Savings from High Performance Network
Recording and Playback Onboard the Test Article," in Proceedings of the International
Telemetering Conference, San Diego, CA, 2012.
[4] S. Wigent and D. A. Mazzario, "Smart Data Selection," in Proceedings of the International
Telemetering Conference, San Diego, CA, 2014.
[5] C. Reinwald, "One Approach For Transitioning The iNET Standards Into The IRIG 106
Telemetry," in Proceedings of the International Telemetering Conference, Las Vegas, NV,
2015.
[6] G. Miao, J. Zander, K. W. Sung and B. Slimane, Fundamentals of Mobile Data Networks,
Cambridge, London: Cambridge University Press, 2016.

10

ACCELERATING STANDARDS COMPLIANT TMNS RADIO
IMPLEMENTATIONS
Todd A. Newton, M. Wayne Timme
Southwest Research Institute®
San Antonio, Texas
todd.newton@swri.org, wayne.timme@swri.org

ABSTRACT
IRIG 106-17 defines interoperable two-way network telemetry interfaces for the wired as well as
the dynamic TDMA air interface. While the air interface is based on the familiar SOQPSK-TG
waveform, a TmNS-based radio contains a dynamic TDMA MAC regulated by Link
Management through the use of RFNMs. This paper illustrates the TmNS-based radio aspects of
the IRIG standard by describing our experience utilizing a two-track approach for accelerated
TmNS compliant radio development. We have divided the architecture by engineering discipline
lines (Communications vs. Computer Engineering). Doing so allowed us to accelerate the
design, simulation, and test tasks while using a common code base across various transceiver
implementations. Discussion includes a description of the software modules that provide TmNS
interfaces for standards compliant radio functionality such as the TDMA MAC, RFNM
processing, system management, and MDL configuration as well as system-level integration
testing.

KEYWORDS
Telemetry Network Standard (TmNS), iNET, IRIG 106-17

INTRODUCTION
Standards are vital to interoperability amongst components, particularly when
components come from multiple vendors.
The IRIG 106-17 standards [1] provide the framework for designing and deploying system of
systems networked-based telemetry. However, if the standards are not precise enough, different
interpretations can lead to system implementations that are not interoperable. Often, a de facto
standard reference implementation arises to alleviate these types of challenges. This leads to a

1

logic question: what examples of standards do we have that have dealt well with these
challenges.
Use of the IETF standards as the springboard and model for the IRIG 106-17 standards.
Since its inception, the integrated Network Enhanced Telemetry (iNET) program has leveraged
existing, successful, standards. Faulstich, while providing a short history of the program quoted
the mantra, “to boldly go where everyone else has gone before [2].” This indeed happened in
IRIG 106-17. In fact, a large portion of this IRIG standard points directly at IETF standard
sections. But, is this enough? What came first? The IETF standards or an implementation?
What was used by programmers in order to build interoperable networking applications? The
source code of Berkeley’s OSI stack or the IETF’s RFC that standardized implementations. A
careful, reading between the lines (or timelines) chapter 2 of Raymond’s famous text, “The Art
of Unix Programming” [3] not only discloses the sordid history of the “TCP/IP Wars,” but also
makes it clear that some of the IETF’s success in itself, was not only going where others had
gone before, but also using their codebase as an example.
In the telemetry world, it is no different. The IRIG 106-17 standardizes two-way network
telemetry as part of the Telemetry Network Standard (TmNS) contained in Chapters 21-28.
Though standardized, no de facto implementation exists to serve as a reference for the required
interfaces. If such an implementation did exist, it would pave the way for additional TmNScompliant radios to enter the market easier and with a high level of confidence to be
interoperable.
Like the IETF, IRIG 106-17 success needs example implementations.
This paper discusses an approach to providing a clear example that implements the standardized
network interfaces and protocols up to the hardware transceiver of an IRIG 106-17 compliant
TmNS radio.

DOES THE WORLD REALLY NEED MORE RADIOS?
There are several radio products on the market today, many of which operate in C-band. TmNS
radios, however, are more than the average C-band transmitter. By design, the TmNS radios are
two-way radios, allowing both sending and receiving of packetized transmission bursts. At their
core, the TmNS radios operate as IP routers that maintain one or more RF interfaces in which the
transmission bursts are associated with. Most other transmitters on the market today utilize a
continuous pulse-code modulation (PCM) stream rather than the more asynchronous approach
provided by the TmNS radios.
As with the release of any new standard, initial implementations tend to be limited in number.
The same is true for TmNS-based radios. As part of the iNET project, a small number of
hardware radio prototypes from a single vendor were built for use in the initial iNET flight tests.
A few of these radios are located in the iNET System Integration Lab (iSIL) hosted at the

2

Southwest Research Institute® (SwRI®) in San Antonio, TX. In the iSIL they are used as part of
the overall system-level testing of TmNS-based systems. While having real hardware in the lab
to perform this testing is great, having only a single implementation of a TmNS radio does not
allow for true interoperability testing with other implementations. Multiple interoperable
implementations of TmNS radios are needed in order conclude that the IRIG 106-17 chapters
pertaining to TmNS radios are complete and have the right level of detail.

TMNS RADIO EMULATOR
The initial need for a TmNS-compliant radio emulator became evident to us during the
development of other TmNS-compliant components. SwRI is currently developing reference
applications for the Link Manager and System Manager applications. One challenge faced
during development of these tools is that their operation is highly dependent upon
communication with other devices. The Link Manager provides bandwidth sharing of a single
frequency by operating as a time-division multiple access (TDMA) scheduler for up to 10 pairs
of TmNS-compliant radios concurrently, basing the number and duration of each TDMA
transmission slot on each radio’s current network traffic backlog and the priorities of the
missions being supported by these radios. Without any TmNS-compliant radios to test with, the
Link Manager application and its scheduling algorithms could not be fully tested. Furthermore,
even when the hardware radio prototypes in the iSIL are updated to meet the IRIG 106-17
standard, there are not enough of them in order to test the system performance and scalability
requirements. With the need established, we decided upon a course of action that would provide
the management interfaces and protocols that a TmNS radio would support with respect to Link
Manager and System Manager communication.
Other organizations have spent a great deal of effort providing radio simulators in order to test
the scalability of the Link Manager to manage 40+ TmNS radios. While they had some merit,
the scope of these efforts was too narrow. These simulators only exchanged messages with the
Link Manager, but they did not support real interaction with any other components in the system.
Thus, the System Manager application could not monitor the radio simulator for health and status
information like a real TmNS radio. The data flows used by the simulators were generated by
the radio simulator nodes themselves (or virtual machines running alongside the simulator node)
rather than being received from other devices on the network and being routed through the
simulator. They did not perform any IP routing function like the real TmNS radios do. Because
of these limitations, these radio simulators had no value in terms of end-to-end system level
testing within the iSIL and were not used.
What was really needed was a TmNS radio emulator that would mimic the behavior of a real
TmNS radio. With no workable solution to emulate TmNS radios available, SwRI developed
one on their own. Apart from a real RF interface, the emulator functions as a real TmNS radio is
expected to function. The TmNS radio emulator has been built on a small platform running
Linux. It contains an SNMP interface with support for the TMNS-MIB as used by the System
Manager application. It also contains an RF Network Message (RFNM) Processing Engine for
exchanging RFNMs with the Link Manager over a TCP connection. The emulator provides
periodic queue status and link metrics to the Link Manager over the TCP connection, and it
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receives from the Link Manager its transmission schedule in the form of Transmission
Opportunity (TxOp) assignments. The emulator supports all Type-Length-Value (TLV) triplets
defined in IRIG 106-17 Chapter 24 for RFNMs, most of which play critical roles in the dynamic
scheduling algorithms utilized by the Link Manager.
The radio emulator provides the TmNS Source Selector (TSS) server capability. This allows for
TSS connections to be established between the radio emulators and the Link Manager
application. The TSS connections serve as secure tunnels as well as support seamless antennato-antenna handoff scenarios.
The radio emulator operates as an IP router. Using classic Linux tools, data being routed through
the emulator is categorized and placed in appropriate TE Queues while waiting to be transmitted
out the emulated RF interface. When the transmission schedule allows, data is pulled from the
TE Queues and sent out the RF interface.

TECHNICAL APPROACH TO TMNS RADIO DEVELOPMENT
The different interfaces of the TmNS radio emulator were initially built in a modular approach in
order to allow testing of specific interfaces without being dependent upon other unrelated
interfaces. As various modules were added to the emulator’s suite of interfaces and supported
protocols, it became apparent that the suite could very quickly become the basic building blocks
of a real TmNS-compliant radio. These modules can be seen in Figure 1 and are further
discussed in the subsections below.
IRIG 106‐17 TmNS Radio So ware

IP Data

IP Rou ng

IP Data
TE Queues

PTP
Messages

RFNM Processing
Engine

RF Network
Messages

MDL

Other IP
Messages

Configur a on
File

IP Data

TmNS Data
Messages

System
Management

TDMA
Scheduler

Tx Enable Signal

Time
Synchroniza on

TSS

LDPC Engine

IRIG 106 Ch 27/28

Server

RF MAC CCMP
Header Header

Payload
LDPC Code Block

Figure 1. TmNS Radio Software
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The RFNM Processing Engine module manages a Link Agent connection by listening for
incoming TCP connections over its Link Agent port. The module is configurable to be able to
use TLS over its Link Agent connection; it can also be configured to only support TLS
connections to its Link Agent. Once the connection is established, this module generates and
receives RFNMs to and from a Link Manager. The module periodically generates RFNMs with
TLVs that indicate its MAC queue status, TE queue status, link metrics for receiver statistics,
link transmission statistics, and TxOp acknowledgements. Some of the TLVs are generated once
per transmission opportunity; others are generated once per TDMA epoch; The TxOp
acknowledgements are generated asynchronously in response to the receiving and applying of a
new TxOp schedule that the radio receives. The module receives and parses TxOp assignment
TLVs and Heartbeat TLVs that it receives from a Link Manager. These TLVs are used in the
system to authorize and modify a radio’s transmission schedule. This scheduling information is
passed to the TDMA Scheduler module.
TDMA Scheduler
The TDMA Scheduler module maintains the radio’s transmission schedule as provided either
through MDL configuration or through RFNMs from a Link Manager. The module dictates
when a radio is allowed to transmit data over its RF interfaces.
LDPC Engine
The Low-Density Parity Check (LDPC) Engine module performs the packing of IP data into
LDPC code blocks in preparation for transmission over an RF interface. The output of this
module is a serial stream of 1s and 0s that are sent to the transmitter hardware for modulation
and transmission over the RF network. Time of transmission is based on the TDMA Scheduler
module.
The module also performs the unpacking of LDPC code blocks received from the receiver
hardware and reassembles their content back into IP packets that can then be routed as
appropriate.
MDL Processing
Like all TmNS-compliant devices, a TmNS radio is configurable via a Metadata Description
Language (MDL) configuration file. The MDL schema is defined in IRIG 106-17 Chapter 23.
During the configuration process, the MDL Processing module parses an MDL configuration
file, and from it the module applies the appropriate configuration, including its transmitting and
receiving RF link addresses, queueing policies, RF frequency, RAN configuration parameters,
and any initial transmission opportunities.

5

System Management
The System Management module provides an SNMP interface to the management resources
required of TmNS radios. This includes TMNS-MIB as specified by IRIG 106-17 Chapter 25 as
well as other publicly available RFC MIBs as required by IRIG 106-17 Chapter 22 for IP routing
devices. The SNMP application utilizes version 3 of the protocol, adding authentication and
encryption to the SNMP message exchange. This module provides the interface that the System
Manager application utilizes for obtaining current device health and status as well as basic
command and control of the radio.
Time Synchronization
Time synchronization is a key performance requirement within a TmNS-based system. Because
the RF system is sharing the frequency amongst other radios, it is critical that all radios share a
common time reference. The TmNS approach to time synchronization relies upon IEEE 15882008, the Precision Time Protocol (PTP) for synchronizing clocks over a network. The Time
Synchronization module implements a PTP application that is capable of synchronizing its local
clock to an IEEE 1588-2008 GrandMaster Clock in the network. If the host platform contains an
external time source input, such as from GPS, the PTP application could operate as the
GrandMaster Clock for other devices within its connected network.
IP Routing
At its core, a TmNS-compliant radio is an IP router. It maintains at least a single wired interface,
and it maintains at least a single RF interface. If the host platform is Linux-based, this module is
largely reduced to a platform configuration to utilize the IP routing functions of Linux. Though
the MAC layers differ between the wired network interface, which is likely Ethernet, and the RF
network interface, which is defined in IRIG 106-17 Chapter 27, traffic flows from these
interfaces converge at the IP layer and can be routed out any available interface on the radio
platform.
TE Queues
Traffic Engineering (TE) Queues are necessary in order to ensure proper levels of service are
granted to the different data flows traversing through the TmNS radio. QoS policies on the radio
service the TE Queues according to the queueing disciplines, structures, and rates as provided
through MDL configuration of the radio.
TSS Server
The TSS Server module provides the capability of a TSS Server for a radio. Not all radio
instances require the use of a TSS Server. It is currently only required when the radio is part of a
group of radios that subscribe to the same RF link, such as in the case of multiple ground-based
radios that are tracking the same Test Article (TA). The TSS Server configuration is provided
through MDL configuration.
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FROM EMULATION TO REALITY
With the end goal of seeing more TmNS-compliant radios enter the market, we see the TmNS
radio emulator as a stepping stone on the accelerated implementation path. The radio emulator
contains all the interfaces and network protocol support required by the standards. The only
piece missing from the radio emulator is the actual RF hardware interface. Thus, by integrating
the TmNS radio emulator software modules with a C-band transceiver, a TmNS-compliant radio
implementation can be realized in a shorter amount of time.
The TmNS radio emulator’s modular approach provides flexibility during integration of the
software with transceiver hardware platform. The emulator provides a module for transforming
IP packets into LDPC code blocks and can output a serial stream of bits to the transmitter
hardware during transmission windows. However, if the target radio platform performs its own
LDPC block generation and just needs IP packets delivered to it, the emulator software can
easily be configured to deliver IP packets to the LDPC engine on the platform rather than the
LDPC engine module provided by the emulator. Other emulator modules can be enabled or
disabled as well.
The radio emulator framework is not dependent upon a particular RF waveform. Therefore, it is
possible to add various TmNS interfaces to existing radio platforms today. Though only a single
waveform, the SOQPSK-TG waveform, has been specified by the TmNS in IRIG 106-17, future
revisions may incorporate other waveforms. The radio emulator framework would be unaffected
by such changes. In fact, it may help pave the way for proving out and incorporating additional
RF waveforms into future revisions of the standard.

CONCLUSION
The goal of the TmNS chapters in the IRIG 106-17 standard is to ensure interoperability amongst
all TmNS components. Due to a lack of readily available TmNS-compliant radios or any
alternative radio emulator solution, we developed our own radio emulator. This effort was
initially done to support our development effort for the Link Manager application. The emulator
implemented relevant TmNS interfaces in a modular fashion such that newer features and
interfaces can be easily integrated into the emulated radio process, such as a System
Management interface, Time Synchronization interface, TSS Server interface, etc. After adding
support for a couple of TmNS interfaces, we realized that our radio emulator can be the
foundation for building real TmNS-compliant radios. With the higher layer interfaces addressed
by our software framework, the missing component to realizing a hardware TmNS radio is the
output of the software that feeds into the transmitter/receiver system.
We believe that our TmNS radio emulator helps the IRIG 106-17 standards on telemetry
networks by providing a reference implementation of the standards-defined interfaces for TmNS
radios. Our TmNS radio emulator has been built according to IRIG 106-17 Chapters 21-28 and
provides a path forward to accelerate future TmNS-compliant radio implementations. It has been
tested and used as part of the iSIL for system level testing in support of both Link Manager and
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System Manager application development. We believe that this software can be used as the de
facto standard approach for new TmNS-compliant radio development efforts, ultimately
reducing time-to-market for new radio implementations while providing a high level of
confidence for interoperability of these new radios with other TmNS-compliant radio
implementations.
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ABSTRACT
The efforts to implement the distribution of real-time information streams via IP packet-based
networks in the range environment have largely utilized the recovery of timing information via
implicit techniques, such as adaptive clock recovery. These techniques allowed the alignment of
streams with disparate delay characteristics to accuracies on the order of 1 millisecond. With the
availability of techniques to distribute high accuracy timing information to network nodes, the
capability to recover and align real time streams on the order of microseconds is possible.
This paper will focus on a methodology to perform precision stream alignment that utilizes
timestamping and the IEEE 1588 Precision Time Protocol (PTP) as a clock source. IEEE 1588
is currently utilized in cellular networks to deliver synchronization to remote network elements,
providing superior accuracy and stability.
The paper will review expectations for performance and discuss considerations in system level
design to optimize timing distribution performance and ultimately stream alignment accuracy.
System elements and their effect on performance will be identified and characterized.
Finally, a TM Gateway implementation example which utilizes PTP coupled with hardwareassisted timestamping techniques to align recovered TM streams to a high degree of accuracy
will be described. Real world results for clock accuracy and expectations for stream alignment
accuracy will be shared.
.
KEYWORDS
Telemetry Over IP (TMoIP), IP networking, Stream Alignment, PTP, IEEE – 1588, Telemetry
Gateway

INTRODUCTION
In test range scenarios the situation often arises where a number of streams from diverse sources
need to be processed. Due to the differences in transit time through the range network, the
sources will arrive at different times at the processing station, resulting in the temporal
misalignment of the recovered streams.
The main requirement for stream alignment is to match significant instants of events from
multiple test sources located at remote sites. Due to a number of causes, the latency of
propagation of the signal from each source to the destination can be significantly different.
When multiple streams are terminated at a destination they will be mis-aligned due to the
different latency characteristics of the network paths for each stream.
Performing stream alignment allows the information from each of the remote sources to be
observed simultaneously (within a defined tolerance) at the destination, which simplifies the
monitoring and analysis of test data.
This document describes a mechanism for performing temporal alignment of serial streams when
transported via packet-based networks. The method details the insertion of timestamp
information into information streams generated by a Telemetry Gateway device that enables the
transport of serial telemetry streams via packet-based IP network infrastructures. The
timestamps are referenced a clock source which, when the source has sufficient accuracy, enable
the alignment of recovered streams with high degrees of precision.
The techniques described in this paper only mediate alignment issues introduced by the ground
transport mechanism. In a perfect world, all information streams are timestamped at the source,
which would enable the correction of all latency variations from the encoding through frame
generation, downlink, and ground transport. However, in the bulk of existing implementations
the streams are not timestamped at the source, so these variations cannot be corrected. It is
recommended that this situation be studied in future RCC efforts.
The current state of the art for packet-based telemetry transport via IP networks is defined by the
TMoIP standard [7], which defines a method for transporting telemetry streams via UDP
packets, using adaptive clock recovery. Adaptive clock recovery supports regeneration of the
telemetry clock at the receiver using buffering techniques. This clock recovery scheme has the
benefit that the source clock rate does not have to be user configured, simplifying user setup.
While the configuration is simplified, there is no inherent method to identify absolute instants of
time with any degree of accuracy, or to align the streams with absolute certainty.
A scheme to align streams using clock recovery can by implemented using buffer management
techniques to align streams whose delay characteristics are different due to the different stream
rates. Since the nature of adaptive clock recovery involves the implementation of a buffer at the
stream recovery element, the buffer level can be managed to ensure that streams with different
native signaling rates are aligned. Using this scheme, the alignment accuracy is limited to 1

millisecond. Emerging applications require alignment accuracies on the order of 10 µseconds or
better. For this, a method to support high accuracy stream alignment is required.
The requirement for the alignment of streams to a high degree of accuracy is not limited to
telemetry applications. In the last several years, the backhaul of broadcast video streams from
remote locations to the studio has migrated to IP networks. An initiative to support studio
distribution of video streams is currently underway by SMPTE which defines specifications for
precision alignment of video, audio and ancillary streams [8], [9]. The SMPTE methodology
also makes use of next generation clock sources and timestamping techniques to support stream
alignment. Utilizing the SMPTE standards as a model for alignment of telemetry streams
provides the following benefits:
1. The alignment methods will be based on common standards.
2. Technical advances in the methods and component elements will be shared across
applications.
3. The path to alignment of telemetry streams with video streams will be defined.
To enable precision stream alignment, the next generation solution will utilize the following
building blocks:
1. Timing Source – The timing source will enable the distribution of a high accuracy clock
to end nodes via the IP network, and provide an accurate source for the generation of
timestamps.
2. Timestamping – Packets will be timestamped from the Timing Source. As the accuracy
of the timestamp is dependent on the accuracy of the timing reference from which the
timestamps are derived, it is important to understand design decisions that drive the
accuracy and stability of the Timing Source.
3. Network Protocol – The network protocol to enable inclusion of timestamps in the
network information packets. It is desired to leverage existing protocols, which speeds
vendor implementation and enhances inter-operability between vendors.
4. Clock Recovery – The Clock Recovery algorithm will enable both the recovery of the
source clock and the alignment of the telemetry streams from diverse sources.
5. Test Method - The overall performance of the alignment method must be characterized.
To support this requirement, a test methodology will be described.

SOLUTION DESCRIPTION
The following sections described a proposed implementation to enable enhanced precision in the
alignment of telemetry streams. The implementation follows the strategy outlined previously to
use standards-based building blocks where possible, and leveraging work performed in other
industries. Please refer to Figure 1 below in the following discussion.
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NETWORK CLOCK
A key component in the proposed implementation is the Network Clock. The accuracy and
repeatability in stream alignment will ultimately be driven by the quality of the Network Clock.
For this reason, careful attention must be paid to the selection of the technology and vendor of
this system element.
Legacy TM infrastructures distributed the system clock via the synchronization standards
defined by the Range Commanders Council (RCC). The IRIG implementation distributes
timing information both in the form of pulse rates and signaling information using timecodes
embedded in the baseband signal. IRIG timing is distributed via an overlay network, typically
using a coax cable infrastructure. Distribution of IRIG timing in packet-based networks is
typically performed by encoding the baseband signal and regenerating it at network endpoints.
Unfortunately, this method suffers from the same latency effects that are introduced by adaptive
clock recovery techniques.
As network topologies evolved from a TDM-based infrastructure to packet-based configurations,
the need has arisen for a timing distribution method that supports accuracies greater than the
IRIG, and also lends itself to distribution via an IP infrastructure. To complete the convergence
of timing and information streams across the IP infrastructure, the telemetry community (along
with the video community) has been migrating to network distribution of timing streams. In this
type of architecture, IRIG timing is either replaced with network timing, or IRIG timing is used
to generate network timing using an IRIG-to-NTP/PTP gateway device. In this case, the IRIG
generator, NTP server and IEEE 1588 timing source are normally receiving the timing
information from the same timing clock source. The only difference is how the timing
information is delivered to the telemetry gateway units. Two standards are in current use: NTP
and IEEE 1588 (PTP).
NTP (Network Timing Protocol) and its simplified version SNTP (Simple Network Timing
Protocol) support synchronization of computer clock times in computer networks. The accuracy
of NTP is 1 – 10 milliseconds and is not judged to be usable to enable the precision stream
alignment requirements addressed in this paper.
IEEE 1588 extends the accuracy of network distributed timing levels greater than NTP. A
detailed description of IEEE 1588 will not be presented here, as a number of sources exist that
provide this information [2], [5]. To summarize, IEEE 1588 enhances the basic mechanism
defined by NTP to upgrade the stated clock accuracy to + 50 nanoseconds. IEEE 1588 has been
selected as the Network Clock source to support the SMPTE requirements and is the source that
will be used for the telemetry application described here.
The ultimate accuracy and stability of IEE 1588 (or any network-distributed timing mechanism)
is affected by the network topology, packet performance, and vendor implementation. SMPTE
has performed a number of interoperability tests between different vendors [1], as well has
evaluated the effects of different network topologies.

Another consideration is the effects on clock accuracy in the WAN environment. In a WAN
environment, extreme variations packet delay can occur, which impact the accuracy of the
Network Clock [3].
Additional implementation details such as the clock performance in individual implementations
also contribute to the performance of the Network Clock [4], [6].
The fundamental statement that can be made is that, since the timestamps are derived from the
Network Clock, the timestamp accuracy and, ultimately the stream alignment performance, is
intimately tied to the performance of the Network Clock. Any flaw in the Network Clock will
translate in an error in stream alignment. For this reason, it is important to:
1. Characterize key performance metrics in Network Clock element and select component
accordingly.
2. Consider network topology impact on performance forecast.
3. Evaluate effects of intervening network elements.
TIMESTAMP GENERATION
The ultimate timing accuracy of the timestamping method is dependent upon two factors: The
accuracy of the clock source, and the accuracy of the timestamp mechanism. Utilizing IEEE
1588 as the distribution mechanism provides a clock source of the greatest accuracy.
Timestamping can be performed in software or hardware. Due to the unpredictability of
software mechanisms, utilizing software timestamping degrades the timing accuracy by several
orders of magnitude. For instance, a software-based IEEE 1588 implementation results in a
nominal timing accuracy of 10 µseconds, which is a significant impact to the native accuracy of
+ 50 nanoseconds.
To ensure the maximum timing accuracy, the proposed solution utilizes the IEEE 1588 timing
protocol coupled with hardware-based timestamping to minimize timing degradation. The IEEE
1588 clock is ingested at the TM Gateway Transmitter (NW CLOCK) and at the TM Gateway
Receiver (NW CLOCK) and fed to the clock processing (CLOCK PROC) block where the
timestamping hardware captures the IEEE 1588 clock at an instant that is known to the precision
of 1 nanosecond.
After network timing capture, the timestamps are passed to their respective blocks for packet
processing, in the case of the Transmitter, or for clock extraction and stream generation, in the
case of the Receiver.
PACKET CONSTRUCTION
In the Transmit path, this timestamp is fed to a hardware block that assembles the timestamp and
input data into an IP packet (PACKET GENERATOR) for transmission to the network. All
processing including packet generation and scheduling, is performed in hardware.

Packet construction will utilize existing standards. As was noted previously, SMPTE has
defined a set of recommendations for timestamping video and associated streams; the SMPTE
recommendations are based on RTP (RFC 3550) for the Layer 3 protocol [10].
CLOCK RECOVERY AND STREAM ALIGNMENT
In the Receiver the timestamp is extracted from the incoming packet in the PACKET
RECOVERY block. This timestamp indicates the specific point in time (Significant Instant) that
indicates the first bit in the data packet. By aligning the Significant Instant for all packets to the
same timing reference, stream alignment with the network timing source and with all other
streams is achieved.
The receive timestamp is fed to the CLOCK PROC block where the network time for the
Receiver is also fed. The Receiver ingests network timing with the same accuracy as the
Transmitter, again using hardware techniques. These timing instants are processed with two
configuration variables that enable the user to adjust the output timing. The configuration
variables are:

δproc – Processing Delay – Processing delay of Transmit and Receive Clock processing
blocks. This value is fixed internally.

δnw – Network Delay – Transit delay through the network. This should be greater than

the longest network delay, in order to ensure that packets with the longest network delay
can be aligned with packets with shorter network delays.
The CLOCK PROC block generates two values: The Calculated Timestamp, which is calculated
based on the timestamp value recovered from the inbound packet, and the Actual Timestamp
which is calculated based on the network clock at the Receiver. A difference between the two
timestamps is interpreted as a timestamp error, which is calculated in the TS ERROR block.
The results of the TS ERROR block are fed to the CLOCK RECOVERY block, which generates
the Serial Output Clock, the clock that is used to clock the recovered TM stream out the TM Rx
port. The CLOCK RECOVERY block includes a programmable clock generator to provide the
output clock for the recovered telemetry stream. Programming the clock generator such that the
timestamp error is zero will ensure that all traffic exits the receive interface at the same time
relative to the network clock, resulting in the alignment of all output streams to the network
clock, and ultimately to each other.
TEST METHODOLOGY
The proposed test methodology will enable baseline testing of streams alignment and provides a
basis for additional refinement. The test methodology consists of the following functions:
1.

Generate two test streams with known delay characteristics and feed to a TM
Transmitter.

2. Transport the test streams to a TM Receiver.
3. Measure the delay in real time using an oscilloscope.
Please refer to Figure 2 below in the following discussion.

Figure 2 - Test Configuration
The test streams are generated in the following manner. A data stream with a known reference
point is produced using a waveform synthesizer. In practice, this can be done by generating a
data stream that has a low signaling rate compared to the sampling rate. In this case a 1 Hz data
stream is generated by the data source, which will result in the edges of the test stream providing
a convenient reference point, as they occur only twice per second (rising + falling edge). The
test stream is fed to the data input of 2 ports of a TM Transmitter. The clock is sourced from a
high-speed clock generator. In this test the clock source is 10 MHz. This clock rate is chosen to
limit the measurement uncertainty of data alignment due to the asynchronous nature of the test
setup to a value of 100 ns.
The TM Transmitter will generate IP packets to send to the network interface. Packets of two
different sizes are built: a 900-byte and an 800-byte packet. The Telemetry Gateway incurs a
delay that is equal to the size of the packet (in bits) divided by the clock rate to allow for the
construction of the packet prior to transmission. The packetization time in this configuration is:
900-byte packet: 720 µseconds

800-byte packet: 640 µseconds
The net result is that the data from port 2 will lag the data from port 1 due to the difference in
packetization time. The test will verify that the data is correctly aligned by the TM Receiver
operation.
The TM Transmitter and TM Receiver are network-connected to a clock source that is used to
provide the reference timing for the timestamp function in the transmit path and the clock
recovery and alignment function in the receive path. The clock is sourced from an IEEE 1588
grandmaster device.
The TM Receiver recovers the TM packets sourced by the TM Transmitter and re-generates the
clock and data for both test streams. The data steam output for both test streams is connected to
an oscilloscope to enable measurement of the delay for both streams. As the data rate is 1 Hz, it
is certain that either a rising edge of falling edge of the signal is the “same” significant instant for
both test streams. Therefore, measuring the delay between the rising (or falling) edges of both
test streams provides a measurement of the data alignment.
RESULTS AND DISCUSSION
Preliminary results indicate that stream alignment to an accuracy of + 50 µseconds can be
achieved from the proposed scheme. The following of areas have been identified for additional
exploration, which are anticipated to improve performance:
1. Explore additional filter mechanisms to reduce the impact of packet delay variation on
the accuracy of the Network Clock.
2. Compare multiple Network Clock vendors and study the impact of Network Clock
performance on stream alignment accuracy. The current implementation uses a Network
Clock from a single vendor.
3. Refine internal timestamping schemes in Telemetry Gateway devices.
Further studies and testing will be performed to add more details, with the goal of achieving
stream alignment to within + 2 µseconds. The methods and results will be shared with the
community as they become available.
CONCLUSIONS
As the migration of real time serial streams to transport over IP-based infrastructures accelerates,
the need for high accuracy alignment of streams with diverse characteristics and locations is
increasing. The availability of high accuracy network-connected timing sources, coupled with
hardware processing methods in the Telemetry Gateway makes stream alignment to microsecond
accuracy possible.

When implemented in a Telemetry Gateway, the proposed method provided positive evidence of
the use of timestamps to support stream alignment, but also provided technical challenges. The
solution of these challenges will result in a method that can be used in range environments where
stream alignment is required to extended levels of precision.
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ABSTRACT
In the flight test, the advantages of network telemetry have gradually emerged, and their application
fields will also be expanded. This paper introduces a network telemetry system based on MESH net
and its application in flight test, a ground station can receive telemetry signals of several planes at
the same time; the components and functions of the system are described, the advantages of this
network telemetry system, existing problems and suggestions on future improvements are presented.
INTRODUCTION
Telemetry monitoring technology is a comprehensive technology. It integrates sensing, acquisition,
communication and data processing and is widely used in flight test. At present, since the aviation
industry is booming, current mainstream S-band telemetry system based on the PCM telemetry
architecture is facing with shortage of resources at frequency points, telemetry bandwidth
requirement become an increasingly wider, and its work mode is not flexible due to one frequency
point for an airplane. With the increasing the number of flight test aircrafts and the expansion of the
telemetry data bandwidth, it is difficult to meet the new challenge. At the same time, the PCM-based
telemetry system architecture can only achieve point-to-point transmission, and each ground
receiving station antenna can only track one aircraft which is not flexible.
The PCM-based telemetry system architecture cannot meet the needs of multi-aircraft, highintensity, and high-efficiency missions in aspects of guaranteeing flight inspection efficiency and
safeguarding capabilities. With the expansion and improvement of the IRIG106 standard, network
telemetry technology begin to be gradually generated and applied. Combined with wireless MESH
network technology, a wireless MESH network telemetry system has become a newer and better
choice for telemetry systems. This paper designs a wireless telemetry system based on wireless
MESH which has been applied in the flight test telemetry system.
MESH network technology
2.1MESH Network Technology Overview
The wireless MESH network is a newly emerged wireless multi-hop mesh topology network. It can
be combined with multiple broadband wireless access technologies to form a wireless mesh network
with multi-hop wireless links. This kind of wireless mesh network is a kind of "multi-hop" network
[1]. Any wireless device node can act as both an AP and a router. Each node in the network can send
or receive signals and directly communicate with one or more peer nodes. In this way, the coverage
of wireless systems can be greatly increased, while the bandwidth capacity and communication
reliability of wireless systems is improved. It is an ideal solution for the expansion of the flight test
telemetry system.
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Fig. 1 Typical Application of MESH Network. [2]

2.2 Features of Wireless MESH Network
Wireless MESH network has features such as flexible network structure, easy deployment and
configuration, fault tolerance, and multipoint-to-multipoint communication with mesh connections,
which makes the initial deployment cost of the wireless MESH network very low, and can be
expanded according to demand. The self-organizing and self-healing capability enables the wireless
MESH network to eliminate the need for an administrator to manually configure the network,
automatically discover new nodes, automate the configuration process, automatically maintain the
network's normal operation, and automatically adjust the network for self-healing when node/link
failures occur. [3]
The specific features are as follows:
⚫ Self-configuration: with automatic configuration and centralized management capabilities to
simplify the management and maintenance of the network;
⚫ Self-healing: Provides redundant paths with automatic discovery and dynamic routing to
eliminate single point of failure effects on the system;
⚫ Wide bandwidth: Unlike traditional wireless LANs, network bandwidth does not decrease with
distance;
⚫ Redundancy and scalability: Each node has one or more paths for data transmission. The
number of nodes can be expanded to hundreds or even thousands.
Wireless Telemetry System Based on Wireless MESH
The wireless MESH-based network telemetry system designed on the basis of the above
characteristics mainly includes an on-board test system and a ground control/receiving system with
the two-way communication telemetry link. This system can solve the increasingly huge challenge
faced by the existing PCM architecture telemetry system.
The airborne test system collect outputs network data to the network transceiver. The transceiver
modulates the signal and transmits it. At the same time, it receives control signals from the ground
to implement link initialization and IP control functions. The network telemetry transmission
subsystem is mainly used for downlinking the network data flow output by the airborne test unit
and uploading ground control commands to control the airborne test equipment. The ground antenna
is an omnidirectional antenna, which can receive the data of the airborne network of three aircrafts

at the same time, and uplink data for the link control.
The airborne acquisition and recording subsystem mainly completes the extraction and collection
of airborne video signals and airborne 429, 422 bus data, and encodes the acquired video and key
parameters into network data packets, then transmits them from the airborne Internet radio station
of the network telemetry sub-system to the ground omnidirectional antenna of telemetry receiving
subsystem. The terrestrial network radio transfers the received network data packet to the ground
telemetry security monitoring server through the Ethernet switch. The server sends the real-time
parameters of the aircraft to the monitoring client through the network multicast to realize real-time
ground monitoring and quasi-real-time flight performance analysis.
At the same time, the airborne acquisition and recording subsystem can receive the uplink data
command from the ground control center, complete the device self-test, self-start, restart, downlink
data bit rate settings and other operations. The GPS/Beidou integrated positioning device with realtime differential and timed functions can be installed to provide accurate positioning measurement
of the trajectory and speed of the aircraft. The overall design of a telemetry system based on a
wireless MESH network is shown in Figure 2.

Fig. 2 Block diagram of telemetry system based on wireless MESH network.

Main Functions of the telemetry system based on wireless MESH network:
a. Up to 16 IP wireless nodes to form a "non-fixed self-healing wireless network";
b. Telemetry from one point to multipoint;
c. The wireless network works in a narrow band at the same frequency (optional bandwidth 2.5,
3.0, 3.5, 5.0, 6.0MHz);
d. The system uses COFDM to achieve excellent transmission range and beyond-line-of-sight
transmission capability;
e. The wireless network is multidirectional;
f. Each node can be used as an input source for video, audio or IP data;

g. Any node can act as a relay point;
h. Transmission mode is TCP/IP, UDP transparent transmission;
i. Anti-multipath fading and Doppler shift mechanisms.
The network telemetry system based on MESH has been applied in flight test. One set of terrestrial
receiving base stations in the system monitors and measures transmitted video signals of no less
than 3 aircrafts, and monitors and measures the number of aircrafts not less than 5 when no video is
transmitted. The cross-link state diagram of the airborne network telemetry transmitter of the three
aircrafts and two terrestrial network telemetry receivers is shown in Figure 3.

Fig. 3 Multi-system cross-link state diagram.

3.1 Onboard subsystem design
The airborne network sub-system can combine a self-organizing and self-healing wireless mesh
network at most consisting of 16 nodes. Nodes within the mesh network can exchange data at the
same frequency, simplifying frequency management. This mesh only occupies 2.5MHz bandwidth
(3.0, 3.5, 5.0, and 6.0MHz are also available). The node adopts a unique COFDM modulation
mechanism. Therefore, it has excellent radio frequency penetrating ability and multi-path
transmission performance.
Wireless mesh node can provide IP data transmission rate of more than 8.0Mb/s (The rate depends
on the model of the node, the number of nodes, and the distance between nodes).
This IP rate is used to exchange IP service data between nodes. A highly flexible mesh structure
means that data between nodes can be exchanged point-to-point or point-to-multipoint; nodes can
also increase transmission distance through relay transmissions. Airborne network subsystem
architecture as shown in Figure 4.
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Fig. 4 Airborne Network Subsystem Architecture.

3.2 Ground receiving subsystem design
The ground telemetry receiving subsystem receives the airborne telemetry transmission data,
processes it in real time, and sends it to the ground control command center to display the key realtime parameters of the aircraft and real-time/quasi-real-time pilot flight effect analysis through the
optical fiber network. At the same time, uplink differential navigation data is transmitted to the
aircraft for real-time differential position of GPS/Beidou receiver. It solves the issue of the lack of
real-time position monitoring accuracy and post-distribution differential processing on the ground
after the completion of the previous flight and reduces data processing time by at least 2 Hours.
CFTE achieved real-time dynamic reference differentials through years of technical research.
The ground telemetry receiving subsystem includes three parts: ground telemetry receiving
subsystem, ground real-time differential reference subsystem, and ground telemetry control
subsystem. The system is mainly composed of two sets of omnidirectional telemetry receiving
antennas, network connection/transmission modules, power amplifiers, real-time processing units,
etc. One set of receiving system can remotely measure the data of three aircrafts. The ground
telemetry receiving subsystem is used for receiving and demodulating the telemetry data, and the
terrestrial real-time differential reference subsystem is used to upload the reference station data
through the wireless radio station for real-time differential, thereby obtaining high-precision realtime positioning information. The ground real-time differential subsystem can also be used to solve
high-precision user trajectory data based on GPS/Beidou original data recorded by ground
differential reference stations and airborne GPS/Beidou positioning equipment for analysis of
aircraft flight trajectory data and other related analysis and processing.
The ground telemetry control subsystem mainly completes the work state monitoring and equipment
parameter configuration of on-board acquisition and recording equipment for terrestrial network
radio stations, multi-aircraft airborne internet radio stations and multiple aircrafts, including two
sets of terrestrial telemetry control computers and ground telemetry control software. The ground
telemetry control computer uses the server of the ground telemetry receiving subsystem to control
the equipment and the link. Ground control command center equipment connection diagram shown

in Figure 5.

Fig. 5 ground control command center equipment connection diagram.

Network telemetry system data packet structure design
The new network telemetry system must satisfy both the existing IRIG 106 telemetry standards and
the published iNET telemetry network standards to achieve both new functions and compatibility
with existing systems. For the above principles, the wireless mesh network in this paper is designed
as a wireless network transparent to Ethernet. Ethernet packets can be transparently transmitted
without any changes. Transparent transmission is achieved through re-encapsulation of Ethernet
data packets. Ethernet data packets are re-encapsulated with reference to the IEEE 802.11 standard.
The format after the package is shown in Figure 6[4].
Network header 1: Identify the sending and receiving addresses of two nodes that send and receive
wireless single-hop. In the transmission process, every time a node passes through, the header 1 will
change: the node that receives the packet will tear down the header l, and when it is sent out, it
repackages the new header and changes the address of the sending node to the current sending node.
Address, change the address of the receiving node to the address of the next hop receiving node.
Network header 2: Identifies the destination node and source node address of the packet. In the data
packet transmission process, the packet header 2 is not changed. Only when the packet reaches the
real destination node will the packet header be removed to obtain the destination address of the
Ethernet frame and forwarded to the corresponding destination host. Ethernet data packets generated
by the user host are encapsulated by the access node in the above format and transmitted in the
wireless mesh network. The routing node queries the forwarding table according to the destination
address of the data packet to obtain the next hop address of the data packet, and forwards the data
packet to the next hop node.
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Fig. 6 Network Telemetry Packet Structure.
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Network Telemetry System Network Management Technology
According to the two-way communication function of the telemetry link in the wireless MESH
network telemetry system, and the MESH network supports the SNMP (Simple Network Manage
Protocol). The test network system (agNET) management technology is designed and developed for
the telemetry system in MDL (Metadata Description Language) to solve test and experiment
network system architecture, requirements, mission description and management taskes. For the
requirements of flight test and test network system management, referring to related standards such
as system management standard (SM) and metadata standard (MD) in iNET, with SNMP protocol
the test network system management is developed in MDL language. The software implements the
three major management functions for system configuration, system status and system security
through informational means and friendly human-machine interface to ensure stable, orderly and
efficient operation of the flight test and test network system.
The MDL-based flight test and test network system management technology is based on the
standard SNMP protocol and the specific requirements of the flight test and test network system,
The system structure, function, requirement description and configuration are implemented through
the MDL to reduce the different of each components, with the MESH network telemetry two-way
link to achieve the three major management functions of the test object, ground station, telemetry
network, etc. in the test and test network can meet the requirements for dynamic configuration,
performance monitoring, fault location, user authentication, and data encryption for test and test
networks in tests, improve system service quality, and ensure optimal performance and stable
operation of test and test network systems. The management activities run through the entire process
of system operation and cover all parts of the system. The network system management unit is the
nerve center of the entire test and test network system and becomes one of the core parts of the
entire system. Lack of management, network, will become inefficient, disorderly, uncontrollable,
and eventually endanger. Network system management technology is a key technology in the entire
MESH network telemetry system.
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Fig. 7 Schematic diagram of network management based on MESH network telemetry system.

CONCLUSIONS
The wireless MESH network-based telemetry system implements a network-based single-frequency

multi-target telemetry technology, satisfies the multi-target monitoring flight test requirements,
breaks through the limitations of traditional telemetry systems, and promotes the development of
new telemetry technologies.
The wireless telemetry solution based on wireless MESH is a hybrid of multiple new technologies
such as MESH, COFDM, and 16QAM. It can complement each other in the current telemetry
system and is a cost-effective telemetry system capable of meeting various tasks (especially small
and medium scale) demand, and Unattended system maintenance can be achieved to achieve pointto-multipoint telemetry monitoring. However, due to the complexity of wireless MESH network
links, multiple delays in data forwarding may cause high delays, and real-time performance cannot
be guaranteed in video telemetry. These deficiencies need further study. Combined with the
development of new technologies, such as MIMO technology, the system will enable higher
bandwidth for telemetry data in the future, thus broadening its application fields.
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ABSTRACT
One of the major advantage of integrated Network Enhanced Telemetry (iNET) system is data
backfill. In the iNET, network data server requests signal retransmission from the on-board
recorder when the signal dropout is detected, and data is retransmitted which leads successful
reception. If there are numerous test articles (TA), however, multiple backfill process for signal
request and data retransmission can cause undesirable capacity waste. This paper describes the
improved backfill process in iNET with multiple TAs. This process includes grouping and
scheduling algorithm within TAs, and the orthogonal and non-orthogonal transmission. The
system model and results are analyzed by simulation.
KEYWORDS
Telemetry Network System (TmNS), iNET, PCM backfill, Data Transmission
INTRODUCTION
Since the Range Commanders Council (RCC) has published IRIG 106 standard in 2017,
telemetry system with current network system has been defined through chapter 21 to chapter 28.
As the word iNET implies, the telemetry system takes benefits of existing network system
features, such as data recovery and resource management. In the iNET, data recovery is done
through PCM data backfill process which leads less or no data dropout during flight tests. It has
been shown that there is almost error free reception with software implementation of backfill in
[1]. Also, researches about iNET also expect that PCM backfill can solve PCM dropout by data
request and retransmission [2]. This PCM backfill process is done by several steps. When PCM
data dropout is detected by the telemetry network, the server sends request to recorder in the TA
through the network link. After the recorder receives the request, it retransmits original data to
the ground via Serial Streaming Telemetry (SST) link which results in data retrieval.
In the case that numerous flight tests are conducted at the same time, it is possible that the server
detects several data dropout from different TAs. In this situation, the network server has to
request PCM backfill process to individual TA, and PCM frame retransmission is done by each
of TAs. As a result, large portion of the link capacity can be occupied with retransmission
processes. Moreover, the increased latency because of the numerous PCM backfill affects entire

system Quality of Service (QoS) with reduced network throughput. Although researches about
TmNS and iNET have been in progress, there are lacks of studies in the viewpoint of various
situations for flight test.
In this paper, we focused on PCM backfill process in iNET with numerous TAs are in the flight
test simultaneously. Each TA is grouped based on wireless channel correlation in order to
achieve effective backfill request and retransmission. Those request and retransmission signal are
formed according to multiple access scheme which allows several TA groups are scheduled to
send data for recovery. Finally, we shows numerical result of proposed backfill process with
grouping and scheduling.
SYSTEM MODEL
When PCM data dropout is happened in SST link, the network server requests for retransmission
to the related TA onboard recorder. Then, the TA retransmits PCM data through the SST link
while real time PCM frames are stored in queue. After backfill process ends, the TA transmits
data from queue. Example for one TA flight test is represented below as Figure 1,

Figure 1 PCM backfill with one TA

where An indicates data frame number, crossed box and circled represent data dropout and data
retrieval from retransmission, respectively. Since real-time data is sent to the queue, PCM
backfill has resulted in increased delay but lossless data reception. In above example, it is
assumed that dropout detections are conducted automatically by the network server, and request
signal for retransmission.
In case of multiple TAs, we proposed data transmission for PCM backfill as shown in Figure 2,
which straight line represents conventional SST link. The dashed line and dash-dotted line
indicates additional transmission by multicasting and non-orthogonal transmission to the ground,
respectively. When PCM dropout occurs within TAs, the network server send request signal only
to one specific TA. Figure 3 demonstrates how does it work with four TAs.

Figure 2 Transmission with several TAs

Figure 3 Proposed PCM backfill with four TAs

In this example, each of TAs always transmits real-time data, and TA1 memorizes received data
from multicasting until the next downlink transmission. If the network server detects PCM
dropout within a group, it requests retransmission only to TA1. Therefore, retransmission occurs
by TA1 with non-orthogonal transmission. The benefits of this transmission is decreased system
capacity occupation as well as reduced latency accused by backfill process.
NON-ORTHOGONAL TRANSMISSION
In a wireless communication system, especially on telecommunication, there has been issues
about spectral efficiency and resource management, because of the limitation of communication
resources. Non-orthogonal transmission is one method to resolve by transmitting information
within limit resource. The NTT DOCOMO has introduced Non-orthogonal Multiple Access
(NOMA) scheme to allocate several users into the same time and frequency resource [3]. The

main idea of NOMA is utilize power domain to distinguish between different users. For instance,
in Figure 2, TA1 transmits signal for not only TA1 data, also sends TA2, TA3, and TA4 with
different power allocation. On the ground station, the entire decoding procedure is done with
successive interference cancellation (SIC) as depicted in Figure 4.

Figure 4 Detection concept in NOMA

On the receiver side, the ground station decodes the most large power portion data with
regarding other signals as interference. Once it decoded, the ground station subtracts this data
from the received signal. Those two steps are conducted iteratively until all the data is decoded,
and data from non-orthogonal transmission is successfully decoded..
GROUPING AND SCHEDULING
The selection which signal is allocated most power portion from the transmitter is decided by
channel condition of its TAs. Because relatively high Signal to Interference plus Noise Ratio
(SINR) ensures error free detection, the power allocation is aligned with channel conditions of
TAs. With defining power allocation factor for 𝑇𝐴𝑖 as αi , we can write the transmitted signal as
follows.
𝑥(𝑡) = 𝛼1 𝑥1 (𝑡) + 𝛼2 𝑥2 (𝑡) + 𝛼3 𝑥3 (𝑡) + 𝛼4 𝑥4 (𝑡).

(1)

where 𝑥𝑖 (𝑡) = transmitted signal from 𝑇𝐴𝑖 . Also, the decision how many TAs are placed in the
same NOMA group is based on channel correlation within several TAs. This selection
guarantees less system overhead because it implies those TAs are placed in the same direction.
After NOMA groups are set up, the network server schedules transmission as one frame for nonorthogonal transmission from the specific TA, and orthogonal SST link transmissions from other
TAs.
Therefore, our proposed backfill process is processed as follows. With numerous TAs are in
flight test at the same time, firstly the ground station analyzes channel correlation of each TAs,
and set a group of TAs which have similar channel correlation each other. Then, the ground
station compares channel condition from each TAs to allocate different power allocation in
downlink transmission. When PCM dropout is detected within a group, the network server issues
request to TA that allocated the most large power portion for data retrieval of other TA. On the
TA side, one of TA transmits signal with non-orthogonal transmission scheme, and the ground
station undergoes detection and SIC to decode signal.

PERFORMANCE ANALYSIS
The waveform for the Shaped Offset Quadrature Phase Shift Keying (SOQPSK) is written as
𝐸

𝑠(𝑡) = √ 𝑇𝑏 𝑒𝑥𝑝[𝑗∅(𝑡) + ∅0 ]

(2)

𝑠

where Eb is energy per bit, Ts is symbol duration, and ∅(t) is phase function. The frequency
impulse shaping function for SOQPSK is represented in [4] as
𝑔(𝑡) = 𝑛(𝑡)𝑤(𝑡)

(3)

where raised cosine function n(t) and window function w(t) is defined
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, 𝑇1 < |𝑡/𝑇𝑠 | ≤ 𝑇2 .
, 𝑇2 < |𝑡/𝑇𝑠 |

Based on IRIG standard, 𝜌 = 0.70, 𝐵 = 1.25, 𝑇1 = 1.5, 𝑇2 = 0.50 .
Defining 𝑝𝑖 as error probability for downlink transmission from 𝑇𝐴𝑖 , number of transmission
without dropout with n time trials follows the binomial distribution. Therefore, we can assume
the number of successful transmission as 𝑁𝑖 = 𝑛(1 − 𝑝𝑖 ) by given received signal y(t) = h(t)*s(t)
+ w(t) with signal s(t), channel impulse response h(t), and Additive White Gaussian Noise
(AWGN) w(t). With non-orthogonal transmission, successful transmission for data retrieval of
dropout data is relied on the best channel condition TA, i.e. 𝑃𝑟[(1 − 𝑝1 )|𝑝𝑖 ]. We set the number
of transmission without error as throughput parameter and compare conventional backfill process
and proposed one introduced in system model.

NUMERICAL RESULTS
Figure 5 shows Bit Error Rates (BER) of each TAs on the receiver side. It is assumed that TA1
has the best channel condition compared to others where 𝐸𝑏 /𝑁0 indicates energy per bit to noise
power. With this BER, Figure 6 depicts normalized number of successful transmission with
comparison between conventional backfill process and proposed method described system model.
As the graph indicates, the proposed one has higher success probability in transmitting signal,
because the retransmission is sent through TA1 which has a good wireless channel condition.

Figure 5 BER of each TAs

Figure 6 Number of successful transmission

CONCLUSIONS
In this paper we proposed PCM backfill process with non-orthogonal transmission based on
grouping and scheduling. With non-orthogonal transmission, we can achieve decreased number
of request signals and retransmissions through the network link. Also, since the real-time data
and the dropout data are transmitted at the same time, we can reduce transmission delay aroused
from backfill process. The numerical result shows the advantage in terms of entire system
throughput.
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ABSTRACT

Abstract：In order to address the issue of insufficient telemetry frequencies in flight tests, a telemetry
transmission solution is proposed to transmit the principal parameters and HUD video for multiple
aircrafts based on bi-directional wireless network. All the key points including the wireless
transmission architecture for airborne and ground integration, network resources management, and
dynamic configuration of airborne test system are illustrated. The research result has been verified in
flight tests, and the experimental methods and results are presented as well.
INTRODUCTION
The existing telemetry transmission system for flight test is a P2P mode, which means one telemetry
receiving station can only receive flight parameters of one aircraft. When multiple aircrafts require
telemetry monitoring simultaneously, the same number of telemetry receiving stations are needed.
Moreover, since there is only a downlink in this mode, the GPS or Beidou real- time carrier-phase
differential can not perform. Therefore, a more accurate position of the flight can not be located, and it
can not satisfy the high precision positioning requirement in flight test. Furthermore, in this mode it is
necessary to manually download, process and analyze the flight parameters and video data, which
could lead to long data processing cycles and high work intensity. Overall, this model can no longer
meet the test and training task of multi-batch, multi-subject, high-intensity in aviatic flight test at the
current stage in terms of capability and efficiency.
To address the problem of simultaneous monitoring of multiple aircrafts, real-time high-precision
positioning of multiple bases(multi-flight, ground-based, ship-based), time and space synchronization,
pilot assessment and other difficult problems, a compact, intelligent, integrated network telemetry
system is designed for flight test to provide real-time flight parameters capturing, multi-flight safety
monitoring, and rapid flight result analyzing and other features as well.
NETWORK TELEMETRY TRANSMISSION
Currently traditional telemetry mode dominates flight tests. FM modulation is used in this mode,
although it is stable and reliable, but the FM modulation mode has low spectrum efficiency at high

transmission rate. Considering the BER and channel interference, the ratio of bandwidth and telemetry
rate is about 2.4:1, and the problem of occupying more frequency resources is especially prominent.
Therefore, the new Wideband RF network receiver or transmitter adopts new modulation technology
to improve the spectrum utilization at high transmission rate. There are many alternative digital
modulation modes in the world presently, of which OFDM (Orthogonal Frequency Division
Multiplexing) has shown a good application prospect. The main advantage of this modulation is to
combat frequency-selective fading and narrowband interference, while improving the spectrum
utilization at the same time. OFDM is a military and civilian dual-use technology. In the field of
military experimentation, such as the Toulouse flight test base in France, OFDM has been used to
transmit flight test data. The US has also developed S-band airborne RF transceiver products using
OFDM. In the commercial field, OFDM has been widely used in broadband wireless network and
high-definition digital image transmission [1].
COFDM (Coded Orthogonal Frequency Division Multiplexing) is a combination of OFDM and
channel coding, and COFDM is based on the idea of carrying information in both frequency time
domain. The fading of each unit signal can be considered statistically independent by encoding, thus
eliminating the effects of flat fading and Doppler shift, so it can be applied to high-speed moving
aircrafts [2].
The telemetry transmission system using COFDM modulation can combine a self-organizing and
self-healing wireless mesh network composed of 16 nodes. The nodes within this mesh network can
exchange data at the same frequency simplifying the frequency management. This mesh network
occupies only 2.5MHz bandwidth (optionally 3.0, 3.5, 5.0 and 6.0MHz). COFDM modulation is
served in the nodes, therefore, it has excellent RF penetrating ability and multipath transmission
performance.
The mesh network nodes can provide IP data transmission rates over 8.0 Mbits/s (the rate depends on
the model of nodes, the number of nodes, and the distance between nodes). This IP rate is used to
exchange IP data between nodes. A highly flexible mesh structure features that data between nodes can
be exchanged in a P2P or point-to-multipoint manner, and that nodes can also increase the distance of
the transmission through relay.
Each mesh node provides two physical Ethernet ports as a switching hub, and a connection to the
network wireless link. All node units are connected to each other as a wireless IP network. The system
arbitration guarantees avoiding collisions at any time. Nodes can be seamlessly connected to the
network without user intervention.
Each network radio station has two-antenna diversity receivers. Only one of these antennas will have
data transfer in a short time. The transmission is arbitrated by tokens between radio stations.
ARCHITECTURE OF NETWORKED TELEMETRY SYSTEM
The networked telemetry transmission system consists five parts: the airborne acquisition and
recording subsystem, the network telemetry transmission subsystem, the GPS or Beidou subsystem,
the ground telemetry receiving subsystem and real-time multi-aircraft security monitoring subsystem.
The airborne acquisition and recording subsystem mainly completes HUD video and airborne 429, 422
bus data collection, and the video and parameters data are encoded into network data packets, which
are transmitted by the airborne antenna and network radio of the network telemetry transmission
subsystem, then received with the Omni antenna of the ground telemetry receiving subsystem. The
network radio station sends the received network data packets to the ground security monitoring server
through the Ethernet switch, and the server will multicast via the network sending parameters of the

aircrafts to the monitoring client to realize real-time ground monitoring and quasi-real-time flight result
analysis.
In the meantime, the airborne acquisition and recording subsystem can receive the uplink command
data from the ground control center, performing the device state self-check, the device self -start, restart,
bit rate setting and other operations. Equipped with the GPS or Beidou, this system can realize RTK to
provide accurate trajectory and velocity of the aircrafts.
DATA ACQUISITION
The airborne acquisition and recording system mainly completes the acquisition of the HUD video,
ARINC-429 bus, RS422 bus, analog, frequency and discrete parameters. It also receives the
positioning information of GPS or Beidou output. All these information is encoded in a composite
manner to form Ethernet packets to the airborne network radio station. At the same time, the airborne
test unit can receive the uplink data command of the ground control center, completing the device state
self-check, the device self -start, restart, bit rate setting and so on. The schematic diagram of the
subsystem principle is shown in Figure 1.
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Fig. 1 schematic diagram of the subsystem principle

The airborne acquisition encoder mainly includes the following boards: HUD video acquisition board,
ARINC-429 Bus acquisition board, RS422 Bus acquisition board, Analog data acquisition board
(integrated with thermocouple acquisition module), frequency and discrete data acquisition board,
master control board (integrated with PCM coding module, Data storage module, Ethernet module and
IRIG-B AC time code module), motherboard and power board.
The airborne acquisition encoder Ethernet port outputs the encoded video and flight parameters signal
using UDP multicast. It can also receive the control instruction of the ground through the wireless
network radio station, which can realize the composite output of HUD video and flight parameters, or
flight parameters only.
DATA TRANSMISSION OF WIRELESS NETWORK

In order to meet the requirements of multi-platform, high intensity and high efficiency flight mission,
and saving the test resources, a networked telemetry transmission system is designed to fulfil one
ground telemetry station receives and monitors multi-aircraft simultaneously. The airborne wireless
network radio is mainly used for transmitting the network packets stream of the airborne device output,
uploading the real-time carrier-phase differential of the GPS or Beidou device to achieve precise
positioning of the aircraft, and uploading the ground control command to gain control of the airborne
equipment.
The airborne wireless network can combine a self-organizing, self-healing wireless mesh network
composed of 16 nodes. The node uses antenna diversity technique, combined with a variety of
advanced technologies such as spatial diversity, time division and multiple access, which can
significantly enhance the system’s anti-fading ability. With the unique COFDM modulation, the signal
receiving intensity for the mobile targets is enhanced by 3 to 5 dBm than other ordinary radio devices.
The excellent RF penetration and multipath transmission performance ensure that BER can be <10e-6
when the receiving level is -98dbm [3].
In this networked telemetry transmission system, the mesh network topology is used to realize
multi-point to multi-point network data transmission. In such a network structure, each node is
connected in a multi-hop manner through other adjacent network nodes, which can fulfil the network
communication among the aircrafts [4]. In actual flight tests, one ground telemetry stations can receive
the flight parameters data of 6 to 10 aircrafts.
The networked telemetry transmission system enables the use of AES128 or AES256 encryption
(optional) to ensure the control of the deployed nodes, via a built-in web browser or PC version of the
integrated control program. With map display, this program can configure, monitor the mesh network,
and control each node.
ANALYSIS OF GROUND REAL-TIME DATA RECEPTION
The telemetry receiving subsystem receives the key parameters data of the aircraft in real time, which
is used for flight test engineers and flight commanders to monitor and direct. The system extracts
important information through the real-time analysis and processing of all sorts of data. According to
these information, flight test engineers monitor the flight test process, judge the completion quality of
the subjects, and evaluate the safety risks, which provide guarantees for the efficient and safe
implementation of the tasks. The specific functions are as follows:
a) Real-time data receiving function: The system receives all kinds of airborne data and video
in real time through the Omni receiving antenna, processes it through the telemetry front end,
acquiring various airborne data.
b) Real-time status display and control function: Real-time display of all network radio
operating status, airborne test unit working status, and control of the airborne test unit and
airborne network radio;
c) Real-time data processing function: The real-time data processing is to provide the required
data information for the command and monitoring by processing the raw data. The main
functions include the extraction of quantities of flight parameters, the calculation of derived
parameters, and the simultaneous processing of multiplexed data, calculations, analysis and
processing data according to the requirements of the flight test task tasks.
d) Real-time carrier-phase differential function: The ground GPS or Beidou differential station
sends positioning data through the RS422 port, then uses the uplink of the network station to

transfer to the network radio on the aircraft. After that the airborne GPS or Beidou device
receives data from RS485 Port of the network radio to realize the real-time carrier-phase
differential.
Establish a ground control center in the ground. The control center is equipped with one network radio,
one network switch, one control computer, control program, and two antennas for each radio. The
Wireless encryption communication link enables interoperability. For better transmission, the ground
station employs high-power Omni antennas. The antennas are installed as high as possible, to achieve
better quality. Antenna A is dedicated to sending data, and antenna B is used to receive data.
The ground Omni antenna receives the wireless signal and convert it into a radio frequency signal and
send it to the ground network radio, through the network radio, the signal is transformed into the
network data packets, and then send to the ground data server. The server receives the network packets
in real time, processing to the physical data according to each parameter's school line. After being
parsed with the interface control file, the flight parameters are obtained. Finally the C/S architecture is
used to multicast data to each monitoring client through the network, and the data and the curves are
displayed in real time.
TEST VERIFICATION
Through the flight test mission of a certain aircraft, we conducted flight test verification on the wireless
network transmission system. The original ground test device was modified to the aircraft, and a
networked telemetry transmitting antenna was modified in front of the fuselage to transmit wireless
network data signal. Ground-receiving equipment is identical to the test equipment used in ground
testing.
The HUD video and flight parameters of the aircraft were collected and encoded, then sent through
wireless network radio, power amplifier and airborne telemetry transmitting antenna. The ground
wireless network telemetry receiving platform decodes the video signal and the key flight parameters
after receiving the network packets, then restores and displays it in real time. All the data that is
received is also saved to disk.
In the first flight test, it was found that when the aircraft turns, the signal is intermittent and the network
data packet loss is large. After analysis and research, this is due to the airborne antenna installed in front
of the fuselage, when the aircraft turns, airborne antenna is blocked, causing the data link of the
wireless network to be disconnected, resulting in data loss. In the second test, an airborne antenna was
added to the upper part of the aircraft. From the time the aircraft took off to the maximum distance of
50km, the ability to receive complete data packets was greatly enhanced, and decoding and recovery
showed a continuous video image and flight parameters. After more than 1,000 sorties of flight tests, it
is verified that this networked transmission system is stable and reliable, real-time ground/vessel
distributed safety monitoring is realized, and one networked telemetry receiving station can
successfully receive 6 aircraft flight parameters. The system has effectively improved the efficiency of
flight tests and saved frequency resources as well as human and material resources.
CONCLUSION
A new network telemetry transmission system is designed, which achieves bidirectional and
long-distance telemetry transmission between the aircraft and the ground control center, realizes the
application of a network telemetry transmission for the aviation flight monitoring, simplifies the
traditional telemetry transmission system, reduces the telemetry transmission cost, and enables the

limited frequency resources to be fully utilized. The real-time monitoring and commanding of aircrafts
by receiving the HUD video and key flight parameters in real time can minimize flight risk, improve
flight test efficiency and save flight cost. Moreover, in the establishment of multi-aircraft joint flight
test, drone flight test data links, etc., network telemetry transmission system has broad application
prospects, and will bring enormous economic and social benefits.
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ABSTRACT
This paper describes the design and performance of the BYU mars rover with an emphasis on the
wireless communications system and the transmission and reception of data vital to the
performance of the rover.
INTRODUCTION
The University Rover Challenge (URC) is a three day competition that takes place each year at
the Mars Desert Research Station in Hanksville, Utah. The competition is hosted by the Mars
Society and has been running for twelve consecutive years. The University Rover Challenge is
organized into four separate tasks: science, autonomy, extreme retrieval and delivery, and
equipment servicing. Each task features a variety of challenges, the completion of which comes
with a certain amount of points. Participating teams are required to build a rover that can
complete these challenges through teleoperation. Teams operating in the 900 MHz band are
required to operate in specific channels that are 8 MHz wide and those operating in the 2.4 GHz
band are to operate in channels that are 22 MHz wide. There are also two tasks in which in lineof-sight communication is not guaranteed.
BYU has competed in the URC since its conception. While team performance has fluctuated
over the years, the 2017 group was rather successful, finishing fourth. There is very high
turnover from year to year since the BYU Mars Rover team is almost entirely made up of
seniors. This often comes as a disadvantage because each year we have to start off from scratch,
inheriting all the problems of the previous year’s rover without much of the background
knowledge required to make design modifications.
This year’s team consisted of 23 fulltime students with 8 volunteers. We were divided into 3 subteams: mechanical, electrical, and autonomy. Each sub-team was further divided down according
to team goals and requirements. This paper will focus on the work of the wireless
communications section of the electrical sub-team.
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INHERITED CHALLENGES
Despite the success of the previous team, there were still a number of problems with the rover
that needed to be addressed, particularly with the wireless communication system (last year’s
rover is shown in figure 1). The previous group of students utilized a 2.4 GHz communication
link with ROS (Robot Operating System) used to handle communication between various parts
of the system. While this system supplied good data throughput during challenges which were in
line-of-sight, it was highly unreliable in out of line-of-sight terrain. For this reason 2 tasks were
left uncompleted during the competition.

Figure 2

Figure 1: Previous year's rover at 2017 URC

Rover operators also experienced difficulty due to latency in the video feeds. Data throughput
capability dropped with the rover in certain positions, this caused the network to be bogged down
and led to lagging. This issue became especially prominent when trying to transmit more than
two video feeds. This is problematic because situational awareness is extremely difficult with
two video feeds and is nearly impossible with just one. The ability of the rover operators to
receive feedback from more than two camera feeds is essential to successful navigation of the
competition tasks.
REQUIREMENTS
We derived a requirements matrix based on the published URC rules, the feedback from the
previous year’s team, and the state of the rover when we received it. The electrical sub-team
requirements matrix can be seen in figure 10. The specific requirements that were related to the
communications system were: video quality of 10 frames per second at one kilometer from base
station, receive a strong signal from the base station with the rover at a distance of 1.15 km,
degrees out of line of sight while still maintaining a strong signal (see figure 2), and minimum
throughput of 1 Mbit/s at 1 kilometer from the base station.
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Figure 2: Diagram of angle out of line of sight

DESIGN CONCEPTS
We explored a variety of potential solutions to the rover communications issues. We wanted to
strengthen out of line-of-sight communications without sacrificing too much of the throughput
that 2.4 GHz afforded. We discussed employing a 433 MHz RC style communication system
with a series of analog cameras, we explored implementing a repeater-dropping system that
would allow 2.4 GHz signals to reach around corners and down valleys, and we looked at adding
a 900 MHz link in addition to the 2.4 GHz that we already had. We compared our ideas in the
controlled convergence chart shown in figure 3. Our final plan was to simply use a 900 MHz
link: a Ubiquiti Airmax Yagi antenna at the base station, and an omnidirectional antenna for the
rover, purchased from Data Alliance. Both antennas were connected to Ubiquiti Rocket M900’s.
The radiation patterns of our chosen antennas are shown in figure 4 and figure 5.

Figure 3: Controlled convergence table
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Figure 4: Base station and rover antennas [1],[2]

Figure 4: Horizontal radiation pattern of base station
antenna [1]

Figure 5: Horizontal radiation pattern for rover antenna [2]
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DESIGN TESTING
We first wanted to get a sense of what kind of throughputs we could achieve with our 900 MHz
link. Using the built in speed test feature of Ubiquiti’s AirOs (already installed on the rocket) we
were able to acquire throughput readings of our link at various distances and different degrees
out of line-of-sight. A view of the speed test GUI can be seen in figure 6. Figure 2 also details
our method for testing out of line-of-sight and what degrees out of line-of-sight means. At one
kilometer in line-of-sight we recorded an average throughput of 2.53 Mbps and at 60 degrees out
of line of sight we recorded an average of 1.4 Mbps.

Figure 6: View of speed test GUI

These recorded values were well within our requirements, however, we wanted to confirm that
they could transmit multiple video feeds without a significant amount of latency. We discovered
that by using the theora video compression package, and at a resolution of 480x640, the
transmission rate of one video feed was no more than 80 Mbps. This would mean that
theoretically we could transmit up to 17 video feeds from the rover without overloading our
network and causing latency. This calculation proved to be consistent with our experience in
operating the rover. Publishing a significant number of video feeds from the rover never seemed
to cause latency in the video transmission as long as theora compression was used.
DIRECTIONALITY OF BASE STATION ANTENNA
As evidenced in figure 4, the Ubiquiti yagi antenna that we elected to use at our base station was
highly directional. This was not acceptable for our purposes since the rover is constantly
changing position with respect to the base station. In addition, we are never guaranteed a
foreknowledge of where the task is going to be performed with respect to the base station. Thus
it became necessary for us to design a rotation mechanism that could be automatically and
manually adjusted so that the base station antenna’s heading was always toward the current
location of the rover.
We created an antenna mount that was bolted to the top of a Lazy Susan bearing. We then
connected another mount to the bottom of the bearing that could easily connect to the top of a ten
foot pole. The mounting hardware was custom made and the Lazy Susan bearing was purchased
at Home Depot. We purchased a small stepper motor with a 100:1 gear ratio from StepperOnline,
which was used to supply the mechanical force needed to rotate the antenna and withstand up to
40 mph winds. A photo of the hardware is shown in figure 7 and figure 8.
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Figure 7: Antenna mounting hardware

Figure 8: View of antenna mount with antenna
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We implemented two different methods for tracking the position of the rover with the base
station antenna. The first was manual control. Since the competition regulations stipulate that the
rover operators are not allowed to see the base station antenna during the operation, rover
operators must rely on the signal strength obtained by querying the rocket using the ‘iwconfig
ath0’ command. An example of the output of this command is shown in figure 9. Operators can
monitor the ‘Link Quality’ field of the output as they control the antenna rotation to find the
position of highest signal integrity. The second mode that we implemented was an automatic
tracking algorithm that would follow the rover based on its GPS coordinates. The algorithm we
designed calculates the new heading from the base station to the rover every ten seconds, and if
the current heading is different from the new heading by more than five degrees, the antenna is
rotated to the new heading.

Figure 9: Example of output query from rocket

CONCLUSION
While our rover placed fifth, the changes that were made to the wireless communications system
were extremely effective. Not once did the rover operators lose contact with the rover. We were
able to compete in all legs of the ‘Extreme Retrieval and Delivery Task’ because of the
robustness of our communications link. The rotating base antenna mechanism also proved
essential as we used it to improve signal quality during crucial legs of the competition.
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Figure 10: Electrical sub-team requirements matrix
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ABSTRACT
To address the challenge of avoiding dynamic obstacles during the course of the 2018 SUAS competition, a multistage obstacle characterization and avoidance algorithm was designed and implemented. The obstacle characterization section begins with simple base assumptions about behavior
and goes through several more advanced stages of obstacle characterization and prediction as more
data arises and advanced behavior is detected. The path finding section of the algorithm uses a recursive Monte Carlo path sampling function with a flexible structure that allows for usage with
varying computational budgets. It also restricts its computational usage depending on the level of
variability in the obstacles.
INTRODUCTION
The dynamic obstacle avoidance algorithm that will be discussed in this paper forms a small but
critical part of a wider unmanned aerial system (UAS). This UAS was designed and built by the
University of Arizona Autonomous Vehicles Club (AZA) to compete in the 16th Annual Student
Unmanned Aerial Systems Competition (SUAS), which is run by the Association for Unmanned
Vehicle Systems International (AUVSI) Seafarer chapter. The full contest consists of several elements, including a technical design paper and a flight readiness test. However, the UAS is built
to perform in the mission demonstration section of the competition. Mission demonstration consists of obstacle avoidance, waypoint capture, obstacle detection/identification, and air delivery.
Obstacle avoidance tests the ability of the UAS to avoid static and dynamic obstacles while flying
autonomously. Waypoint capture tests the ability of the UAS to navigate quickly and accurately
between points. Obstacle detection/identification measures the ability of the UAS to autonomously
identify alphanumeric ground signs and an emergent object. Finally, air delivery demonstrates the
ability of the UAS to autonomously drop a water bottle on a given target location.
SYSTEM OVERVIEW
To successfully perform the mission demonstration, AZA designed and built a UAS consisting of
a plane, a computer ground station, and a connection to a Judging/Interoperability system, which
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interacts with the ground station to judge and facilitate the contest. To complete the obstacle
avoidance portion of the competition, the UAS relied on an avionics subsystem consisting of servo
controls, sensors, a radio link to the ground station, and a Pixhawk. The Pixhawk is an open
source autopilot module capable of managing the on board supervisory control and data acquisition
(SCADA) and communications with the ground station. It contains basic ports for sensor and
servo connections and runs a simple autopilot software that, when paired with an onboard GPS,
can navigate to a given series of coordinate points.
OBSTACLES
In the obstacle avoidance portion of the SUAS competition the plane must avoid a number of digital obstacles that move around during the course of the mission. There are two types of obstacles,
static and dynamic.
Static Obstacles: Static obstacles are represented by cylinders with a height, radius, and static
location. This information is provided by the judges through the interoperability system. There are
up to 10 stationary obstacles with radii between 30ft and 300ft and heights between 30ft and 750 ft.
Dynamic Obstacles: Dynamic obstacles are represented by spheres with location and radius. Their
movement is modeled after the behavior of planes and they do not intentionally move to collide
with the UAS. Although speed and heading are also properties of the obstacles, only location and
radius are provided, continuously, through the interoperability system. There are up to 10 dynamic
obstacles with radii between 30ft and 300ft and speeds between 0KIAS and 40KIAS.
ALGORITHM INPUTS AND OUTPUTS
The details of the obstacles form part of the inputs to the obstacle avoidance algorithm. The full
I/O is as follows.
Inputs:
• Stationary Obstacle Details
• Dynamic Obstacle Details
• Current Plane Heading and Speed
• Current Pixhawk Path Coordinate Stack
Outputs:
• Alterations in the path (Pixhawk Stack)
• Obstacle observations and characterizations
RESTRICTIONS
During the mission, the plane is constrained by several limitations. At a minimum, to avoid being
disqualified from the competition, the plane must remain in its provided airspace, which consists
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of a polygonal flight area and a flight height restricted to 700 ft. In addition to competition rules,
the plane’s movement is limited by both design and choice. Due to its construction, the plane is
incapable of turns that exceed its turn radius. The plane is also restricted by design decisions made
by the club. AZA decided to hold the altitude and speed of the plane constant during the mission
flight due to technical limitations of the computer vision equipment.
EVALUATION
The scoring of the SUAS Mission component is complex, with a full rubric included in the contest
instructions [1]. However, most of these scoring areas are of no concern to the obstacle avoidance
algorithm. In fact, only the mission time and obstacle avoidance scoring categories are directly
affected. These evaluation metrics are intertwined, as, in an effort to avoid obstacles, the time
taken by the mission may be affected. As a result, when choosing a path, both flight time and the
risk of obstacle collision must be considered. To wisely make this tradeoff, the scoring of each was
analyzed. Mission time, worth 8% of the total score, was found to be less valuable than obstacle
avoidance, which is worth 20% of the score and drops drastically if any obstacles are hit. From
the score calculations, it was found that, if there are ten dynamic obstacles, hitting one obstacle is
equivalent to a loss of 2.71% of the mission points, which is equivalent to around 15 minutes of
additional flight time. Therefore, it is almost universally better to fully minimize risk of collision
to the detriment of flight time unless the time limit of 45 minutes will be exceeded.
OBSTACLE CHARACTERIZATION
STARTING ASSUMPTIONS AND KNOWLEDGE
From the contest instructions, it can be gathered that the purpose of the obstacles is to model a
congested airspace in which a UAS would be expected to perform its mission. From experience in
previous years, this is taken to mean that the dynamic obstacles can be assumed to be modeled after
the behavior of planes and that the obstacles will change course non-instantaneously in a smooth
curve. However, although this assumption is expected to hold true, with the rise of multi-copter
drones, flight dynamics of other UAS increasingly differ from simple, fixed wing patterns. Additionally, the competing teams are given no knowledge of the individual tendencies and patterns of
each of the dynamic obstacles. The combination of this starting knowledge leaves a situation in
which the behavior of the obstacles can be weakly assumed to resemble fixed wing aircraft, and,
otherwise, is only limited by the speed restrictions given.
GUIDING PRINCIPLES AND THEORY
To best avoid obstacles, an algorithm must characterize and predict the behavior of the obstacles
beyond the coordinate information that is given. To do this, most current obstacle avoidance algorithms either rely on significant baseline behavioral assumptions or a vast quantity of training data
to teach their software how to best avoid obstacles. However, in the unpredictable, real world situations that a UAS might reasonably be expected to perform, these simplifying techniques may not
be accurate or available. In situations like these, an approach that assumes behavior only when it
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has been shown, and integrates more complex behavior into increasingly accurate prediction methods is advantageous. In this paper, the obstacle characterization section of the algorithm seeks to
do just that. Its methods are modeled after the way that a human or animal would approach obstacle avoidance. It begins with no behavioral assumptions, and, as behavioral patterns are shown,
moves between methods to find the optimal balance of computational usage and accuracy.
RISK MAPS
In order to enable more effective path planning and guide the plane safely, each of the obstacle
characterization steps must communicate what they have learned to the path planning section of
the algorithm. To do this, each behavioral characterization stage outputs a risk map. This risk map
spans the flight region and assigns a probability of an obstacle being at a location for each time t.
This risk mapping strategy models the way that, when faced with risk, intelligent beings assess the
relative risk of pursuing different paths.
PROGRESSION OF OBSTACLE CHARACTERIZATION
The behavioral characterization section of the algorithm moves between several obstacle path prediction methods. Each method represents a possible approach to obstacle path prediction. As the
characterizations become more complex, they may become more accurate, however, they also require more computational resources and take more time. To determine whether to move to a higher
level characterization method, the algorithm tests for deviations from the low level assumptions.
If an obstacle is found to display more complex behavior, the algorithm moves to a higher level
method to take advantage. The methods used in the algorithm progress as follows.
1. No Fly Zones
2. Random Probability Mapping
3. Advanced Probability Mapping
4. Probability Mapping with Memory
NO FLY ZONES
When a person or animal first detects a potentially dangerous unknown object, their first reaction
is to keep a distance away from it in all directions. Although basic, this avoidance strategy makes
sense, as an object with unknown speed and heading could theoretically move quickly in any
direction. In the algorithm, this behavior is modeled by a circular risk mapping that surrounds the
object in all directions and assumes a high rate of obstacle speed.
HEADING, SPEED, TURN RADIUS CHARACTERIZATIONS
Of course, avoiding whole regions leads to a needlessly inefficient path. As a result, additional
characterizations are needed. The simplest additional information that can be determined from the
information provided is the current heading and approximate speed of the obstacle. By fitting a
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curve to the last several points, the algorithm indicates the heading of the obstacle with an increasing degree of accuracy as more recent points are used. Additionally, by using the coordinates of the
obstacles paired with the time stamps at which they were retrieved, the speed of the obstacle can
be estimated. Under the assumption that the obstacles will model plane flight, speed is expected
to stay relatively constant throughout the mission. Another pertinent obstacle characterization is
turn radius. Even if it is assumed that the obstacles are modeled after planes, it is not known
how quickly they can turn. To estimate the maximum turn radius for each obstacle, the algorithm
samples a number of previous sets of three sequential points. For each set, a certain turn radius is
necessary to accomplish the movement. Using the results of these samples, an estimation of the
maximum turn radius can be determined.
RANDOM PROBABILITY MAPPING
With these simple estimated behaviors of the dynamic obstacles, an improved prediction can be
made. Using heading, speed, and turn radius, an expected movement distribution can be defined.
At this early time, there is no evidence to suggest anything other than random turning behavior, so
the risk mapping for the expected movement area is evenly distributed.

Figure 1: Random Probability Map for One Obstacle

ADVANCED PROBABILITY MAPPING
It is possible that the obstacles are in fact turning randomly. If this is the case, a more advanced
characterization would be a waste of computational time. However, most planes with a set destination will not swerve excessively, but, rather, will proceed in a straight line. To take advantage
of this and other simple tendencies in turning, a slightly more advanced method is used. To determine when to use it, the algorithm checks whether the behavior of the obstacles is conforming to
the expectations of the random probability mapping. If it is detected that the obstacle is not turning randomly, then the algorithm begins to use the advanced probability mapping. The advanced
probability mapping stores the past turning behavior of each obstacle and uses it to build a more
granular distribution map. By using this mapping, the tendencies of each obstacle come clearly
into focus, allowing for more precise path planning (See Figure 2)
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CONSIDERATION OF PAST BEHAVIOR
Having developed an expectation of where an obstacle will move from any certain point, the next
step that an intelligent observer might take is to determine whether future behavior is strongly
correlated to past behavior. That is, if an obstacle takes a certain action, does the probability
distribution of the next one differ from the average distribution? To model this as efficiently as
possible, the algorithm categorizes recent behavior into slices of approach. Then, for each slice, a
rough probability distribution is created based on past data.
Although this approach is potentially more accurate, again, its computational usage is greatly
increased, therefore, a strong expectation that behavior is not memoryless is needed. In our implementation, the algorithm attempts this characterization and then compares the created probability
distributions. If they are too similar, then the algorithm “regresses” to the simpler memoryless
distribution.

Figure 2: Advanced Probability Distribution

Figure 3: Distribution With Past Behavior Considered
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PATHFINDING
Having characterized the behavior of the obstacles and created a risk mapping, the focus turns next
to what to do with these characterizations in service of the overall mission. From the risk map
provided by the object characterization/prediction stage, the algorithm must identify a safe and
efficient path.
PATH CONSTRAINTS
In the process of deciding how to avoid an obstacle, the algorithm faces several constraints. First,
any dodging movement is constrained by certain waypoints that must be hit, flight area boundaries,
and speed tradeoffs. Determining a path is also limited by computational power/tradeoff time. In
a scenario where an obstacle has drawn threateningly close, excessive computation/consideration
can be disastrous. Therefore, within the limits of the information given by object characterizations
and the various constraints, a flexible algorithm capable of running over a wide set of situations
was designed.
LIMITED PREDICTABILITY AND ROBUST SOLUTIONS
Due to the unpredictable nature of the obstacles, the ability to predict the exact state of the obstacles
decreases over time, making it difficult to predict whether an initially optimal path will still be safe
at a significantly later time. Due to this unpredictability, a robust, slightly inferior solution that
guides the plane through a generally safe area may actually be the best choice. If the situation
changes slightly, a fully optimal but less robust solution is liable to change into a very poor one.
To decide among the many possible paths, a successful pathfinding algorithm must efficiently find
a path that is relatively safe and has alternative safe paths nearby in case conditions change.
PATHFINDING ALGORITHM
To accomplish all of these objectives, a Monte Carlo path finding process was developed that would
first determine a generally safe region to go through, and then lock into the optimal path for that
region. In preparation for the run of this main algorithm, several preprocessing steps occur. The
first is the creation of a basic feasible path for the plane. Before takeoff, waypoints and a simple
ladder pattern for searching the computer vision area are inputted as a sequential list of coordinates. These coordinates allow for successful completion of the mission even if communications
fail. Additionally, before beginning to avoid obstacles the algorithm must determine which obstacles to consider as imminent threats. By ignoring far away obstacles, the algorithm simplifies the
calculations necessary to form the risk map. To determine which obstacles to include, the computer tracks the maximum distance that an obstacle has moved in the time that is being considered
by the pathing algorithm. If the intended path falls within a circle with this maximum radius, the
risk caused by the obstacle will be included.
When the pathfinding algorithm is run, it is given this modified risk map as well as a desired
time span to calculate a path for. To begin, the algorithm establishes a set of five turning choices in
the center of the desired distance. Although these turns do not cover all situations, in most obstacle
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avoidance scenarios, simply turning left or right is sufficient to avoid an obstacle.
Having simplified the choices in this way, the algorithm samples the paths through each of
the avoidance choices. To do this, it generates a number of potential paths between the current
location of the plane, the avoidance choice, and the end point. The paths are comprised of a
number of equidistant connected points with coordinates. To generate sample paths, these pathing
points are varied up and down perpendicular to the original path in a psuedo-random fashion that
follows a normal distribution spanning the range of possible values based on the turn radius of the
plane.

Figure 4: Creating Pathing Points

Each of these created paths are scored based on the risk levels at each pathing point. After
the test paths for each avoidance choice have been scored, the avoidance choice with the lowest
average risk is selected.

Figure 5: Selecting Avoidance Node.

After this first avoidance choice has been chosen, the optimal path has still only very roughly
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been determined. There are still many possible paths. To determine a more exact path choice, the
algorithm repeats the same voting process as was done initially with each of the two newly created
path sections. Again, five avoidance choices are created, and voted on by sampling the risk levels
of the potential paths.

Figure 6: Repeating the Process for Each Bisection

The number of times to do this bisection varies, but when the lowest level bisection has been
voted upon, the best path in its test run is chosen as the actual one. With this method of bisection
and sampling, the algorithm can address several major challenges in pathfinding with stochastic
obstacles. The first challenge is the unpredictability of the obstacles and the decreasing advantage
to planning further out. With this basic methodology, it is easy to focus on pathfinding closer to
the immediate path of the plane. To do so, the algorithm simply cuts off the recursion process
when a desired path resolution has been achieved. The second is the importance of finding a robust
solution with mostly safe paths surrounding the chosen one. This is accomplished by the path
sampling process, which selects the avoidance choice that has the safest average path through it.
Third, the method’s general methodology can be easily adapted to situations with both moveable
and immoveable points. To incorporate an immovable point, such as a waypoint, the algorithm
simply makes that point an endpoint or pathing point and prevents it from moving during the
pathfinding process.
IMPLEMENTATION
CODING METHODS, MODULARITY, AND GITHUB
Due to the complexity of the project, a systems approach to the coding process was necessary. To
begin, C++ was chosen as coding language. This allowed for an object oriented approach, which
matched the structure of the problem. From this object oriented base, the code was then segmented
into modules. With this modular approach, an improved characterization or pathfinding approach
developed later on could easily be swapped out with the old one. To ensure interoperability in this
modular code structure, necessary interfaces between modules were mapped and enforced. Finally,
to facilitate collaborative work, the code base was put on Github, where changes could be recorded
without extensive paperwork.
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SYSTEM INTEGRATION/ PIXHAWK STACK
As stated at the beginning of this paper, the obstacle avoidance algorithm also needed to integrate
smoothly into a wider system. The primary integration challenges that the algorithm faced were
with the radio communication channel and the Pixhawk. Each had its own challenges. For the
radio pathway, because it could be faulty and was often monopolized by other data, the algorithm
had to be able to queue communications with the plane and implement data integrity checks. The
other implementation challenge was with the Pixhawk. The Pixhawk autopilot uses a stack of
coordinates, which it navigates to sequentially. In order to change path midflight, the algorithm
had to alter this stack without throwing off the flight path. If this was done incorrectly, a double
path could occur, causing the plane to zigzag. To overcome this challenge, the algorithm uses the
Pixhawk API to identify and delete all changed path nodes and insert the new path.
CONCLUSIONS
This year’s obstacle avoidance algorithm represents a significant advance in complexity and ability
relative to the efforts of previous years. With the dual focuses of progressive obstacle characterization and a flexible path planning methodology, the obstacle avoidance algorithm detailed in this
paper is suitable to a wide variety of challenging obstacle environments. Additionally, the modular
software design allows for expansions to higher level obstacle characterization and future improvements. The algorithm promises to perform successfully at the summer SUAS competition and in
similar applications across the growing UAS field.
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ABSTRACT
Robotic systems that operate indoors are often unable to rely on GPS, and dynamic environments
prove difficult to navigate for robotic systems that rely on SLAM (Simultaneous Location and
Mapping). Autonomous navigation without the use of GPS or SLAM techniques require a system
to rely on more fundamental hardware and software concepts. The challenge is made even greater
when the system is intended to fly, interact with moving targets, and avoid moving obstacles. This
is the design criteria that our autonomous multirotor is adhering to for the International Aerial
Robotics Competition. This paper will describe the purpose behind each of our multirotor's
sensors, such as LIDAR (Light Detection and Ranging) systems and Optical Flow sensors, that
enable it to accurately interact with its environment without SLAM techniques, as well as the
multirotor's onboard software that powers its autonomous capabilities.
INTRODUCTION
This paper describes an approach toward developing autonomous multirotor robots that operate
indoors, in a dynamic environment. For this reason, they do not have access to conventional
technologies like GPS or SLAM. We will describe the challenge the team was tasked with, design
constraints and challenges, our solution to the problem, and details about the payload and sensor
suite.
The Multirotor Robot Design Team
The Multirotor Robot Design Team designs and builds autonomous multirotors to compete against
other universities in the IARC (International Aerial Robotics Competition). The team, founded in
2015, has over 40 members and is divided into three divisions: The Hardware Division, the
Software Division, and the Business Division. Students join divisions based on interest and skill,
and work together to complete the team’s yearly projects.
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The International Aerial Robotics Competition
The Association for Unmanned Vehicle Systems International Foundation's International Aerial
Robotics Competition has been held for over 25 years. The primary purpose of the IARC is to
move the state-of-the-art in aerial robotics forward through the creation of significant and useful
mission challenges that are considered 'impossible' at the time that they are proposed.
ROBOT DETAILS
Problem Statement
For Mission 7 of the IARC our team was tasked with creating a fully autonomous aerial robot,
named Sentinel, that can guide fully autonomous ground robots. Ten of these ground robots (which
are simply modified Roombas, a.k.a. robot vacuum cleaners) will be placed within a square arena
measuring 20 meters on each side. Once the mission begins our aerial robot, maneuvering at a
maximum height of 3 meters, must locate and direct all ten of the ground robots over a green line
that will be marked on one side of the arena by interacting with them physically. The main problem
addressed in Mission 7 is that of autonomous flight indoors and without the use of GPS. Our aerial
robot is expected to avoid obstacles and navigate itself autonomously without the use of GPS or
SLAM techniques.
The fact that the competition is held indoors is reason enough for the restricted use of GPS, and
the dynamic environment in which the robot flies is why SLAM cannot be used. SLAM is the
method of constructing or updating a map of an unknown environment while simultaneously
keeping track of a robot’s location in it [1].
Conceptual Solution
Our approach to complete the IARC begins with object detection; using a downward facing camera
to find and determine the current direction of the ground robots. In order to ensure that the camera
is parallel to the ground, we use a servo to correct for the attitude of Sentinel. Once the ground
robots are detected, they are given a weight of importance so that Sentinel can decide which ground
robot to interact with first. This weight scale changes based on position on the field, trajectory of
obstacle robots, and probability of obstacle interference.
Probability of obstacle interference will be decided using a LIDAR sensor that will detect the
obstacle robot’s vertical pipes. In order to save time with obstacles, our aerial robot will detect
them using LIDAR and fly over them while continuing on the originally defined path. Sentinel
will make contact with the ground robots using a flat bottom surface, capable of performing both
the top touch and front blocking interactions. To interact with the ground robots, once a robot has
been located and selected for interaction, Sentinel will use the image frame to control flight
movements to center the ground robot for interaction. Once the image is centered Sentinel will
land on top of or in front of the robot, depending on which is preferred.
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Balance and stability of the aerial robot will be maintained by using a PixHawk flight control board
and optical flow sensor, which is a device that operates based on the pattern of apparent motion of
image objects between two consecutive frames caused by the movement of object or camera. It
creates a 2D vector field where each component is a displacement vector showing the movement
of points from first frame to second [2].
Guidance, Navigation, and Control
To perform advanced actions autonomously, a robot must first be able to move stably, and with
confidence. For this reason, the team developed a platform that has lead to a very stable system
for autonomous flight.
There are multiple software systems at varying abstraction levels that blend together into one
software tool for autonomous aerial vehicles. The team built upon last year’s experiences as well
as online resources to make progress for this year. Several research papers described custom
quadcopter flight controller software and, after studying them, the team made an attempt to create
a flight controller. The team did this by implementing an Estimated Kalman Filter, PID
Controllers, and various other pieces of software all on an ATMega 2560 with an off-the-shelf
IMU. This proved to be especially difficult with the team’s lack of general familiarity with such
high-level concepts.
Fortunately, there are a number of pre-made flight controllers and open source firmwares for flight
controllers. We chose to use an open source solution named ArduPilot for autopilot firmwares. It
offers solutions utilizing all of the above pieces of math and control theory that were previously
researched in one package. ArduPilot was then paired with the open source flight controller
hardware project by PX4, the PixHawk. These two created a robust guidance and navigation
framework that could expand upon the team’s indoor flight advances utilizing machine learning
and optical flow techniques. The Jetson TX2 Development Board is connected to the PixHawk
flight controller over USB and sends an angle as a quaternion for the vehicle to perform.
Underlying PID loops running in ArduPilot ensure that the copter achieves the desired attitude
using the built-in IMU on the flight control board as feedback. This, combined with an optical flow
algorithm to measure relative ground velocity, allows us to achieve stable, indoor autonomous
flight.
Sensor Suite
Once a robotic platform is able to move stably, sensors can be added that enable the robot to
perform the desired actions. The team chose sensors for Sentinel that would best fit our application.
The sensors on Sentinel are meant to guide and stabilize flight to help accomplish the IARC
Mission 7. The sensor used to identify the ground robots is an Intel Realsense camera. The D415
Realsense was chosen because it has a video camera and two infrared cameras that can generate
stereoscopic 3-D images. This diversity enables us to utilize the camera in multiple ways on the
robot. The Software Division of the team has implemented an approach based on a Convolutional
Neural Network that can identify and detect Haar-Cascade like features of objects using both
conventional RGB data in an image, and depth data [4]. The RealSense will mount beneath the
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bottom plate, attached to a gimbal system to allow for forward viewing angles of the arena. A hole
in the bottom plate exists so that the camera can see the ground and is protected whenever the
robot needs to make contact with a ground robot from above. The gimbal system is custom
designed as shown in Figure 1. It communicates over a serial connection with an on-board
processing unit, the Jetson.

Figure 1. Camera Gimbal Assembly
The Jetson TX2 Development board is a 17cm x 17cm computer with enough processing power
to do all the needed calculations and run the game AI. The Software Division has been developing
an approach based on the Sum-And-Difference algorithm for Optical Flow provided by the
PX4Flow sensor. Optical Flow uses an assumed brightness constancy between differing frames
of terrain to determine vehicle velocity and therefore negate drift.
The optical flow sensor will be mounted securely to the top side of the bottom plate of the frame
for protection of the sensor, with a viewing hole allowing it to face the ground. The optical flow
sensor is meant to track features across frames and generate a vector based on which way the
feature has moved from frame to frame in order to detect ground movement [3]. This will allow
Sentinel to counter drifting in any particular direction.
For altitude hold capabilities, Sentinel utilizes a TeraRanger range finder. The range finder
provides accurate altitude measurements. The rangefinder will also combine with the sensors built
into the PixHawk flight board and run through an Estimated Kalman Filter to eliminate noise. The
PixHawk flight controller includes a barometer for altitude estimation, a 6-axis gyroscope for
attitude measurement, and a magnetometer for use as a compass. All of the built-in sensors work
in conjunction to form a robust IMU.
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Figure 2. Mini Fence Method for Object Avoidance
Sentinel also utilizes a Scanse LIDAR sensor with 360 field-of-view for obstacle avoidance.
LIDAR data is interpreted to first determine a direction within a 45-degree sector around the
vehicle as illustrated above in Figure 2. The offending sector is then sent to the PixHawk flight
controller which takes care of any necessary maneuvers to avoid the obstacle. The LIDAR sensor
will be mounted on the top shield by bolts and will interface with the Jetson.
o

Modeling and Simulation
In order to make effective and meaningful changes to the team’s multirotor software as it
developed, the team created an accurate 3-D model of not only Sentinel, but of the arena and the
ground robots as well. This means that the team was able to make software changes in the
simulation first, in order to evaluate how the change would affect Sentinel in the real world. The
simulation also enables Sentinel to benefit from machine learning, in that the software can be
trained to look for and interact with the ground robots within the simulation. Sentinel is able to
gain experience from this simulation and perform better in the real world.
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Before last year’s competition, we focused on making a 2-D simulation for us to visualize the
competition. We also attempted to use machine learning techniques to optimize the drone's
strategy in the 2-D world. We were largely unsuccessful.
For this year’s competition, we decided to attempt 3-D simulation while continuing to work within
our 2-D simulation. Early on in the fall semester, while experimenting with the 2-D simulation,
we realized that we could score enough ground robots to beat the competition simply by tracking
them one at a time across the green line, instead of attempting to score multiple ground robots at
the same time. This made us realize that our strategy for determining the ground robot to fly to
would not necessarily have to be complex and bolstered our efforts for 3-D simulation.
We began to learn how to use Gazebo, a 3-D simulation software designed for robotics. Over the
course of the year, we created two gym environments and ground robots with realistic meshes.
We were able to use a mesh of our drone, borrowed from the hardware division, in Gazebo. In
December, we first achieved ground robot following in Gazebo, though not perfectly. In the Spring
semester however, development was held up because only one team member in the software
division had a fast-enough computer to run Gazebo at acceptable speeds.
Near the end of the Spring semester, our design team bought a powerful PC designed for testing,
and the furthest we got was having the drone land when it saw a ground robot driving away from
the green line.

Figure 3. 3-D IARC Mission 7 Simulator
Testing
Most of the initial testing for our vehicle took place outdoors in preliminary stages and was very
limited due to weather. We then transitioned indoors once we were able to master autonomous
flight maneuvers, but it was tough to secure a consistent location that was large enough. We plan
to build a mock arena in our University’s gym for more accurate testing.
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CONCLUSION
The documentation from this report describes a viable strategy and aerial robot to complete the
tasks for Mission 7 of the IARC. Using both physical and encoded safety measures, the aerial
multirotor robot designed can be trusted to perform fully autonomous tasks safely. We believe our
approach to hardware is innovative, attractive, and safe.
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ABSTRACT
16APSK is a candidate modulation for aeronautical telemetry because it has better spectral efficiency than SOQPSK-TG, but requires a linear RF power amplifier. This paper investigates the
BER performance of filter-based equalizers for 16APSK operating over multipath channels measured at Edwards AFB. The results show that decision feedback equalizers outperform the other
equalizers and are capable of providing excellent multipath mitigation.
INTRODUCTION
In aeronautical telemetry, inter-symbol interference (ISI is defined as unwanted distortion by other
symbols on the desired symbol) prevents reliable information transmission at the highest possible
data rate. ISI may be caused by a frequency selective communication channel or by filtering and
pulse shaping at the transmitter. ISI can be alleviated by equalizers. Equalizers are discrete time
systems.
The purpose of this paper is the performance evaluation of filter-based equalizers for 16APSK
modulation. 16APSK is a candidate modulation for improving spectral efficiency in aeronautical telemetry environment [1]. The BER performance is evaluated over four multipath channels
measured at Edwards AFB [2]. The equalization techniques that are explored in this paper are
filter-based equalizers, which comprise the ZF (zero forcing) equalizer, the MMSE (minimum
mean-squared error) equalizer and the DFE (decision feedback equalizer).
This paper is organized as follows. In the mathematical formulation section, we review the
observation models used to compute equalizer coefficients. In the equalization techniques section
we derive mathematical expressions for the filter-based equalizers coefficients. In the simulation
section, we show that the DFE has the best performance from bit error rate (BER) point of view
and the ZF equalizer has the worst performance for the channels examined in the simulations.
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Notation: The symbol (.)’ denotes conjugate transpose (or Hermitian). A bold uppercase letter
denotes a matrix. A bold lower case letter denotes a vector. For a square matrix the matrix inverse
is indicated as (.)−1 .
MATHEMATICAL FORMULATION
The received signal r(t) may be represented as
X
r(t) =
Ik h(t − kTs ) + w(t),

(1)

k

where Ik is a symbol drawn from the 16APSK constellation; Ts is the inverse of the symbol rate
Rs (symbols/second); h(t) = g(t) ∗ hc (t) where g(t) is pulse shape and hc (t) is channel impulse
response; w(t) is a circularly symmetric complex-valued wide-sense stationary normal random
process with zero mean and power spectral density 2N0 W/Hz. Maximum likelihood detection
applies a matched filter with impulse response h∗ (−t) in the receiver. The matched filter output is
X
y(t) = r(t) ∗ h∗ (−t) =
Ik x(t − kTs ) + v(t),
(2)
k

where x(t) = h(t) ∗ h∗ (−t) and v(t) = w(t) ∗ h∗ (−t) is correlated noise. The symbol-spaced
samples of the matched filter output are
X
Ik xn−k + vn .
(3)
yn = y(nTs ) =
k

Equation (3) represents the Ungerboeck observation model [3]. In this model noise samples vn are
correlated because the channel matched filter does not satisfy the Nyquist no-ISI condition. The
power spectral density (PSD) of sequence vn is
Sv (z) = 2N0 X(z),

(4)

where X(z) is the z transform of xn . Because xn is an autocorrelation function, the equivalent
discrete time channel in the Ungerboeck observation model is two-sided (non-causal), with length
2L + 1 and it also possesses conjugate symmetry x−n = x∗n , which means the roots of X(z) occur
in conjugate reciprocal pairs. Consequently, each root of X(z) inside the unit circle in the z plane
has a companion outside the unit circle. The roots of X(z) are shown in Figure 1 for all simulated
channels examined in this paper.
The Forney observation model [4] shown in Figure 2 was the first classic development. The
Forney observation model applies a discrete time noise whitening filter to equation (3). The noise
whitening filter is derived as follows. X(z) in equation (4) may be factored as [5], [6],
X(z) = 2N0 F (z)F ∗ (1/z ∗ )

(5)

where the roots of F (z) are all the roots of X(z) that are inside the unit circle and the roots of
F ∗ (1/z ∗ ) are all the roots of X(z) that are outside the unit circle. Equation (5) is called a “spectral
2

Channel 1

Channel 4
1

1
0.5

0.5

0

0

-0.5

-0.5

-1

-1
-1

0

1

-1

Channel 7

0

1

Channel 8

1

1

0.5

0.5

0

0

-0.5

-0.5
-1

-1
-1

0

1

-1

0

1

Figure 1: The roots representation of the equivalent discrete time channel in the Ungerboeck observation
model for all simulated channels in frequency domain

factorization”. The noise whitening filter is 1/F ∗ (1/z ∗ ). Applying the noise whitening filter to
equation (3) produces
L
X
uk =
fn Ik−n + ηk ,
(6)
n=0

where L + 1 is the length of the channel in the FOM, ηn is circularly-symmetric complex-valued
normal random variables with zero mean and common variance 2N0 W/Hz. The system in Figure 2 can be re-expressed as the system in Figure 3 by “using equivalent discrete time channel”
definition.
The output of the Forney observation model is the input to the equalizer. Equalizers generally
are categorized as linear and nonlinear. Two commonly used linear equalizers are ZF equalizer

r(t)
Ik

g(t)

hc (t)

h(t) = g(t) ∗ hc (t)

y(t)

∗

h (−t)

t = nTs

w(t)

channel
matched filter

1
F ∗ (1/z∗ )

noise
whitening

Figure 2: The Forney observation model.
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Figure 4: Linear equalizers (ZF and MMSE) block diagram.

and MMSE equalizer. Well-known nonlinear equalizers are DFE and MLSE (maximum likelihood
sequence estimation). These optimization criteria are used to compute the equalizer coefficients.
In the following section, filter-based equalizers are reviewed. After the review, the performance
of these equlizers with 16APSK is explored.
EQUALIZATION TECHNIQUES
A.

Zero Forcing (ZF) Equalizer

The coefficients of the ZF equalizer are computed to minimize the ISI at the equalizer output.
This technique is also called peak distortion criterion [5]. Figure 4 outlines a linear equalizer
with
the equivalent discrete

0 time channel model. Equalizers defined by a filter coefficients vector
−c−K . . . 0 . . . cK . The zero forcing criterion tries to minimize inter-symbol interference
by using inverse of the channel impulse response:
F (z)C(z) = 1,

(7)

where F (z) is z transform of the equivalent discrete time channel impulse response, C(z) is z
transform of equalizer coefficients.
If at some frequencies gain of the channel magnitude is low then, the ZF equalizer tries to boost
its gain to compensate. This action also boosts the noise which accompanies the received signal.
Consequently, the signal to noise ratio (SNR) is degraded. It will be worse when the channel has
one or more nulls in its discrete-time Fourier transform (DTFT) |H(ejω )|.“Null” here means less
than 0.1 times the maximum value of |H(ejω )|.
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The criterion (7) has a significant drawback: if the channel frequency impulse response is FIR
then the inverse of that will be infinite impulse response (IIR), which is not desirable. Thus, to find
coefficients of a ZF equalizer we use an FIR approximation to an IIR inverse filter. The coefficients
for a ZF equalizer should be chosen to satisfy:
K
X

cj fk−j ≈ δk ,

−K ≤ k ≤ L + K,

(8)

j=−K

where δk is the Kronecker delta function. The optimum ZF equalizer coefficients are given by
c = argmin
c

K+L
X

K
X

2

cj fk−j − δk .

(9)

k=−K j=−K

Equation (8) can be written in a matrix-vector form:
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(10)

which is equivalent to
Fc = q.

(11)

Equation (11) is an overdetermined system, whose least-square solution is given by the left pseudoinverse [6].
c = (F0 F)−1 F0 q.
(12)
B.

Minimum Mean-Squared Error (MMSE) Equalizer

Figure 4 is applicable to the MMSE equalizer because the MMSE equalizer also is a linear
equalizer. The MMSE criterion chooses the filter coefficients to minimize the mean square of the
error
E = {|e(k)|2 }
(13)
where the error ek is
e(k) = Ik − Iˆk = Ik −

K
X

cj uk−j .

(14)

j=−K

The MMSE criterion considers both ISI and noise in equalizers coefficients calculation. Therefore,
noise enhancement in MMSE equalizer is less than with the ZF equalizer. The coefficients that
minimize (13) are given by
−1

σ2
ξ,
(15)
c = Gf + I
Eb
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where I is the identity matrix,

Gf (0) Gf (−1) · · ·
Gf (1) Gf (0)

Gf = 
...

where
Gf (k) =

L
X




,

Gf (0)

∗
fj fj−k
,

(16)

(17)

j=0

and

ξ = fL fL−1 · · ·
C.

0
f0 .

(18)

Decision Feedback Equalizer (DFE)

The DFE outperforms the linear equalizers because the DFE does not use the inverse of the
channel. A block diagram of the DFE is shown in Figure 5. The received signal uk passes through
the feed-forward (FF) filter, which is an FIR filter with transfer function CF F (z). The output of the
FF filter is combined with the output of feedback (FB) filter with transfer function CF B (z). The
input to the decision block is
Iˆk =

0
X

cj uk−j +

K2
X

cj0 I˜k−j0 ,

(19)

j0=1

j=−K1

where K1 + 1 is the FF filter length and K2 is the FB filter length. The first term of the righthand-side of (19) represents the action of the FF filter that reduces, but not eliminates, ISI from
the received signal. The second term, which is related to the FB filter, reproduces residual ISI in
the output of the FF filter and subtracts it out of the FF filter output in the hope of producing an
ISI-free input Îk to the decision block. Because the FB filter operates on symbols decisions, it does
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not enhance the noise. If the decisions are correct then this filter operates on noise free data which
are actually the true symbols.
The feed-forward filter is designed using the MMSE criterion. The FF filter coefficients are
given by

−1
2σ 2
cFF = R +
I
ξ1 ,
(20)
Eb
where



c−K1



c−K +1 
1


cFF =  ..  ,
 . 
c0

(21)

I is the identity matrix,

R(−K1 , −K1 )
R(−K1 , −K1 + 1)
···
R(−K1 + 1, −K1 ) R(−K1 + 1, −K1 + 1) · · ·

R=
..
..
...

.
.
R(0, −K1 )
R(0, −K1 + 1)
···
where
R(l, j) =

−l
X

∗
fm
fm+l−j ,

l = −K1 , · · · , 0 ;


R(−K1 , 0)
R(−K1 + 1, 0)

,
..

.

(22)

R(0, 0)

j = −K1 , . . . , 0,

(23)

m=0

and

ξ 1 = fK1 fK1 −1 · · ·

0
f0 .

(24)

The coefficients of FB filter are
0
X

cm = −

1 ≤ m ≤ K2 .

cj fm−j ,

(25)

j=−K1

The relationship (25) can be expressed in the matrix-vector form:
cFB = WcFF
where



f1+K1
 f2+K
1

W =  ..
 .

fK1
f1+K1
..
.

fK1 −1
fK1
..
.

(26)
...
...
...

f1
f2
..
.




.


(27)

fK2 +K1 fK2 +K1 −1 fK2 +K1 −2 . . . fK2
SIMULATION RESULTS
We simulate BER performance of equalized 16APSK over mulitpath channels measured at Edwards AFB. The 16-APSK constellation is shown in Figure 7. The constellation is parameterized
7

Table 1: Time domain properties of explored channels in the simulation with FOM

Channel
Channel 1
Channel 4
Channel 7
Channel 8

Channel Name
Taxiway E
Takeoff on 22L
Cords Road
Black Mountain

L
3
44
26
47

by the ratio of radii γ = r2 /r1 and the phase angle φ. The parameters used in the simulations
are those that minimize peak of Eb /N0 [7]: γ = 2.46 and φ = π/12. The pulse shape g(t) is
the square-root raised cosine (SRRC) pulse shape with 50% excess bandwidth [8]. The mulitpath
channels are described in Figure 6 and Table 1. Observations:
• The plots in Figure 6 show that 16APSK is more spectrally efficient than SOQPSK. However,
16APSK requires back-off with non-linear power amplifiers because the peak to average
power ratio of 16APSK is greater than one.
• The DFE has absolutely the best performance if the feedback filter input is the true symbols.
The reason is that DFE, unlike the ZF and MMSE equalizers does not use channel inversion.
Moreover when the feedback filter input is the correct symbols, the ISI is zero.
• For all the channels explored in this paper, DFE using the symbol decisions for the feedback
filter input outperforms the linear equalizers.
• Over the four channels, the MMSE equalizer has better BER performance than the ZF equalizer. Using the MMSE equalizer instead of the DFE results in a performance loss at least 1
dB. Moreover, the DFE improves BER much better than linear equalizers. However, the DFE
brings more complexity to the system. So, there is a trade-off between BER improvement
and complexity.
• Because channel 7 has the deepest nulls among all four channels, it has the worst BER
performance. This is expected because filter based equalizers are strongly dependent on the
channel characteristics.

CONCLUSIONS
Over the four simulated channels, the DFE has the greatest performance from the BER point
of view and the ZF equalizer has the worst performance due to using the channel inversion. Some
channels need long equalizers to achieve good performance, such as Channels 4, 7 and 8. To
reduce the computational load for these kinds of channels, frequency domain equalizers may be
used. In other words, the computational complexity of implementing long equalizers filters can be
reduced by performing equalization in the DTFT domain. The BER performance of filter-based
equalizers strongly depends on the channel characteristics. For example, a channel with deeper
nulls has worse BER performance.
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Figure 6: Frequency domain characteristics of the channels used in the simulations. Each row is specified
for one channel that is shown in the table 1. The first column shows transfer functions (solid line), the power
spectral density of 16APSK (dashed line), and the power spectral density of SOQPSK-TG (dash-dot line)
for channels 1, 4, 7, and 8, respectively. The second column shows the transfer function of the corresponding
Forney observation model.
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Figure 7: The 16-APSK constellation from the DVB-S2 standard [9]
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Figure 8: Simulation result for the filter-based equlaizers with FOM: Channel 1
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Figure 9: Simulation result for the filter-based equlaizers with FOM: Channel 4
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Figure 10: Simulation result for the filter-based equlaizers with FOM: Channel 7
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ABSTRACT
This paper examines the real-time implementation of equalization techniques. Telemetry RF channels are formidable due to the nature of desert test ranges – specifically due to multipath, changing
path loss from environmental effects, and thermal distortions. This challenge is further complicated by the high velocity nature of test assets. Optimization of channel equalization in a real-time
scenario is essential for high speed data telemetry over extended distances. This paper examines the mathematical background of equalization techniques and presents results based on FPGA
implementations. The results were obtained from Vivado High Level Synthesis (HLS), which generates HDL from C/C++, as well as traditional VHDL coding. The contribution to the state of the
art in this paper is the determination of the technological maturity of HLS versus traditional hand
coding and the comparison of FPGA implementations of equalization algorithms against current
platforms.
INTRODUCTION
Equalization is needed in communications systems affected by channel distortions including intersymbol interference (ISI). ISI is particularly common in single carrier (SC) communication
systems since symbol durations must decrease to lengths potentially shorter than the channel coherence time when a high data rate is desired. Recently, interest has been revived in SC communication because it offers small peak-to-average power ratio (PAPR) and higher robustness to
frequency offset and phase noise. Additionally, SC modulations can reach comparable capaicities
as multicarrier by first applying a linear filter, then cancelling out remaining interference [1].
A specific environment that depends on equalization is that of aeronautical telemetry. The required
data rates in combination with the multipath dominated environment results in non-negligible ISI.
Furthermore, due to the small weight and power (SWAP) constraints, multicarrier communications
are often not practical [2]. A waveform that has appeared in recent telemetry standards is a variant
of shaped offset quadrature phase shift keying (SOQPSK), called SOQPSK-TG [3]. With a constant envelope and well-contained spectrum usage, SOQPSK-TG has demonstrated potential for
such applications [4].
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Table 1: Notation of Symbols

Symbol
L1 , L2
L
N1 , N2
N
x
x̂
y
w
h
c
H
C
F
Λc , Λh
λic , λih
ei
[·]i
(·)H
(·)T

Description
length of data before and after time 0, respectively
equals L1 + L2 + 1, the total number of data samples
length of channel impulse response before and after time 0,
respectively
equals N1 + N2 + 1, the total number of samples in the
channel impulse response support
vector of transmitted data of size L
estimation of transmitted data of size L
vector of received data of size L
vector of additive noise of size L
vector of channel impulse response of size N
vector of filter taps of size N
matrix for applying channel impulse response – can be for
circular or linear convolution depending on the context
matrix for applying filter taps – can be for circular or linear
convolution depending on the context
unitary DFT matrix
diagnoal matrices containing the eigenvalues of C and H
respectively
ith eigenvalue of C and H respectively
vector containing an element equal to 1 at index i and elements equal to zero at all other locations
this operator extracts the ith element of a vector
this operator denotes conjugate transpose
this operator denotes non-conjugated transpose

This paper demonstrates zero-forcing, MMSE, and CMA channel estimation and equalization of
SOQPSK-TG data. The novelty relative to previous equalization papers such as [5] is implementation with field programmable gate arrays (FPGAs) instead of GPUs. Specifically, FPGA
implementations are created using a combination of high level synthesis tools (HLS) as well as
hand coded VHDL. To measure performance in typical aeronautical telemetry distortions, the result is tested on data corrupted by channels measured at Edward’s Air Force Base (EAFB) [6] and
additive white gaussian noise (AWGN).
The notation used in the following sections is listed in Table 1.
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MODEL OF CHANNEL
The effect of a channel can be modeled using linear convolution with an impulse response and
additive noise. Below, denote x ∈ CL as the transmitted data with indexed elements written as
x[n], y ∈ CL and y[n] as the received data, h ∈ CN and h[k] as the channel impulse resonse, and
w ∈ CL and w[n] as a AWGN noise. Let N = N1 + N2 + 1 and L = L1 + L2 + 1 with L  N .
y[n] =

N2
X

h[k]x[n − k] + w[n]

k=−N1

(1)

∀n ∈ {−L1 . . . L2 }
Note that equation (1) requires knowlege of x[−L1 −N1 ] . . . x[−L1 −1] and x[L2 +1] . . . x[L2 +N2 ].
In linear convolution, these values are assumed to be zero. An alternative option is to assume
periodic boundary condtions
x[n] = x[(n + L1 modulo L) − L1 ]

(2)

With this, equation (1) can be written as a matrix multiplication of x with a circulant matrix
H ∈ CL×L . Below, the rows of H are circular shifts of hL = [h[N2 ] . . . h[−N1 ] 0 . . . 0] ∈ CL .
y = Hx + w

(3)

With the structure of H, its spectral decomposition contains the unitary DFT matrix F . Let Λh be
a diagonal matrix containing the eigen values of H denoted by λhi for index i.
H = F H Λh F

(4)

The matrix Λh can be computed by taking the FFT of hL .
FREQUENCY BASED ZERO-FORCING EQUALIZER
The zero forcing equalizer is a linear filter c that satisfies
h ∗ c = eN1 +1

(5)

where eN1 +1 is the unit vector whose N1 + 1 component (the index corresponding to time zero)
equals one while all other components equal zero. In the FFT domain under periodic boundary
condtions, this can be computed as in equation (6) [7].
[F c]i = 1/[F h]i

(6)

In practice, (6) cannot be used since the channel is not known. Instead, c must be computed from
the data. To do so, first define matrix C for applying the circular convolution of a vector with c
similar to how H is defined for equation (3). Equations (5) and (6) imply that in the absence of
noise, the following equation holds when H is full rank.
Cy = x
3

(7)

Suppose a receiver has data y for a known x. To satisfy equation (7) in least squares sense, the
following optimization problem must be solved.
min ||Cy − x||22
c

(8)

Note that there is no error in assuming circular convolution if a periodic training sequence is
transmitted. Using the spectral decomposition of C and properties of the Euclidean norm, the
objective function can be written as:
||Cy − x||22 = ||F H Λc F y − x||22
= ||Λc F y − F x||22

(9)
(10)

Let yp ∈ CN be received data of a known periodic pilot sequence. Suppose I ⊆ {0 . . . N } is the
set of indices where F y is non-zero. The solution below yields estimated eigen values λ̂ci .
(
[F x]i /[F y]i i ∈ I
λ̂ci =
(11)
0
i∈
/I
The filter can be applied to new data through elementwise multiplication in the DFT domain or by
taking the IFFT of the vector λ̂c to create a linear filter in the time domain. For the DFT domain
approach, let b be the block index.
yb = y[bN, . . . , (b + 1)N ]

(12)

x̂b = F H (Λ̂c (F yb ))

(13)

In the case that λhi are close to zero, their corresponding λci (which ideally equals 1/λhi ) will become
very large. As a consequence, noise that has correlation with corresponding eigenvectors will be
amplified to undesirable levels. The degree to which this effect takes place can be quanitified by
the condition number of H, which measures how ”invertible” it is. Let κ(·) denote the condition
number of a matrix, σi (·) the ith largest singlar value, and rH the rank of matrix H [8].
σ1 (H)
σrH (H)
H
max({|λhi |}ri=1
)
=
h rH
min({|λi |}i=1 )

κ(H) =

(14)
(15)

Since the matrix of estimated taps Ĉ approximates the inverse of H, their condition numbers will
be close.
MMSE EQUALIZER
The Zero-Forcing equalizer tends toward instability due to the phenomena of inverted noise described above. The MMSE Equalizer remedies this by minimizing the exepected value of the
squared error.
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Algorithm 1: ZF equalization
Input: data y ∈ RL , FFT of known periodic pilot sequence (F xp ) ∈ CN
Output: equalized data x̂
1 compute F y with an FFT
c N
2 compute {λ̂i }i=1 with equation (11)
3 for b = 1 . . . (L/N − 1) do
4
compute x̂b as in (12) and (13)
5 end


2
min E cT yn − x[n]

(16)

yn = [y[n + N2 ] . . . y[n − N1 ]]T

(17)

c

with
The optimal solution can be computed setting the gradient with respect to c equal to 0, then solving
the system of equations. Denote the cost function as JM M SE .


∇c JM M SE = E (cT yn − x[n])ynH
T

(18)

= c Ry − Rxy
=0

(19)
(20)

cT Ry = Rxy

(21)

Ry = E[yn ynH ]

(22)

which implies
with

Rxy =

E[x[n]ynH ]

(23)

As demonstrated above, the solution depends on Ry , the autocorrelation of data y, as well as Rxy ,
the correlation between y and x. While it is true that equation (21) can be solved with matrix inversion or a pseudo-inverse, it is sometimes more efficient to find an optimal solution c iteratively.
Another complication is that the distribution of y depends on the additive noise and is not always
known exactly. Due to the above considerations, the solution presented here is computed with a
form of stochastic gradient descent.
In particular, the least mean squares (LMS) algorithm is used. Essentially, the gradient in line (19)
iteratively updates the weights c. However, instead of using correlations described in (22) and
(23), the raw products of the variables without taking expectation are used instead [9]. The step
sizes µ ∈ RLp control the rate of convergence of taps while training over pilot sequence of length
Lp .
c(n+1) = c(n) + µn (x[n] − ynT c(n) )yn∗
5

(24)

The LMS algorithm (Algorithm 2) is displayed below. For simplicity, let y be indexed from 0 to
L − 1.
Algorithm 2: MMSE equalization with LMS algorithm
Input: data y ∈ RL , known pilot sequence xp ∈ RLp , step sizes µ ∈ RLp
Output: equalized data x̂
(0)
1 initialize the weights c
to 0
2 for n = 0 . . . Lp − 1 do
3
update c(n+1) as in equation (24) using c(n) , xp [n], and yn
4 end
5 for n = Lp . . . L − 1 do
6
x̂[n] = (c(Lp ) )T yn
7 end

CMA EQUALIZER
The constant modulus algorithm (CMA) equalizer trains the taps by leveraging the knowledge that
the transmitted data in the I/Q channels lies on a circle with fixed radius. Moreover, it finds the c
that minimizes the cost function (25), then equalizes the data using such taps.
h
2 i
JCM A = E |cT yn |2 − A2
(25)
with
A2 =

E[|x[n]|4 ]
E[|x[n]|2 ]

(26)

The vector c is updated iteratively using the steepest descent algorithm
(b)

c(b+1) = c(b) − µ∇JCM A

(27)

(b)

The expression for ∇JCM A is shown in equation (28). Its derivation is omitted here, but can be
found in [7].
(b)

∇JCM A =

2 (b) T
(z ) Y
N

(28)

with
z (b) [n] = (x(b) [n](x(b) [n])∗ − A2 )x(b) [n]

(29)

Y = [y−L1 . . . yL2 ]

(30)

Each yn is defined as in (17). The resulting CMA Algorithm 3 is shown below. The final output
x(B) contains the equalized data.
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Algorithm 3: CMA equalization
Input: data y ∈ RL , amplitude squared of transmitted data A2 , step size µ
Output: equalized data x(B)
(0)
1 initialize the weights c
to 0
(0)
(0)
2 compute x
=c ∗y
3 for b = 1 . . . B do
4
update c(b) as in equation (27) using c(b−1) and x(b−1)
5
compute x(b) = c(b) ∗ y
6 end

HARDWARE CONSIDERATIONS AND FPGA TECHNOLOGY
The novelty of this project in comparison with [5] is the implementation in FPGAs via handcoding
as well high level synthesis (HLS) tools. Since FPGAs can be configured at the hardware level
to perform a specific task, they benefit from lower latency more deterministic timing relative to
a graphics processor unit (GPU) solutions. Furthermore, novel tools such as Vivado HLS are beginning to show potential for shortening development time of FGPA products and reducing the
complexity of more advanced computations, such as floating point arithmetic. While fixed point is
more efficient, it is more susceptible to overflow and underflow exceptions. Due to this, the range
of possible numbers must be taken into account by the development team.
Another advantage of FPGAs is that they only use the resources required. For example, if it is
known the required size of the filter is significantly less than the number of multipliers, the chip
can avoid powering the unnecessary circuitry – thus saving in power consumption.

RESULTS
For the HLS implementations, fixed and floating point ZF equalizers were implemented with Vivado HLS 2017.1. A hand coded ZF was implemented in Vivado 2017.1 and the CMA and MMSE
were hand coded in Vivado 2016.3. All the hand coded implementations use fixed point arithmetic.
Performance of the various implementations was measured by comparing BER plots obtained without applying error correction. Error correction was omitted for simplicity since the emphasis is on
relative performance. For each SNR level, 30 packets of SOQPSK data containing 512 data bits
in addition to the pilot sequence were tested. To speed up simulation, trained taps were extracted
from the RTL simulation and applied to the distorted data as a time domain FIR in Python 2.7.
The results for channels 1-10 from EAFB [6] are displayed in the subplots of Figure 1 . Note that
these BER plots average performance over many packets. For the zero forcing examples, the bit
error for different packets at the same SNR varied significantly. As an example, for the HLS fixed
point ZF equalizer filtering channel 5 at 6dB SNR, the highest BER measured was 0.474 and the
lowest was 0.169.
7

Overall, each ZF equalizer achieved roughly the same BER. The MMSE consistently outperformed
the ZF implementations by as much as 15dB at low SNR, but plateaued at higher SNR. A possible
reason for the plateauing is due to the gradient step overstepping the global minimum of its objective value due to the step sizes chosen. The SNR difference between the two methods is more
pronounced than in [5]. A likely reason for this is since the ZF implementation only uses 32 bits of
the preamble while the MMSE is trained on the entire preamble and asm pilot sequence. The small
number of samples used for training the ZF equalizer were selected to guarantee the assumption of
cyclic convolution for as large a channel impulse response as possible. Comparison between the
MMSE and CMA conducted in [5] shows the relationship between CMA and MMSE performance.
Due to time constraints, we did not repeat the simulation for CMA.
Resource utilization for each equalizer is displayed in Table 2. The CMA equalizer used the least
resources. The MMSE used slightly more flip flops (FF) and look-up-tables (LUT) since it is not a
blind algorithm and requires comparison of the input to a known sequence. All the ZF equalizers
used significantly more FFs and LUTs than the other two. This can be explained by the complex
divide operation which requires more logic to compute than other arithmetic functions. Of the two
HLS ZF equalizers, the floating point used the most resources. Surprisingly, the hand coded ZF was
less efficient than the HLS modules – possibly a result of the specific method and corresponding
intellectual property (IP) libraries chosen for computing the complex divide. The MMSE used the
most DSP slices since it includes a hand coded FIR. It is likely that this quantity would decrease if
a Vivado IP library FIR implementation was used. The ZF equalizers in conrast use FFTs instead
of FIRs and rely heavily on IP.
TECHNOLOGICAL MATURITY OF HLS
One of Vivado HLS’ greatest claims is its software centric development process, enabling rapid
prototyping of designs. An experienced developer can certainly achieve the advertised decrease
in time to market, but the initial learning curve is complicated by a nonintuitive programming
model. Specifically, while implementing our zero forcing fixed point design in software, explicit
considerations for bit growth and scaling were necessary for functional correctness. The appeal
of HLS’ software centric development flow breaks down when hardware considerations spill into
the software design process. Furthermore, learning curve was further lengthened by insufficient
support for resolving errors. For example, successfully converting C++ to HDL code without error
required cross checking the documentation of FFT IP, with its configuration IDE in Vivado and the
header files supplied in pre-made examples. Conversely, those willing to put in the upfront effort
of learning HLS stand to benefit from its accelerated development process. In particular, when
coupled with available Xilinx IP, it can allow for a diverse set of applications.
CONCLUSION
Various equalizers including ZF, MMSE, and CMA equalizers were analyzed in this paper. Each
equalizer was implemented in FPGAs for comparison of resource utilization and performance
8

(a) Channel 1

(b) Channel 2

(c) Channel 3

(d) Channel 4

(e) Channel 5

(f) Channel 6

(g) Channel 7

(h) Channel 8

(i) Channel 9

(j) Channel 10
Figure 1: BER plots of equalizers for each channel
Table 2: Resource Utilization

CMA
MMSE
Zero-Forcing (HLS - Fixed Point)
Zero-Forcing (HLS - Floating Point)
Zero-Forcing (Hand Coded)
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BRAM
0
0
2
10
2

DSP
4
226
52
72
42

FF
5589
8566
12831
18599
26594

LUT
3386
6836
10028
15803
17757

Figure 2: Resource util. normalized to available recources of the Artix-7 AC701 evaluation platform

verification. Specifically, two ZFs were implemented using Vivado HLS with fixed and floating
point arithmetic. It was found that although the HLS solutions require less typing, they have an
unintuitive design flow. Furthermore, the documentation and user support of HLS is not always
available for troubleshooting problems. Overall, HLS can be used for rapid prototyping, but first
requires an upfront effort in learning how to properly use it.
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ABSTRACT
In the High Frequency (HF) band, ranging from 3-30 MHz, long-range communications can be
obtained by bouncing signals off the ionosphere without any significant infrastructure. However,
the ionosphere changes rapidly, which can cause potentially harmful effects to the transmitted
signal. This has motivated research into using adaptive equalization in this band to reverse these
effects. However, a disadvantage of this technique is that based on the equalizer model and learning
algorithm used, the error propagation may become significantly large, resulting in insufficient
equalization to respond to these variations. To counter this, we investigate the usage of cognitive
equalization, where an adaptive equalizer is equipped with the ability to change its structure (i.e.
number of taps, step size, etc.) based on the current channel conditions and use probability of error
to characterize its performance.
INTRODUCTION
In the High Frequency (HF) band, ranging from 3-30 MHz, long-range communications can be
obtained by bouncing transmitted signals off the ionosphere without any significant channel infrastructure (i.e. satellites, cell towers). This lack of equipment leads to further benefits; such
as, low-cost communications and portable systems. In [1], we showed that an HF receiver, consisting of a software-defined radio, HF antenna and matching circuit, was capable of observing
long-range communications by being able to hear from multiple distant locations including Tokyo,
Japan. Because of these reasons, the HF band has been a popular band of interest for a broad range
of applications and has often been viewed as a back-up for communication systems in the event
of an adversarial attack [2]. HF radios have also been used during emergency crises, in place of
mainstream communication systems that may be significantly damaged [3]. In addition, because
of their portability, HF systems have been commonly used by the military to feasibly transmit in
treacherous locations [4].
However, the ionosphere is very unstable and can vary based on multiple factors including “the
time of day, location, and current season” [5]. These variations can cause harmful effects to the
transmitted signal, such as multipath and fading. Thus, different signal processing techniques must
1

be implemented at the receiver to counter these time-varying channel effects. One such technique
that can be used is adaptive equalization, where the taps of an equalizer are adjusted based on the
incoming signal via a learning algorithm (i.e. Least Means Squares, Recursive Least Squares, etc.).
There has already been a large amount of research in using adaptive equalization in the HF band.
However, based on the particular equalizer used, the algorithm may be prone to significant error
propagation — to the extent where the taps are no longer able to accurately reverse the channel
effects. In addition, due to the frequent ionospheric variations, it may be possible, for example,
that an equalizer with fewer taps may be sufficient — enabling a lower computational complexity
to be obtained compared to an equalizer with a high number of taps.
Thus, in this paper, we introduce the concept of cognitive equalization as a means of improving the
effectiveness of adaptive equalizers. We use cognitive equalization to vary the tap length and step
size of an adaptive equalizer based on the current channel conditions. These potential combinations
of tap lengths and step sizes are determined using a cognitive engine (CE), “an intelligent agent
which observes the radio environment and chooses the best communication settings that best meet
the application’s goal” [6]. The CE is implemented in software and used at the receiver so that
the above attributes of the equalizer can be adjusted if the current configuration is not capable of
compensating for impairments caused by the channel. The structure of the paper is as follows:
first, we provide background on Decision-Feedback Equalizers (DFEs), the Least Means Squares
[LMS] algorithm, CEs, and the Watterson Model — a common model used for HF simulations.
We then discuss the setup of our experiments comparing the effectiveness of a cognitive and preset
(i.e. fixed tap-length and step size) LMS-DFE and provide an analysis of the results. Lastly, we
summarize the work completed in this effort and describe future objectives.
BACKGROUND
A.

Decision-Feedback Equalization

There are two main kinds of equalizers: linear and nonlinear. The main distinction between when
an equalizer from either category is used in a particular situation is dependent on the amount of
inter-symbol interference (ISI) present in the channel. For the case where a channel has severe ISI,
a linear equalizer will end up amplifying the noise, but the nonlinear equalizers are structured to
remove it [7]. A DFE is an example of a nonlinear equalizer, and its general structure is shown
in figure 1 [7]. The feedforward and feedback filters are both linear filters and need not have the
same tap length or step size. The purpose of the feedback filter is “to eliminate the ISI caused
by previously detected symbols on the current symbol to be detected” [7]. The detector takes as
input the difference between the feedforward and feedback filters and assigns it a value based on
a particular metric (i.e. minimum distance) and the expected modulation. If BPSK was used, for
example, then the detector would determine whether or not the incoming values were 1 or −1. A
standard formulation of a DFE is:
Iˆk =

0
X

cj vk−j +

K2
X
j=1

j=−Ki

2

ˇ
cj Ik−j

(1)

Figure 1: Typical DFE Structure - from [7]

where cj represents the taps of the DFE, v represents the sequences received from the channel,
(K1 + 1) and K2 are the number of taps of the feedforward and feedback filters respectively, Iˇ
represents symbols decoded in previous iterations, and Iˆk represents the output of the equalizer
[8]. In equation 1, the first summation represents the feedforward filter and the second represents
the feedback filter.
Two common modes of operation for equalizers are reference-directed and decision-directed [9].
In reference-directed mode, a small portion of data — referred to as a training sequence — is sent
to an equalizer to enable its taps to be adjusted using a learning algorithm prior to transmission of
the actual (i.e. testing) data. This is done to reduce the probability of the equalizer making errors
but comes at the cost of sending symbols to train instead of the actual data. Once this training
phase is complete, the equalizer will transition into decision-directed mode, where the taps derived
from the training session are now frozen. The testing data is then sent to the equalizer, which is
now only able to use the frozen taps to remove any impairments in the received signal.
B.

LMS Algorithm

As stated in Section A., a DFE can be adaptive if a learning algorithm is used to update the weights
of the feedforward and feedback filters. One such algorithm that can be used is the LMS algorithm,
which is derived as follows [10]. First, the output of the equalizer is determined as
y(n) = ŵH (n)u(n)

(2)

where ŵH represents the estimate of the ideal weight vector, H represents the Hermitian transposition, and u(n) represents the input vector. Once y(n) is obtained, if the desired signal is known
at time step n, the error can be obtained using
e(n) = d(n) − y(n)

(3)

where d(n) is the desired signal. The objective of the LMS algorithm is to determine the weight
vector that minimizes the following cost function:
J(n) = E[|e(n)|2 ] ≈ e(n)e∗ (n)

(4)

where E represents the expectation. The approximation in equation 4 is made because having the
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taps adapt based on the current value of e(n) is more effective in modelling channel variations
compared to performing an average [10]. To find the subsequent tap vector that is most effective
in optimizing the above cost function, the following equation is used to update the taps at each
iteration of the adaptation process:
ŵ(n + 1) = ŵ(n) + µu(n)e∗ (n)

(5)

where µ represents the step-size. Thus, the LMS algorithm can be used for updating the weights
of the DFE.
C.

Cognitive Engines

As stated in the introduction, CEs are used to determine the optimal communication parameters
for a radio based on the current channel conditions. However, the search space a CE will parse
through in order to find such parameters (i.e. modulation, coding, antenna technique, etc.) may
be significantly extensive. In most applications, the radio will not have the luxury of time to try
each option to determine which set is optimal [11]. However, if the radio only selects the best
option out of the options it has always tried, it may never utilize a potentially better configuration.
This is the classic problem of exploration vs. exploitation. Exploration is the process of randomly
selecting an option; however, exploitation is the process of using the best option out of the options
that have already been explored [11]. In order to find this balance, we implement CEs through
the framework of reinforcement learning, a subset of machine learning where the objective is to
determine the best set of actions that maximize/minimize a particular objective.
Reinforcement learning algorithms train a model by sending it rewards based on the actions taken.
Rewards are “measure[s] of success” [12] and are determined based on their relationship to the
objective being maximized/minimized. Some examples of rewards within the realm of communications include maximizing throughput and minimizing bit error rates (BER). Similar to [6], we
assume that each option’s ability to obtain a reward is characterized by the estimated average of
the reward distribution (i.e. calculated based on how many times the option has been used). In
summary, CEs use reinforcement learning to find the optimal transmission parameters that maximize/minimize a certain objective. For this paper, an -greedy CE is implemented, where exploration occurs with probability , and exploitation occurs with probability 1 −  [12].
D.

Watterson Model

As stated in the introduction, the Watterson model is the most commonly used model for simulating ionospheric effects on HF transmissions. In [13], Clark Watterson introduced the model and
verified it using over-the-air measurements. Watterson depicts the ionosphere as a tapped delay
line, with each tap modulating a delayed version of the signal in both amplitude and phase, as
shown in figure 2 [14]. Each tap of the delay line has a bivariate Gaussian distribution
Gi (t) = Gia (t)ej∗2∗π∗via ∗t + Gib (t)ej∗2∗π∗vib ∗t

4

(6)

Figure 2: Watterson Model - from [14]

where a and b represent the magneto-ionic components, Gi (t) represents the tap-gain function,
Gia (t) and Gib (t) represent bivariate Gaussian distributions, and via and vib represent Doppler shifts
[14]. Watterson’s work also verified that one consequence of using the HF band is the transmitted
signal being susceptible to Rayleigh fading. However, to obtain this model, Watterson assumed that
the channel was stationary in time and frequency, making it only sufficient for small bandwidths
[13]. The International Telecommunications (ITU) has published a standardized version of the
Watterson model across different channel conditions [14]. The ITU’s version of the Watterson
model consists of a “tapped delay line with only two taps... The taps are fading independently with
a Rayleigh (i.e. complex Gaussian) probability density function and a Gaussian fading spectrum”
[15]. The ITU recommended channel models used in our experiments are listed in table 1.
NUMERICAL RESULTS
In this work, we compare the performance of a preset LMS-DFE with our cognitive equalization
technique. Matlab was used to simulate the ITU channel models and implement the LMS-DFE
[7]. We assume BPSK modulation is used and implement the detector of the DFE to assign the
incoming values as BPSK symbols. Based on the current HF military standards, as summarized in
[16], we assume a sample rate of 6400 Hz for the simulations.
The objective of the -greedy CE was to determine the tap-lengths of the feedforward and feedback
filters, and the step size of the DFE that would minimize the probability of error. The -greedy
CE uses the average minimum distance (i.e. sum of the minimum distances in reference to the
symbols of the BPSK constellation divided by the length of a full testing sequence) as a basis
for distinguishing between the configurations. As explained in Section C., when the -greedy
CE explores it will select an equalizer configuration randomly. However, when it exploits, the
equalizer configuration with the smallest error rate, represented by the average minimum distance,
will be chosen. When a configuration is selected, its average minimum distance is updated.
For simplicity, it was assumed that the feedforward and feedback filters were implemented with the
same step sizes for each option selected. The selection of feedforward taps varied from 5-25 taps,
and the selection of feedback taps varied from 7-14 taps. The different step size values that could
be selected were 0.01, 0.001, 0.0001, and 0.00001. This resulted in a total of 757 configurations
5

Table 1: ITU HF Channel Conditions from [14]

Channel Condition
Low Latitude, Quiet (LQ)
Low Latitude, Moderate (LM)
Mid Latitude, Quiet (MQ)
Mid Latitude, Moderate (MM)
Mid Latitude, Disturbed (MD)
High Latitude, Quiet (HQ)

Delay Spread (ms)
0.5
2
0.5
1
2
1

Doppler Spread (Hz)
0.5
1.5
0.1
0.5
1
0.5

for the -greedy CE to explore/exploit, with  set to 0.3. The fixed LMS-DFE was set to have 15
feedforward taps, 10 feedback taps, and a step size of 0.001. The probabilities of error obtained
for each SNR were averaged over 1000 independent trials (i.e. sending a training and testing
sequence). The training sequence consisted of 500 symbols, and the testing sequence consisted of
2000 symbols.
Figures 3 - 8 show the results of our simulations for all of the channel conditions displayed in
table 1. The figures indicate that the -greedy CE outperforms the preset LMS-DFE in each of
the channel models. This is primarily due to its ability to characterize/select the tap-lengths and
step sizes that provide fewer errors, while the preset LMS-DFE is unable to adapt. Figures 6 and
8 show that the error probabilities for both equalizers are slightly higher than the other scenarios,
which may be due to the larger degradation of the channels as indicated by their respective delay
and frequency spreads in table 1. This indicates the need for more robust equalizer algorithms to
be utilized (i.e. turbo, frequency-domain, etc.) However, the -greedy CE is still able to provide a
smaller amount of error overall.

Figure 3: Probability of Error for Figure 4: Probability of Error for Figure 5: Probability of Error for
HQ Channel
MQ Channel
LQ Channel

CONCLUSIONS
In this paper, we have introduced the concept of cognitive equalization as a means of maintaining
reliable communications in the HF band. As stated earlier, being able to adjust the parameters of
6

Figure 6: Probability of Error for Figure 7: Probability of Error for Figure 8: Probability of Error for
MM Channel
MD Channel
LM Channel

an equalizer is critical, especially if channels share similar characteristics as the ionosphere, which
exhibits frequent variations. We’ve used an -greedy CE to adjust the parameters of an LMS-DFE
so that it can alter its structure with the objective of minimizing the probability of error. We have
verified that under multiple, distinct HF environments, our cognitive equalization technique is able
to provide a better performance than a fixed equalizer. One future direction we will investigate
is expanding the concept of cognitive equalization by varying the learning algorithm used by the
equalizer and the actual equalizer model itself (i.e. DFE, frequency-domain, decision-directed,
turbo, etc.), as well as the tap length and step size. We will also use different CE algorithms,
including meta-CEs [17], to observe if any performance improvements can be obtained. In additon,
we will work towards verifying the effectiveness of cognitive equalization via long-range, over the
air experiments.
ACKNOWLEDGEMENTS
This project was partially supported by the Broadband Wireless Access and Applications Center
(BWAC); NSF Award No. 1265960.
REFERENCES
[1] N. Teku, G. Gulati, H. Asadi, G. Vanhoy, A. H. Abdelrahman, K. Morris, T. Bose, and H. Xin,
“Design of a long range cognitive hf radio with a tuned compact antenna,” International
Telemetering Conference 2017, pp. 1–10, 2017.
[2] A. L. Saverino, A. Capria, and F. Berizzi, “Realization of a flexible technological demonstrator for hf sky-wave data links,” Progress in Electromagnetics Research Symposium Proceedings, pp. 2305–2309, 2015.
[3] M. Uysal and M. R. Heidarpour, “Cooperative communication techniques for futuregeneration hf radios,” IEEE Communications Magazine, vol. 50, pp. 56–63, October 2012.

7

[4] A. D. Sabata and C. Balint, “Structure of signal received by passive ionospheric sounding in
the hf band at the location of timisoara, romania,” in 2016 12th IEEE International Symposium on Electronics and Telecommunications (ISETC), pp. 55–58, Oct 2016.
[5] T. Vanninen, T. Linden, M. Raustia, and H. Saarnisaari, “Cognitive hf; new perspectives
to use the high frequency band,” in 2014 9th International Conference on Cognitive Radio
Oriented Wireless Networks and Communications (CROWNCOM), pp. 108–113, June 2014.
[6] H. Asadi, H. Volos, M. M. Marefat, and T. Bose, “On Quantifying the Experience Level of a
Cognitive Engine,” SDR-WInnComm, pp. 9–15, 2015.
[7] J. Proakis, M. Salehi, and G. Bauch, Contemporary Communication Systems Using MATLAB.
Cengage Learning, 2012.
[8] D. Brilyantarto, I. Kurniawati, and G. Hendrantoro, “Early results on the design of adaptive
equalizer for hf communications system on equatorial region,” in 2014 XXXIth URSI General
Assembly and Scientific Symposium (URSI GASS), pp. 1–4, Aug 2014.
[9] R. J. Tront, “Performance of Kalman Decision-Feedback Equalization in HF Radio Modems,”
Master’s thesis, University of British Colombia, 1984.
[10] S. Haykin, Adaptive Filter Theory. Pearson, 2014.
[11] H. I. Volos and R. M. Buehrer, “On balancing exploration vs. exploitation in a cognitive
engine for multi-antenna systems,” in GLOBECOM 2009 - 2009 IEEE Global Telecommunications Conference, pp. 1–6, Nov 2009.
[12] J. White, Bandit Algorithms for Website Optimization: Developing, Deploying, and Debugging. O’Reilly Media, 2012.
[13] C. Watterson, J. Juroshek, and W. Bensema, “Experimental confirmation of an hf channel
model,” IEEE Transactions on Communication Technology, vol. 18, pp. 792–803, December
1970.
[14] I.-R. F.1487, “Testing of HF modems with bandwidths of up to about 12 kHz using ionospheric channel simulators,” ITU, vol. 1487, 2000.
[15] R. Otnes, Improved Receivers for Digital High Frequency Communications: Iterative Channel Estimation, Equalization, and Decoding (Adaptive Turbo Equalization). PhD thesis,
2003.
[16] E. Johnson, E. Koski, and W. Furman, Third-generation and Wideband HF Radio Communications. Artech House mobile communications series, Artech House, 2013.
[17] H. Asadi, H. Volos, M. M. Marefat, and T. Bose, “Metacognition and the next generation of
cognitive radio engines,” IEEE Communications Magazine, vol. 54, pp. 76–82, January 2016.

8

IMPACT OF PARAMETER SELECTION IN
SOFT-DECISION FEEDBACK TURBO EQUALIZATION
Husam Nassr, Kurt Kosbar
Dept. of Electrical & Computer Engineering,

Missouri University of Science & Technology
Rolla, MO 65409.
hhn4k4@mst.edu,
kosbar@mst.edu

ABSTRACT
In wireless communication systems, turbo equalization has been used to mitigate the intersymbol
interference caused by dispersive channels. Despite its computational complexity, turbo equalization achieves high performance compared to systems that implement the equalization and coding
processes separately. The large performance gain achieved through turbo equalization comes from
exchanging soft information between the equalizer and decoder in an iterative manner. However,
the computational complexity of turbo equalization can be a significant challenge for systems with
limited hardware capabilities. This paper examines the performance gain versus computational
complexity trade-off for a soft-decision feedback turbo equalizer (SDFTE). We show how to select
parameters that achieve a desired performance specification, while minimizing implementation
overhead. Sample results are presented from a simulation of a system using a Proakis channel
exhibiting severe ISI using QPSK, 8PSK and 16QAM modulation schemes.
INTRODUCTION
When information is sent through a channel with signification intersymbol interference (ISI), the
receiver must extract the transmitted data from the distorted signal with a minimum number of
errors. Utilizing the structure of the transmit symbol constellation and the code, equalization and
decoding are implemented at the receiver. Combining the equalization and decoding structures
was one of the more significant advancements in the past few decades. Michael Tuchler,et al [1]
implemented an iterative decision feedback equalizer based on the minimum mean square error
criteria (MMSE-DFE) where hard decision information is exchanged between the equalizer and
the decoder. This approach has lower computational complexity than the combined system originally proposed by Douillard et al [2]. Unfortunately, hard decisions can lead to error propagation.
An improved version of turbo equalization uses a soft-feedback equalizer (SFE) introduced in [3]
by Lopes et al. This approach is based on returning soft information to the equalizer, which then
minimizes the mean square error. While limited to the BPSK modulation format, this approach
achieves a large reduction in the complexity, and highlights the importance of system parameters,
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such as the channel impulse response (CIR) and the signal to noise ratio (SNR), in the design.
A more recently proposed model presented by [4] et al improves system performance by reducing
the computational complexity, and extends the system to MPSK and QAM modulation formats.
However, the complexity grows linearly with the number of equalizer coefficients. Moreover, performing more iterations leads to the same complected steps, and can result in a large convergence
delay. Considerable research has been done in achieving comparable performance while reducing the computational burden of these approaches [5, 6, 7, 8, 9]. This paper investigates how to
achieve a specific system requirement while minimizing the computational complexity, number of
iterations, and the delay for a specified SNR and modulation format.

SYSTEM MODEL
Consider the communication system in Figure 1 where the transmitter sends blocks of code word
sequences c = [c1 c2 · · · cNc ] with length Nc through an ISI channel. Each code word cn represented with Q bits Where Q=2, 3 and 4 for QPSK, 8PSK and 16PSK respectively. Next, every
code word cn is mapped to a symbol xn according to the constellation sets shown in Table 1.

Figure 1: Communication System with Soft-Decision Feedback Turbo Equalization.

The generated symbols are then modulated with a carrier and transmitted through the channel of
length M and with impulse response hk . At the receiver, the received baseband signal can be
written as

rn =

M
−1
X

hk xn−k +wn

(1)

k=0

Where hk is the k th tap of the channel and wn represents an independent and identically distributed
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noise process with a variance σw2 /2. Arranging equation (1) into a matrix form for a length of
K = K1 + K2 + 1 received symbols as
rn
rn
xn
wn

= Hxn + wn
= [rn−K2 rn−K2 +1 · · · rn+K1 ]T
= [xn−K2 −M +1 xn−K2 −M +2 · · · xn+K1 ]T
= [wn−K2 wn−K2 +1 · · · wn+K1 ]T


hM −1 · · ·
h0
··· 0

. 
..
..
..
H= ...
.
.
. ..  .
0
· · · hM −1 · · · h0

(2)

Table 1: Symbol Alphabets

i

1

si,1 si,2

00

αi

QPSK
2

3

4

01
10
11
√
√
√
√
(+1 + i)/ 2 (+1 − i)/ 2 (−1 + i)/ 2 (−1 − i)/ 2

i

1

8PSK
2

si,1 si,2 si,3

000

001

αi

exp( i9π
)
8

i

5

6

7

8

si,1 si,2 si,3

100

101

110

111

αi

exp( i7π
)
8

exp( i5π
)
8

exp( iπ8 )

exp( i3π
)
8

3

4

010

011

exp( i11π
) exp( i15π
) exp( i13π
)
8
8
8

16QAM
i

1

2

3

4

5

6

7

8

si,1 si,2 si,3 si,4

0000

0001

0010

0011

0100

0101

0110

0111

αi

(−1−i)
√
10

(−1−3i)
√
10

(−1+i)
√
10

(−1+3i)
√
10

(−3−i)
√
10

(−3−3i)
√
10

(−3+i)
√
10

(−3+3i)
√
10

i

9

10

11

12

13

14

15

16

si,1 si,2 si,3 si,4

1000

1001

1010

1011

1100

1101

1110

1111

αi

(1−i)
√
10

(1−3i)
√
10

(1+i)
√
10

(1+3i)
√
10

(3−i)
√
10

(3−3i)
√
10

(3+i)
√
10

(3+3i)
√
10
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Where a bold letter represents a vector and a bold capital letter represents a matrix. The variable
n is used for the time index and (·)∗ , (·)−1 , (·)T and (·)H are the conjugate, inverse, transpose and
hermitian operators respectively. The all ones, and all zeros, matrices are represented by 1i×j and
0i×j respecitivey, and the identity matrix with a dimension of i × i is written as Ii . The covariance operator is written as Cov(x, y) = E(xy H )−E(x)E(y H ), where E(·) is statistical expectation.
The MMSE estimate x̂n of the transmitted symbols xn and the soft-feedback version xdn coming
from the decoder are given by
x̂n
xdn
fn
bn

= fn rn + bn xdn + dn
= [xdn−K3 xdn−K3 +1 · · · xdn−1 ]T
= [fK2 ,n fK2 −1,n · · · f−K1 ,n ]
= [bK3 ,n bK3 −1,n · · · b1,n ]

(3)

Where K3 = K2 + M − 1, and the vectors fn and bn represents respectively the taps of the feedforward and feedback filters of the SDFTE. The MMSE values of fnH , bH
n and dn can be obtained
using partial differentiation method [4] as

 H −1
bb −1 fbH
fnH = σw2 IN +H Cfnf −Cfb
H
sn
n (Cn ) Cn
bH
n

fbH H
−1
−(Cbb
n ) HCn fn

=
dn = E{xn } − fn HE{xn } − bn E{xdn }
x̂n = fn (rn −HE{xn })+bn (xdn −E{xdn })+E{xn }

(4)
(5)
(6)
(7)

bb
Where covariance matrices Cfnf ,Cfb
n , Cn and sn can be calculated as

Cfnf
Cfb
n
bb
Cn
sn

H
= E{xn xH
n } − E{xn }E{xn }
dH
= E{xn xdH
n } − E{xn }E{xn }
d
dH
= E{xdn xdH
n } − E{xn }E{xn }
= H(E{xn x∗n } − E{xn }E{x∗n }).

The covariance matrix Cfnf can be calculated from the a priori information, and to calculate the
bb
other two covariance matrices Cfb
n and Cn , the following expectations need to be computed first.
ξ = E{xdn }
ζ = E{xdn xd∗
n }
β = E{xn xd∗
n }

(8)
(9)
(10)

According to [4], the calculation of the expectations values ξ, ζ and β which are functions of xdn
require to find the values of log-likelihood ration LLR λn,j and λpn,j as shown in Figure 1. An
approximation can be used to compute the values of of different modulation level as shown in
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Table 2 where A = E{x̂n x∗n } = fn sn . Subsequently, the value of λpn,j and the full LLR values Ln,j
for each coded bit can be computed as
λpn,j = log P (cn,j
n,j =1)

P (c

=0)

(11)

Ln,j = λn,j + λpn,j

(12)

Finally, xdn can be calculated as
xdn =

X

αi P (x̃dn = αi )

(13)

αi ∈S

P (x̃dn

= αi ) =

Q
Y
1
j=1

where


s̃i,j =

2

(1 + s̃i,j tanh(Ln,j /2)).

(14)

+1 if si,j = 0
−1 if si,j = 1

Table 2: LLR λn,j Approximation For Symbol Alphabets In Table 1

QPSK: √
- λn,1 ≈ 2√2Re{x̂n }/(1 − A).
- λn,2 ≈ 2 2Im{x̂n }/(1 − A).
8PSK:
- λn,1 ≈ −4 sin(7π/8)Im{x̂n }/(1 − A).
- λn,2 ≈ −4 sin(7π/8)Re{x̂n }/(1 − A).
- λn,3 ≈ 1.0824(|Re{x̂n }| − |Im{x̂n }|)/(1 − A).
16QAM:
√
- λn,1 ≈ −4Re{x̂√
n }/( 10(1 − A)).
- λn,2 ≈ (8A − 4 10|Re{x̂
√ n }|)/(10(1 − A)).
- λn,3 ≈ −4Im{x̂√
}/(
10(1 − A)).
n
- λn,4 ≈ (8A − 4 10|Im{x̂n }|)/(10(1 − A)).

SIMULATION RESULTS
The motivation for this paper is to search for the set of parameters that best satisfy the system
requirements under various operation conditions such as the level of SNR and severity of ISI. The
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main goal is to minimize the implementation complexity, and search the system parameter, such as
the number of iteration, the modulation level, and the length of equalizer coefficients, that satisfies
the requirements. As described in the preceding sections, the feed forward filter has K coefficients where K = K1 + K2 + 1, and the feedback filter has K3 coefficients. Also, we knew that
K3 = K2 + M − 1, where M represents the number of channel taps.
In the simulation, blocks of binary bits streams are generated randomly and encoded using a convolutional encoder with coding rate R = 12 using a generator polynomial G = [7, 5]. Then, the bits
of the encoded word are interleaved, mapped into a QPSK, 8PSK and 16QAM and passed through
the ISI channel with impulse response h = [0.227, 0.46, 0.688, 0.46, 0.227]. We tested the performance of the SDFTE at fixed SNR values, for different modulation schemes, for several iterations,
and with various numbers of equalizer coefficients.
Above a threshold SNR level, the performance improves as the number of iterations increases.
Unfortunately, this will cause an additional delay which might be problematic for system performance. But these iterations are necessary for the high-order modulation schemes, to acheive the
BER target at some SNR.
Values of the equalizer parameters were varied, to determine how each impacts the performance.
We found the parameter with the greatest impact on performance was K1 , however, the price will
be the computational complexity. As shown in Figure 2 and at only two iterations, the level of BER
can be reduced by increasing the number of coefficients in the feed forward filter K1 . For QPSK
modulation, a level of 10−3 of BER which could be achieved at three iteration with SNR = 10dB
and K1 = 2 can be achieved with two iterations at SNR = 12dB by increasing the number of
equalizer taps at K1 = 5. Similarly, the same level of BER might be reached at lower level of SNR
around 6dB and at K1 = 5 by increasing the number of iterations to six as shown in Figure 5.

Figure 3: BER vs K1 after three Iterations.

Figure 2: BER vs K1 after two Iterations.

For the above mentioned channel, the simulation results exhibit minor improvement when the precursor length of the equalizer exceeds nine taps. Figure 3 through Figure 5 show similar trends at
6

different iterations, and at different SNR.

Figure 4: BER vs K1 after four Iterations.

Figure 5: BER vs K1 after six Iterations.

The simulation results show how the required performance can be achieved, regardless the level
of the SNR, by increasing the number of the precursor taps, or the number of iterations, or both.
The required parameter set can be different from one channel to another, and from one system to
another. However, the trend will be the same and for each operating condition; there are a set of
parameters that satisfies the requirement within the minimum complexity burden.
CONCLUSION
This paper investigated the reduction in computational complexity which can be achieved by careful selection of system parameters. The simulation included a SDFTE under severe ISI channel,
with various modulation schemes, over a range of SNR levels. During the simulation, changing
K2 did not show a significant impact in the system performance, however K1 had a considerable
impact. The number of precursor taps, K1 , was varied with SNR, and the number of iterations, to
show the importance of this parameter for achieving a specified BER.
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ABSTRACT
It has been proved that multipath and timing-varying channels usually cause significant
performance degradation, especially for low elevation scenario (0o~5o) in aeronautical telemetry.
Channel models for various scenarios of the whole take-off process will be described in this
paper. And we will present the experimental testing results to characterize the performance of a
blind adaptive constant modulus algorithm (CMA) equalizer applied for PCM-FM receiver in
low elevation aeronautical telemetry scenarios, including parking scenario, taxiing scenario,
take-off scenario and far-flight scenario. The test results showed that the equalizer improved the
signal quality and achieved a remarkable bit error rate (BER) performance gain in the multipath
fading scenarios.

KEY WORDS
Blind Adaptive Equalizer, Constant Modulus Algorithm, PCM-FM, Multipath Channels, Low
Elevation Aeronautical Telemetry.
INTRODUCTION
The typical features of low elevation aeronautical telemetry are multiple paths and fading due to
the electromagnetic wave’s reflection and scattering on buildings, trees and other obstacles.
Because of the movement of transmitters, receivers and obstacles, the characteristics of channel
become time-varying. Multipath is a significant problem in some aeronautical telemetry flight
tests, especially for the communication between the ground station and aircraft. When the
elevation angle of the ground station is low (such as 0o~5o), the reflection and refraction of the
electromagnetic wave will cause serious multipath and fading. While the Doppler spreads effect
of the high speed flying aircraft is remarkable, the channel varies quickly and the channel
impulse response is time-variant. How to realize the reliable information transmission between
the ground station and the space platform under the low elevation angle is in greater difficulties.
As the bit rate of telemetry increases, the impairments of multipath interference become more
serious because the inter-symbol and intra-symbol interference (ISI) caused by multipath become

more serious. Equalizer techniques were proposed to overcome these problems that the received
multipath signal will cause errors. Specifically, if the same messages over different paths are
collected and recombined, the receiver will overcome this problem and get gain in performance.
The state-of-the-art blind Constant Modulus Algorithm (CMA) known for its low complexity
and efficient structure without using training sequences, has the merits of overcoming the intersymbol and intra-symbol interference caused by multipath [7][8]. The CMA equalizer has been
widely used in various wireless communication systems, especially for aeronautical telemetry
applications [2].
Flight tests were performed at Edward Air Force Base (AFB) to characterize the telemetry
channel environment. Based on the multi-path channel model proposed by M. Rice in [1], called
AFB2, which describe different channel scenarios of aeronautical telemetry, obtained from the
sounding experiment at Edward AFB. We will use a mature and reliable CMA blind equalization
algorithm to test the effects in different phases of the aeronautical channel in a PCM-FM system.
As the lower bit rates, such as 50~500 kbps, are affected less by multipath than the higher bit
rates [5][6], such as several Mbps, we concentrate on the “wide band” PCM-FM signal in this
paper and test the 4.0Mbps receiver in different simulated multipath scenarios.
This paper is organized as follows: after a brief description of the CMA equalizer algorithm and
the PCM-FM receiver structure, we then detail the channel models in different aerial channel
scenes along with the analysis of the test results including the received signal frequency
spectrum and the BER results using different detectors. We will not explain in detail the
principle part of the demodulator structure of PCM-FM, such as multi-symbol detector and
single-symbol detector, as it can be found in a variety of references [3]. We will focus mainly on
the channel scenarios for aeronautical telemetry and the effect of CMA equalizer on improving
BER performance.
THE CMA EQUALIZER
We describe the PCM-FM receiver and the CMA equalizer in this section. The blind
equalization module is designed according to the Godard Constant Modulus blind equalization
algorithm [7]. The CMA equalizer structure in the receiver system is shown in Fig.1. The
modulated FCM-FM signal s(n) is transmitted in the multipath channel, where c(n) is the channel
impulse response, x(n)is the received signal, and v(n) is the white Gauss noise. The inter-symbol
interference is eliminated by the adaptive iterative filtering of the input signal amplitude, as
shown in Fig. 1.

c(n)

+

e(n)
Figure 1. The structure of the blind CMA equalizer system.

The cost function of the CMA algorithm can be expressed as,
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Where, s(n) is the transmitted signal, y(n) is output of the CMA equalizer.
The iterative formula can be expressed as following:
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Where, x(n) is the received signal, which is also the input signal of the equalizer. And wn (p) is
the p-th coefficient of the n-th symbol of the adaptive equalizer.
Binary pulse code modulation/frequency modulation (PCM-FM) has been widely adopted as a
standard by the telemetry community, especially for aeronautical telemetry. The designed
equalizer can eliminate inter-symbol interference caused by multiple paths, band limited effect or
timing bias. The block diagram of the PCM-FM demodulation system is shown in Fig.2. The
received signals are sampled in AD, down converted with DDS, equalized, timing synchronized,
carrier frequency offset corrected, and then we use single-symbol detector or multi-symbol
detector to decode the transmitted information. Because the CMA equalizer is blind and adaptive,
the equalizer filtering process works before the timing synchronization and frequency offset
corrector.
Single-Symbol Detector
(SSD)
AD

DDS

Diversity
combining

Blind
Equalizer

Timing
synchronization

Frequency
Corrector
Multi-symbol Detector
(MSD)

Figure 2. Block diagram of the PCM-FM demodulation system.

As the CMA equalizer is designed to a linear feedback structure, choosing the appropriate
parameters is conducive to the stability and fast convergence of the loop. With regard to the
PCM-FM signal, internal key parameters of the equalizer are described as follows:
Filter taps: 54;
Filter initial value: 0;
Filter center tap initial value: 1.8735;
Equalizer parametersR2: 2.4375;
This CMA equalizer can realize multipath equalization with delay expansion less than 16 symbol
periods, and the equalization convergence time is about 500 symbol cycles.

CHANNEL MODELS AND HARDWARE EXPERIMENT RESULTS
In this section, we present the channel models for low elevation aeronautical telemetry, including
parking scenario, taxing scenario, take-off scenario and far-flight scenario. We will present the
typical channel characteristics for each scenario as well as the frequency spectrum of received
PCM-FM signal through these simulated channels. The distortion degree of the spectrum reflects
the quality of the channel. By testing the bit error rate (BER) of the received 4.0Mbps (the
testing bit rate is the same to the reference [4] for comparing) PCM-FM signal when the
equalizer is turned on and off, we can obtain the effect of the equalizer in the low elevation
aeronautical telemetry process. The multipath fading is generated by a Rohde & Schwartz (R&S)
SMW200A signal generator. As we assume that the signal bandwidth is much wider than the
coherent bandwidth of multipath fading channel, the channel is frequency selective [6], which
means that we could assume the channel characteristics remain unchanged for a limited period of
time (several symbols).
There are two kinds of nocoherent demodulation algorithms for PCM-FM signal, the traditional
limiter-discriminator demodulator (Single-symbol detector, SSD) and the improved multisymbol demodulator (Multi-symbol Detector, SSD) [3]. We will test both of the two kinds of
demodulator and the hardware experiment structure is shown in Fig.3.
PCM-FM
Modulator

Bit Err Rate
Calculate
(BER)

Multipath
Fading
Channel

AWGN

PCM-FM
Demodulator
(SSD/MSD)

Figure 3. The hardware experiment block diagram.

1. Parking scenario
The parking scenario is always the most complicated ones with a lot of paths, because the
multipath delay and fading vary tempestuously due to the parking environment’s complexity.
There are always a lot of buildings and huge reflectors. Fortunately, we can assume that the
transmitter and the receiver are motionless and the channel is considered as static. The typical
parking channel model is based on the multipath channel model proposed by M. Rice in
reference [1], called AFB2.
According to the AFB2, the static multipath characteristics are shown in Table 1. There are
seven paths with constant phase and no Doppler spread in these static paths. Because the
transmitters and receivers are close from each other, the delay spread of each path is short and
the most paths’ relative power has high attenuation. The received signal spectrum is shown in
Fig.4, and the test BER results are shown in Fig.5.

Path Number
1
2
3
4
5
6
7

Table1. Parking Channel Model
Relative Power
Path Delay
Doppler
(in dB) Loss
(in us)
(in Hz)
-16
0
0
0
0.05
0
-9
0.1
0
-9
0.49
0
-9
0.73
0
-16
0.87
0
-15
0.92
0

Phase Type
Constant phase
Constant phase
Constant phase
Constant phase
Constant phase
Constant phase
Constant phase

Figure 4. Signal spectrum of parking scenario

Figure 5. BER results for parking scenario.

Fig.4 shows that the received signal frequency spectrum has slight deformation compared to the
natural spectrum as the paths are static with no Doppler and has constant phase. Fig. 5 shows that
the receiver with CAM equalizer on significantly outperforms the receiver with CAM equalizer
off under the parking channel, and remarkable gains (4~5dB at BER=10-5) can be achieved.
As the above channel model is very close to the worst case for parking scenario. We simplified
the model for common airport environment where the aircraft is parking in the clear and flatness

land. The simplified static multipath channel is shown in Table 2, the received signal spectrum is
shown in Fig.6, and the test BER results are shown in Fig.7. We draw the similar conclusions as
for the previous case: the errors are corrected by CMA equalizer greater than 2.5dB at BER=10-5.

Path Number
1
2
3
4

Table2. The simplified parking channel model
Relative Power
Path Delay
Doppler
(in dB) Loss
(in us)
(in Hz)
-16
0
0
0
0.05
0
-9
0.1
0
-9
0.49
0

Phase Type
Constant phase
Constant phase
Constant phase
Constant phase

Figure 6. Signal spectrum of simplified parking scenario.

Figure 7. BER result for simplified parking scenario.

2. Taxing scenario
In a taxiing channel, because of the movement of receiver and transmitter, the characteristics of
channel become time and frequency varying. As the distance between transmitters and receivers
increase, the reflected paths’ power is lowered compared to the parking scenario. These reflected
paths’ phase type will changed to Rayleigh distribution, and the line-of-sight path can be

modeled as Rice distribution [4]. According to the taxing channel model given in [1], the taxing
channel characteristics are shown in Table 3. The received signal frequency spectrum is shown
in Fig. 8, the test results are shown in Fig.9.

Path Number
1
2
3
4

Table 3. The taxing channel model
Relative Power
Path Delay
Doppler
(in dB) Loss
(in us)
(in Hz)
0
0
20
-10
0.4
20
-20
1
20
-30
1.2
20

Phase Type
Rice
Rayleigh
Rayleigh
Rayleigh

Figure 8. Signal spectrum of taxing scenario.

Figure 9. BER result for taxing scenario.

The frequency spectrum reflects that the signal has serious deformation compared to the parking
scenario. The BER results of our experiments show that an improvement of 1~1.5 dB at
BER=10-5 can be realized over the taxing channel scenario. Both of the two nocoherent
demodulation algorithms (MSD and SSD) draw the similar conclusions of performance gain.

3. Take-off scenario
During the taking-off process, the elevation of the elevation is continuously increasing between
0o and 5o, and it is a typical low elevation scene. We will verify the effect of the low elevation
multipath on the demodulation performance of the PCM-FM receiver. The simulated multipath
environment is shown in Table 4. It can be found that the reflected paths are low-powered but
have larger delay and Doppler spreads. The actual test result is shown in Fig.10 and Fig.11.

Pather number
1
2
3
4

Table 4. The take-off channel model
Relative Power
Path delay
Doppler
(in dB) loss
(in us)
(in Hz)
0
0
30
-18
0.8
30
-33
1.5
30
-38
2.5
30

Figure 10. Signal spectrum of take-off scenario.

Figure 11 BER result for take-off scenario.

Phase type
Rice
Rayleigh
Rayleigh
Rayleigh

The results presented in our experiment show that the equalizer can effectively reduce the
influence of the multipath effect, and the error performance of 2~2.5dB at BER=10-5 can be
realized.

4. Far-flight scenario
In a far-flight channel scenario, the distance between the ground station and aircraft is far enough
so that we consider the 2 paths model in the worst case which means the reflected path has high
relative power and large delay. Based on the channel model proposed by M. Rice et al. [5][6] for
multipath channel in far-flight aeronautical telemetry, which is composed of a line-of-sight path
signal and a specular reflection whose strength is 20% ~ 80% that of the line-of-sight path. The
channel model is also based on the 2-ray channel model. Because the distance between
transmitter and receiver varies over a wide range and the topography (such as lake bed and hilly
areas) is various for aeronautical telemetry features, the power of the specular reflection path
signal has a large range of changes. In order to evaluate the 2-ray channel completely, the
relative amplitude loss of reflexed path compared to the line-of-sight path is expressed as
parameter L, and L=2dB~8dB in the hardware experimental test. The simulated multipath
characteristics are shown in Table 5.

Pather number
1
2

Table 5. The far-flight channel model
Relative Power
Path delay
Doppler
(in dB) loss
(in us)
(in Hz)
0
0
50
-2, -4, -6, -8
4
50

Phase type
Rice
Rayleigh

Figure 12. BER result for far-flight scenario (2-Ray multipath).

Fig.12 shows the measured BER curves of specular reflection path with different amplitude
attenuation loss in dB relative to the main path. Higher values of L indicate less severe multipath
fading and larger amplitude attenuation. Some conclusions from looking at this BER data are: 1:

Without equalizer, we observe an error floor in the BER curve even at high Eb/N0. 2: Because the
high amplitude of reflected path results in BER >0.1 when equalizer is off, which means that the
PCM-FM receiver (the timing synchronization and frequency offset corrector) is unable to work
without equalizer under these conditions. 3: The equalizer is reducing the multipath effects and
improving the BER performance significantly. The MSD demodulator’s BER performance is
2~2.5dB (at BER=10-5) better than the SSD demodulator under the same conditions of L, Eb/N0
and equalizer.
CONCLUSIONS
In an aeronautical telemetry system, multipath can be a significant problem during the whole
phases of the parking, taxing, take-off and far-flight scenarios. Equalization always overcomes
inter-symbol and intra-symbol interference and improves performance of demodulation, timing
synchronization and frequency offset correction. For the considered channel scenarios that
represent various phases of the aeronautical telemetry, the combination of the blind adaptive
CMA equalizer with the PCM-FM receiver does a good job of correcting for multipath
impairment. The hardware experimental test results show that there are error floors of BER
without equalizer in some cases. However, significant BER performance improvement can be
achieved (about 1dB~5dB depend on scenarios) using the blind adaptive CMA equalizer in the
PCM-FM signal receiver.
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Introduction
• The Cellular Range Telemetry (CRTM) and Flightline Radio Network (FRN) projects explore
the use of 3GPP Long Term Evolution – Advanced (LTE-A) for airborne and ground-based
telemetry links
• This presentation will look at
•

LTE RF carrier configurations

•

How spectrum is shared between multiple users within the LTE system

•

RF characteristics of LTE downlink and uplink signals

• In the context of these projects:
•

The AMT aircraft-mounted equipment operates as an LTE “User Equipment” (UE) device

•

Each AMT ground stations operates as an LTE “eNodeB” (base station)

•

LTE downlink = ground-to-air communication (eNodeB Tx / UE Rx)

•

LTE uplink = air-to-ground communication (UE Tx / eNodeB Rx)

This presentation will focus on the LTE uplink, since the primary goal of these projects is
delivery of telemetry data from the aircraft to the ground network

LTE carrier generation

Downlink channels and resource mapping
• In the time domain:
• 1 slot = 0.5msec
• 1 subframe = 2 slots (1msec)
• 10 sub-frames = one frame (10msec)

• Synchronization signals are embedded twice
per frame
• Master Information Block (MIB) is
transmitted once per frame

• In the frequency domain:
• The OFDM process modulates data onto
individual sub-carriers, which are 15kHz
apart

Carries user data

• 12 sub-carriers are grouped into a resource
block, which occupies 180kHz in frequency

Carries downlink control channel data

• The number of resource blocks available for
data transmission depends on the carrier
bandwidth definition

• Scheduling user data
• For each sub-frame, the scheduler
determines which users will be allocated
which resource blocks

(Aid demodulation)

Uplink channels and resource mapping
• In the time domain:
• Same frame structure as downlink

• No synchronization signals or Master
Information Block required for the uplink

• In the frequency domain:
• Same sub-carrier structure as downlink
• The number of resource blocks available for
data transmission depends on the carrier
bandwidth definition and the number of
resource blocks assigned for PUCCH

• Scheduling user data
• For each sub-frame, the scheduler determines
which users will be allocated which resource
blocks and sends the appropriate uplink
transmission grants to each UE scheduled for
that interval.
(Aid demodulation)

Carries user data

Carries uplink
control channel data

Uplink user data capacity
• When a UE registers with the LTE system,
it communicates its data buffer status to
the eNodeB
• The uplink scheduler manages data
transmission from UEs with data to send
such that carrier capacity is used
efficiently and UEs are served fairly
• For terrestrial systems, this process must
be capable of handling several hundred UEs
• For test range applications, maximum user
density in any one geographical space is
likely 4 or less

• Amount of data scheduled per sub-frame
determined by Modulation Coding
Scheme (MCS) used for each UE
• MCS choice based on measured Signal to
Interference + Noise (SINR) and UE power
headroom
• Each MCS value has an associated coding
rate and modulation order, which
determine what the payload for the
scheduling interval will be.

Increasing modulation order
+ larger coding rate =
Higher throughput

Example: Maximum throughput per carrier for a single UE
From Table 8.6.1-1
Modulation, TBS index and redundancy
version table for PUSCH
MCS Index
I MCS
0
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28

Modulation
Order Q m

QPSK

16QAM

64QAM

TBS Index
I TBS
0
1
2
3
4
5
6
7
8
9
10
10
11
12
13
14
15
16
17
18
19
19
20
21
22
23
24
25
26

10MHz bandwidth
(50PRB)
PUCCH
PUCCH
PUCCH
Size = 4
Size = 6
Size = 8
1.26
1.67
2.09
2.66
3.24
4.01
4.78
5.74
6.46
7.22
7.99
7.99
9.14
10.68
11.83
12.96
14.11
14.69
16.42
18.34
19.85
19.85
21.38
22.92
24.50
26.42
28.34
29.30
34.01

1.22
1.61
1.99
2.54
3.11
3.88
4.58
5.35
6.20
6.97
7.74
7.74
8.76
9.91
11.45
12.58
13.54
14.11
15.84
17.57
19.08
19.08
20.62
22.15
23.69
25.46
26.42
28.34
32.86

1.16
1.54
1.86
2.47
2.98
3.75
4.39
5.16
5.99
6.71
7.48
7.48
8.50
9.53
10.68
12.22
12.96
13.54
15.26
16.42
18.34
18.34
19.85
21.38
22.92
24.50
25.46
26.42
30.58

FDD
UL Maximum Throughput (Mbps)
15MHz bandwidth
20MHz Bandwidth
(75PRB)
(100 PRB)
PUCCH
PUCCH
PUCCH
PUCCH
PUCCH
PUCCH
Size = 4
Size = 6
Size = 8
Size = 4
Size = 6
Size = 8
1.99
2.60
3.24
4.14
5.16
6.20
7.48
8.76
9.91
11.06
12.58
12.58
14.11
16.42
18.34
20.62
22.15
22.92
25.46
28.34
30.58
30.58
32.86
35.16
37.89
40.58
43.82
45.35
52.75

1.93
2.54
3.11
4.01
4.97
5.99
7.22
8.50
9.53
11.06
12.22
12.22
14.11
15.84
17.57
19.85
21.38
22.15
24.50
27.38
29.30
29.30
31.70
35.16
36.70
39.23
42.37
43.82
51.02

1.86
2.47
2.98
3.88
4.78
5.99
6.97
8.25
9.53
10.68
11.83
11.83
13.54
15.26
16.99
19.08
20.62
22.15
24.50
26.42
29.30
29.30
31.70
34.01
36.70
37.89
40.58
42.37
48.94

2.66
3.50
4.26
5.54
6.97
8.50
9.91
11.83
13.54
15.26
16.99
16.99
19.08
22.15
24.50
27.38
29.30
31.70
35.16
37.89
40.58
40.58
45.35
48.94
51.02
55.06
59.26
61.66
71.11

2.60
3.50
4.26
5.54
6.71
8.25
9.91
11.45
12.96
14.69
16.42
16.42
19.08
21.38
24.50
27.38
29.30
30.58
34.01
37.89
40.58
40.58
43.82
46.89
51.02
55.06
57.34
59.26
68.81

2.54
3.37
4.14
5.35
6.46
7.99
9.53
11.45
12.96
14.69
16.42
16.42
18.34
21.38
23.69
26.42
28.34
30.58
32.86
36.70
39.23
39.23
42.37
46.89
48.94
52.75
57.34
59.26
68.81

Uplink channel - summary
•

The maximum uplink throughput for a UE is determined by channel configuration, channel conditions, path
loss, and how many other users are sharing the same channel

•

The maximum capacity of an uplink LTE carrier depends on the bandwidth, channel conditions and path loss
of each UE scheduled in the same interval

•

The process of a UE connecting to the system, indicating it has data to send, sending data, and moving across
coverage areas is totally automated within the LTE system

•

For flightline applications:

•

•

Path loss is low and received SINR is high, so UEs will be scheduled with maximum MCS

•

Throughput per user and carrier capacity will be high

•

Density of aircraft on ground and data requirements for each aircraft will drive system design

For airborne test segments (CRTM) applications:
•

Path loss and received SINR are variable, so UEs will be scheduled with varying MCS

•

Throughput per user and carrier capacity will be lower

•

Link budget considerations will drive system design

Deployment of LTE carriers for RF coverage
• Cellular approach to RF coverage
• RF coverage is attained using three “sectors” of coverage around a single site
• Each sector is driven by an antenna and Remote Radio Head (RRH). All RRHs
at a site are connected to a single LTE baseband unit
• Each sector contains 1 or more LTE carriers (“cells” in 3GPP speak). The
number of carriers within a sector depends on the data throughput required
within that sector

• Spectrum usage
• Typically all sectors contain the same number of carriers, and each carrier can
be thought of as part of a single-frequency layer that extends across the
system. This allows the capacity of a single LTE carrier to be re-used many
times across the system

• Inter-cell interference due to single-frequency layers
• Downlink interference can be managed
through frequency selective scheduling
(low throughput requirements)

Table 5.6-1 Transmission bandwidth
configuration NRB in E-UTRA channel bandwidths

Channel Bandwidth [MHz]
Transmission Bandwidth Configuration [RB]

•

Active Resource Blocks

Channel edge

•

LTE carriers can be placed channel edge to channel
edge without causing adjacent channel
interference
UE out-of-channel emissions at -25dBm/30kHz at
1MHz from channel edge
UE out-of-channel emissions at -25dBm/30kHz at
10MHz from channel edge

Transmission
Bandwidth [RB]
Resource block

•

Channel edge

• Uplink inter-cell interference is expected
to be most prevalent in FRN systems and
can be managed through use of
• Coordinated Multi-point reception
(CoMP)
• Interference Rejection Combining (IRC)
• Use of narrow beam antennas

Figure 5.6-1 Definition of Channel
Bandwidth and Transmission Bandwidth
Configuration for one E-UTRA carrier

Center subcarrier (corresponds to DC in
baseband) is not transmitted in downlink

Effects of data load on LTE carriers
Using standard (non-GBR) bearer channels

25Mbps

33Mbps

25Mbps

Offered data is more than
LTE carrier capacity

33Mbps

12Mbps

Offered data is at
LTE carrier capacity

33Mbps

Request for higher QoS
triggers set-up of a GBR
bearer channel for that UE

8Mbps

Standard (non-GBR) bearer
channel is default when
User Equipment (UE)
attaches to an LTE system

Offered data is less than
LTE carrier capacity

33Mbps

GBR = Guaranteed Bit Rate

Offered data is more than
LTE carrier capacity, but
critical data sent via GBR
bearer channel

20MHz LTE Uplink carrier
Maximum throughput: 45Mbps
(assuming 16QAM Max MCS

Using QoS not as important for FRN
applications where RF conditions are
good, but will be important for CRTM
(airborne) applications where
channel conditions change as the
test article moves across the range

All data gets through
with low latency and
zero packet loss

Latency and packet loss
begin to rise due to
scheduling constraints
Packet loss may be OK
for TCP applications
Not OK for UDP (AMT)

Throughput limited to carrier
capacity. “Best effort”
scheduling shares the available
throughput between streams
Not OK for most applications

Data sent via GBR bearer
gets through with no packet
loss and low latency
Non-GBR stream packet
loss and latency suffer

Using carrier aggregation to increase capacity
Single Cell

• To avoid the bottlenecks described on the previous
slide, additional carriers can be deployed
• Each additional carrier adds capacity in the coverage area
• Individual carrier capacity may not be used efficiently
when data is being sent over a few large streams

8Mbps

20Mbps

8Mbps

12Mbps

8Mbps

• Allows any stream to be divided and sent over carriers in
the aggregation group

20Mbps

• Carrier Aggregation allows two or more carriers to be
treated as a single spectrum resource

2 x 20MHz
LTE carriers
Supporting
80Mbps
38Mbps

38Mbps

Summary
•

The process of a UE connecting to the system, indicating it has data to send, sending data, and moving across
coverage areas is totally automated within the LTE system

•

RF planning for flightline networks and airborne test range networks are driven by different requirements

•

For flightline (FRN) applications:

•

•

Carrier capacity will be high because of excellent signal quality conditions

•

Density of aircraft on ground will probably require multiple frequency layers with carrier aggregation

•

LTE features supporting uplink interference mitigation will be turned on

For airborne test segments (CRTM) applications:
•

Density of airborne test articles will be lower than on the flightline, but throughput per carrier will be lower due to
channel conditions

•

Lower per carrier capacity will result in deploying multiple frequency layers with carrier aggregation
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ABSTRACT
The National Oceanic and Atmospheric Administration (NOAA) Geostationary Operational
Environmental Satellite (GOES) Data Collection System (DCS) receives environmental data from
approximately 28,000 Data Collection Platforms (DCPs) that transmit up to the GOES spacecraft
in the Ultra-High Frequency (UHF) band between 401.7 Mega-Hertz (MHz) and 402.1 MHz. The
radio spectrum around 402 MHz is also available to commercial satellite companies and several
have recently begun using the spectrum. There are questions regarding whether the shared use of
the spectrum by small satellites may pose an interference problem to the NOAA DCS program and
if so how such issues might be mitigated. This paper discusses some of the pertinent technical
issues regarding the performance of the DCS system, reviews some of the known commercial
satellite systems sharing the spectrum and briefly discusses some of the issues that spectrum
sharing creates.
KEYWORDS
NOAA DCS, small satellites, spectrum sharing, command and telemetry, interference.
INTRODUCTION
Approximately 28,000 environmental monitoring stations in the western hemisphere communicate
their data through the two Geostationary Operational Environmental Satellites (GOES) operated
by the National Oceanic and Atmospheric Administration (NOAA). These monitoring stations
transmit data up to the GOES satellites, usually once an hour in a 10 second window, on one of
532 available channels in the frequency band between 401.7 Mega-Hertz (MHz) and 402.1 MHz1
[1]. The individual channels are 750 Hertz (Hz) wide and the most common symbol rate used is
150 symbols per second2 (SPS). The 28,000 monitoring stations are referred to as Data Collection
Platforms (DCP) and typically transmit using 10 Watts into a wide-beam antenna. The GOES
transponder relays these Ultra-High-Frequency (UHF) uplink transmissions back down to earth in
an L-band transmission near 1680 MHz. The one-way service is called the NOAA Data Collection
System (DCS). The two satellites are positions strategically, one over the east part of the
hemisphere and the other over the western part of the hemisphere. The 532 channels are split into
odd and even channels, with odd channels assigned to GOES east and even channels assigned to
1

Randomly-timed messages are also possible, as well as more frequent regular transmissions.
Eight Phase Shift Key (PSK), rate 2/3, Trellis Coded Modulation (TCM) is used to sustain an effective 300 Bits Per
Second (BPS) data rate. 600 SPS (1200 BPS) service is possible by combining multiple adjacent channels.
2
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GOES west. However, there is overlapping coverage so many DCP transmissions are often
received by both the east and the west GOES.
During DCS operations, the GOES transponder output power for the L-band downlink is shared
among the channels that are occupied by individual DCP transmissions at any given time. This
means the dynamic range of the L-band downlink receivers on the ground have to accommodate
significant gain changes during the reception of each channel. When many channels are
simultaneously transmitting, then the power per channel at the receiver can be dramatically
reduced. Fortunately, the DCS system was specifically designed to accommodate the power
variations associated with this dynamic channel usage. The GOES transponder includes a
bandpass filter to limit out-of-band, undesired, adjacent channel signals from entering the
transponder and consuming some of the available DCS L-band downlink power. The bandpass
filter response on the new GOES east DCS transponder is shown in Figure 13 [2].

Figure 1. GOES DCS transponder bandpass filter response.
SPECTRUM REGULATIONS
The regulations that govern the use of the spectrum around the NOAA DCS uplink are limited
mainly to space-related activities. In the United States (US), the federal government is afforded
primary use of the 2 MHz between 401 and 403 MHz for meteorological and earth exploration
applications that transmit from the earth to space. This is precisely how the NOAA DCS system
3

The figure was traced from the filter response provided by the reference. The trace is the worst-case maximum
from the on-orbit tests at hot and cold temperatures. In addition, the trace has been translated to UHF from Lband to facilitate comparisons with signals that share the spectrum.

2

uses the spectrum. Non-federal meteorological and earth exploration applications can also transmit
from the earth to space in this spectrum but they are considered secondary users and therefore they
must not cause interference to any primary federal users, like the NOAA DCS program. There is
one other permitted use of part of this spectrum that should be noted. Between 401 and 402 MHz
both federal and non-federal entities can use this spectrum for space operations transmitting from
space to earth. Both federal and non-federal entities have primary status for this service and are
both protected from secondary users causing them interference. When interference occurs between
two primary users of the same spectrum the two parties are expected to resolve the issue through
a mutual effort. These spectrum allocations are summarized in Figure 24.

Figure 2. Spectrum allocations at 401-403 MHz.

SHARING THE SPECTRUM
In recent years technological advancements in electronics, communications, energy storage, and
rocket science have made the deployment of a large number of small satellites possible. In 2008
there were approximately 15 launches of small satellites5 but by 2017 the number of launches
increased to 300 [3]. There are currently two large constellations of small satellites as well as
several small constellations that are actively using the spectrum between 401 and 403 MHz. Many
of these satellite owners also operate their own earth stations. However, there are also earth station
service providers that sell earth station access to satellite owners who do not have enough earth
4

One other application permitted in the US between 401-403 MHz is the deployment of radiosondes for
atmospheric testing. These low power devices are suspended from balloons for temporary operations and
communicate back down to the ground.
5
Less than 50 kilograms.
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stations of their own to provide the required coverage needs for the satellite’s mission. To identify
the satellites utilizing the 401 to 403 MHz spectrum near the US, a multilayer search of the Federal
Communications Commission’s (FCC) databases was conducted. The databases that were
searched included the Office of Engineering Technologies Experimental license database and the
International Bureau database where both satellite earth station, and satellite space station searches
were conducted. The results from these searches were combined and are presented below in Table
1. The transmit power levels in the table are given in effective isotropic radiated deci-Bel Watts
(dBWi).
Name
Planet Labs

Spire

Astro Digital

Blue Origin

Constellation
Description
~ 160 small satellites
on orbit. Authorized
for ~ 600 satellite
deployments.
~ 56 small satellites on
orbit. Authorized for ~
128. Pending request
to operate 175
satellites by deploying
1000 satellites over 15
years.
Authorized for 1 small
satellite. Pending
request to operate 30
satellites by deploying
100 satellites over 15
years.
Short duration high
altitude flights.

401-403 MHz
Uplink
Downlink

Earth Stations
6 earth stations in
North America, see
also Denali 20020

N/A

Space operations,
60 kHz at 401.3
MHz, -2dBWi

~ 15 earth stations in
North America

Waiver granted
for Space
operations: 15
kHz between
402.6 and 402.8
MHz, 30 dBWi

Space operations:
15 kHz between
402.6 and 402.8
MHz, 0 dBWi

1 earth station:
Moffett Field, CA.

Waiver granted
for space
operations: 40
kHz between
402.88 and 402.92
MHz, 41 dBWi
N/A

N/A

1 earth station: Van
Horn, TX

Astranis

1 Experimental
Communications
Satellite with plans for
a large constellation.

Fairbanks, AK, see
also RBC Signals

Denali 20020
Earth Station
Services

Earth Station operation
in support of Planet
Labs

Brewster, WA

RBC Signals
Earth Station
Services

Earth Station
operations in support
of Astranis

7 US locations but
only one (Prudhoe
Bay) supports
Astranis

Waiver granted
for space
operations: 150
kHz between
401.6 and 401.75
MHz, 29 dBWi
N/A

Waiver granted
for space
operations: 150
kHz between
401.6 and 401.75
MHz, 29 dBWi

Table 1. The shared spectrum at 401 – 403 MHz.
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High altitude
flight downlinks
401.1 – 401.3
MHz, 13dBWi
401.7 – 401.9
MHz, 13 dBWi
Space operations:
150 kHz between
401.6 and 401.75
MHz, 0.84 dBWi

Receive only:
Space operations,
60 kHz at 401.3
MHz, -2dBWi
Receive only:
Space operations:
150 kHz between
401.6 and 401.75
MHz, 0.84 dBWi

CONCLUSIONS
For the DCS program, the data in Table 1 creates two areas of concern. First, the co-channel
operation of the Astranis experimental satellite could pose a singular interference risk given that
its earth stations are uplinking with almost 900 Watts. Fortunately, the Astranis earth station
location at Fairbanks, Alaska has very limited opportunities to direct its uplink signal toward the
GOES spacecraft. Being even further north, the RBC Signal earth station at Prudhoe Bay that also
supports Astranis has even fewer opportunities to communicate in the direction of a GOES
spacecraft.
The second area of concern is more challenging to assess and may require an ongoing effort to
monitor small satellite licensing. There are an increasing number of satellites operating a downlink
within a few hundred kilo-Hertz (kHz) of the GOES DCS spectrum. In addition, several small
satellite systems use powerful uplink transmitters that are also just a few hundred kHz away from
the GOES DCS spectrum. While the GOES DCS transponder bandpass filter provides significant
attenuation to these signals, the concern is that as more satellites are launched and the aggregate
of these signals increases, an interference problem at the input to the DCS transponder may start
to occur that will begin to impact earth station reception of the DCS channels.
REFERENCES
[1] Noblis Incorporated, “GOES Data Collection Platform Radio Set (DCPRS) Certification
Standards for 300 bps and 1200 bps”, Version 2.0, June 2009, prepared under NOAA/NESDIS
contract DG133E-07-CQ-0030.
[2] Original filter response provided by Philip Whaley, NOAA DCS RF Systems Specialist, email
correspondence, April 17, 2018.
[3] Space Works Enterprises, “ 2018 Nano/Microsatellite Market Forecast, 8th Edition”, 2018, Atlanta,
GA.
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SPECTRUM MANAGEMENT SYSTEM – FREQUENCY ASSIGNMENT
DE-CONFLICTION AND RF LINK QUALITY PREDICTION 1
Vencore Labs Development Team, PoC: Phiroz H Madon, Tom Young, Test Resource
Management Center (TRMC), Thomas O’Brien (TRMC), Mark Radke (TRMC).
Abstract
DoD test ranges are experiencing ever-expanding needs for air-to-ground telemetry
bandwidth, and hence are under pressure to manage the telemetry spectrum resource with
high efficiency. The Spectrum Management System (SMS) provides test range operations staff
with advanced tools for frequency de-confliction and air-to-ground RF link quality prediction
for upcoming test flights. Additional features of the system include: automated, algorithmbased frequency de-confliction and assignment; record-keeping and automated archiving of
frequency assignments, to be used for spectrum defense; 3-D GIS terrain-based coverage
maps, displaying predicted air-to-ground link quality in each part of upcoming flights;
determination of opportunities for frequencies reuse.
Innovations include: addressing the combinatorial NP-hard problem of frequency assignment
by applying multiple real-world constraints in a specified order; using a spectrum white space
closest-fit algorithm to minimize spectrum fragmentation; creating space-time-frequency
quanta in the database to store RF emissions for rapidly-moving aircraft.
Introduction
Test ranges are experiencing increasing numbers of requests for tests and dramatically higher
bandwidth needs for each test. Further, commercial interests in the telemetry spectrum
bands prompt the lucrative sell-offs of parts of the spectrum, as exemplified by the recent
AWS – III sale. These pressures create a need for test range operations personnel to be able
to plan and manage the use of the available spectrum in the most efficient manner possible.
The Spectrum Efficient Technology (SET) Spectrum Management System (SMS) project is
intended to deploy advanced capabilities in a tool that may be used to assist test range
personnel with managing the spectrum resource with improved efficiency.
SMS Features
SMS supports the following features.
Frequency Assignment and De-Confliction
SMS periodically downloads mission plans for upcoming test flights from test range resource
management and scheduling systems. These plans include preliminary frequency assignments
for upcoming test flights. In a sense, the assignments represent frequency requirements for
upcoming missions, and often contain conflicts.
1
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SMS provides a GUI-based tool to de-conflict individual these assignments on a TimeFrequency Chart.

Figure 1. Time-Frequency Chart

Manual De-Confliction
Figure 1 shows an example chart. The X-axis spans time on an infinite scale, typically displaying
assignments 2 weeks in the past and 4 weeks into the future around the currently-selected
date. The Y-axis displays the bands of the telemetry spectrum. Each colored block represents
a frequency assignment. Hovering the mouse over an assignment displays the operation
number, mission title and other details. Frequency assignment blocks of the same color
represent frequencies belonging to the same mission. When two assignments conflict, the
overlapping areas are colored in black.
Figure 2 shows how assignments may be manually de-conflicted. The Time-Frequency Chart
is switched to the ‘daily’ view, for greater ease in manipulating the assignment blocks.
Selecting an assignment causes its details to appear in the bottom panel. Checking ‘Adjust
Freq’ allows the assignment to be moved only in frequency. Checking ‘Adjust Time’ enables it
to be moved in the time scale. Checking both allows the assignment to be moved in both
domains. When an assignment is moved in time, the other assignments in the mission move
with it, because the mission’s start time is, in effect, being changed. A docking feature allows
assignments to be aligned next to each other, if necessary. Clicking the button ‘Save to DB’
makes the de-confliction changes permanent.
Automated De-Confliction
The Automated De-Confliction feature allows the user to de-conflict a large number of
frequency assignments with a single operation.
2

Figure 2. Manually De-Conflicting Two Assignments

Missions with conflicts are listed in a table. The user has the ability to specify whether
individual assignments can be moved in time or frequency. SMS uses an optimization
algorithm that resolves all the conflicts in the set while incurring minimum fragmentation of
the allocated spectrum.
Automated Assignment
Often, in test range CONOPS, there is a need to request a set of frequency assignments, based
on the requirements of a particular mission. Whereas de-confliction acts after the fact,
automated assignment requests a set of frequencies that are not conflicting to begin with.
The request typically takes the form of a specified fixed or movable mission start time, in
conjunction with requested frequency widths in specified bands. The automated assignment
feature determines the center frequency for each assignment, such that there is no conflict.
Time-Frequency Rack-and-Stack
For the automated de-confliction and assignment features, SMS uses a constraints and
heuristics-based algorithm to address the NP-hard problem of making optimal frequency
assignments with the least fragmentation of the telemetry spectrum. This time-frequency
rack-and-stack algorithm is described below in the section on ‘Design Topics’.
Reports for Dissemination of Frequency Assignments
The Reports feature allows the user to query SMS for de-conflicted assignments. Queries may
retrieve the assignments for a single mission or a set of missions. The query response consists
of a file that may be distributed to appropriate stakeholders, or back into the test range
resource management or scheduling system.
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Archiving Past Assignments
Past frequency assignment data is valuable for performing data analytics and obtaining
insights on how to manage the telemetry spectrum efficiently. SMS has an automated
archiving feature, which periodically archives assignments data and purges it from the
database, once it becomes a specified number of weeks old. The feature allows historical
spectrum assignments data to be retrieved from the archive, viewed on the Time-Frequency
Chart, and made the subject of queries and reports.
RF Channel Quality Prediction
With this feature, SMS calculates the predicted air-to-ground RF channel quality for a given
mission. The mission’s flight plan is described in terms of test range flight areas. The overall
RF channel quality is provided in terms of average received signal strength indication (RSSI)
and signal-to-interference-and-noise ratio (SINR).
SMS also generates a 3-D geographical terrain-based coverage map, showing the RF channel
quality for every part of the flight plan. To characterize each part of a flight plan on a coverage
map, SMS divides up the airspace into spatial quanta, termed ‘bins’. A bin is a fixed quantum
of airspace above the earth, typified by the latitude, longitude and elevation of its bottom
south-west corner. A bin’s dimensions are 1 minute of latitude x 1 minute of longitude x 2,000
meters elevation.
The RF Channel Quality Prediction feature helps to qualify upcoming tests and provides a soft
alarm if the predicted RF channel quality is below the desired threshold. It is also useful for
visually assessing the impact of frequency reuse with spatial separation in hypothetical flight
test plans.

Figure 3. Overall Signal Strength and SINR for an RF Channel in a Mission.

Figure 3 shows an example SMS display of overall predicted RF link quality. The overall quality
of the channel is described as FAIR_QUALITY. ‘Good Signal Strength’ is the percentage of bins
in the test article’s flight plan, where the telemetry signal reaching the ground station has
sufficient signal strength. In this case, it is 98%.

4

Figure 4. Coverage Map Showing Predicted RF Link Quality over a Flight Area

The mean SINR value across the entire flight is provided. The screen also indicates that there
is a time- and frequency-conflicting assignment at a neighboring test range.
Figure 4 shows an example of a coverage map. In each bin, the colored swatch indicates the
quality of the signal reaching the ground station (shown by the pin), when the test article is
traversing the airspace in the bin. The red swatches, for example show bad link quality, where
the bins are close to the ground and the RF signal is blocked by terrain. Clicking a bin provides
a pop-up with the RSSI and SINR for the selected bin.

Figure 5. Coverage Maps of Two Interfering Missions.
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In this example, although there is an interfering RF channel at a neighboring test range, there
is enough spatial separation, that the overall quality is not significantly degraded.
In Figure 5, the flight area of Figure 4 is towards the upper left. There is a hypothetical flight
with a conflicting frequency assignment in a neighboring area. We see that there is a great
deal more red in the coverage map, indicating that the RF link quality is significantly degraded
by interference.
Discovering Flight Plans that Permit Frequency Reuse
SMS enables a planner to run hypothetical scenarios, testing the effects of frequency reuse
with spatial separation. The system enables the planner to enter missions in which the
frequency assignments conflict. Each mission is assigned one of the flight areas that is being
tested.
Generating a coverage map for an RF channel in each mission provides an overall summary of
the RF Channel quality, as shown in Figure 3. Using thresholds, SMS summarizes the quality
of each channel as: EXCELLENT_QUALITY, FAIR_QUALITY, PROPAGATION_PROBLEMS,
HAS_INTERFERENCE. If two time-frequency-coincident channels have FAIR_QUALITY or
better, then there is a potential to use the associated flight areas without significant
degradation. A visual inspection of the coverage maps further indicates if there is potential
for frequency reuse.
Frequency reuse in certain flight situations can double the available frequencies, and hence
is a significant mechanism for improving spectral efficiency.
SMS Architecture
SMS Client

Resource Mgmt
System Interface

Mission Plans

Freq Band Optimizations,
Spectrum De-Fragmentation

Expected RF
Emissions Calculations

Internet

Time-Freq
Chart
Frequency
Reuse
Channel
Coverage Maps

Channel Models

Spectrum
Bins
Test Article

Object-Oriented GIS

Terrain Data

Resource
Mgmt System
SMS Server
Mission Control

Telemetry Ground
Station

Figure 6. SMS Architecture

Figure 6 illustrates the SMS architecture. A SMS server may be located anywhere at a test
range. Clients may log in remotely and get a common view of upcoming missions, frequency
band assignments, spectrum occupancy, RF link quality predictions and RF channel coverage
maps.
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The SMS server is equipped with an object-oriented database, which models and tracks the
evolving spectrum-related scenario at the test range. Major functions implemented by SMS
algorithms include:
- An interface to the test range resource management system, which allows automatic
download of upcoming test plans.
- A SMS GUI interface that allows entry and update by a user of planned missions.
Elements of a mission include: a description, the start date/time, test articles and
ground stations involved in the test, their RF transmitting and receiving devices and
their spectrum capabilities, antennas and antenna patterns, the flight plan for each
test article, and the required RF channels.
- A frequency band assignments optimization algorithm that follows a desired set of
constraints to resolves conflicts, and makes frequency band assignment
recommendations.
- A time-frequency chart that displays the current planned occupancy of the spectrum.
- RF channel quality prediction calculations. Generation of coverage maps, computing
channel quality for each bin in the mission’s flight plan.
- Display of this data on a 3-D terrain-based channel coverage map.
- Channel models, to provide RF propagation for the channel quality prediction
calculations. Two models employed are: the Johnson-Gierhart and the Longley-Rice
model [1] [2] [3].
The Longley-Rice channel model requires the support of a GIS terrain database. SMS uses the
National Elevation Dataset, provided by the United States Geological Survey (USGS) [4].
Design Topics
Frequency Assignment Optimizations
For the Automated De-Confliction and Automated Assignment features discussed above, SMS
uses a constraints and heuristics-based rack-and-stack algorithm to address the NP-hard
problem of making optimal frequency assignments. When the user selects a set of missions
and makes a request for automated de-confliction the two driving requirements are:
-

Resolve assignment conflicts.
Minimize fragmentation of the available telemetry spectrum.

One possibility would be to conduct an exhaustive search of all N factorial permutations of
the channel set to be assigned. For each permutation the channels would be assigned in the
order specified by the permutation, checking against the search constraints. The optimal
permutation would be selected, based on all (or most) assignments successfully de-conflicted,
and the least fragmentation of the telemetry spectrum. This approach is impractical from a
computing perspective because of the potential number of permutations. A busy test range
may have as many as 50 assignments in a single day.
In an easier approach, the SMS seeks to arrive at the first “good” set of assignments, rather
than the optimal set. Criteria for a good set require no conflicts and a low level of spectrum
defragmentation. The search constraints themselves are used in a preliminary filtering
process to eliminate vast numbers of channel permutations. In the end, only a small number
of permutations are compared with one another, to arrive at a functional rack-and-stack
solution, which minimizes fragmentation of the spectrum.
The constraints used to filter and reduce the search possibilities include the following:
7

-

Assignments must respect tests that cannot be re-scheduled vs those that can.
Assignments must respect frequencies that cannot be moved vs those that can.
…must be from within test range allocated spectrum.
…must conform to frequency ranges supported by respective RF devices.
…must result in minimum disruption – moves – of previous assignments.
…when re-scheduling, must move missions forward in time as little as possible.
RF channels from the same test article should be assigned as far apart as possible to
minimize the effects of interference from spatial adjacency on the same test article.

Figure 7 shows how a current assignment is inserted into a time-frequency space containing
previously-determined assignments, such that the insertion results in the least amount of
spectrum fragmentation:
All the white-space blocks of time-frequency into which the current assignment might fit are
enumerated. Out of these the smallest white-space block – the one with the least frequency
range – is selected. The current frequency assignment is docked with either the upper or
lower boundary of the white-space block. (This is subject to any constraint that may require
a guard-band between assignments.)

Figure 7. Insertion of a Frequency for the Least Spectrum Fragmentation.

Calculating Air-to-Ground RF Channel Quality
To support its RF channel quality prediction feature, the SMS calculates the RSSI and the SINR
for an emission from each bin in the flight plan to the ground station. To calculate RF
propagation pathloss, SMS uses an algorithm based on the Johnson-Gierhart and Longley-Rice
Channel Models [1] [2] [3].
The Johnson-Gierhart model addresses pathloss for radio waves traveling through airspace,
without obstruction. The Longley-Rice model provides pathloss when the waves are skimming
the surface of the earth, and terrain needs to be taken into account. To support Longley-Rice,
SMS includes a terrain database
For each bin in the mission flight plan, there is a non-zero probability that the test article will
traverse the bin in the course of its mission. When the angle with the horizon from the bin to
the ground station is > 12o, SMS uses the Johnson-Gierhart model. When this angle is < 12o,
it uses the Longley-Rice model. Having determined the path-loss, the RSSI at the ground
station is:
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RSSI = (Test article xmit power (dBm)) + (xmit antenna gain (dB) + receive antenna gain (dB)
- (pathloss (dBm)) – (system losses (dBm))
For a measure of overall signal strength for a mission, SMS uses the notion of ‘percent good
signal strength’. This is the percentage of bins across the entire mission where the RSSI
exceeds a pre-determined threshold.
Figure 8 shows a scenario where there are two time- and frequency-coincident missions. SINR
is calculated for each bin in the flight plan of Mission 1. For the ‘signal’, the RSSI from the bin
to the ground station is calculated, as described above. To determine worst-case interference,
SMS computes the maximum of the RSSIs from each bin in the flight plan of Mission 2 to the
ground station of Mission 1. Then,
(SINR for bin 1) = (signal from bin 1) – (worst-case interference from Mission 2) – (noise floor)

Figure 8. Calculating Interference with Frequency Reuse

SMS Calibration
The SMS is dependent on being able to calculate RF propagation through the airspace. A
number of unknowns have to be accounted for in the propagation algorithm. These include:
- Model-specific antenna patterns for the test articles and ground stations.
- System loss, for the path from the antenna to the transmitter/receiver/transceiver.
- Building and other clutter. Building data may be added in future to the SMS, but
notwithstanding this, variables such as tree growth and parked vehicles may cause
errors in propagation calculations, while the aircraft is standing or taxiing.
- Test article orientation during flight. This can only be roughly estimated, and may
introduce significant error into the calculation.
- Ambient RF noise. This may vary from test range to test range, and even within the
airspace of a single test range.
The SMS was calibrated in one exercise using Time-Space Position Information (TSPI) data at
a test range.
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Figure 9. Calibration Curves – TSPI Data vs Actual.

Figure 9 shows the results. The jagged curve plots the measured TSPI SNR data. The smooth
curve plots SNR values calculated by the SMS using its channel models. The unknowns listed
above were adjusted as constants to make the curves as close to each other as possible. The
most variations in the TSPI SNR curve occur while the aircraft is taking off and landing, and
near the middle of the flight. Land-based clutter and changes in the aircraft’s orientation are
good explanations for these variations. The time-shift in the SMS-calculated curve is
attributed to the fact that the aircraft’s position, after being measured on the aircraft, took
some time to make its way to the ground station, where the position data was paired with
the current time. In the comparison, 89.7% of the calculated values proved to be within + 10
dB of the TSPI SNR values. 2
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ABSTRACT
There continues to be growing pressure to sell off spectrum currently allocated for defense
purposes in favor of private sector applications, prompting concerns that we will soon
reach a point where Department of Defense (DoD) needs can no longer be met. In
response, the Range Commanders Council (RCC) Frequency Management Group (FMG)
developed a baseline set of standard metrics to measure spectrum utilization, demand,
efficiency, and operational effectiveness. Using this standard (RCC 707-14) as a foundation,
a Spectrum Management Metrics Toolkit (SMMT) has been developed to calculate, plot, and
display these metrics. The challenge now is leveraging these metrics to inform and
construct the arguments needed to maintain access to needed spectrum.
The purpose of this paper is to describe progress toward the development of a
methodology and a set of analytics based on the RCC standard to build such a compelling
narrative. The methodology is based on a data analytics and communication concept,
called “Story Points,” which seeks to guide users in the discovery, composition, and delivery
of targeted narratives and supporting graphics derived through mining available data
sources.
INTRODUCTION
Today’s military operations increasingly rely on the ability to maintain full access and
reliable control of the radio frequency (RF) spectrum for communications, radar, electronic
warfare, remote fires, avionics, global positioning, logistics, medical support, test and
evaluation (T&E), training, and signals intelligence uses. Meanwhile, there is
correspondingly rapid growth in demand for commercial broadband wireless services and
other commercial uses requiring access to RF spectrum. Unquestionably, access to
spectrum is central to a wide range of business and consumer communication, research
and development (R&D) and information technology (IT) purposes, such as private and
public telecommunication operations (e.g., mobile phone networks, wireless Internet
communication, aviation, shipping, defense, public safety), broadcasting, radar, astronomy
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and various other applications including countless short-range, low-power wireless
devices [1]. Contention for access to RF spectrum has led to an ongoing series of spectrum
auctions allowing commercial concerns to acquire licenses to spectrum that has historically
been allocated for federal use.
Despite concerted efforts to retain control of key bands of the spectrum, the prospect of
relieving strained federal budgets continues to drive further sell-offs. Even more
problematic has been the perception that the DoD is an inefficient user of the spectrum,
doesn’t need all it has, and is unjustifiably hoarding spectrum.
That narrative has gained traction, in part, by exploiting the tendency to confuse
“efficiency” with “utilization.” Utilization is the proportion of the available time that a
resource is being used or is in operation, usually expressed as a percentage.1 The
argument essentially asserts that if music’s not playing (analogously speaking) at every
point on the dial 24 hours a day, the spectrum is not being used efficiently. In effect, higher
activity is equated with higher productivity. Given this logic, one could argue that leaving a
fire truck parked in the firehouse, as opposed to driving it continuously, is inefficient. An
equivalent T&E situation is reserving, but not having to issue a flight termination command
during on a missile test.
To be efficient means “productive of the desired effects [with minimal] waste.”2 Efficiency,
therefore, should be judged in the context of the “desired effects.” For those seeking to
leverage spectrum for commercial broadband services, the desired effect is to maximize
profits for the company’s shareholders. In contrast, the desired effect of the T&E and
training communities is deterrence through developing and sustaining superior
warfighting capabilities. The two clearly can’t be easily compared.
The basic challenge is one of deciding how to best use a public resource weighing the
relative importance of each competing application. It is like deciding whether that prime
piece of real estate in a city’s main shopping district should be used for a firehouse or for
that office building proposed by a major investor, thus becoming a balancing act weighing
potential economic gains versus the risk of life and property loss. Or it’s like deciding
whether the best use of the Redwoods national forest is as a tree farm versus as a
monument to natural beauty and a protected habitat for rare species.
Ultimately, if the DoD hopes to maintain access to the spectrum it needs for T&E and
training purposes—whether for exclusive use or shared—it will have to change the
narrative that now frames the debate. Minimally, that narrative must establish the DoD’s
need for assured access to the spectrum, communicate the impacts of further restricting

1 For example, in the depot maintenance, repair, and overhaul (MRO) domain, technician efficiency is defined
as standard hours earned building to inventory divided by the total number of shift hours available. Pressure
to maintain high efficiency as defined here gives rise to unintended behaviors, including over-production
(resulting in excess inventory), cherry picking, and sandbagging.
2 https://www.merriam-webster.com/dictionary/efficient
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access, and demonstrate responsible stewardship in the use of the spectrum. Much of the
difficulty in doing so in the past stems from the lack of well-defined metrics and tools to:
 Accurately estimate current and future spectrum needs;
 Account for actual versus scheduled utilization of the spectrum that is allocated, so as to
demonstrate responsible stewardship of the spectrum; and
 Quantify the cost and schedule implications of the loss of needed spectrum.
The Spectrum Efficiency Through Metrics (SETM) effort directly supports these goals by
applying frequency metrics standards to monitor, assess, and improve the efficient use of
spectrum while simultaneously working to give leaders the tools needed to defend
continued access to T&E spectrum. The effort leverages many years’ worth of research
invested to define a baseline set of standard metrics for spectrum utilization, demand,
efficiency, and operational effectiveness. These metrics are formalized in the RCC FMG
Spectrum Management Metrics standard [2].
SPECTRUM MANAGEMENT METRICS TOOLKIT OVERVIEW
Perhaps the most visible product of the SETM effort will be a set of tools designed to
calculate, plot, and display frequency management metrics. Collectively, we refer to this set
of tools as the Spectrum Management Metrics Toolkit (SMMT).
Based on the metrics defined in RCC-707-14, the SMMT is designed to support calculation
and display of frequency management metrics in several categories, including: Spectrum
Occupancy, Utilization, Efficiency, Frequency Scheduling Operational Metrics, Predictive
and “What-if” Metrics.

Figure 1. Sampling of SMMT Metrics

For further information on this toolkit, see [3],
TELLING THE T&E STORY USING ANALYTICS
Metrics like those in the RCC standard can be powerful in and of themselves. They become
even more so when presented and embellished as part of a narrative that tells a compelling
story or argument. Part of the SETM research seeks to surface better ways to organize
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metrics displays individually or in combination to support two goals: (i) highlight
important observations in the data to facilitate better management of spectrum, and (ii)
surface and better communicate spectrum needs and the impact of inaccessibility to that
spectrum.
With regard to spectrum management, the question being addressed is, “How can we apply
the metrics to surface opportunities to improve the effective use of spectrum?” For
example, users may wish to display metrics side-by-side to investigate possible causal
relationships leading to more efficient spectrum use. With regard promoting better access
to needed spectrum, the question is, “How can we organize the display of the metrics to
compose and communicate compelling narratives?” Using an example constructed from
teacher turnover statistics spanning multiple years (Figure 2), we identified several
constructs that would be useful in building such a narrative (Figure 3).

Figure 2. Narrative Visualization Example – Teacher Turnover

Figure 3. Narrative Visualization Composition Elements

Narrative elements may include (i) comparison to a benchmark value; (ii) identification of
a potential trend or cluster membership; (iii) a value judgment (e.g., observed trend is
positive); (iv) a definition of the scope or range of the sets involved; (v) the prognosis (i.e.,
likely future outcome or impacts); and (vi) indications of potential causal factors.
The resulting methodology is based on a data analytics and communication concept, called
“Narrative Visualization” or “Story Points,”3 which seeks to guide users in the discovery,
composition, and delivery of targeted narratives and supporting graphics derived through
mining available data sources.

3

See https://www.tableau.com/about/blog/2014/5/82-preview-tell-story-your-data-story-points-30761
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Based on sample data collected thus far, we were able to construct several examples of
possible narratives, as described below. One purpose behind this exercise was to identify
the SMMT extensions needed to surface, evolve, store, display, and share such narratives.
A familiar example of the Narrative Visualization concept in the T&E community is shown
in Figure 4, which illustrates how one might annotate a single chart to draw attention to
key observations. The narrative visualization elements used in the example are indicated
by darkened versus obscured text at the bottom of the figure.

Figure 4. Increasing Data Requirements

Figure 5. UAVs Account for Significant Portion of Overall Spectrum Use

In Figure 5, one can see that MHz-hours (MH) scheduled by the various Combined Test
Force (CTF) users has been on a steady increase between 2001 and 2012. Taking a closer
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look, we find that overall growth in spectrum demand was driven largely by demands
associated with unmanned aerial vehicle (UAV) testing (Figure 5).

Figure 6. F-35 Top Dog at EAFB

More recently, another major test program came on line—the F-35. The priority given to
the F-35 test program versus others is evident in the relative number of flights scheduled
and the number of frequency assignments made for the F-35. In 2017, for example, the
461st Flight Test Squadron (FLTS), which runs the F-35 test program, was by far the biggest
user (Figure 6). This figure might prompt the question, “Are the other CTFs asking for and
getting the frequency they need?” and “If not, how much will test program completion be
delayed?”

Figure 7. F-22 Completes Developmental Testing
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In the example shown above, the F-35 program was involved in the developmental test
phase whereas most of the other test programs had transitioned into their follow-on
testing phase. When a program shifts from developmental testing to its follow-on testing
phase, the number of test flights and the amount of telemetry frequency required can drop
significantly. This pattern is evident in the example shown in Figure 7 for the F-22.
Given that there are multiple test programs underway at any given time, what can be
expected in the way of their collective telemetry frequency needs? Figure 8 indicates that
peak demand for spectrum increased year over year, and sometimes at a dramatic pace. In
2007, for example, peak demand at Edwards Air Force base (EAFB) appeared to be on track
to double every nine years. The Navy’s Echo range, on the other hand, looked like it might
easily double every three years.

Figure 8. Spectrum Demand Rising for Follow-on Testing

Figure 9. Spectrum Assignments Double While MHs per Frequency Assignment Are Cut by a Third
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Earlier, we saw that between the years of 2001 through 2012, the number of frequency
requests and the demand for telemetry frequency was on a steady, albeit somewhat flat
climb. So, what happened during the intervening years? Based on the data shown in
Figure 9, looking only at the five-year period between 2012 and 2017, the total number of
spectrum assignments doubled while the total MHs increased by 25%. Meanwhile, the MHs
per frequency assignment was reduced by a third. This was caused by two factors. First,
the number of frequency requests per operation doubled. This may have been caused by
outfitting the test articles with more radios to send additional telemetry data. Second,
there was a drop in the number of hours flown per test mission, on average. F-35 missions,
for example, dropped their normal duration by half.
At some point, a steady increase in frequency needs will ultimately approach a saturation
point. It would appear that EAFB is nearing or has already reached that point (Figure 10).
In fiscal year 2017, the average MHz assigned per frequency request was 9.5 MHz. Given
that the total MHz available in the L- and S- bands was 285 MHz, the maximum number of
concurrent assignments at any one time was thirty. Based on a box plot showing the
number of concurrent assignments by time of day (from 7AM to 7PM), the actual number of
assignments from 10AM to noon exceeded this threshold more than a third of the time. In
terms of frequency, the total MHz scheduled exceeded what was available roughly 25% of
weekdays between 10AM and noon. The shortfall in spectrum appears to have been
accommodated for by flying on weekends and shifting to the C-band.

Figure 10. EAFB Approaching Saturation Point

One consequence of a spectrum loss and further crowding is a reduction in the number of
test operations that can be accommodated each day coupled with a lengthening of test
program schedules. This situation is illustrated by the example shown in Figure 11. In this
case, testing operations conducted between 2010 and 2012 at one of the DoD’s test ranges
were accomplished using much of the allotted spectrum in the L- and S-bands. By 2016, an
increase in bit rate requirements for these test programs—necessitated largely by the need
for high definition video—effectively cut in half the number of simultaneous test
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operations that could be supported. Adding shifts to cover more than the typical 06001800 day might be a partial solution, but is constrained by the need for good lighting for
the cameras. Even a change in modulation methods from analog FM to SOPQSK would have
little impact in this case. Without other solutions, the calendar time it takes to complete
test programs of this type could easily double, thereby undercutting our ability to stay
ahead of our adversaries.

Figure 11. Continued Increases in Bit Rate Requirements May Lengthen Test Schedules

Having studied how to compose these kinds of narratives, the task now involves defining
and building extensions to the SMMT to support their construction and maintenance.
CONCLUSIONS
Assured access to electronic spectrum is essential to the success of U.S. military operations
both now and in the future. T&E spectrum needs are a vital component of that
requirement. It is in that domain of spectrum application that we develop and maintain a
decisive technological advantage. The two are inextricably linked. As more advanced
technologies emerge, T&E spectrum needs will continue to grow. Many project that growth
to be exponential. Meanwhile, the more crowded the spectrum becomes, the more it will
become necessary to spread testing missions in time. Of course, doing so lengthens the
development time between new generations of fielded weapons technology. Longer lead
times, in turn, make it easier for enemy concerns to close the gap and achieve technological
parity, or worse.
As evidenced by the past, economic pressures to increase the scope of commercial
spectrum use will continue to drive further reallocations of DoD spectrum. If the DoD
hopes to maintain the spectrum it needs for T&E purposes, it will have to clearly
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demonstrate both the need for that spectrum and the responsible, efficient use of the
spectrum. It must also dramatically improve its ability to quantitatively establish the
technical, cost, schedule, and safety implications of reduced access and control.
The emergence of the RCC’s frequency management metrics standard coupled with tools
like the one presented in this paper seek to provide the means to better manage and defend
needed T&E spectrum.
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ABSTRACT
Generally, telemetry applications are not on the cutting edge of storage technology for several
reasons: they do not need the high performance, cannot provide the power for high performance,
and cannot afford the instability of new technologies. While Non-Volatile Memory Express
(NVMe) might initially seem to be the opposite of those goals, it does in fact have the ability to
meet them; power and performance can be matched to an application’s needs, and NVMe is
gaining stability as it gains overall market share. With the overall data storage industry moving
to NVMe, other storage interfaces will begin to decline and future improvements will occur only
on NVMe. With the right ruggedization and customization options, NVMe can be a good fit for
telemetry applications.
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INTRODUCTION
For many decades, almost all storage interfaces were based on either SCSI or ATA; originally,
they used parallel interfaces, and in the early 2000s, they upgraded to faster serial interfaces,
Serial Attached SCSI (SAS) and Serial ATA (SATA), respectively. Even with this interface
upgrade, they continued to use many legacy commands and data transfer mechanisms for
backwards compatibility with existing infrastructure, and they still focused on rotating magnetic
hard-disk drives (HDD). Around the same time, solid-state drives (SSD) entered the mass
market and became more efficient, but using these existing legacy-focused interfaces restricted
some of the potential performance gains of the new storage media technology. The NAND flash
storage media inside the SSD provides near zero seek time since there are no moving mechanical
parts; in addition, with enough NAND operating in parallel, the read/write performance of the
SSD could far exceed the existing serial storage interfaces.
In 2007, several large companies including Intel, who makes SSDs and the NAND inside SSDs,
aimed to create a new storage interface to improve the performance of nonvolatile memorybased SSDs. [1] After more than ten years, this interface, Non-Volatile Memory Express
(NVMe), has become one of the hottest topics in data storage with many seminars and entire
conferences devoted to it. However, is this new storage interface a good fit for telemetry
applications? Like any industry, telemetry system designers would like to take advantage of
commercial off-the-shelf (COTS) products for cost savings, but telemetry applications can have
unique requirements that are not readily found in COTS products let alone found in products
based on the latest technologies like NVMe. Before making a decision, a designer needs to
know more about NVMe, the unique storage requirements of telemetry applications, and then
compare the two.

1. NVME OVERVIEW
NVMe is designed specifically for non-volatile memory; consequently, the authors of NVMe
were able to shed support for legacy storage devices, commands, and interfaces allowing them to
focus on taking advantage of the high performance of the NAND flash found on SSDs, and the
high performance PCIe slots on modern PC motherboards. Even though it is a new standard, it
still has many adopters and is becoming more common.
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1.1 NVME GAINS MOMENTUM
The first NVMe specification was released in 2011, and then the NVMe organization was
incorporated in 2014. From 2014 to 2016, the organization nearly doubled in size as it grew
from 61 to 115 members. [2] The member companies include several very large consumer
storage companies such as Intel, Micron, Samsung, Seagate, Toshiba, and Western Digital. [3]
All of these storage companies, and others, offer many different NVMe storage products. In
2017, the organization released the third revision to the specification, 1.3. [3] The fact that the
organization is growing shows that the interface is gaining momentum, and will not fade away
anytime soon.

1.2 HIGH PERFORMANCE
One of the main benefits of the new storage standard is higher read/write performance over
traditional storage interfaces such as SAS or SATA. The NAND flash in SSDs has a memorystyle interface with address and data lines; the SSD simply places the desired address on the
address lines, and then reads the data almost instantly. Contrast this SSD data retrieval
mechanism to the HDD mechanism that includes moving a mechanical arm to position a
read/write head over the correct track of a magnetic platter, and spinning the platter to locate the
desired data. In addition, an SSD generally has several channels of these NAND flash packages
with independent address and data lines allowing for parallel access. NVMe takes advantage of
this memory-style, parallel interface by creating a method for a host to issue multiple commands
in multiple queues allowing the storage device to determine the best order to complete the
commands to minimize the latency and time waiting for data. On top of the parallel command
queues, NVMe uses up to 4 PCIe lanes of 8 Gigabits per second (Gb/s) each providing nearly 4
GigaBytes per second (GB/s) of potential bandwidth, rather than one 6 Gb/s interface like SATA
providing about 0.5 GB/s.

1.3 HIGH POWER
All this performance comes at a cost of higher power consumption. Even
low-power NVMe drives consume over 6W, while others consume more
than 12W! [4] This higher power also implies more heat, and heat is not
good for the SSD components, especially the NAND flash since NAND
memory cells lose data retention as the temperature increases. Therefore,
many NVMe SSD vendors are adding fins or ridges to their enclosures in
an attempt to help dissipate this extra heat.

2. TELEMETRY STORAGE REQUIREMENTS
Designers of telemetry applications, on the other hand, generally do not need to be on the cutting
edge of storage technology, and do not want to deal with the problems associated with it.
Telemetry applications also have specific requirements not found on cutting-edge, commercial,
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off-the-shelf components such as rugged enclosure, industrial temperature range, write
protection, erase triggers, etc. In addition, telemetry applications have certain demands such as a
long-term supply and low performance to reduce power, allowing operation in low-power
environments.

2.1 LONG-TERM SUPPLY
One potential cause for problems in telemetry applications comes from the components used in
the system. If a supplier frequently changes a component or, worse yet, stops selling the
component entirely, then the overall system must requalify the new component. If this
requalification happens too often, it would cause the cost of the program to increase, and
possibly increase beyond the point of profitability.

2.2 RELATIVELY LOW PERFORMANCE REQUIREMENTS
NVMe’s high performance was designed for high-end enterprise applications with racks and
racks of servers similar to Facebook or Google. Telemetry applications are not nearly that large,
and need only keep up with the bandwidth of their data collection. Many telemetry applications
still cannot saturate the 6 Gb/s on SATA, and if they can, they usually stripe the data across
multiple 6 Gb/s SATA devices.

2.3 LOW POWER
One reason for the low performance is that telemetry applications frequently have limited power
budgets. For example, if it is in an aircraft, it may be restricted by SWaP – size, weight and
power. Even ground-based applications might be limited if they exist on portable systems
relying on limited battery power.

3. PREDICTIONS
Even with these requirements and restrictions, can telemetry applications benefit from this new
storage interface? The problem of power consumption is not an impossible obstacle and can be
managed by reducing performance. In addition, since the storage market is moving to NVMe,
there may be limited options for other interfaces in the near future.

3.1 LOWER THE POWER CONSUMPTION
One solution to control power consumption is to limit the performance; higher performance
demands higher power consumption, and lower performance can provide power savings. If the
telemetry application does not need the full performance benefit of NVMe, special firmware can
limit the performance to keep the power consumption to a reasonable level. In addition, the
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modern storage products, including NVMe, have implemented low-power “sleep” modes such
that when the storage device is idle, the power can be reduced dramatically down to a few
milliwatts making the average power consumption less than 100 mW and much smaller than the
active power consumption. [5]

3.2 STORAGE INDUSTRY IS MOVING
As the NVMe organization is gaining member companies, the NVMe interface becomes more
ubiquitous, and more compatible. Also more consumers and enterprise customers are seeing the
tremendous performance benefits and switching to the NVMe interface; experts predict that in
two more years, NVMe revenues will be 20% of the enterprise storage market, and an even
higher percentage in the overall storage market. [6] While it may take several years for NVMe
to be the dominant storage interfaces, the shift is happening, and eventually it will be more
difficult to find vendors for the other storage interfaces such as SATA and SAS; a similar
scenario happened when ATA and SCSI switched from parallel interfaces to serial interfaces.
Those vendors still supplying products will not be making major improvements to the interface,
as they will be mainly concerned about maintaining compatibility with their existing customers’
legacy systems; they will most likely want to do as little work as possible due to the decreasing
market size. Any technological storage changes will be focused on the newer NVMe interface.
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CONCLUSION
NVMe is only a few years old, but it has already gained a stronghold and is clearly positioned to
be the storage interface of the future. Several large storage companies are backing it and supply
several products today. NVMe offers superior performance over the traditional storage
interfaces which were designed around HDDs, and which must continue to support legacy
devices. Additionally, NVMe will become the beneficiary of future improvements while
lowering costs as adoption increases.
As market share increases, so do the number of vendors offering products which will alleviate
supply concerns of telemetry applications. While NVMe vendors today are mainly focused on
enterprise or consumer products; soon these vendors or new vendors will provide additional
features to the NVMe products such as the ability to decrease power consumption by decreasing
performance.
While any technological change brings challenges, NVMe has proven itself to be a worthwhile
and stable technology. With the right ruggedization and customization, NVMe can be a good fit
for telemetry applications.
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NOMENCLATURE
ATA or Advanced Technology Attachment:
An interface standard from T13
(http://www.t13.org/) for storage devices using a parallel bus (PATA), or serial bus (SATA).
Flash: A non-volatile memory device using an array of transistors each with a floating gate to
store a charge.
GB or Gigabyte: 109 bytes.
HDD or Hard-disk drive: Traditional mass storage device using a rotating, magnetic platter.
MB or Megabyte: 106 bytes.
NAND: A high-density flash device usually with defect blocks marked by the factory; read and
write operations must be done at a page level (several kilobytes), and erases must be done at an
erase block level consisting of several hundred pages.
NVMe or Non-Volatile Memory Express: A high-speed storage interface commonly using PCIe.
PCIe or Peripheral Component Interconnect Express:
peripherals.

A high-speed bus for computer

SATA or Serial ATA: A storage bus interface where the data is transferred serially rather than
through parallel data wires as in previous ATA devices.
SCSI or Small Computer System Interface:
An interface standard from T10
(http://www.t10.org/) for storage devices typically using a parallel bus, or serial bus (SAS).
SSD or Solid-State Drive: A mass storage device typically using the same form factors as
traditional hard-disk drives, but without the moving parts. An SSD typically stores data in SLC
or MLC NAND flash.
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Abstract
In this paper, we study performance gains of constrained codes in Two dimensional Magnetic
Recording (TDMR) channels using the notion of constraint gain. We consider Voronoi based TDMR
channels with realistic grain, bit, track and magnetic-head dimensions. Specifically, we investigate the
constraint gain for two-dimensional no-isolated-bit constraint over Voronoi based TDMR channels. We
focus on schemes that employ the generalized belief propagation algorithm for obtaining information
rate estimates for TDMR channels.
Index Terms
Constraint gain, TDMR systems, max-entropic and uniform input information rates, GBP algorithm.

I. I NTRODUCTION
The constraint gain [1] is defined as the gap between the ultimate channel coding performance,
in which a code is designed to satisfy both channel constraints and error correction code (ECC)
constraints, and the average performance of the schemes where ECCs are designed separately
without considering channel constraints. In TDMR systems, reducing track size for achieving
higher areal densities results in significant signal-to-noise ratio (SNR) degradation and makes
the media noise predominant [2]. The main source of media noise is transitions in the values
of input bits written over neighboring bit cells in the magnetic medium (which comes from the
irregularities of grains’ boundaries over the magnetic medium). Two-Dimensional (2D) transition
limited constraints, which are typically low pass in nature [3], are imposed on input arrays in
TDMR systems to mitigate the harmful effects of media noise. The benefits of using constrained
codes come at the price of code rate penalty. However, this trade-off is a part of TDMR system
design, balancing the operating SNR at a desired areal density point, as well as, facilitating
reduced complexity signal detection by not allowing certain transitions in input data. Therefore,
it is important to address the challenging problem of finding the trade-off between the rate loss
of constrained codes and the ultimate performance gain of using them in TDMR systems. In
principle, the ultimate coding approach for such data-dependent channels is to design a set of
sufficiently spread codewords that also satisfy channel constraints [4], [5]. Furthermore, designing
channel codewords satisfying both ECC and channel constraints is important as doing this would
achieve the noisy constrained-input channel capacity of channel and this is the maximum for
the rate of any code for error-free transmission over a noisy constrained channel [1]. However,
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in practice this is difficult and we rely on sub-optimal methods such as forward concatenation
method (standard concatenation), reverse concatenation method (modified concatenation) and
combinations of these approaches [6], [7], [8], [9].
In this paper, we consider a Voronoi based channel model for TDMR systems as it gives a
good trade-off between implementation complexity and the accuracy of modeling the media noise
distribution. Furthermore, we consider a magnetic read-head which has a Gaussian sensitivity
function that picks up magnetization from neighboring bit-cells over the magnetic medium. We
investigate the performance gain of 2D constraints using a lower bound estimate of the constraint
gain for Voronoi based TDMR channels with realistic grain, bit, track and head dimensions.
According to [1], a lower bound estimate on the constraint gain of a 2D channel is the difference
between the noisy max-entropic and uniform input capacities of the channel. We use schemes that
employ the Generalized Belief Propagation algorithm for computing information rate estimates
for TDMR channels [10], [11].
The paper is organized as follows. Section II presents a Voronoi based read-channel model for
TDMR systems. In Section III, we introduce the notion of constraint gain for 2D channels with
memory. Section IV includes the simulation results of constraint gain for the 2D no-isolated-bit
constraint over Voronoi based TDMR channels with different read-head and track dimensions.
II. C HANNEL M ODEL
We consider a Voronoi based TDMR channel model which is widely used to capture effects
of magnetic medium in recording systems [12], [13]. The Voronoi channel can be seen as a 2D
interference inter-symbol (ISI) channel with binary inputs and outputs in which the statistics
of noise depend on inputs. The input and output alphabets are binary arrays of size m × n.
The probability density function (pdf) of channel is denoted by p(y|x), where y = [yi,j ] and
x = [xi,j ] are channel output and input, respectively.
In TDMR systems, channel models includes three components: (i) magnetic medium, (ii) write
process and (iii) read process. In the following, we briefly explain each of these components.
(i) Magnetic Medium
The smallest area on the magnetic medium that can be independently magnetized is called
a grain. In Voronoi based TDMR model, grain areas over a magnetic medium are modeled by
Voronoi tilings over a 2D rectangle [2], [12], [13]. The distribution of Voronoi tiles on the 2D
rectangle is determined according to a Poisson-disk random process with boundary sampling
conditions, as presented in [14]. The center of each Voronoi tile is identified based on the
Poisson-disk process. Then, each new Voronoi tile is randomly generated to touches at least one
of the existing Voronoi tiles to achieve a closer random packing, and its center must be at least
have a distance with the other grains’ centers. This predefined distance is called center-to-center
(CTC) parameter which identifies shapes and positions of Voronoi tiles.
The medium is partitioned into Bx × By rectangles according to the channel parameters bitlength (BL) and track-width (TW), where each of these rectangles is called a bit-cell. The BL
is the length of bit-cell in the x-axis direction, and the TW is the length of bit-cell in the y-axis
direction. The bit-cell area is equivalent to the bandwidth in ISI channels, and the channel bit
density (CBD) defined as
1
bits/unit area.
CBD =
TW × BL
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(ii) Write Process
The magnetic head tries to write symbols {−1, +1} over the medium by magnetizing the center
of each bit-cell in a row-by-row fashion and accordingly grains containing the bit-cell will be
magnetized. However, the write-head have no prior information about shapes and positions of
grains. If we assume that the channel input signal is a 2D pulse train, we have
XX
Y
Y
X(x, y) =
xi,j
(x − i × BL)
(y − j × TW) ,
(1)
i

j

BL

TW

where xi,j ∈ {−1, +1} is the symbol written on the (i, j)-th bit cell,
(
Y
1, 0 ≤ t < T,
(t) =
1, otherwise,
T

(2)

and the indices x and y represent the spatial coordinates on the medium.
(ii) Read Process
We assume that the read-head picks up magnetization from 3 × 3 neighboring bit-cells. Therefore, the output sample yi,j at the center of (i, j)-th bit cell depends on grains lying within 3 × 3
neighbor of bit-cell (i, j). We denote this set of neighboring bit-cells with the (i, j) as the center
bit-cell by Ci,j . We consider that the sensitivity function of read-head h(x, y) is a 2D Gaussian
pulse
!
(ln 2)x2 (ln 2)y 2
ln 2
−
exp −
,
(3)
h(x, y) =
πPW50x PW50y
PW502x
PW502y
where PW50x and PW50y determines the pulse-widths at half-amplitude in the x-axis and y-axis
directions, and
Z ∞Z ∞
h(x, y) dx dy = 1.
(4)
−∞

−∞

According to the read-head sensitivity function presented in Eq. (3), the pdf of channel can
be given by
Y
p (y|x) =
p(yi,j |xCi,j ),
(i,j)

=

1

Y
q
(i,j)

2πσx2 C

exp
i,j

−(yi,j − si,j − mxCi,j )2
2σx2 C

!
,

(5)

i,j

where mxCi,j and σx2 C are the mean and variance of the media noise for the case of read-head
i,j
with the span of 3 × 3 input bits xCi,j , finally, si,j is the channel output for the case when there
is no noise in the system and the magnetic medium is ideal [11]. It can be seen from Eq. (15)
that the media noise distribution and the pdf of channel depend on input data, and therefore,
there can be some inputs that are more prone to error. We have identified the most harmful
patterns for Voronoi based TDMR channels which are the 2D isolated-bit patterns [15]. The 2D
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isolated-bit patterns contain in the binary arrays in which a bit with the value 1 (0) surrounded
by the bits having the values 0 (1). The set of 2D isolated bit patterns is


1
0


1 0 1 , 0 1 0 ,
(6)


1
0
which is defined over every 3 × 3 array of neighboring input bits.
III. C ONSTRAINT G AIN
In most of recording systems, some combinations of error correction and constrained codes
are used to improve the performance. The design of joint error correction and constrained codes,
i.e., designing the set of error correction codewords satisfying a constraint is a hard procedure.
Mostly concatenations of linear block codes and constrained codes are used to impose both the
error correction and channel constraints before recording on channels [6], [7]. For this, it is
important to study and understand the performance gain of these methods in terms of capacity.
In the following, we present the definition of a 2D constraint and explain the notion of constraint
gain, and uniform input and max-entropicSinformation rates.
A 2D binary constraint SC is the union m,n∈N SCm×n where SCm×n denotes the set of all m × n
arrays satisfying some predefined constraints. We can define the capacity of a 2D constraint as
follows
1
log2 Z(m, n),
(7)
C2D = lim
m,n→∞ m × n
where Z(m, n) indicates the number of admissible m × n binary arrays.
A binary error correction encoder generates N -length codewords, c, belonging to the set
N
SECC
∈ {0, 1}N , where N = m × n. The codewords are arranged into 2D arrays of size m × n.
We are only interested in codewords satisfying the given 2D constraint over m × n arrays,
N
i.e., the codewords c ∈ SECC
∩ SCm×n . The number of possible codewords satisfying both error
correction and constrained code constraints is
1
N
log |SECC
∩ SCm×n |,
(8)
N
which is called the intersection rate in [1]. The intersection rate corresponds to the recording
N
rate of N -length block code SECC
which satisfy the constraint C and is designed for a chennel
with a parameter θ. In [1], the rate of average intersection is defined as
 N
1
(9)
Ravg ECC (C, θ) = lim
lim
log E |SECC
∩ SCm×n | ,
→0 m,n,N →∞ N
where the expectation is taken over long enough (N, ) codes and  is defined as
Cap(θ) − RECC ≤ .

(10)

Furthermore, Cap(θ) is the capacity of channel with the parameter θ
Cap(θ) = max I(X; Y ),
X

(11)
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in which maximum is taken over all stationary process X, Y is the corresponding output process
and RECC is given by
1
N
log SECC
.
(12)
RECC =
N
Furthermore, Fan et al. in [1] showed that this rate of average intersection can be obtained from
Ravg ECC = Cap(θ) + C2D − 1,

(13)

where Cap(θ) is the noisy capacity of the channel with unconstrained inputs as given in Eq. (11),
and C2D is the noiseless channel capacity of constraint C as given in Eq. (7). In fact, Ravg ECC
is the rate of average scheme over all the schemes which jointly design ECC and constrained
code codewords for the channel with the parameter θ. The lower bound on the rate of average
intersection which is denoted by Rlower ECC is given by
Rlower ECC = max {Cap(θ) + C2D − 1, 0} .

(14)

Rlower ECC is the average rate of ECC (not necessarily linear codes) in which the ECC is designed
without knowledge of constraint. Now, we need to find the maximum possible intersection rate
to see how we can improve the lower bound of average intersection rate Rlower ECC for a given
channel.
We know the maximum achievable rate for a channel with constrained inputs is determined
by the noisy constrained channel capacity as
Cap(C, θ) = max I(X; Y ),
X∈SC

(15)

where the maximum is taken over all the stationary processes supported on the constraint SCm×n .
A process is supported on a set of constrained sequences if any finite sequence of strictly positive
probability satisfies the constraint. The noisy constrained capacity
Cap(C, θ) ≤ min{Cap(θ), C2D },

(16)

as it can not exceed the maximum entropy of input, or, the noiseless channel capacity of the
constraint C2D , and the noisy constrained channel capacity can not be higher than the capacity
of channel with unconstrained inputs as the maximum in (15) is taken only over the stationary
processes which supported on SCm×n . Similar to the average intersection rate, the maximum rate
intersection is defined as follows
 N
1
∩ SCm×n | ,
(17)
Rmax ECC = lim
lim sup log max |SECC
→0 m,n,N →∞
N
where the maximum is taken over all possible (N, ) good codes. Clearly, the maximum intersection rate can not be higher than the noisy constrained channel capacity, i.e.,
Rmax ECC ≤ Cap(C, θ).

(18)

The gap between the lower bound on the rate of average scheme and the noisy constrained
channel capacity, or, equivalently, the upper bound on the maximum of intersection rate, is called
the Constraint Gain for a channel with parameter θ and can be obtained from
Constraint Gain(C, θ) = |Cap(C, θ) − Rlower ECC |.

(19)
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In fact, the Constraint Gain is the gap between the theoretical performance, in which the code is
designed to satisfy the constrained code and ECC constraints and simultaneously this knowledge
is exploited in the decoder, and the average performance of the schemes, where the ECC is
designed separately without considering the constraint.
As it is well-known that computing the noisy constrained channel capacity is a hard problem for
wide classes of channels, instead of computing the exact Constraint Gap, [1] proposed using the
max-entropic capacity instead of Cap(C, θ) in (19). Similar to (15), the max-entropic constrained
capacity for the channel can be defined as
Capmax

entropic (C, θ)

= I(Xmax , Ymax ),

(20)

where Xmax is the input of channel which satisfies the constraint and is generated using the
max-entropic distribution and Ymax is the observation from the channel when input Xmax passing
through the channel. The max entropic distribution can be obtained for constraints using message
passing algorithms presented in [16], [17], [18]. By substituting Capmax (C, θ) instead of Cap(C, θ)
in (19), we obtain an estimate of Constrained Gain as follows
Constraint Gain(C, θ) ' |Capmax

entropic (C, θ)

− Rlower ECC |.

(21)

Here, we focus on methods providing an estimate of max-entropic information rate for Voronoi
based TDMR channels using the GBP algorithm, as explained in the Appendix.
IV. S IMULATION R ESULTS
In this section, we present the max-entropic information rate and Rlower ECC results for Voronoi
based TDMR channels with different parameters. Similar to [11], we choose a read-head which
has a Gaussian sensitivity function and spans 3 × 3 neighboring bit-cells over the magnetic
medium. The parameters of the read-head and the Voronoi channel used in simulations are given
in Table I. The number of bit-cells in the x-axis and y-axis directions over the medium is 20 × 20.
Bit-Length=7 nm
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Fig. 1. Estimating the constraint gain for the 2D n.i.b. constraint over the Voronoi based TDMR channel with the parameters
given in Table I.
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In Fig. 1, different information rate curves are given for the 2D n.i.b. constraint over Voronoi
based TDMR channels as functions of TW and BL. The RLower curve is obtained by the symmetric
information rate curve shifted down by 1 − C2D n.i.b. , where C2D n.i.b. ' 0.9234 is an estimate to
the noiseless channel capacity of the 2D n.i.b. constraint [19]. For some rate R, the constraint
gain is estimated by the horizontal distance between the curves for Capmax Entropic and RLower ECC .
TABLE I
RSx (RSy ) DENOTES THE READER RESPONSE SPAN IN x- AXIS AND y- AXIS DIRECTIONS , RESPECTIVELY. A LL THE
PARAMETERS IN THE TABLE ARE IN NANOMETERS . ? INDICATES THAT THE PARAMETER VARIES IN SIMULATIONS .
TW

BL

RSx

RSy

PW50x

PW50y

?
10

7
?

30
30

21
21

20
20

14
14
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A PPENDIX :
M AX -E NTROPIC I NFORMATION R ATE
The max-entropic information rate of a Voronoi based TDMR channel with the pdf p(y|x)
(as given in Eq. (5)) is defined as the mutual information rate between the max-entropic input
and output as follows
Capmax (C, θ) = I(Xmax , Ymax ),

(22)

where Xmax is the input of channel which satisfies the constraint and is generated using the
max-entropic distribution and Ymax is the read-back samples from the Voronoi channel when
input Xmax is written over the medium. Then, we have
I(Xmax , Ymax ) = H(Ymax ) − H(Ymax |Xmax ),

(23)

1
and | . | indicates
where the input distribution is the max-entropic distribution, i.e., p(x) = |S m×n
|
C
the cardinality.
The conditional entropy H(Ymax |Xmax ) can be obtained analytically using the media noise
distribution p(y|x) and can be formulated as


 (b)
1
(a) X
2
H(Ymax |Xmax ) =
H Yi,j |Xmax = xCi,j = EXmax log 2πeσxC
,
(24)
i,j
2
(i,j)

where (a) is obtained based on the fact given in Eq. (5) where
Y

p (y|x) =
p yi,j |xCi,j ,

(25)

(i,j)

EXmax is the expectation over all possible max-entropic inputs, and (b) is obtained as the pdf
of Voronoi channel is a Gaussian distribution. Therefore, the problem of estimating the maxentropic information rate reduces to computing the entropy rate of the received output Ymax . For
this purpose, we use the empirical averaging in the form of
L

H(Ymax ) = −EYmax log p(y) ≈ −

1X
log p(y(l) ).
L l=1

(26)

where L is the number of samples y drawn according to p(y). The constrained inputs are
1
generated according to the distribution p(x) = |S m×n
and the pdf of channel is fixed for obtaining
|
C

these L samples. Therefore, p(y(l) ) can be computed using
X
X
1
p(y(l) ) =
p(x)p(y(l) |x) =
p(y(l) |x),
m×n
|
S
|
C
x
x

(27)

where the right hand side equality is concluded by max-entropic distribution. Therefore, the
problem of estimating the mutual
rate of a Voronoi based TDMR channel reduces
P information
(l)
to the problem of computing x p(y |x), computing the marginal probabilities of a the probability distribution function p(y(l) |x). We use techniques that incorporate the GBP algorithm for
computing marginal probabilities of a probability distribution function [20], [17], [18] by finding
an estimate of partition function of the factor graph representing the probability distribution
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function. We denote the partition
function of the factor graph corresponding to p(y(l) |x) by
P
Z(y(l) ), which is Z(y(l) ) = x p(y(l) |x). We refer the reader to the original paper of GBP
algorithm for further details [20]. The output entropy computation concludes to
L


1
1X
(l)
log
H(Ymax ) = −
m×n Z(y ) ,
L i=1
| SC
|
L

= log(|

SCm×n

1X
log(Z(y(l) )).
|) −
L i=1

(28)
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ABSTRACT
The Non-Volatile Memory Express (NVMe) storage interface takes advantage of the internal
parallel memory architecture found in many Solid-State Drives (SSDs) to provide high
performance bandwidth. While relatively new, NVMe is gaining in popularity, but most vendors
do not provide the features needed by telemetry applications. Recognizing that the standard does
not define these features, several vendors have collaborated on a standard pin out for the 2.5”
U.2 form factor that will provide these features such as write protection, data elimination,
encryption, security, and authentication. By following this pin out, both system designers and
SSD designers can benefit from this compatibility.
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INTRODUCTION
Industry standards do an excellent job of defining components that are compatible: the designer
of each component knows what is needed to interoperate with other components and the
consumer of each component is assured of multiple exchangeable sources. However, special
markets have special needs; for example, telemetry data storage markets have requirements not
found on standard commercial Solid State Drives (SSDs). These requirements include write
protection, data elimination, encryption, security, and authentication that are missing from the
standard pin-out definitions. Many specifications have unused pins or pins defined for other
product families so that several families of products can utilize the same connector; without
explicit pin-out definition on these telemetry requirements, each vendor is free to define their
own pin-out leading to incompatible solutions. Recently several storage vendors have agreed on
a pin-out in the Non-Volatile Memory Express (NVMe) U.2 form factor which includes these
features. By following this proposed pin out, designers of telemetry systems can benefit from
components that interoperate well and have multiple sources.

1. NVME OVERVIEW
In 2007, several large companies including Intel, who makes SSDs and the NAND inside SSDs,
aimed to create a new storage interface to improve the performance of nonvolatile memorybased storage devices. [1] After more than ten years, this NVMe interface has become one of the
hottest topics in data storage with many seminars and entire conferences devoted to it.

1.1 NVME OFFERS HIGH PERFORMANCE
One of the main benefits of the new storage standard is higher read/write performance over
traditional storage interfaces such as SAS or SATA. An SSD generally has several channels of
NAND flash packages with independent address and data lines allowing for parallel access.
NVMe takes advantage of this parallel interface by creating a method for a host to issue multiple
commands in multiple queues allowing the storage device to determine the best order to
complete the commands to minimize the latency and time waiting for data. On top of the parallel
command queues, NVMe uses up to 4 PCIe lanes of 8 Gigabits per second (Gb/s) each providing
nearly 4 GigaBytes per second (GB/s) of potential bandwidth, rather than one 6 Gb/s interface
like SATA providing about 0.5 GB/s.

1.2 NVME GAINS POPULARITY
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The first NVMe specification was released in 2011, and then the NVMe organization
incorporated in 2014. From 2014 to 2016, the organization nearly doubled in size as it grew
from 61 to 115 members. [2] The member companies include several very large consumer
storage companies such as Intel, Micron, Samsung, Seagate, Toshiba, and Western Digital. [3]
All of these storage companies, and others, offer many different NVMe storage products. Most
of these products are focused on the consumer or enterprise markets, and lack the features
needed for telemetry applications.

2. PROPOSED U.2 PIN OUT FOR TELEMETRY APPLICATIONS
Recognizing the NVMe specification itself is missing the definitions needed for telemetry
applications, several storage vendors that serve the telemetry and industrial markets collaborated
in September 2017 on a pin out which incorporates needed features such as write protection, data
elimination, encryption, security, and authentication. The pin out was for the U.2 form factor
that has the same physical dimensions as existing 2.5” drives, but utilizes a different connector,
SFF-8639. [4] Obviously, the exact details of each feature are defined by the SSD vendor, and
not every SSD vendor will implement all the features listed here.

2.1 WRITE PROTECT
Write protection (pin S2) allows the user to prevent the drive from accepting writes from the
host; this feature can be useful in a couple scenarios: the drive contains host boot information or
operating system that never changes during a mission, or after a mission to protect the telemetry
data collected from being accidentally overwritten. To help the user identify that the drive is in a
write protected state, there is also an LED (pin S3).

2.2 DATA ELIMINATION
The data elimination allows the user to remove data from the drive either to prevent an adversary
from acquiring the data or to simply reuse the drive in a different mission. There are three
possible ways to eliminate data from the drive. One is a simple cryptographic erase or crypto
erase (pin P9) which will erase the cryptographic keys making data retrieval virtually impossible.
Another is a standard erase of the NAND flash and possibly could include military erase
sequences with multiple overwrites of the NAND flash in an attempt to eliminate any trace of the
data; this erase option can use one (pin P2) or two pins (pin P2 and pin S7). A third option is the
destruction (pin S4) of the drive such that it will no longer respond as a drive.

2.3 ENCRYPTION, SECURITY, AND AUTHENTICATION
Encryption, security, and authentication come in many forms; four features are proposed. In an
attempt to defeat a malicious user from moving an unlocked SSD after is has been authenticated
to a different host while keeping power supplied to the SSD, there is malicious unplug detection
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(pin S1). For those hosts that need to supply their own encryption keys rather than relying on the
self-encrypting drive feature of controlling the encryption key, there is the isolated key fill (pins
S5 and S6). The proposal includes authentication (pin P1) of the host or the SSD, for example
using an Atmel ATSHA204. Finally, a Vbat (pin P7) signal provides low voltage, low current
power from the host to the SSD to maintain the encryption key while the main 12V power is off.

2.4 ACTIVITY
NVMe, like previous storage standards, provides an activity signal that the host could use to
connect to an LED for a user to see read and write activity to the SSD. This proposal uses the
same pin (P11), but also includes the possibility to provide additional activity details on the
status of the data elimination, encryption, security, and authentication.

2.5 SUMMARY

Pin
Number
S1

S2

S3

S4

S5

S6

Defense pin name and function when used on U.2
Malicious Unplug Detect (SSD has weak internal pullup):
0= U.2 connector is Engaged.
1= U.2 connector Dis-engaged.
Write Protect (SSD must have weak Internal pullup):
0 = SSD is hardware write protected.
1 = Not write protected.
Write Protect LED
0 = Illuminate Write Protect LED (Minimum 5ma sink
current)
1 = Write Protect LED off.
Destruct:
0 = No Destruct.
1 = Self-Destruct operation after a SSD vendor defined
de-bounce.
Signal is ignored if high at power on time and SSD
should include an internal pulldown. Actual type of
destruct operation is defined by the SSD vendor.
Isolated Key Fill Port:
3.3V RS-232 TX, RS-485+, DS-101+
Protocol is SSD vendor defined.
Isolated Key Fill Port:
3.3V RS-232 RX, RS-485-, DS-101Protocol is SSD vendor defined.
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Pin IO
Direction
(With respect
to U.2 SSD)
Input
(Ground host
side)

Legacy
SATA function

GND

Input

SATA RX+ (Input to
SSD)

Open Drain
output
Weak internal
pullup

SATA RX- (Input to
SSD)

Input

GND

Output, or
BIDIR
Differential+
Input or
BIDIR
Differential-

SATA TX- (Output
from SSD)
SATA TX+ (Output
from SSD)

S7

P1

P2

P7

P8
P9

P11

Erase Trigger, High True
0 = No secure erase operation.
1 = Trigger a Secure Erase operation, if enabled.
If the signal is fully isolated, then pin P2 is the erase
return.
Signal is ignored if high at power-on and a weak
pulldown is suggested. Operating details are SSD vendor
defined.
SSD vendor defined.
Suggested use: Authentication of Host and/or SSD
using an Atmel ATSHA204.
Erase Trigger, Low true or Erase Trigger Return:
0 = Trigger a Secure Erase operation, if enabled.
Can also be the return pin for an isolated Erase
Trigger using pin S7.
1 = No secure erase operation.
Signal is ignored if low at power-on and a weak pullup is
suggested. Operating details are SSD vendor defined.
Vbat:
Encryption key hold-up voltage used when main 12V is
off.
Voltage is SSD vendor defined. 1.8 V to 3.3 V. 3V is
suggested.
Exact operating details are SSD vendor defined.
SSD vendor reserved
CryptoErase (SSD must have weak internal pullup):
0 = Trigger a crypto erase
1 = No crypto erase
Activity/Secure Erase Activity (Weak Pullup, Minimum
5ma sink current)
Can operate as the standard activity function or by a
programmable option, the output can indicate the status
of an Erase, Key Purge, or Sanitize operation. Exact
operating details are SSD vendor defined.

Input

GND

Input/Output

3.3 V

Input

3.3 V

Input

5V

Input

5V

Input

5V

Open Drain
Output

Activity

3. CALL TO ACTION
NVMe has been growing in market share and vendor support for over 10 years; it is not likely to
diminish anytime soon. Therefore, as telemetry system designers and SSD designers plan for the
next generation of storage using NVMe’s U.2 interface, they should consider this pin out
proposal. If both system and device designers implement this proposed pin out, then both sides
will benefit. System designers will have more choices and more possibilities for second sources,
and storage designers will benefit from having compatibility with a wider range of systems and
potential customers.

5

REFERENCES

[1] Intel, "Dell, Intel And Microsoft Join Forces To Increase Adoption Of NAND-Based Flash
Memory In PC Platforms," 30 May 2007. [Online]. Available: https://www.intel.com
/pressroom/archive/releases/2007/20070530corp.htm. [Accessed 25 May 2018].
[2] A. Huffman, "NVM Express Past, Present, and Future," 9 Aug 2016. [Online]. Available:
https://www.flashmemorysummit.com/English/Collaterals/Proceedings/2016/
20160809_FA11_Huffman.pdf. [Accessed 25 May 2018].
[3] NVM Express, Inc., "About," [Online]. Available: https://nvmexpress.org/about/. [Accessed
25 May 2018].
[4] SSD Form Factor Work Group, "SSD_Form_Factor_Version1_a.pdf," Storage Networking
Industry
Association
(SNIA),
12
December
2012.
[Online].
Available:
http://www.ssdformfactor.org/docs/SSD_Form_Factor_Version1_a.pdf. [Accessed 8 June
2018].

6

NOMENCLATURE
ATA or Advanced Technology Attachment:
An interface standard from T13
(http://www.t13.org/) for storage devices using a parallel bus (PATA), or serial bus (SATA).
Flash: A non-volatile memory device using an array of transistors each with a floating gate to
store a charge.
GB or Gigabyte: 109 bytes.
HDD or Hard-disk drive: Traditional mass storage device using a rotating, magnetic platter.
MB or Megabyte: 106 bytes.
NAND: A high-density flash device usually with defect blocks marked by the factory; read and
write operations must be done at a page level (several kilobytes), and erases must be done at an
erase block level consisting of several hundred pages.
NVMe or Non-Volatile Memory Express: A high-speed storage interface commonly using PCIe.
PCIe or Peripheral Component Interconnect Express:
peripherals.

A high-speed bus for computer

SATA or Serial ATA: A storage bus interface where the data is transferred serially rather than
through parallel data wires as in previous ATA devices.
SCSI or Small Computer System Interface:
An interface standard from T10
(http://www.t10.org/) for storage devices typically using a parallel bus, or serial bus (SAS).
SSD or Solid-State Drive: A mass storage device typically using the same form factors as
traditional hard-disk drives, but without the moving parts. An SSD typically stores data in SLC
or MLC NAND flash.
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1.

Overview and Background Information

This paper describes the history of the concept development for a Free Space Optics application
program called Fly-Over Terabyte Offload (FOTO) at Edwards AFB in CA. The topic will be
reviewed in the following sections.
• Edwards AFB Background and Information
• Review of FOTO Concept and History
• The DoD SAR&D Funding Approval
• The Planned NRL/EAFB FOTO Program
• FSO Technology Status
The mission of the 412th Test Wing (TW) of the Air Force Test Center (AFTC) is to conduct Air
Force verification of contractual performance requirements for aircraft systems under test (SUT).
Flight testing of an SUT entails an intense period of Air Force/Supplier test operations at
Combined Test Force (CTF) organizations at Edwards.
During military aircraft flight testing, instrumentation recorders, typically with a terabyte data
capacity, are sometimes being filled to capacity before the flight test is complete. The aircraft
system under test is then forced to land and deliver the recorded data and schedule additional
flights to complete the testing/data collection. In response to this DoD need, an innovative solution
designated as the FOTO program has been proposed to develop and evaluate a prototype air-toground optical link capable of operating in burst mode to downlink large volumes of recorder data
between aircraft test points during test operation.
The home of the AFTC/412th TW is Edwards AFB (EAFB), CA. An aerial sketch of the main test
range is provided in Figure 1-1. We are in a semiarid part of Ca, beside a dry lake bed, with mostly
sunny, cloud free days – perfect for flight testing.

Figure 1-1 Aerial Concept of Edwards AFB 412th TW Test Range

Specialized test instrumentation and telemetry assets play important roles in test operations support
on a daily basis at Edwards. Test support can be divided into three key elements: aircraft
instrumentation, real time serial streaming telemetry (SST), and flight data analysis.
During the aircraft instrumentation, a variety of specialized test sensors are installed on the aircraft.
The on board instrumentation data system can support several dozens of data channels. Flight test
data is recorded on modern solid-state data recorders with recording rates in excess of 200
megabits per second (Mbps). Data capacity for the commercial recorders is in excess of 1 terabyte
(TB).
The telemetry support organization downlinks a sampling of the test data via SST. The gigahertz
class Airborne Mobil Telemetry (AMT) capability includes L-, S-, and C-bands with data
modulation bandwidths of 3 to 20 Mbps. EAFB Range assets include several large diameter
parabolic receiver antennas at ground receiver stations transporting data to control centers via highspeed fiber network systems. Control centers are manned by test engineers and range personnel at
real-time data terminals. Data rate limitations dictate that only a small fraction of the recorded data
can be linked in real time.
Flight data analysis divides naturally into two types: real-time data monitoring and post-mission
data analysis. Real-time monitoring of downlinked data undergoes minimal analysis, under normal
circumstances. Its key uses are support of Range Safety (Safety of Flight) and engineering test
monitoring. At the completion of the test sortie, the SUT returns to the CTF hangar area executing
landing and taxiway operations. At the hangar, technicians retrieve recorder data electronically
and then hand deliver it to eagerly waiting analysts who receive and archive the data. Often times,
test mission debrief audiences wait for quick look results after data delivery. For the most part
however, recorder data supports longer term in-depth analysis by test engineer analysts.
2. 412th TW Needs Statement
DoD Test Ranges face the challenge of meeting growing telemetry offload requirements because
of the rise of technologically complex systems, such as modern fighter aircraft, but the Ranges
also face loss of available spectral bands to commercial use, so are pressured to conduct testing
with ever increasing efficiency.
The current test environment has led to the need to develop an air-to-ground free space optic (FSO)
link to address United States (US) Test Range telemetry offload needs, and yet while operating
with reduced spectrum by utilizing improved test efficiency. The proposition is more efficient
flight test operations could result from more expedient data delivery.
Early on, to promote the FOTO concept, we proposed the benefits shown here in green that would
enhance the legacy process in tan. The improvements are offloading filled recorders, along with
quick download data bursts to support test decisions. The benefits of near real-time recorder
offloads are summarized in Figure 2-1.

Figure 2-1 Flight Test Need: Provide New (Green) Mission Data Recorder Options and
Flexibility
3. AFTC/412th TW Solution - Analysis of Alternatives
As Figure 2-1 indicates, we intend to develop and evaluate a prototype air-to-ground optical link
capable of operating in burst mode to downlink large volumes of data between test points during
test operation. Free Space Optics (FSO) communications technology is at a point that very high
speed data rates are available to download essentially error free data volumes with modern
forward-error-correction (FEC), packet/frame retransmission, and interleaving. Fiber optics
communications, a cousin of FSO, routinely performs at the data rates we need for FOTO.
There are five FSO Alternative Configurations under consideration which fall into three
categories: 1) Air-to-Ground, 2) Ground-to-Ground, and 3) Air-to-Air. The first alternative, with
concept shown in Figure 3-1, is the near-overhead, high data rate FSO which would allow terabyte
capacity downloads over very modest fly-over ranges in a matter of minutes.

Figure 3-1 Air-to-Ground Configuration - Alternative 1: Straight Flight Path of SUT
for Fly-Over FSO Download

Alternative 2, the circular flight path of Figure 3-2, provides constant range, a single line-of-sight
(LOS) angle, and additional download time flexibility if multiple circles are required.

Figure 3-2 Air-to-Ground Configuration - Alternative 2: Circular Flight Path of SUT
Fly-Over FSO Download
Figure 3-3 shows Alternative 3 which is the ground taxiway configuration called Landing Gear
LiFi. LiFi (light fidelity) is the proposed, futuristic light emitting diode (LED) equivalent of WiFi.
LiFi is something of a misnomer for the taxiway data-offload mission but captures the innovative
spirit of Alternative 3 for the FOTO Program. The idea is to mount the transmitter on the landing
gear with receivers positioned along the taxiway.

Figure 3-3 Ground-to-Ground Configuration - Alternative 3: Post-Mission Landing Gear
“LiFi”
The FSO architecture afforded by the refueling optical terabyte offload (ROTO) scenario,
Alternative 4, enables SUT refuel downloads along with simultaneous onboard recorder data
uploads as depicted in Figure 3-4. Refueling tankers are already involved in many SUT test
operations so potentially provide a spacious and very close platform for the receiver.

Figure 3-4 Air-to-Air Configurations - Alternative 4: Refueling Optical Terabyte Offload
(ROTO)
Alternative 5, shown in Figure 3-5, is the side-by-side scenario which could provide ideal FSO
conditions to quickly empty onboard recorders, potentially with data transfers at extremely high
bit rates.

Figure 3-5 Air-to-Air Configurations - Alternative 5: Side-by-Side, Air-to-Air Download

4. Requirements Analysis for the Circular Flight Path
The initial analysis of the alternatives is complete. The tightly circular, near overhead, flight path
is currently deemed the optimal Concept of Operations (CONOPS) alternative. The potential
afforded by the not only short but also constant range, along with a single line-of-sight (LOS)
angle for easier tracking, as well as the additional download time flexibility provided by circling,
makes the circular path the right alternative to carry forward into requirements and performance
analysis.
For a high performance military aircraft a reasonable geometry could be achieved by an aircraft at
10,000 feet executing a 1-G turn at Mach 1/3. The geometry and variables are shown in the Figure
4-1 with the top-view of the circular path on the left - and side view to the right.

Figure 4-1 Proposed Circular Flightpath Download CONOPS and Analysis

From elementary considerations of the geometry, preliminary analysis for the circling download
configuration has been performed to determine mission level requirements.
Table 4-1 gives selected results of the calculations. A download data rate of 100 Gigabytes per
second (Gbps) would result in an approximately 1-minute terabyte download from the circling
aircraft. Forward error correction and interleaving techniques would render the download
essentially error free.

Table 4-1 - Circular flight Path - - - IOC FOTO Mission Needs
Flight
Parameter

Parameter
Value

Common
Units

SI
Value

SI
Units

Altitude
Speed
Radial Acceleration
Circle Radius
Zenith Angle
Slant Range
Time/circle
Data Volume
1 Circle Bit Rate Req'd
3 Circle Bit Rate Req'd
Latency
Post FEC Quality
Laser Eye Safety (1.55μm)

10
1/3
1

kft
Mach
g
mi
deg
mi
min
TB
Gbps
Gbps

3.0
110
9.8
1.2
0.39
3.3
70
8.0E+12
1.1E+11
3.8E+10

km
m/s
m/s/s
km
radians
km
sec
bits
bps
bps

0.77
22
2.0
1.2

1
113
38
No Requirement
Error Free
Eye Safe at Window

The short ranges, high elevation angle, and latency allowance make the fast download mission
very different from normal FSO program requirements. These, along with other features of the
circular configuration, make rapid recorder downloads a desirable pursuit.
5. Initial Implementation Program – DOD Spectrum Access Research and Development
(SAR&DP) FOTO
The FOTO team, with Naval Research Lab (NRL) and EAFB members as detailed in Figure 5-1,
has created a proposed FSO development concept by which contractors would provide the
technology to meet the mission needs. The resulting program proposes a technical development
phase leading ultimately to an Initial Operational Capability (IOC) configuration, and includes a
not only important but also essential early flight test demonstration prototype.

Figure 5-1 DoD SAR&D Project: Free-space Optical Telemetry Offload (FOTO)

The DOD SAR&D Program has announced a funding award to the NRL and EAFB group for the
FOTO concept which was submitted for consideration in 2016. The funding is currently scheduled
for program initiation in 2018.
A FOTO Industry Day was conducted by the FOTO team during June 2016. The stated program
objective was to develop a field test prototype for an in-flight telemetry offload system using
compact and affordable FSO terminal solutions.
The program scope comprises two missions. The first (in-flight offload [IFO]) was to achieve a
full data recorder offload without landing as depicted in Figure 5-2.

Figure 5-2 FOTO Mission 1: In Flight Offload (IFO)
The second mission (opportunist offload/upload [O2U]) of the program is to enable the streaming
of selective data to the ground for quick-look checks at low complexity ground nodes.

Figure 5-3 Mission 2: Opportunistic Offload/Upload (O2U)
The NRL/EAFB team is currently preparing a Request for Proposals to be announced in 2018.

6. Technical Information and a Few Words on the State-of-the-Art
Fiber optics communications is extremely fast, and record bit rates are many terabits per second.
However, FSO rates are much slower but are ever increasing.
Today typical commercial FSO enables short-range, ground-to-ground optical transmission at
speeds of up to 2.5 Gbps and in the future 10 Gbps using Wavelength Division Multiplexing
(WDM ). An internet example of a commercial system advertisement photo (of unknown age) is
shown in Figure 6-1.

Figure 6-1 Typical Commercial FSO/Fiber Performance (LaserOptronics)

The research work that first caught our attention at EAFB and rekindled our interest in FSO
augmented AMT data transfer was accomplished and reported by Walthers, et al. in an MIT/LL
report in 2010. The work demonstrated error free, 2.6 Gbps, air to ground offloads. Innovative
forward error correction (FEC), interleaving and spatial diversity, briefly described in Figure 6-2,
are key features of the work. The work was a project of the Advanced Lasercom Systems and
Operations Group with Dr. George Nowak as Group Leader. Dr. John Mores is the current Point
of Contact with EAFB. As a government agency, the MIT/LL will not be a competitor for the
NRL/EAFB FOTO program.

Figure 6-1 MIT/LL Air-to-Ground Demo at 2.6 Gbps
A more recent example of FSO capabilities was gleaned from a quick search of the internet.
The cited paper was Investigation and Demonstration of High Speed Full-Optical Hybrid
FSO/Fiber Communication System Under Light Sand Storm Condition (100 meter link). The work
was accomplished by the Department of Electrical Engineering, King Saud University, Riyadh,
11421, Saudi Arabia and can be obtained from DOI: 10.1109/JPHOT.2016.2641741_1943-0655
© 2016 IEEE.
As stated in the report, this paper described an effort which reported a demonstration of a high
speed full-optical FSO and hybrid Fiber/FSO link with reconfigurable/flexible transmitter. Work
achieved 1.08 Tbps data rate using high modulation format (32-QAM) with 18 Gbaud symbol rate.
The group pointed out the achieved bit error rate (BER) was under the forward error correction
(FEC) limit; hence, error free transmission should be possible using proper coding. Thus tens of
Gbps downloads seem feasible.

7. Concluding Remarks
Our conclusion, regarding FSO technology, is the state-of-the-art can likely support the high data
rates needed for the rapid data offloads proposed by FOTO. But FOTO remains a technology
development effort. Before IOC there are other obstacles such as low cost, low SWaP as wellas
higher recorder offload speeds. However the FOTO team believes the high data rate demonstration
is the key first step to be achieved before further development.
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ABSTRACT
Drone swarms pose a particular challenge to telemetry networks, due to the number of airborne
nodes involved, and their potential to overwhelm the available bandwidth on the communications
channel with simultaneous telemetry streams. Previously, we saw that mobile ad-hoc (MANET)
routing protocols could exacerbate this issue by flooding the network with routing-control packets. In this work we model the Naval Postgraduate School fixed-wing drone swarm and compare
the performance of several disruption-tolerant networking (DTN) routing protocols designed to
address these challenges.
INTRODUCTION
This work models the network formed by a swarm of fixed-wing aerial vehicles developed at the
Naval Postgraduate School (NPS) and compares the performance of several Disruption Tolerant
Network (DTN) routing protocols, observing tradeoffs between the potential routing protocols for
the current swarm configuration to select candidates for future larger-scale swarms. In previous
work, we performed this comparison using Mobile AdHoc Network (MANET) routing protocols,
and found that the density of nodes in the radio communication environment posed a significant
challenge to those protocols [1].
In 2015, a group of NPS professors and students set the record for largest fixed-wing unmanned
aerial vehicle (UAV) swarm flown at one time [2]. The swarm had 50 vehicles flying simultaneously and successfully demonstrated distributed decision-making with all processing occurring on
swarm vehicles rather than a centralized control station. This swarm uses broadcast messaging,
and no multi-hop routing is implemented.
While this approach provides low-latency communications when all nodes are within range
of each other, it introduces two problems. The first is that as the number of nodes increases, it
will eventually saturate the communication channel, since no spacial-reuse is possible with this
scheme. Early signs are that this will occur with swarm sizes not much larger than the current 50
nodes. Secondly, future mission tasking is likely to require distributing nodes geographically such
that not all are in communication range of each other, as well as sub-swarm missions where the
swarm splits temporarily and later regroups.

This paper is authored by employees of the United States Government and is in the public domain. Non-exclusive copying or redistribution is
allowed, provided that the article citation is given and the authors and agency are clearly identified as its source.
Approved for public release: distribution unlimited.

BACKGROUND AND RELATED WORK
In this section we examine the existing state-of-the-art in drone-swarm research.
A.

Swarm Networking Issues

Drones and drone swarms may move rapidly with respect to their radio range, causing them to
frequently lose and regain connectivity to ground stations and other vehicles. In the case of the NPS
drone swarm, the cruising speed is 18 m/s. Currently, the NPS swarm uses no multi-hop routing
protocol and instead uses 802.11n infrastructure-mode wireless. Messages to drones are addressed
to the IP broadcast address application-layer message header determines whether a specific node
should receiver or drop each message. Depending on future mission planning, keeping all nodes
within range of the ground station may not be desirable, leading to the need to multi-hop messages
from more distant nodes back to the ground station.
In addition to network and routing layer limitations, prior work has shown TCP to perform
poorly in lossy wireless environments [3], and this effect is exacerbated with each additional wireless link in the path. The TCP routing protocol was designed for long-lasting connections along
an established path. Attributes of TCP, like the three-way handshake, slow start algorithm, and
congestion control algorithm were not designed for scenarios where packets are lost due to causes
other than congestion, or where paths are frequently broken. UDP is not encumbered by the same
restraints as TCP, but offers no acknowledgment that packets were delivered to the destination [4].
Channel bandwidth is also an ever-present constrain in telemetry systems, and can easily be
overwhelmed with 10s or 100s of nodes attempting to communicate simultaneously. On one hand,
multi-hop routing may help with this, by permitting more spacial reuse in the channel allocation plan, however overhead from routing protocol control messages can also consume significant
amounts of bandwidth.
B.

DTN Routing Protocols

The following routing protocols were employed for comparative analysis:
• DSDV: a proactive distance-vector based MANET routing protocol [5].
• AODV: a reactive distance-vector based MANET routing protocol [6].
• OLSR: a proactive link-state MANET routing protocol [7].
• Epidemic: Simple flooding-based DTN routing protocol [8].
• Vector: Epidemic-based routing protocol that limits flooding based on direction of travel [9].
• Gapr: Geolocation-assisted predictive DTN routing protocol [10].
• Gapr2: Improvement on GAPR that reduces message replication [10].
For the sake of space, we do not go into the details of each protocol, but refer you to their
respective source documents.
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METHODOLOGY
This section provides a review of the initial simulation built to model the NPS swarm in ns-3,
as well as modifications made by this study to improve the mobility model and test additional
routing protocols. Ns-3 is a discrete-event network simulator intended to implement the entire
network stack as a platform for testing a variety of real-world networking scenarios [11]. The
ns-3 Consortium developed it with the intent to improve research and education tools, and recent
work shows that when compared with the ONE simulator, ns-3 provides a more robust, real-world
implementation of various networking aspects [12].
Table 1: Message Parameters
Message
Heartbeat
Flight Status
Pose
Red Pose
Asynchronous

C.

Data Rate
160 bps
768 bps
4480 bps
3200 bps
as required

Packet Size
20 Bytes
48 Bytes
56 Bytes
40 Bytes
variable

Frequency
1 Hz
2 Hz
10 Hz
10 Hz
as required

Traffic Generation

Four messaging applications were modeled in the initial NPS swarm simulation. Each of the applications comprised a subset of the synchronous messages described in [1] and all were sent as
broadcast messages with specific non-changing sizes and data rates. Table 1 depicts these messaging applications’ characteristics with their respective data rates, message sizes and transmission
frequencies.
In the initial study all messages, regardless of type, included a standard 16-Byte header added
at the application layer. Messaging applications were started at staggered times in order to ensure
that collisions were not generated by artificial synchronization. In order to employ DTN routing
protocols, a DTN header is employed at the application level. Ns-3 includes various application
helpers, to accommodate varying application types. Originally, the “OnOffHelper” class is used
to allow a messaging application to send at its assigned transmission and data rates. For the DTN
version of the applications, this study employed the “DTNHelper” class, allowing the selected
routing protocol to implement a custom-built 18-Byte DTN header as described in [13].
Table 2: Swarm Configurations
Mobility Model
6v6
10 v 10
15 v 15
25 v 25

D.

Ground Station
1
1
1
1

Sub-swarms
2
2
2
2

Sub-swarm nodes
6
10
15
25

Simulation nodes
13
21
31
51

Node Mobility

The initial NPS swarm implementation in ns-3 utilized real-world captured data from a flight
demonstration of the NPS swarm in 2015. Table 2 represents the breakdown of each flight. One of
the results of the demonstration was a corpus of node location data corresponding to each “mobility model”. The captured location data was a comma-separated document with each line including
a time stamp, swarm identification number, node identification number, x-position, y-position and
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z-position. The initial ns-3 implementation used this data as input to a mobility model scheduler,
employing the constant position mobility model such that each node would start at the positions in
the line corresponding to that node’s first entry in the real-world data, and remain stationary at that
position until the time of its next entry and “hop” to the new position.
While employing a constant position mobility model is an effective method for implementing
a simple mobility schedule, it does not adequately describe the flight motion of highly mobile
nodes in an aerial scenario. Various other methodologies exist in ns-3 to implement many mobility
scenarios, from which this study chose to utilize the “Ns2-mobility-helper”. The helper reads in
a file that requires a specific format, allowing three possible statements, of which this study used
two. The real world flight data was parsed and formatted into the proper format prior to utilization
in the simulations. The required format statements utilized were:
Initial Position: node n set [XYZ] [xyz]
Set Destination: ns at time t node n setdest x2 y2 z2 speed
In the Initial Position command, n is the node id, [XYZ] tells the simulator which position
component is being read next and [xyz] is the actual component position. After the initial node
position was set, all subsequent node positions were read in as Set Destination commands.
Ns-3 documentation and the Ns2-mobility-helper require that the format not include the z
value; however, modifications were made to the mobility helper such that the z value could be
read in and incorporated in the subsequent scheduling. Since the original NPS swarm data corpus
did not include a velocity or speed field, this study used a standard cartesian speed calculation (distance/time) to acquire an average speed between positions one and two for the node being read in.
Originally, the output of this calculation resulted in multiple consecutive lines in the mobility input
file with the same position and zero-velocity, effectively creating a similar stop-and-wait mobility
scenario as the initial simulation.
A finding of this study is that the real-world data was provided at such a fine time-precision that
the provided positions did not have enough refinement to distinguish a unique position across two
subsequent records. In other words, a given node reported the same position twice in a row (with
different time stamp) various times throughout the trace. In the final implementation, this was
accounted for by skipping over the first line used to calculate the ns2 format’s required “setdest”
information during formatting if and only if it was the same as the node’s following position. In
this way, an accurate velocity was obtained, and constant 3d motion could be implemented in the
scheduler by the mobility helper. A final note worth mentioning is that because the data came from
real-world flight records, the timestamps, while ordered correctly, started at different values for
each flight. Ns-3 does not enforce a hard requirement that the initial positions be set at time 0.0
for obvious reasons; however, when using the provided time stamps, the simulation never reached
the start time for mobility, so no nodes were ever set to a starting position before network activity
began. This was fixed by offseting every ns2 mobility line time stamp by the value of the first
record time stamp.
E.

Experiment Parameters

The following parameters were varied to exploit the various features of the routing protocols used:
• Node count: the number of nodes in a given swarm. Values: 12, 20, 30, 50.
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• Radio gain: the relative gain (integer value) of the 802.11n radio simulated. Values: 0, 3, 6,
9, 12, 20.
• Mobility model: The type of mobility scheduled in ns-3. Values: Constant Position, Ns2
Helper.
F.

Experiment Metrics

The following metrics are utilized for quantitative comparison of protocol performance:
• Message Delivery Ratio (MDR): calculated by dividing the number of messages delivered
to the assigned destination by the number sent.
• Goodput: usable transmitted application data successfully received at the assigned destination.
• Latency: time delay calculated as time of receipt at destination minus time of transmission.
• Overhead: message copies, retransmissions, and routing control messages.
RESULTS AND ANALYSIS
This section reviews the results from the 650 simulations and highlights a number of illustrated
trends and relationships. It should be noted that in running simulations, both Gapr and Gapr2
simulations were cut off around one-half of the total run time, after the simulations ran for 72hrs
each, and their 10v10 results were not captured due to simulator error. For this reason, Gapr and
Gapr2 results will be displayed where available, however, further results will be measured at a later
time. In any case, early results show general consistency with the other DTN protocols.
G.

Message Delivery Ration (MDR)

The initial NPS swarm simulation measured PDR (Packet Delivery Ratio) as a function of the individual messaging application, and showed that generally, broadcast is the most effective method
of transmission with the swarm scenario across all applications. Since the aim of this study was
to elaborate on that work, and to provide a baseline for future work in studying DTN protocols
through the NPS swarm scenario, the results of this work will be discussed in a broader sense.
As a function of gain and swarm size, MDR was recorded to measure each routing protocol’s
performance.
One of the most significant findings of the swarm simulation MDR output is that broadcast
(”none”) consistently and significantly outperforms almost all of the employed routing protocols
across all swarm sizes and gains. Additionally, when comparing MANET and DTN routing protocols, for this scenario the MANET routing protocols almost always have a higher MDR than the
DTN protocols. The performance of the MANET routing protocols is constistent with previous
work [1], so it is unlikely that the use of a more realistic mobility model significantly influenced
the performance of the protocols. Alternatively, since MANET results are consistent, it is safe to
assume that the new mobility model worked effectively, and the DTN protocols simply underperform when compared with the MANET protocols, in general, for the swarm scenario employed.
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(a) 6 v 6 Swarm

(b) 10 v 10 Swarm

(c) 15 v 15 Swarm

(d) 25 v 25 Swarm
Figure 1: Message Delivery Ratio

A final observation on MDR is that these outputs show that as the node density increases, complexity also increases, as evidenced by the downard trend in protocol performance across increasing swarm sizes. The increased complexity in neighbor and route discovery makes it significantly
more difficult for both the MANET and DTN protocols to operate at a high capacity, however it
seems to have a slightly more significant impact on the DTN protocols. As has previously been
mentioned, the GAPR scenarios all ran for more than 72hrs without exceeding one half of the total
simulation time (their trace files end around 500s in the farthest case).
H.

Goodput

Consistent with MDR performance, MANET protocols performed better than DTN protocols for
this scenario in terms of goodput. Additionally, as with MDR, the broadcast scenario (”none”
protocol) showed high goodput performance, which implies that for all swarm sizes the locations
of the drones were close enough that inter-node routing was not required for message delivery to the
destination. For that reason, it is not entirely unexpected that the DTN protocols under-performed
in comparison to the MANET protocols. Since inter-node routing was often not necessary, there
is no reason to impose the overhead and delay of routing decision-making techniques required for
DTN protocols. While not unexpected, it is still unfortunate that DTN performance in terms of
goodput was so low, as it is hard to make a clear judgment of the DTN protocols’ performance in
general other than to note that the MANET protocols performed so much better.
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(a) 6 v 6 Swarm

(b) 10 v 10 Swarm

(c) 15 v 15 Swarm

(d) 25 v 25 Swarm
Figure 2: Goodput

I.

Latency

Another useful metric for studying DTN performance is latency, or delay in delivering messages.
For this study, latency was measured as a cumulative value for each simulation (total sum of latency for every message delivered). Consistent with MDR and goodput measurements, the DTN
protocols have a significantly higher latency in general than the MANET protocols. It is likely
that latency in each message delivery is a direct contributor to the poor MDR and goodput observed for the DTN protocols. Conversely, the low latencies recorded for the MANET protocols
are consistent with their better MDR and goodput performance.
J.

Overhead

All of the measured protocols displayed significant overhead. As a record of total overhead exercised throughout each scenario, all DTN protocols approached the Megabyte range, with the exception of Gapr, Gapr2 and Vector in the 6v6 scenario. The poor performance in terms of overhead
is not entirely unexpected, as DTN routing protocols exhibit the behavior of frequent beaconing to
maintain connectivity, and the NPS Swarm in particular has high messaging rates at the application
level on top of the routing protcol’s native behavior. Additionally, since overhead was measured
as an aggregate value for each total scenario, the Gapr and Gapr2 overheads will likely increase as
further testing progresses.
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(a) 6 v 6 Swarm

(b) 10 v 10 Swarm

(c) 15 v 15 Swarm

(d) 25 v 25 Swarm
Figure 3: Overall Latency

CONCLUSIONS AND FUTURE WORK
This study extended previous work to implement real-world mobility data from the NPS swarm
live-fly exercise in 2015, in order to create a testbed of high-mobility platforms for Disruption (and
Delay) Tolerant Networks. By employing a mobility model helper that assigned nodes movement
information in the form of destination locations and speed, this study was able to increase the
realism of the mobility model for more robust testing. Implementation of DTN routing protocols
revealed moderate performance, in comparison to the previous work done with the NPS swarm
data.
Future work to follow up this study will need to improve performance of simulations for the
Gapr family of protocols. An extension of this work would be to implement and test further DTN
routing protocols that exhibit various different behaviors not encompassed in Epidemic, Vector or
either of the GAPR protocols.
Finally, more robust testing will be helpful for the progression of this study. In the future, more
testing will reveal more accurate characteristics of the DTN protocols. Additionally, having more
variation of node types and movements in the corpus of real-world data will provide a more useful
testbed for evaluating routing protocols for future swarms.
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(a) 6 v 6 Swarm

(b) 10 v 10 Swarm

(c) 15 v 15 Swarm

(d) 25 v 25 Swarm
Figure 4: Total Overhead
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ABSTRACT
Swarms of autonomous unmanned aerial systems (UASs) are becoming increasingly popular
as efficient replacement for manned aircraft. The major component that makes the swarm of UASs
possible is an efficient exchange of aircrafts states (e.g. position & velocity) for all agents and the
ground station. Advanced communication technologies are required to be implemented on each
agent to enable real-time communication at high frequencies (e.g. 20 Hz) to avoid inter collisions
and holding formations. To assess mesh network limitations and to identify bottlenecks, a series
of simulations are carried out using actual hardware that is used for swarms of UASs, which are:
(1) Amount of bandwidth that can be guaranteed given the communication system being used
(XBee-900HP), each plane that the KU team uses, transmits 127 variables, 4 bytes each, at 20 Hz
which means each plane needs 10 KBps and the mesh network might be able to support 53 UASs
theoretically (2) Range limitations (3) Latency issues.
INTRODUCTION
Autonomous swarms of small UASs are becoming increasingly popular among the research
community as efficient remote sensing platforms that can effectively scan a desired field [1]. They
can also be used for missions such as reconnaissance and strike, precision agriculture, etc. The
availability of small embedded computational platforms and other hardware make it feasible to design a swarm of UASs. Implementation of complex nonlinear Guidance, Navigation and Control
(GNC) algorithms becomes practical on parallel computing platforms and graphical processing
units (GPUs). The major component that makes the swarm of UASs possible is an efficient exchange of position and velocity data for each agent amongst themselves and the ground station.
For this, advanced communication technologies are required to be implemented on each agent to
enable real time communication at high frequencies such as 20 Hz. However, such a system is inherently susceptible to unprecedented issues like intra and inter agent interference, latency, range,
and limited baud rate.
There are several limitations to consider when dealing with telecommunications within a swarm.
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The first limitation is the amount of bandwidth that can be guaranteed given the communication
system being used. Each plane that the KU team is using is transmitting 127 variables, each consisting of 4 bytes, at 20 Hz. Calculating the minimum bandwidth per plane per second leaves us
with each plane needing 10 KBps. Depending on the frequency of the communication system
(900 Mhz, 2.4 Ghz, etc.) this bandwidth requirement could potentially be met very quickly. For
example the KU team currently uses the Digi XBee-PRO 900HP, which has an upper bandwidth
limit of 200 Kbps (up to 4 miles) [2]. In that system, only 2 planes could be fully supported. To
potentially address this, the number of variables could be reduced. For instance if the number of
variables was changed to 6 (only position and velocity information), then the total bandwidth per
plane would drop down to 480 Bps. This, in theory, would allow us to support ∼ 53 planes.
The second limitation is the range. One potential swarm formation is one where a few planes
are outside the communication range of the ground station because of the chosen frequency for the
communication medium. In this case the planes will need to be able to dynamically change their
information routing path, and transmit through another plane to the ground station. One could also
switch between different frequencies to establish long range communication as the swarm drifts
apart.
A third potential problem is latency. Specifically, there are three problems within latency: The
processors capability to read and write information, the speed of light, and the speed at which the
transmitters and receivers can read information to and from the processor. The first and the third
problems would be the main issues to address when dealing with long range communication in a
swarm that needs to maintain a constant real-time frequency of 20 Hz.
RELATED WORK
There has been quite a bit of work on mesh networks. Such as [3, 4] which both evaluated
some form of a 802.11 mesh network. However, our network consists of XBee Pro S3B on a
Digimesh network. There has been some research on the performance of the XBee devices when
meshed together [5, 6], but not when in a moving formation or under the time demands of a real
time system. Other papers have focused more on the technical aspect of mesh networking such as
the effectiveness of RTS/CTS [7] or even the power consumption of different protocols [8].
EVALUATION
One of the main concerns when flying in a swarm is knowing if the information being transmitted is being received. If it is not, then any action an individual plane in the swarm takes will have
some risk. Therefore it becomes of utmost importance to evaluate how much information is being
dropped on the network. It also becomes important to maintain the real time requirements of the
system. In order to evaluate these two requirements the latency and packet loss between a sender
and receiver was measured. The way this was measured was through a simple program that sent a
”Ping” with a timestamp and waited for a ”Pong” that contained the same timestamp. It should be
noted this isn’t the ICMP Ping, but a custom program. The timestamp was then subtracted from the
current time and the difference was considered the latency. There were problems (as in the sender
stopped sending) when the responder didn’t send back a message, due to corruption or dropped
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packets, so there was a timeout set to allow another ping to be sent after 100 ms.
A.

HARDWARE IN THE LOOP SETUP

In order to conduct close to reality and practical telemetry tests that perform data packets’
exchange in real time, wireless over the mesh network, a Hardware in The Loop (HiTL) setup
is built to perform aircraft six-degrees-of-freedom (6DOF) simulations. This setup essentially
consists of multiple aircraft avionics and the ground control station (GCS) laptop as the major
simulator component end devices. The aircraft avionics is equipped with a computational platform
(Odroid XU4) that runs all the autopilot software (Guidance, Navigation & Control) onboard in a
ROS (Robot Operating System) framework. It also consists of aircraft 6DOF nonlinear equations
of motion that emulate aircraft states in real time. The aircraft state information generated by 6DOF
equations is continuously sent wireless through a XBee module both to the GCS computer and
any other participating agents. Among the aircraft agents, only GPS (Global Positioning System)
position (North, East, Down - NED) and velocity (NED) information are exchanged in order to
perform a collaborative swarm flight. The details of hardware and avionics used, and a complete
description of swarm technology and the details of the GNC software running onboard the aircraft
can be found in reference [9].
B.

TESTS

There were three tests conducted. The first test was to mimic the default settings that were
present on the current swarm source code setup. This test included setting the stop bits to 1,
waiting for only 1 byte in the read buffer before reading, and enabling up to 1 retransmissions
within the network. The second test was simply seeing the performance impact when setting the
number of stop bits to 2, and retransmissions to 0. The third test kept the settings of the second test
as well as increased the minimum number of bytes to read from 1 to 17, which was the smallest
the ping message would be.
These three tests were then conducted under two different environments. The first was a single
sender and single receiver, two devices total. The other environment was with a single sender and
three receivers, four devices total. A quick note, a sender refers to the device that sends the first
ping while the receivers are the ones waiting for the ping.
There was an additional of three tests performed with three Xbee devices. The first being
a stationary test for a baseline. The second and third were tests where either the two receivers
moved or the sender moved. These tests were performed using 2 stop bits, a minimum read of 1
byte, and 0 retransmissions. The first moving test had the receivers switch positions at the same
time, over 60 meters. The second moving test involved moving the sender to receiver 1 and then to
receiver 2. Receiver 1 was at 38 meters from the sender, while receiver 2 was at 26 meters initially.
After these tests, the distance at which the devices were communicating, was measured.
Finally a test was performed under HiTL simulation to simulate the actual data being transfered
and decoded in the swarm. In this test, no new information was transmitted with the default messages, but instead one of the messages was hijacked and the ”Ping-Pong” messages were transfered
using that message.
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(a) Experiment 1

(b) Experiment 2

(c) Experiment 3
Figure 1: Round Trip Times - 2 Devices

C.

HARDWARE

The tests were run using five XBee-Pro S3B 900 MHz RF modules. Each module was connected to a separate device for the tests. There were in total six devices used for testing, a Dell
Latitude 3550, a Dell Latitude 5580, a Dell Studio 1735, a Dell Inspiron 17, a HP Pavilion, and a
single Odroid XU4.
RESULTS
Figure 1a contains the latency of the first test where the default settings of the swarm were
mimicked using only two devices (Latitude 5580 and Latitude 3550). Figure 1b contains the
latency for when the number of stop bits is set to 2 and the retransmission value is set to 0. Figure
1c is an further extension of 1b to see what would occur when the minimum read size was increased
from 1 byte to 17 bytes. The packet loss for the same experiments can be seen in Table 1a, Table
1b, and Table 2 respectively.
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Pings Pongs
Sent
10000
9134
Received 9134
8186
Loss
8.66% 10.38%

Pings Pongs
Sent
10000 9539
Received 9539
9127
Loss
4.61% 4.32%

Table 1: (a) Packet Loss of Sender and Receiver for Two Devices with 1 Stop Bit, a Minimum

Read of 1 byte, and a Retransmission value of 1. (b) Packet Loss of Sender and Receiver for Two
Devices with 2 Stop Bits, a Minimum Read of 1 byte, and a Retransmission value of 0
Pings Pongs
Sent
10000 9214
Received 9214
9102
Loss
7.86% 1.22%
Table 2: Packet Loss of Sender and Receiver for Two Devices with 2 Stop Bits, a Minimum Read

of 17 bytes, and a Retransmission value of 0
The next experiment simply increased the number of devices on the network from 2 to 4 (Latitude 5580, Latitude 3550, Studio 1735, and Inspiron 17) to see what the affects of an increased
throughput and noise would be. The latency can be seen in Figure 2 with packet loss information
in Tables 3 and 4.
The next three experiments were to simply see if the affect of moving within close proximity
of each other would cause any dramatic changes in the latency or packet loss. The initial stationary
test can be seen in Figure 2d while the two moving tests can be seen in 3. The devices used were
the Latitude 5580, Latitude 3350, and Inspiron 17.
The final test was integrating the code into an HiTL simulation of the swarm and testing the
latency of messages that are being processed. This was using the Odroid, Inspiron 17, and Latitude
3550.
DISCUSSION
It is interesting to note that all the data appears to have specific latencies that the packets conform to. In Figure 1 the packets appear to conform to 32ms ∼ 48ms. However, during testing the
latency measurements were varying between these intervals (32ms ∼ 48ms) on a fairly regular
basis. There is no particular interpretation or reasoning behind this finding. Therefore, further testID
1
2
3

Pings Received
Loss
136
98.64%
8589
14.11%
8613
13.87%

ID Pongs Sent
1
136
2
8589
3
8613

Received
Loss
83
38.971%
5504
38.918%
5512
36.004%

Table 3: Total Sent Pings = 10000. Packet Loss of Sender and Receivers for Four Devices with 1

Stop Bit, a Minimum Read of 1 byte, and a Retransmission value of 1
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(a) Experiment 1

(b) Experiment 2

(c) Experiment 3

(d) Round Trip Times - 3 Stationary Devices

Figure 2: Round Trip Times - 4 Devices (a,b,c) and 3 Devices (d)

ID
1
2
3

Pings Received
Loss
50
99.5%
8597
14.03%
8261
17.39%

ID
1
2
3

Pongs Sent Received
Loss
50
32
36%
8597
5723
33.43%
8261
5306
35.77%

Table 4: Total Sent Pings = 10000. Packet Loss of Sender and Receivers for Four Devices with 2

Stop Bits, a Minimum Read of 1 byte, and a Retransmission value of 0
ID Pings Received Loss
1
471
5.8%
2
150
70%

ID
1
2

Pongs Sent Received
Loss
471
398
15.5%
150
113
24.67%

Table 5: Total Sent Pings = 500. Packet Loss of Sender and Receivers for Three Devices during

Stationary Test
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(a) Experiment 1

(b) Experiment 2

Figure 3: Round Trip Times - 3 Moving Devices

ID Pings Received Loss
1
458
8.4%
2
265
47%

ID
1
2

Pongs Sent Received
Loss
458
370
21.44%
265
172
35.09%

Table 6: Total Sent Pings = 500. Packet Loss of Sender and Receivers for Three Devices during

First Moving Test
ID
1
2

Pings Received Loss
906
9.4%
484
51.6%

ID Pongs Sent
1
906
2
484

Received
Loss
679
25.06%
334
30.99%

Table 7: Total Sent Pings = 1000. Packet Loss of Sender and Receivers for Three Devices during

Stationary Test

(a) With Duplicate Data Packets

(b) Without Duplicate Packets

Figure 4: Round Trip Times - 2 Stationary Devices Exchanging Data During HiTL Simulations
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ing was conducted where a spectrum analyzer was hooked up to the Xbee antennas and waveforms
were monitored around the 900 MHz band. It was determined that when the packets would start
to switch from one latency to another, the RF module appeared to be turning off all, but 2 − 4 of
its channels. During the switching period, either there were a few packets that were successfully
transmitted or none whatsoever. This seems to be a characteristic of the mesh networking protocol
and should be analyzed more extensively in order to ensure robust communication.
Another crucial aspect to point out is that in Figure 2c there was a 100% packet loss to one of the
devices. However, after later experiments it was discovered that this was due to the computational
hardware used for experimentation. In the experiments, three modern Dell laptops (both Latitudes
and one Inspiron) along with an older Dell laptop (Studio 1735) were used. The more modern
laptops were able to perform the task relatively well, but the older laptop could not. Isolated
experiments on the Studio 1735 laptop, without any interference from other devices, showed that
the data packets’ loss was immensely high. This loss was replicated on the HP Pavilion as well. A
fix for this could be that all packets would have to be some standard size, and the minimum read
would be fixed to this size as well. However, exchange of data packets with dynamic sizing is more
pragmatic to the swarm communication system requirements, as there are a handful of messages
of varying sizes that can be parsed at any moment by an end device.
During the moving tests it was noticed that one of the devices (ID 2 in Figure 4) was performing
below the expectations. It was found that this occurred due to simply a loose USB connection to
the Xbee device. After tightening the connection, the packet loss dropped from ∼ 70% to ∼ 50%.
In a UAV, vibrations are to be expected, so it is possible that the advantage of a ”Plug and Play”
device could be lost. A potential solution could be to use soldered XBee USB connectors to be
placed in a drone.
After performing the moving tests, the range at which the Xbee devices could communicate and
reliably transmit and receive data, was investigated. Using a laser range finder and GPS data in
these experiments, the effective range was found to be approximately 750 meters. The 750 meters
range limit was determined by taking one device down a road until the sender wasn’t receiving any
replies.
One of the final analysis is for the HiTL simulations in Figure 4. In these two figures it can be
seen that the typical packet latency is between 4 ∼ 8 times higher as the real time requirement.
One of the explanations for this is that the program which is being currently used in the system,
requires that an entire message be read, and then processed byte by byte in a for loop. This could
be sped up by simply reducing the amount of data being transfered (if the for loop is necessary) or
simply the processing code needs to be reevaluated.
CONCLUSIONS
In this paper we measured and report our initial findings on the latency delays and packet loss in
a host of different settings, that can be potentially utilized in designing robust, efficient and reliable
communication systems for swarms of flying unmanned aerial systems. We showed that the XBee
modules can perform under certain real time constraints when needed. However, the additional
overhead of decoding the data seems to be the main bottleneck. In the future, actual swarm flights
will be conducted while recording data communication statistics, experiments involving distance
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to latency measurements at distances that exceed 300 meters will be performed, and a higher
number of UAVs will be integrated into the swarm framework. Additionally, the size of data can
be reduced to the minimum amount needed to successfully fly in a swarm, more measurements
can be added (such as monitoring the number of bytes transfered), and code can be improved to
try and eliminate the processing bottleneck. This work analyzes various communication statistics
in detail collected by performing different types of simulations, that are pertinent to multi-agent
collaborative systems moving at high speeds with substantial electromagnetic interference within
the avionics systems of the agents.
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ABSTRACT
As an increasing number of telemetry range architectures move toward a TMoIP-centric
distribution system, operators are being confronted with another evolving requirement to ensure
future IPv6 capability and a migration path from an IPv4-based system design. In order to
facilitate a better understanding of some of the challenges and opportunities that IPv6 migration
presents the modern range operator, this paper endeavors to present the past decade’s experience
of range TMoIP implementation in the context of the emergent IPv6 technology and
requirements. An overview of a myriad of concepts such as address space allocation, devicespecific implementation differences, management protocol handling, and the differences between
IPv4 and IPv6 versions, will provide opportunities to discuss the implications of these issues on
the successful implementation of high-availability telemetry delivery systems in an IP-based
environment.
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TMoIP: A BRIEF HISTORY
Four years ago, I submitted a paper detailing some of my professional observations and
experiences acquiring, packaging, transporting, and converting telemetry data in the range
environment. Though only a short time ago, there was really only a cursory understanding of the
risks and benefits of IP-layer transport of telemetry data. Reluctant adoption of the TMoIP
technology has been a hallmark of our more-than-a-decade of implementation and deployment
on the ranges, and it hasn’t been entirely clear when or even if the next evolution of that
technology, TMoIPv6, would be actualized as a requirement. While its absolute necessity is
perhaps a bit uncertain, there is little argument that the outside influences of the consumer
hardware and software product market now bear on some of the decisions of those parties
responsible for the implementation and maintenance of the range telemetry transport
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infrastructure. We will delve into some of these points in the coming pages, but the bottom line
is that TMoIP(v4) is now comfortably here-to-stay and there is an increased interest in adopting
a mindset of “The future is now!” with regard to IPv6.

WHAT IS TMoIPv6?
TMoIPv6 is the natural technological outgrowth from its predecessor, TMoIP. Borrowing from
my previous paper on this subject, “TMoIP is a method of transporting telemetry data over a
network at…the network layer…” At its core, TMoIPv6 fulfills this same basic function, but
with the added bells, whistles, and burdens of a new, improved technology: IPv6.
IPv6 is, on its face, the communication protocol of an ever expanding world of IP-connected
devices. IPv6 was developed as an answer to the emerging problem of IP address depletion.
Because IPv4 addresses are 32 bits in size, the pool from which you can draw a unique address is
4,294,967,295 addresses deep. In a world of increasingly ubiquitous device connectivity, this
address pool is inadequate. In order to satisfy the foreseeable need, and more, the address size
for IPv6 was increased four-fold, to 128 bits. The IPv6 address pool is theoretically, then, 2128
addresses deep; more than enough for any foreseeable number of connected devices, even
accounting for special-purpose, reserved address ranges.

THE FUTURE OF TMoIPv6
Dedicated, purely IPv6 networks are still very rare in the consumer market and, within our
experience, unheard of in the range environment. With the ongoing deployment of IP-based
range networks, implementers are feeling the influences of consumer and enterprise level
products within an environment that was previously closed to all but the highest-end
telecommunications transport technologies. Because so much of the world’s communications
infrastructure is now IP-based, there is a convergence of awareness and reduced-complexity that
is making the business of range telemetry transport more accessible to more players.
As we will discuss in the coming pages, much of the complexity and vagueness that previously
existed in the IPv4 realm has had attempts made to rein it in. The apparent complexity presented
by such a huge range of available addresses, even on the surface-level of visibly interpreting the
address notation, shouldn’t be taken as an indicator of the other possible challenges a user of
IPv6 technology will face because so much effort has been made to specify the behaviors of the
protocol at lower levels than the average user will be exposed to.
For the concerned telemetry range engineer or system operator, we will attempt to provide an
understanding of what the technology enables, as well as some of the possible pitfalls to avoid.
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IPv6 vs. IPv4
At their fundamental level, IPv4 and IPv6 perform the same function, in the same way, but with
a different and, unfortunately, non-interchangeable header format. Of course, as previously
mentioned, the number of bits allocated to an IPv6 address are four times what they are for an
IPv4 address, so their inclusion in the IP header necessitates an increase of at least 24 bytes.
Offsetting this addition is the alteration of various fields to be included either in an extension
header, or a packet payload specific to a type of protocol packet. Fields like the IPv4 “Fragment
Offset” are no longer required as it is incumbent upon the endpoints, not intervening routing
hardware, to properly handle fragmentation. Flags are typically specific to overlaying protocol
implementations and so no longer require their own distinct field in a generic IPv6 header.
Protocol packets may require pseudo-headers and checksums that aren’t specifically required by
the IPv6 header, but may be required by the older IPv4 header.
With all of the discussion of the specific changes to the packet headers, it’s perhaps more
noteworthy that the most profound differences between the versions of the IP protocols are at the
functional levels: Usually in protocol stacks and network hardware. The specifics of these
behaviors, in such ways as they’re different than analogous functionality in IPv4 hardware and
software, will be discussed below.
IPv6 PACKETS
We’ve discussed some of the specifics of the IPv6 packet prior to now, and its bearing on the
remainder of the paper is minimal, but for the sake of completeness, a figure has been included
below which depicts a generic IPv6 packet.

Figure 1 – IPv6 Packet
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It’s worth mentioning that, unless otherwise mentioned, the context of the discussion is confined
to the Internet Layer of the Internet Protocol Suite model. Protocols like TCP and UDP which
exist at the Transport Layer of the Internet Protocol Suite model are unaffected by the move to
IPv6.
APPLICATION

TRANSPORT

INTERNET

LINK

Figure 2 – Internet Protocol Suite Model

IPv6 ADDRESSES
There are numerous rules and behaviors encoded into IPv6 addresses which make the process of
address selection more significant than in IPv4, but helps to ease the processes of network
segmentation, packet routing, interface selection, and others. On a note of significant divergence
from IPv4 addressing, IPv6 capable devices can, and usually do, have more than one address
assigned to them. This is often done as a result of automatic address configuration in
conjunction with manual address configuration, but is not, in fact, a misconfiguration: This
behavior is perfectly valid.
At its most basic level, the addressing rules for IPv6 networks can be understood to utilize half of
the available address space, 64 bits, to identify the “network” in which a device is to reside, and
the remaining 64 bits to specify the device interface address. This is a departure from IPv4
addresses, which used a “subnet mask” to specify which portion of the 32 bit IP address would
be used to denote the network in which a device resided. An IPv6 prefix length is used as an
analog to the subnet mask, providing further address granularity within the 64 bits of address
space allocated for device addresses. The figure below helps to illustrate this.
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Figure 3 – IPv6 Address and Scope

As previously alluded to, there are numerous implicit behaviors and rules bound up in the
specifics of the addresses selected for IPv6 devices. Most of these rules and behaviors have to
do with selecting addresses from within a group or block of addresses with specific intentions,
such as Multicast addresses. In the figure below, a multicast message is generated and sent to
the solicited node multicast address of the “node” device address specified in the example
address figure, above. You can clearly see the 24 bits of the device address specified in the
multicast solicitation address, a requirement of the neighbor discovery protocol (NDP) packet to
which this address is provided.

Figure 4 – Solicited Node Multicast Address

In addition to protocol level behaviors, there are behaviors that are implemented on the
intervening network hardware which are unique to IPv6. One such behavior is the handling of
“duplicate” device addresses within a routable network path. A network router determines the
shortest path to an endpoint with the specified address and delivers it to this endpoint only,
effectively ignoring the other endpoint with that duplicate address. In IPv6, this behavior is
called Anycast and is intended to both reduce configuration complexity and ensure data delivery
to some endpoint.
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Figure 5 – Anycast Transport

IPv6 NETWORKS AND ROUTING
Routing packets within the IPv6 realm is something of a paradox and worthy of a short,
informational blurb here. In theory, the address space allocated for IPv6 addresses makes global
end-to-end delivery, sans routing feasible and, in fact, quite simple since an endpoint could
directly address the other endpoint. In practice, this isn’t the case since there are still many
different networks to “route” through. The actual process of route determination is still
accomplished by intervening network hardware in much the same way as it is now for IPv4
packets. There are some additions and modifications to existing protocols which enable this
process for IPv6 and some of them will be called out in the following sections.
IPv6 PROTOCOLS
There are numerous protocols and “helper” functions defined in the IPv6 specifications.
Generally, these protocols were implemented to ease the pain of various tasks which became
problematic in IPv4 as network design considerations changed due to device saturation,
discontinuous network management, or any number of other complications arose. Many of these
protocols have IPv4 analogs, but are modified to function within the IPv6 spectrum.
INTERNET CONTROL MESSAGE PROTOCOL VERSION 6 (ICMPv6)
ICMPv6 is the extension of the ICMP protocol used for so much of the management of IPv4
networks and communication. ICMPv6 itself is simply a high-level header that allows for the
definition of packets which carry more specific protocol messages. An ICMPv6 packet is one in
which the “Next Header” field of the IPv6 packet, as shown in [Figure 1] above, is set to 58.
Most IPv6 protocols of note are implemented through specific ICMPv6 message types.
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NEIGHBOR DISCOVERY PROTOCOL (NDP)
Neighbor Discovery Protocol, or NDP, is the IPv6 replacement for ARP with extensions which
allow for more specific functionality to accomplish things like router discovery and autoconfiguration. As was the case with ICMPv6, NDP acts as a building block for other specific
functions which can be accomplished with IPv6. The simplest function of NDP is, as the name
denotes, neighbor discovery or, as in IPv4 ARP, address resolution.
In order for the underlying link layer hardware to deliver frames, the link layer address must be
known. In most cases, this means the next hop from a source node must provide that source
node with its MAC address to deliver that link layer frame to the next frame handler in the data
path. In cases where no external routing of a packet is required, this means that a source
endpoint must resolve the MAC address of the destination endpoint. In cases where routing
outside of the local network is required, the source endpoint must resolve the MAC address of
the routing device responsible for handling the outbound packets. In either case, this is
accomplished by generating an NDP neighbor solicitation packet which is sent to the solicitednode multicast address of the desired node (either destination endpoint or routing device, like a
gateway). All connected devices listen on these solicited node addresses and respond with NDP
neighbor advertisements, when appropriate. The neighbor advertisement packet contains the
required information for the source node to then begin transmitting packets. This solicitationadvertisement model is repeated for each resultant hop that the data takes on its path to the
endpoint, but is handled, as in ARP, by the intervening network hardware beyond the first
network hop.
A similar mechanism, router advertisement, is used to facilitate auto-configuration of various
functions, like DNS or DHCPv6, an alternative to SLAAC.
STATELESS ADDRESS AUTO CONFIGURATION (SLAAC)
Stateless Address Auto Configuration, or SLAAC, is a method of providing an endpoint with an
address determination mechanism that ensures global address uniqueness and allows that
endpoint to communicate with other devices. This is accomplished by way of providing routing
devices a network id to provide to the attached node devices. These routers then provide the
endpoint devices with the 64 bit network ids, to which the endpoints append 48 bits from their
MAC address, separated by 0xfffe, as shown in the example figure below. This process is
known as EUI-64 Address Formatting.
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Figure 6 – SLAAC Address Determination

MULTICAST LISTENER DISCOVERY (MLD)
MLD is the IPv6 method for determination of interested listeners for a multicast transmission.
This is accomplished in much the same means as in IPv4 through IGMP.
The intent of multicast messages is to spare any disinterested nodes on a network from having to
handle packets that aren’t useful to them. At its core, it is incumbent on the interested endpoints
to make their intent to join a multicast group known to intervening network hardware. This is
accomplished by way of “group join request” which is received and processed by hardware
which implements the MLD group management, usually a router. The router is then responsible
for ensuring delivery from the source, which knows nothing of the endpoints, to the destination
endpoints. It is also a requirement of the destination endpoints to notify the network hardware
when they wish to discontinue reception of the data stream to which they had previously
requested access. As previously mentioned, this process is largely the same as in IPv4.
In IPv6 networks, it’s worth noting, there isn’t a specific block of addresses allocated for true
broadcast. Instead, multicast addresses of the form ff0e::/8 are treated as “global scope”
multicast addresses, being sent at least as far as all connected nodes on a given network.
Broadcast has been relegated to the waste basket of history, and for good reason.

Figure 7- Multicast (v4 and v6)

CONCLUSION
Unfortunately, as in much of the technology realm, things are changing before everyone has had
an opportunity to get to the same baseline of understanding and expectation. With the move to
IPv6, the underpinnings of telemetry transport are being altered in ways which, while intended to
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remove complexity, introduce new uncertainty at a time where, as implementers, we feel as
though the end-user is beginning to more fully understand and embrace the technology. The
inclination is to interpret this as bad news, but we’re poised to be able to more rapidly embrace
this emergent development and deploy it to our end-users in palatable, digestible
implementations.
Possibly the most encouraging news is that, to the average telemetry handling operator, changes
between TMoIPv4 and TMoIPv6 are “invisible”: The altered behavior is at a layer “below” the
telemetry data itself and has no day-to-day bearing on the operators or their end customers. If
we, as implementers, do our jobs correctly, most users will have to be no more aware of these
things than they are now. Increasingly capable and sophisticated software packages further aid
in the effort to encapsulate and “hide” these changes.
Over the course of the last decade of providing TMoIP solutions to our customers, we, as
designers and implementers, have learned to span across task groups to provide solutions that are
not shoe-horned into an imperfect form, fully satisfying no one. TMoIPv6 provides us a cleaner
canvas to create the solution most ideal to the end-user.
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ABSTRACT
The flight test telemetry real-time monitoring system is an indispensable part of civil aircraft
flight test. With the current trend of network system, the traditional real-time monitoring model
has difficulties in satisfying the requirements of increasing number of parameters, diversified
types, large-scale system and high concurrency data streams. In response to the above issues, this
paper proposes a monitoring system based on a three-tier architecture (data layer, business logic
layer and presentation layer). The system uses TMoIP technology and Best Data Engine (BDE) to
complete the selection of the best data source of multi-site flight test data streams. At the same
time, the use of portability and rapid integration enables hundreds of terminals to work
simultaneously. The system has been used successfully in China’s developing large civil aircraft
C919 flight test program. The preparation time of the system has been greatly reduced, and the
system performs stably.

INTRODUCTION
Flight test is to verify and validate the aircraft’s functions and performances under real flight
conditions, which is an essential process in civil aircraft research and development activities.
Organizing flight test is a systematic engineering work with strong scientific and practical
property, with high risk, long cycle and high cost. Telemetry monitoring, a necessary link
between aircraft and ground data acquisition systems, is an important method to achieve the realtime monitoring. With the help of telemetry monitoring, flight controllers make decisions of the
flight, flight test engineers monitor the test procedures, and aircraft design engineers keep eyes on
the aircraft performances. Hence, Telemetry system is a vital and inevitable part during the civil
aircraft flight test, which ensures flight test safety, improves test efficiency and shortens test
cycle time.
Modern civil aircrafts use a large number of predecessor technologies and advanced avionics
buses, and the systems are becoming more and more complex. With the continuous improvement
of the network level of the airborne data acquisition system, the number of flight parameters of
civil aircraft is also increasing, and the data types are more diversified. Therefore, we need to use
1

more extensive means and more monitors to monitor every detail of the aircraft performances.
The challenge is that much more monitoring terminals must be driven and integrated with many
functions such as calculation, analysis, playback, and storage of telemetry data in real time.
A single telemetry station is commonly used in traditional flight test telemetry. This
configuration only covers certain distance. Also, some obstacles in the telemetry transmission
path may block the signal. When the flight test area is far from the telemetry station or the
telemetry transmission environment is complex, the quality of telemetry signal will be greatly
reduced. This imbalance between distance and signal quality will directly affect the stability and
accuracy of telemetry data. For some important flight test subjects, it is not acceptable.
On the other hand, traditional monitoring software can't satisfy the growing demands. Traditional
monitoring software runs independently on terminals. Before the flight test, system technicians
need to make the data display screens and calculation methods of parameters in advance. When
the calculation methods or display screens change, the technician have to update the monitoring
software of every terminal, even although the changes are very small. Also flight test engineers
need to analyze the data in real-time to understand the status of the aircraft and determine the
effectiveness of the flight test subjects, but the traditional monitoring software on every terminal
is difficult to perform complex data analysis in real-time. Traditional monitoring software
structure can’t support the complex flight test task very efficiently.
In order to solve the above problems, this paper designs a new telemetry monitoring system. The
system uses TMoIP (Telemetry-over-IP) to transmit data from several remote telemetry stations
to the central station, so as to enlarge the flight test airspace and ensure the quality of telemetry
signal. BDE is used to select the best data stream in the central station, laying a foundation for the
monitor to obtain accurate data. At the same time, the system adopts a typical three-tier
architecture to conduct the monitoring task, which also support the real-time analysis, storage and
playback functions on hundreds of monitoring terminals.

MULTI STATION TELEMETRY
The telemetry monitoring system adopts a multi-station receiving and centralized monitoring
mode, and its architecture is shown in Figure 1.
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Figure 1 System Architecture.

In Figure 1, the system consists of three remote stations (Station A, B, C) and a central telemetry
station. Obviously the number of remote stations can vary. Each remote station contains a
receiving module for real-time acquisition of aircraft PCM signals.
TMoIP device in each station is the key for long-distance transmission of telemetry data between
stations. Its function is to conversion the TTL signal to network packetized data. TMoIP devices
always work in pairs, including senders and receivers. The receiver subscribes to the sender using
TCP/IP and restores the network data to a TTL signal.
As shown in Figure 1, the working steps are as follows:
A. Remote stations A, B and C simultaneously receive telemetry signals from the target aircraft.
Telemetry signal receiving module will complete signal demodulation and bit
synchronization.
B. The TMoIP sender converts the synchronized data into network packets and sends them in
real time.
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C. The TMoIP receiver of the central station reduces the network data of each remote station to
a bit synchronized signal.
D. BDE selects the best data stream from three bit synchronized signals. Three-tier structure
using this stream to complete data analysis and distribution, which will be described later.
In accordance with the system structure, we set up three remote telemetry stations, besides the
central station. Station A is 10km away from the central station to improve the telemetry quality
in the airport. Station B and C are about 60km and 150km away respectively, to improve the
telemetry converge in flight test area. The central station is where the flight controlling center
locates. The relative position between stations is shown in Figure 2. This structure enlarges the
telemetry scope, and makes better use of the flight test area, especially when the aircraft is at the
relatively lower altitude.
Station C

Station B

200km

60km
Station A

10km

Central Station

Figure 2 The Location of each station.

BEST DATA STREAM SELECTION
The best data stream selection is to select the most qualified data stream from multiple data
streams according to the set threshold. This function is done by the BDE module of the central
station. The BDE module selects the best data stream from multiple bit synchronized signals
output by the TMoIP devices. Regarding the difference in distances of each stations, the time
delays that signal received by monitoring center are also different, so the first step is to align
different data streams under same timeline (Figure 3.).
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Figure 3 Stream Synchronization.

After synchronization, BDE performs a weighted calculation on the relevant information and
selects the best data stream with the highest score. BDE compares the information in the data
stream and does not change the data. We select the first 6 words of each sub-frame as a criterion
for selecting the best data stream, includes PCM sync word, SFID, and GPS time (Figure 4.).
W0

W1
SYNC WORD

W2

W3

SFID

W4

W5

Time

Figure 4 BDE Judgment Conditions.

The sync word is used to determine if the PCM sub-frames are synchronized, and it is easy to
exclude data streams whose sub-frames are not synchronized. Therefore, the sync word has the
highest weight.
Whether the SFID is continuous determines whether the main frame is synchronized or not.
Therefore, SFID is also a very important decision condition.
GPS time is dynamically changing. In the case where the sub-frame and main frame weight
calculation scores are the same, it is easy to eliminate high bit error rate data streams by
comparing GPS time.
At the same time, BDE selects a data stream as the reference stream so that this data stream can
be output when all streams have the same score. The process is as shown in Figure 5.
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Figure 5 Best Data Stream Selection.

As described the Figure 2, we set the stream of the central station’s data as the reference stream.
When the aircraft is at the ground, sometimes the stream of station A has higher score. When the
aircraft is far from central station, the stream of station C may have better quality. With this
system described, always the data stream with best quality is chosen automatically.

REAL-TIME MONITORING OF FLIGHT TEST DATA BASED ON THREE-TIER
ARCHITECTURE
Traditional monitoring software runs on individual terminal independently. Obviously its
maintainability and portability have limitations, especially in the real-time analysis of flight test
data. The direct cause of this phenomenon is that traditional monitoring software centralizes data
reception, parameter calculation and display. They interact with each other. The optimal approach
is to reduce the coupling between each functional module. Therefore, we propose a monitoring
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system based on a typical three-tier architecture, including data access layer, business logic layer
and presentation layer (Figure 6.).
Telemetry Real-Time Processing
Server

TCP/IP

TCP/IP

Data Forwarding
Server

Application
Server

UDP/IP

Data Access
Layer

Business
Logic Layer

UDP/IP

UDP/IP

UDP/IP

Presentation
Layer
Monitoring Terminal

Figure 6 Real-Time Monitoring System.

The first layer is data access layer. In this layer, the telemetry real-time processing server receives
the best data stream and performs engineering conversion of all data.
The second layer is business logic layer, which is consisted of a data forwarding sever and an
application server. Two servers are independent of each other. The main function of the logical
business layer is to conduct complex analysis and distribution of flight test parameters.
The application server responds to the requests of terminals, such as real-time playback, FFT and
other complex operations. Then the server sends the analysis results to terminals. Real time
playback means operators can look up the historical data at any time during the flight test, which
was often used in data validation and abnormal point shooting. If needed, the application server
receives playback requests from terminals and extracts corresponding historical data based on the
playback spread to satisfy the requests. This system is able to provide a data playback of five to
ten minutes. Playback process is independent with monitoring data link and after the playback,
the software is switched back to monitoring process.
The function of the data forwarding server is relatively simple. It broadcasts data to each terminal
based on UDP/IP.
The advantage of this design is that data distribution and analysis are independent from each
other, and complex algorithms can be integrated on the premise of ensuring the real-time
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performance of the system. At the same time, the use of broadcast protocols reduces the pressure
on the data access layer and drives more monitoring terminals.
The third layer is the presentation layer, which is consists of various terminals and applications
on them. We design a display screen editor and interpreter platform, with which the engineers can
make several display screens efficiently, by dragging and dropping the display widgets. e. The
interpreter runs on the terminal and automatically downloads the configuration file to complete
the update of the monitoring software. This approach significantly shortens the development
cycle of monitoring software.
Due to the independence between layers, the maintainability of the system is better. Any changes
of one layer will not affect the other functions.
Based on these advantages, approximately 10,000 telemetry parameters were processed and
monitored in real time. The system also drive about 100 terminals. Real-time analysis and
playback functions of telemetry data get good responds from monitoring engineers. This system
also provides several other monitoring tools, such as CAS information, onboard video, flight test
simulation and flight trajectory.

CONCLUSIONS
This paper designs a multi-station centralized monitoring system for telemetry data. The system
uses TMoIP and BDE to achieve long-distance transmission and best data stream selection of
telemetry data. The system not only expands the flight test airspace, but also improves signal
quality and data stability. The three-tier architecture monitoring model proposed in this paper
overcomes the shortcomings of traditional monitoring software. The design improves the
maintainability and portability of the system. The system has the ability to support several remote
stations and more than 100 monitoring terminals, while the time to set up and maintain the
system has been greatly reduced. The system has been successfully used in China’s developing
large civil aircraft C919 flight test program.
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ABSTRACT

A C-band base station based multi-target telemetry network system for flight test is
designed in this paper. The requirements of multi-target transmission are realized by
TDMA and TDD technology. And the transmission rate of up to 50 Mbps is provided
by the high efficient modulation method. An integrated air-to-ground telemetry
network is built with C-band wireless two-way link. The telemetry signals of super
large airspace are covered seamlessly through multiple base stations, therefore the
shortage of current telemetry is solved, and the demand of multi-target and mass date
transmission for flight test is satisfied. The development of the system provides
technical support for the high speed data transmission of the flight test, which will lay
a foundation for the construction of integrated air-to-ground test and the test network
system.
INTRODUCTION

At present, the S-band and one-way point to point of PCM data stream transmission
mode is adopted in the aviation flight test system. Limited by equipments and
technologies, the maximum transmission rate of point to point mode is 20 Mbps.
However, when the transmission rate exceeds 10 Mbps, there will be high bit error
rate and poor demodulation performance in practice. The technology can only adapt to
the test of single flight target, and cannot meet the requirements of new technology,
new test demand and new test subject for data transmission, such as multi-machine
cooperative test flight, large space area, super long distance, ultra low altitude and
other subjects.
In view of the above problems, a C-band [1] base station based multi-target telemetry
network system is designed in this paper. Many advanced technologies are used to
solve the shortcomings of the current telemetry, improve the data transmission rate,
realize the seamless coverage of the telemetry signal in the super large space, and
meet the needs of the flight test telemetry for multi-target and mass data transmission.

OVERALL DESIGN OF THE MULTI-TARGET TELEMETRY NETWORK SYSTEM

At present, the single plane flight test is mainly carried out, and the airborne to the
ground point to point transmission mode is adopted. In this paper the bidirectional
C-band wireless network link is studied, which increases the transmission bandwidth
while increasing the uplink transmission capacity. It can connect the test aircrafts,
C-band ground base stations and the test area network to realize the information
sharing. Based on this, we can also achieve multi-points to the one point, multi-points
to multi-points networking modes. This way of transmission forms a telemetry
network system of air-to-ground integration. As long as the bandwidth of the
telemetry network system is allowed, it can easily increase the experimental objects.
The flight test is combined with the commercial communication base station
technology, and the C-band base station network terminal is used as the carrier of the
air and ground data transmission. Through the C-band base station network on the
ground, the data of all the test machines can be imported into the ground data
processing center. Fig.1 is an interactive diagram of the C-band base station telemetry
network system.
Airborne Testing System
Airborne Network Terminal
Bi-directional Transceiver
C-band Airborne Antenna

Ground Base Station Network
Base Station Network Terminal
Bi-directional Transceiver
C-band Ground Antenna

C-band Base Station
Network

Figure 1 C-band base station telemetry network system

The airborne network terminal, two-way power amplifier and C-band airborne
antenna are modified to the test aircraft. The C-band multi-planar array antenna,
bidirectional power amplifier and base station network terminal are installed on the
C-band broadband network base station. The switch is connected to the base station,
so that all base stations can converge to the test data processing center through the
ground optical fiber network. The network transmission links in the air and the ground
are opened up, and the C-band base station deployment method is studied to carry out
the comprehensive coverage test area and to construct the test network system of the
air and ground integrated cross test area. In view of the compatibility with existing

systems, agNET interface devices can be installed in airborne test systems, and then
the PCM data stream of the airborne acquisition system is converted to the network
output.
The network based distributed architecture has clear layers, reasonable topology and
is easy extended, which can be compatible with the existing flight test system, as
shown in Fig.2. Among them, the airborne test network system (aNET) includes data
acquisition network, switch control network and data application network. The
telemetry network system (TmNS) includes test objects, base station network
management system, network transmission link and telemetry terminals. The ground
data processing network (gNET) includes integrated network management system and
data processing system.
Data acquisition network
Airborne test
network system

Switch control network
Data application network
Airborne telemetry network terminal

Architecture of the
network system

Ground telemetry
network system

Base station network link
Ground telemetry network terminal
Base station network management system

Ground data
processing network

Integrated network management system
Data processing system

Figure 2 the architecture of the network system

CORE TECHNOLOGIES

The C-band base station based multi-target telemetry network system adopts high
precision clock synchronization technology, telemetry network security authentication
technology, data transmission encryption technology and space soft switching
technology based on access terminal.
[1] The clock synchronization technology
Because the network system adopts TDMA [2] access mode, it is necessary to achieve
high precision time synchronization when the test aircraft needs to enter the network
and transmit data. Figure 3 is the time synchronization schematic. The ground time
server calibrates its own time standard by receiving the time calibration information
from the Beidou/GPS antenna. The server periodically sends the IEEE 1588 protocol
packets to the aircraft in the network through the ground base station network, so as to
realize the time unification of the entire telemetry network. At the same time, the

aircrafts which are not in the network could calibrate airborne system time through
the connection between its own Beidou/GPS antenna with the satellite. When the
aircraft needs to enter the network, only time accuracy is unified so that it will not
interfere with the normal network connection of the aircrafts which are in the
network.
In the telemetry network system, the network precise clock synchronization protocol
(IEEE 1588) is used to replace the traditional network time protocol (NTP), and the
time synchronization of the telemetry network system is raised from millisecond to
100 microseconds to meet the high precision time synchronization requirements of the
telemetry network in the simultaneous test flight of multiple aircrafts.
Beidou/GPS
satellite

Wireless
network
link

IEEE1588
protocol
packet
Beidou
antenna

Timer
server

Figure 3 time synchronization schematic

[2] The security authentication technology of the telemetry network system and the
data transmission encryption technology
The telemetry network system is connected by base station telemetry network and
ground telemetry data processing system. It has the characteristics of high openness,
wide space, far distance and high power, so that the transmission information is easily
stolen, tampered and inserted. Thus, the safety and authentication of telemetry
network system is particularly important. The security authentication of telemetry
network includes the identity authentication system and the data security.
The identity authentication system consists of three parts: the authentication server,
the base station authentication terminal and the test aircraft authentication terminal, as
shown in Figure 4. The authentication terminal of the test aircraft connects the
application of authentication request to the device. The access request is sent through
the request port of the authentication end of the aircraft. Authenticate the access

request by using the authentication PAE of the base station authentication terminal.
The authentication server is an entity that provides certification services for the
authentication system, authenticates the requesting party, and then tells the
authenticator whether the request is authorized or not.
The system uses link encryption and end-to-end encryption to ensure the security of
the data. Link encryption uses high efficiency and high strength cryptographic
algorithm specified by WLAN standard. After user access authentication is successful,
it can be used for secure data transmission. End-to-end encryption is one way of
encrypting data from one end to the other. The input and output terminals of the
network terminal in the test machine and the base station each add a data encryption
machine that is authenticated by secrecy to achieve high-level data encryption and
decryption.

Wireless network link
Test aircraft 1
authentication
terminal

Test aircraft 2
authentication
terminal

Base station
authentication
terminal
Authentication server
Figure 4 Telemetry network security authentication systems

[3] The space soft switching technology
The C-band base station based multi-target telemetry network system uses the
soft switching way. The process takes the access terminal as the leading factor and
switches over the coverage edge area of two or more space base stations. Before
interrupting the communication with the old base station, the connection is established
with the new base station at which the access terminal receives the signal with the
measurement information returned by the multiple space base stations. When the
result satisfies certain conditions, the connection with the old base station is cut off, as
shown in Figure 5.

C-band
base
station

Before

Switching

After

Figure 5 Schematic diagram of base station switching

The space soft switching technology is one of the key technologies of the space base

station system. Its algorithms and the settings of the parameters directly affect the
quality of service in the space information network.
TESTS AND RESULTS

[1] Single aircraft (transport plane / unmanned aerial vehicle) flight test
It mainly carries out functional verification of the C-band base station antenna system
with single point to ground multi-points as well as the demonstration and verification
of point to point transmission and network flight test. The function of automatic
switching of the antenna, the long-distance transmission and networking function of
network data link in real environment and its main technical indicators (the maximum
distance, the uplink and downlink rate, the transmission delay, etc.) will also be
verified.
[2] Simulation tests of two test aircrafts and a ground moving vehicle.
It mainly carries on the transmission and the networking test between three air points
and one ground point. Their transmission function, dynamic switching and
transmission performance of base station system are verified.
The results of the experiment are shown in Table 1.
Table 1 The results of the C-band base station basedmulti-target telemetry network system

Test contents

Performance

Test contents

Performance

Range
(single station)
Working band
Delay

100km
C band
<200ms

Synchronization
precision
Downlink rate
Uplink rate

<100 us
>50 Mbps
>3 Mbps

The test results show that the system can connect multi-point devices and
communicate normally. The transmission range of a single base station is 100 km, the
downlink transmission rate is greater than 50 Mbps, and the uplink transmission rate
is greater than 3 Mbps. The average transmission delay of the network data is less
than 200 ms, and the accuracy of time synchronization is less than 100 us.
CONCLUSIONS

In this paper, a C-band base station multi-target telemetry network system for flight
test is designed, which can achieve high speed and safe transmission of flight test data,
solve the contradiction between the current monitoring requirements and telemetry
resources, and meet the mass transmission requirements of flight test.
TDMA and TDD [3] are used to achieve multi-target data transmission demand;
OFDM [4] and QPSK [5] are adopted to improve spectrum utilization and expand
transmission bandwidth; Security authentication technology is used to transfer the
data safely; The C-band wireless two-way link is used to build an integrated
air-to-ground telemetry network; and the seamless coverage of telemetry signals in
super large airspace can be achieved through multiple base stations. The development
of the system has laid the foundation for the construction of integrated test network
system.
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ABSTRACT
ARINC429 bus is widely used. In a new type of logic block communication method, the logic
layer of the application layer is composed of a plurality of ARINC429 messages, and the
message length and content dynamically change. The telemetry monitoring needs real-time
analysis of the application layer communication protocol to correctly interpret the user-defined
message content. This paper proposes an embedded real-time processing scheme, which
integrates real-time processing hardware and software in data acquisition unit. It can dynamic
analysis the application layer protocol of the logic block, extract user-defined information
according to the telemetry for downloading, the problems encountered in telemetry monitoring
of the type of communication are solved. At the same time, this solution is also applicable to
real-time analysis of other avionics bus in the application layer protocols.
KEY WORDS
ARINC429, Embedded real-time Processing, telemetry Monitoring
INTRODUCTION
ARINC429 is a kind of serial data bus, widely used in the integrated avionics system [1] to
realize digital communication between different systems[2]. In flight tests, the ARINC429 data is
collected in real time by airborne test equipment, and then it transmits to the ground monitoring
center through telemetry system, and it can be applied to safety monitoring and early warning. At
present, all of the 429 massages on aircraft are mainly periodic messages[3] , which means each
Label is sent at a regular interval and the time interval between the two messages is fixed. So the
sampling frequency of the airborne data acquisition system is fixed, mostly 32Hz can meet the
requirements. With the development of aircraft electronic system, an type of message repeated
ARINC429 triggered by an event has appeared, and the original acquisition and telemetry mode
is no longer applicable. In this paper, the airborne embedded data processing module is used to

analyze the event type of ARINC429 data stream collected by the data acquisition system in real
time, extract user-defined event information, and transmit the extracted event information to the
test system for telemetry. The feasibility of this method is verified by comparing with the data
before processing.
Structure of ARINC429 bus event logic block messages
According to ARINC429 data transmission standard [4], a ARINC429 word has 32 bits,
including flag bits (Label), source / destination recognition bits (SDI), data bits (data), symbol
bits (SMM), parity check bits (Parity). The event logic block of message repeated ARINC429 is
a kind of event triggered messages consisting of a number of standard Label ARINC429 message
words characters with set Label, including event information packet header, level A--N event
information, and event information packet tail. In a complete ARINC429 event logic block, there
are multiple levels of user-defined event information. For event information of a same level, if
there are many different events, this event information label shares a same Label but different
event code and they’ll be sent continuously in a message packet. For this type of ARINC429
event packet, its structure is shown in Figure 1:
Start

Message A Message B

Message N

End

Figure 1 the structure of message repeating ARINC429 event package

The message repeated ARINC429 event message packet consists of multiple standard
ARINC429 message words, including packet header, package load, and packet tail:
1) Packet header message: with a characteristic Label number, it represents the beginning of an
event logic block, and contains information in the load of event packet, such as message
packet length, number of event messages, etc;
2) Packet load message: the main payload message packets, including event message count,
event message encoding, a ARINC429 package contains many types ARINC429 messages
(messages from a number of different Label, messages of each Label number correspond to
multiple event encoding values, each Label message in the event packets is sent continuously,
and message transmission time interval is 4us);
3) Packet tail massage: with a specific Label number, indicating the end of an event logic block.
For this type of ARINC429 data message, if the traditional acquisition and telemetry is adopted,
the minimum sampling rate of each Label signal is W 1 =100k/(32+4)≈2.78kHz to ensure that the
event information is not lost. There are many parameters in one message, which will take up
abundant telemetry bandwidth resources if real-time telemetry is taken.

Architecture design of embedded data processing system
For the flight test, there has been relatively perfect airborne data acquisition system to realize the
monitoring and acquisition of ARINC429 periodic signal [5]. Based on the existing of
ARINC429 bus acquisition module, this paper analyzes the ARINC429 messages collected
through the embedded data processing module, getting real-time event information and reducing
the requirement of telemetry bandwidth. The architecture of the system is shown in Figure 2.
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Figure 2 System architecture

The test system adopts network architecture mode, which mainly includes an airborne data
acquisition unit（DAU） chassis and BCU control module, ARINC429 message monitoring
module and embedded data processing module.
1) BCU control module is the core of the data acquisition system. BCU control module has a
full duplex Fast Ethernet ports, which can realize reading and writing operations of each
module through DAU chassis backplane bus. BCU control module is responsible for
coordinating the operation of each module, configuring state information of each module,
selecting acquisition parameters and then packaging it to a IENA package (or iNET-X
package) for periodic output.
2) ARINC429 monitoring module has 8 input channels, which can monitor and collect 8
channels ARINC429 bus simultaneously. According to the ARINC429 message Label,
source / destination identifier (SDI) and (SMM), the module can filter and collect ARINC429
messages received, and also has ARINC429 news all-pass/ strobe monitoring ability, full
coherent message analysis and error diagnosis function. The parser buffer of this module has
4096 characters and relevant time and status messages. Each message has 2 flag bits, which
indicate whether the ARINC429 message word has been read and rewritten before. This
module has a 64K word Snarfer FIFO register, which is used to store the selected ARINC429
messages and tag information. Each word has 16 bits for storing identification message

information, and 7 bits for identifying FIFO content, as shown in Table 1. The selection of
messages in Snarfer is based on ARINC429 bus number, message Label number, label type
(time information, record number), FIFO status, etc.
Table 1 Snarfer FIFO data format
R[31:0]
R[31:29]

Bus number

R(28)

Reserved

R[27:24]

It is used to analysis Snarfer[15:0]

0000:

Error

0001:

Snarfer is full

0010:

Message count

0011:

SSM[1:0],Data[18:5].

0100:

Data[4:0],SDI[1:0],Label[0:7],reserved.

0101:

Time tag TimeMicro.

0110:

Time tag TimeLo.

0111:

Time tag TimeHi.

1000:

Snarfer is empty

R[23:16]

Reserved

R[15:0]

Data，determined by R[27:24]

3) The embedded data processing module reads the Snarfer FIFO of the ARINC429 monitoring
module in real time, parses and restores the data, gets the sequenced ARINC429 packets. The
embedded data processing module is used to process data collected by airborne test system.
The module, which uses FPGA to make interface converting, interconnecting data with test
system by DAU chassis backplane bus and transmitting the processed results to BCU control
module through backplane bus, is of high universality and data processing ability.
The hardware of the embedded data processing module mainly includes FPGA, ARM, DSP and
so on. The main features are as follows:
1) FPGA has high integration, reliable performance, fast calculation speed, and the clock delay
is up to nanosecond level. Combining with the characteristics of the parallel work, it can be
very good for the format conversion of acquisition data, large-scale parallel computing
capabilities and interface conversion between the DAU backplane bus;
2) ARM is a kind of RSIC processor with high performance and low power consumption, which
has a large capacity register supporting memory extension and makes the vast majority of
operations be completed in a register. With the support of embedded operating system, ARM
can qualify for multitask management and calculation of scheduling processing in embedded
system;

3) DSP has a strong fixed point and floating-point operation ability, especially suitable for
digital signal processing, which can achieve a fast real-time calculation processing on various
floating-point and fixed-point number. DSP is used in this data processing module mainly to
achieve a variety of complex algorithms and digital signal processing etc.
The hardware structure diagram is shown in Figure 3.
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Figure 3 The hardware structure diagram of the embedded data processing module

In this system, it uses the FPGA to convert the interface. It can realize the interconnection with
the DAU chassis backplane bus, and acquire the data collected by the backplane bus from other
modules. The data will be transmitted to the embedded System-on-a-chip (SOC) for processing
and the results then will be transmitted to the BCU module for output.
The realization of airborne embedded data processing is mainly based on software programming.
According to the computing task requirements, user program is compiled to process the collected
data, and the processing result is transmitted to the BCU module through the DAU backplane bus.
For different computing and processing tasks, the processing of various data computing tasks can
be implemented flexibly by writing different user processing programs. The system software
architecture is shown in Figure 4:
Supervisor

User application

user library
Linux kernel
System-on-a-chip
（SOC）
Figure 4 The software architecture of the embedded data processing module

The system software is based on embedded SOC and adopts embedded Linux operating system,
including user base, monitoring management program and user program. At system startup, the
underlying driver fetches input parameters through the FPGA interface and allocates memory

space for the user program to process. The realization of the processing algorithm is defined in
the user program, which can be compiled flexibly according to the processing task. After
compiling a program, the compiled result is packaged with the required library file and
downloaded to the embedded data processing module. Monitoring and Management System
controls whether applications should be downloaded through the FPGA interface and meanwhile
assists in configuring all the file systems and devices needed for system operation.
In this paper, the specific Label number that message repeated ARINC429 event logic block
owns indicates the event level, and each event information has a unique event code. For a packet
which contains five levels (five payload Label number, different event encoding) up to 1024
event messages (Event code bit 0 ~ 1023), the required data bandwidth is W 2 =100k/(32+4) ×7
×32≈622.2kb, if total collection method is taken. Here, we use the one-to-one mapping method
to map each piece of event information into a bit. According to the number of event codes, n (n =
64) 16bit words are defined to represent all the event information. When the event information
code received proves to be warn-code(event level) one, we set the corresponding word’s(wordnum) corresponding bit(bit-num) to 1, as shown in Figure 5:
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Figure 5: Event Information Data Definition and Encoding

For example, when the warn-code (the event information code in the message packet is used to
identify the event information type) is 35, word-num=warn-code/16=2, bit-num=warncode%16=3. It means when receiving event messages with event code 35 in a message repeated
ARINC429 event packet, set the third bit of the second word in the array which stores the event
information of flag bit to 1, indicating that an event code 35 has occurred.
Due to the one-to-one mapping of the event information, the event messages of the same Label
number will not be covered by the event messages encoded by other same Label numbers and
different events. Therefore, the sampling frequency of the mapped ARINC429 event information

can be reduced to 32Hz to meet the requirements. The data bandwidth occupied by the mapped
event information is W3 =64×32×16b=32.768kb, far less than the bandwidth required by the
original acquisition solution. Thus, this solution can greatly reduce the telemetry bandwidth
resources required for real-time monitoring of ARINC429 event information.

Embedded data processing programming
This paper adopts the airborne embedded data processing module and implements the processing
and parsing of the message repeated ARINC429 event logic block by software programming.
Software programming bases on embedded Linux system and uses C language processing
program, which includes reading Snarfer FIFO, getting Snarfer ARINC429 message Label
number, splicing and analyzing the current Label Snarfer data, event information mapping and
mapping information Output.
1) Snarfer FIFO Data Acquisition Procedure:
Ref = mat_get_buffer (& kernelpair); // Get the next input Snarfer buffer
mat_get_inputAddr (kernelpair, & inputBuffer) / / InputBuffer point to the input data (read
Snarfer FIFO content)
2) Snarfer ARINC429 message parsing:
In Snarfer mode, the selected ARINC 429 message (429 message selected according to Label
number) is stored in Snarfer's FIFO where a 429 message word is divided into nine 32-bit
words and stored in the FIFO according to the FIFO Data format analysis, and restored 429
message word.
If (inputBuffer_high = 1024) // indicates that the ARINC429 message is a channel 0 message,
and the inputBuffer_low (R [15: 0]) contains the Label number of the ARINC429 message
Label = changeToLabel (inputBuffer_low & 0x01fe) // Get Label number of 429 message
Switch (Label) // According to different label number (packet header, packet body, packet
tail, other, etc.), process the 429 messages appropriately.
Case start://Receiving a packet start message indicates a start of a message repeated ARINC
429 and read the effective load content which means the information of package load and
event number.
Case warn: // Receiving an body load of event message, the label data is event information.
Label characterization event level, the data content package contains the event message
sequence and event encoding information. Set the corresponding mapping position to 1
according to the event code.
Case end: // Receiving the end of an packet tail, it indicates that a message repeated
ARINC429 event message packet has ended. The mapping information is output to the test
system BCU module for sampling. The BCU module packs the result into an IENA packet
according to the set sampling frequency and send it out in a fixed period.

3) Read the contents of the Snarfer FIFO repeatedly.
The overall system workflow chart shown in Figure 6:
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Figure 6: System workflow chart

Experimental verification
In order to verify the feasibility and validity of the proposed method, a large number of
experiments were conducted in a laboratory environment. Multi-function bus signal simulator
was used in the experiment to simulate multiple packets of message repeated ARINC429 event,
collect data through ARINC429 bus monitoring module and process the Snarfer FIFO data in it
by embedded data processing system module. A check software was written in the Windows
system to check the contents of BCU output INEA package. The mapping result was restored to
the event information, comparing with the content of the event package actually sent by the
simulator. The results show that the proposed scheme in this paper is feasible and efficient. The
mapping data output from BCU can accurately restore the complete event information in
message repeated ARINC429 message, and the bandwidth occupied by ARINC429 event
message data is greatly reduced.
Conclusion
In this paper, the embedded data processing module is used to realize the airborne real-time
processing of ARINC429 bus event logic block, and verifies the feasibility and validity of
processing the collected test data at the front-end in airborne test acquisition. It provides a
reference solution for other real-time ground monitoring of key data which requires telemetry
and large data volumes real-time on-board processing, solving the original event information
collection and telemetry problems in airborne system and reducing the requirements for
telemetry bandwidth in safety monitoring while ensuring the safety of event data. It’s helpful for

real-time monitoring in flight test and solves the similar problems encountered in the flight test.
It’s able to solve the embarrassing situation caused by developing new equipment to a certain
extent, reducing the cost when flight test requirement changed, and the time in testing system
schemes and equipment preparation .
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ABSTRACT
The telemetry system designed for the space vehicle requires to provide constant data output,
including video and instrumentation to the telemetry/transmitter box through the mission. The
video data captured from the space travel is always high demand for social media or mission
purpose. However, the limited telemetry bandwidth for transmitting all the high quality video data
to the ground station before the end of the mission drives the system level design challenges. There
are operational flight instrumentation data which takes higher priority than the video data in the
telemetry bandwidth allocation. A common design approach to output all the video data is to utilize
the filled data or IDLE frame with many small size IPv4 datagrams of the video. As a result, there
are some video data are dropped out by the ground received equipment due to an extended period
of waiting time of the receiver to collect all the defragmented IPv4 datagrams and reconstruct to
a large IPv4 packet. One solution to resolve this problem is to have the telemetry processing box
handling the defragmented IPv4 datagram by holding fragmented IP datagrams and reconstruct a
whole IP packet before sending it to the transmitter, and yet still maintaining the vehicle telemetry
system performance. This paper is going to focus on this method by developing a system level
simulation tool and analyze the performance of the vehicle.
INTRODUCTION
It is difficult to downlink all the captured high quality video data in realtime due to the bandwidth
constraint. One way to mitigate this problem is to rank the priority of the output telemetry. In this
paper, there are two types of video formats used in the simulation: real-time, and storage. The
real-time video is transmitted continuously whenever the raw video data is compressed, and the
storage video is transmitted whenever there is not enough real-time time video to fill in the constant
output video stream.
The video system used in a typical space systems requires to provide constant data to the
telemetry/transmitter box through the mission. The current design implementation in the video
1

Figure 1: IEEE 802.3 Standard

control unit compresses the captured raw data into high quality video, and transmits the compressed
video to the telemetry and the transmitter unit in IP/UDP data format. Figure 1 provides a high
level video format diagram. The video message structure follows the IEEE 802.3 standard where a
large IP packet is defragmented into multiple smaller size datagrams if the IP packet size is greater
than 1500 bytes[1, 2, 3].
Problem Statement
One problem with the current system design implementation is that the storage video data are
transmitted as multiple 1500 bytes datagrams, and the datagrams are transmitted only when there
is not enough realtime video to keep the constant output rate. The scattered IP datagrams are not
transmitted at the same time, and sometimes the receiver is not able to decode the received storage
datagram due to extended waiting time in order to de-fragment the datagrams into the IP frame.
Proposed Method
The proposed method for improving the system performance without impacting the video system or the overall vehicle architecture is by adding two additional memory buffer in the telemetry
2

Figure 2: Conventional Method Block Diagram

processing unit. One memory is used as buffer of defragmented video, and the other memory is
used as storage buffer of the reconstructed video data. The processor inside the telemetry processing unit forwards the real-time telemetry with CCSDS [4, 5, 6] format to the RF transmitter,
and throttles the received fragmented IP datagrams to the buffer Memory. Upon receiving the last
fragmented IP datagram, the telemetry processing unit will defragment the datagrams into the single IP packet, and store this large IP packet to the storage memory. This throttled IP packet will
be transmitted whenever there is not enough data for the received real-time data. In this paper, a
Matlab simulation model is developed to simulate the telemetry system performance by generating the random frames as the inputs to the model, aggregating the received frames and transmit
with a constant output rate. There are two methods discussed in this paper about different ways of
processing the aggregated received data and compare the system efficiency. In the model, random
frame generator is used to generate real time and non-real time IP frames that can construct larger
frames. Figure 3 shows the proposed method.
A.

Telemetry Design Option 1

Figure 4 shows the block diagram for the proposed formatting scheme 1. In this process, a random frame generator is used to generate IP datagrams that can be reconstructed into an IP packet.
If a random frame generator generates number 8, it means it takes 8 smaller frames to reconstruct
one IP packet. Capacity is used which represents the maximum amount of data in frames, that can
be filled in allowable data stream and it is fixed. For instance, the capacity can be 10, therefore the
Capacity can be filled up with frames up to 10, and if it exceeds that number it will wait until the
next packet. After generating the real-time and non-real time frames, the algorithm will reformat
the frames. In option 1, the real-time frames always have the priorities and fill up the packet first.
If there is enough room for more frames, the algorithm checks to see if the non-real time frame
3

Figure 3: Proposed Method Block Diagram

Figure 4: Matlab Model Block Diagram

4

is smaller or equal to the remaining space. If that is true, then the rest of the empty spot will be
filled with non-real time frame. However, if the quantity of non-real time frame is greater than the
empty slot, then the algorithm fills up the empty slot with the filled data. Filled data could be Idle
Pattern or other non-real time data which does not require larger frames or sample based data. As
a result, the non-real time frame will wait until next available slot to fill in. For example,

Frames1 = [ 2 8 3 6 9 . . .]
Frames2 = [7 7 7 1 . . . ].
The output will be as the following:
Output = [2 7 1 8 2 3 7 . . .].
It is clearly shown that using this method, there will be additional delay of transmission of the
non-real time frames and the filled data will increase. This method could be more efficient in the
cases where the quantity of both real and non-real frames is equal to the allowable packets. This
model uses a random number generator to consider all the possible combinations. Random means
the probabilities of each number from 1 to 9 (assuming maxf ramesize < capacity) is same,
meaning the probability is uniformly distributed as shown in the following equation:
f (n) =

1
n

for n = 1, 2, .., n

(1)

Figure 4 shows the block diagram for option 1. equation 2 shows the output when there is enough
room for both real and non-real data.
if capacity − Real > N on real
output = [output, Real, N on real,
capacity − (Real + N on real))]

(2)

Equation 3 shows the equation for the array indicators, where 0 represents Real, 1 represents
N on real, and 2 represents F illed Data.

indicators = [indicators, 0, 1, 2]

(3)

Equation 4 is used for the output when there is no room for Non-realtime, as a result, the filled data
is used after the real time frame. Equation 5 shows the indicator array. Since there is no room for
non-real, indicator 2 is used for filled data as shown in equation 5.
else if capacity − Real(i1) < N on real
output = [output, Real(i1), capacity − Real];

(4)

indicators = [indicators, 0, 2],

(5)
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Equations 6, and 7 are used for a special case where Non-real can be fitted without perfectly after
the real-time to fill the Capacity entirely without any room for filled data. For this special case,
only indicator 0, and 1 are used.
else if capacity − Real = N on real
output = [output, Real, N on real]

(6)

indicators = [indicators, 0, 1]

(7)

Figure 5: Result for Option1
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Figure 6: Result for Option1(zoomed in)

Figure 5 shows an example of the output frames using option 1 for 100 different iterations.
Blue represents the real-time frames, green represents the non-real-time frames, and red represent
6

the filled data. Figure 6 shows the output telemetry format option 1 (zoomed in). It is clearly shown
that the non-real-time frames are pushed back to the right, and when all the real-time frames are
transmitted, the rest will be used to transmit the remaining non-real-time frame. It can be seen
clearly that it takes about 1400 frames to transmit all the real and non-real video data. The reason
is because when there is no room for non-real time frames, filled data is used. This leads us to a
more efficient approach as described in option2 described in the next section.
B.

Telemetry Design Option 2

Figure 7: Result for Option2
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Figure 8: Result for Option2 (zoomed in)

Due to the large amount of filled data in option 1, a new option is suggested for more optimum
formatting of the frames. One of the novel features of this option is that when there is no room
7

for non-real-time frames, the empty slot starts by filling the non-real time frames and the reaming
will be in the following packet. This will be optimum and the data will be transmitted sooner than
option 1. Filled data is used only when the frame numbers for both real and non-real are small for
a few sequence, the remaining slot will be filled with filled data. Figure 7 shows an example of the
output frames using option 2 for 100 different iterations, and figure 8 shows the output telemetry
format option 2 (zoomed in). It is clearly shown that the filled data is reduced significantly because
the non-real time is formatted after real-time regardless of capacity.
For option 2, a variable rest is introduced, and its value represents the rest of the frame when
there is not enough room to fill up the current packet. In this option, the main objective is to
packetize real and non-real time frame back to back to minimize the use of fill data. The following
equations are used for a case where there is room for current real-time, non-real time, and the next
real-time. Sometimes only portion of the next real-time might be fitted in the current packet, as
a result, the rest will carry for the next packet. As a result the next real-time value needs to be
updated.
output = [output, Real(i1), N on real(i2),
capacity − (Real(i1) + N on real(i2))]
Real(i1 + 1) = Real(i1 + 1) − (capacity−
(Real(i1) + N on real(i2)))

(8)
(9)

indicators = [indicators, 0, 1, 0]

(10)

Note, there will be several cases that can occur in option 2. In this paper, only equations for
one of the cases are shown.
Result
In this paper, there are 10 different iterations of generated random frames used in this study.
Figure 9 shows the result for number of filled frame between option 1 and 2 for 10 different
iterations. In summary, the option 1 requires more filled data than option 2 as we expected for
different iterations. Figure 10 shows the result for the same iterations for the total number of
frames transmitted. As predicted, the total number of frames for option 1 is greater than option 2.
This implies that the telemetry system can transmit the data more efficiently in option 2 than option
1. Option 1 will be optimum when most of the real and non-real time frames are smaller than the
capacity. Option 2 is more optimum by minimizing the filled data, however, the algorithm is more
complex. Also, note that in option 2 the following real-time might shift to the right if non-real
carries to the next frame slot, however, the data will be transmitted to the ground much earlier.
Summary
This work proposes a novel telemetry scheme for more efficient data rate optimization. Due
to an extended period of waiting time to reconstruct the non-real time video frames, some frames
8
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can be dropped. As a result, the proposed two schemes can resolve this issue by fragmenting the
defregmented storage video frames before transmitting to RF-transmitter. In option 1, more filled
data is used, but the real-time is not shifted (delayed). Option 2 is very optimum by reducing the
filled data, and transmitting the data to the ground faster.
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ABSTRACT
Each 1080 video frame requires 6.2 MB of storage; archiving a one minute clip requires 22GB.
Playing a 1080p/60 video requires sustained rates of 400 MB/S. These storage and transport
parameters pose major technical and cost hurdles. Even the latest technologies would only
support one channel of such video.
Content creators needed a solution to these road blocks to enable them to deliver video to
viewers and monetize efforts. Over the past 30 years a pyramid of techniques have been
developed to provide ever increasing compression efficiency. These techniques make it possible
to deliver movies on Blu-ray disks, over Wi-Fi and Ethernet.
However, there are tradeoffs. Compression introduces latency, image errors and resolution loss.
The exact effect may be different from image to image. BER may result the total loss of strings
of frames.
We will explore these effects and how they impact test quality and reduce the benefits that HD
cameras/lenses bring telemetry.
INTRODUCTION
Over the past 15 years we have all become accustomed to having television, computers and other
video streaming devices show us video in high definition. It has become so commonplace that
our community nearly insists that it be brought to the telemetry and test community so that better
imagery can be used to better observe and model systems behaviors.
However, what we see on television, our computers and telephones is a facsimile of what the
cameras deliver to the content creators. At a normal viewing distance, we don’t notice the
effective loss of resolution, introduction of image errors, color shifts, latency, macro blocking
and other side effects of compression techniques used to make it possible to deliver content to
these devices. When watching from 10 to 20 feet away, even a 1080 TV screen is below the
resolution of the eye, so most of these effects are not seen by the viewer. However in using
imagery for detailed analysis, close view, single frame images and enlargement of images are
essential tools. Not only do these errors become obvious, they can obstruct the view, alter the
view and effect the conclusions we draw.
Any time transport of video from camera to display (or recorder) is more than 100 meters, it is
nearly certain that compression is used to make the transport possible. Unless you have
unlimited storage for your video, it is likely compression is involved. Consequently, all of the
original pixel data delivered by the camera is transformed and no longer directly available.

This paper briefly explores the whys and explains the process and describes the compromises
one must be prepared for when using compressed video as the imagery source of analysis.
THE WHY
Content creators have been shooting movies in 4K since 2006 nearly exclusively. Although 4K
has only been offered in televisions for the past few years, 4K was driven into existence in order
to reduce pixel size on a 50 foot screen in a movie theater; 1080 simply was not good enough in
a theater showing. So 4K was not driven by TV, it was driven by the need for creators providers
to find a means to deliver their content to paying customers. Television has adopted 4K
principally as a means to improve the margins when retailers sell TVs to the public. Television
broadcasters at present have no way to deliver true 4K content. In general you are watching
1080i video at 30 frames per second. An advanced 4K TV upscales this and estimates what a 4K
image might look like derived from the 1080i it received. Even a 4K Blu-ray is a highly
compressed source requiring significant math to recreate a facsimile of the 4K video captured by
the cinematographer’s camera.
Let’s talk about storage needs first. The Society of Motion Picture and Television Engineers
(SMPTE) manages and maintains the specifications of digital video frames. SMPTE 274 defines
the 1080 frame as having 1125 lines (1080 viewable) and 2200 pixels (1920
viewable) per frame. However this is not the total story for resolution. The
number of bits that is used to contain the image value (colors and intensity) is
the third dimension of resolution in digital video. The International
Telecommunications Union (ITU) manages and publishes image sampling
specifications. ITU 709 is a standard that applies to high definition (HD)
video. There are several sampling techniques, but the most commonly used is 4:2:2
subsampling. By subsampling it means that every two pixels are comprised of two intensity
(luma) samples and one color subsample (red and blue)1. While originally conceived in analog
video 70 years ago, it is used today as a means to reduce the number of bits it takes to represent a
complete image. When an image then is specified as 1080 (progressive or interlaced), 4:2:2 10
bits, it is subsampled as described where the intensity element and the two color elements are
each 10 bits. This suggests that up to 1024 shades of each color (intensity, red and blue) can be
represented. That isn’t quite true as SMPTE limits the range of numbers to protect certain bit
patterns used for synchronization and ancillary data flags in the video pixel stream.
In general, 4:2:2 subsampling organizes pixels in pairs where two pixels have two intensity
samples 10-bits each and one red (R) sample paired with the first pixel intensity and the blue (B)
sample paired with the second intensity sample. Therefore, each pixel is 20-bits deep. In total
then a single 1080 frame is 1125 lines x 2200 pixels x 20 bits; 6,187,500 bytes. The result? A
single second of 1080 60 frames per second video requires 371 MB of storage. It also means
that to transport 1080 video at 60 frames per second, the sustained transfer rate must exceed 371
MB/sec; 2.97 Gb/second without any packetizing overhead. These numbers are tough to hit with
our existing transport, storage and image processing technologies.
1

A full color image is comprised of a red, blue and green component. The intensity of any pixel is the sum of the
RGB content. Black and white images are effectively only the intensity. In the 1940’s it was standardized that in
order to deliver color television signals and still remain backward compatible with the population of B&W
televisions owned by the general public, pixels were divided into intensity (B&W) and color. The third color
(green) is derived by subtracting the R and B components of the total sample assuming that the total intensity
component is comprised of the sum of all of the color components.

For example, for a movie producer to sell you a Blu-ray disk of a two hour moving in only 1080
resolution they have to find a way to save 2,673,000 MB of data in 50 GB of space. In order to
deliver a movie over the best cable channel (500 Gb/sec) one has to fit a 3 Gb sustained data rate
(packetized) in that 500 Gb and that channel must only be used for this one stream. The only
solution currently available to deliver this content is to use video compression.
THE WHAT
Image compression and its migration to video have been on-going for more than 30 years.

As you can see in the chart above, a pyramid of technologies have been stacked over time to
result in the ubiquitous H.264 and the newly introduced H.265 (HEVC). At each stage, evolving
computing capabilities, transport mechanisms and reduced storage costs have enabled the
implementation of new approaches and techniques. In general all of the motivation is driven by
the need to deliver content, not create it. The latest, H.265, has been implemented as the means
to deliver 4K movies on Blu-ray disks to consumers. This was the economic drive to bring
H.265 to reality.
In fact, the content developers (most notably the cinema community) generates 10s of petabytes
(1,000 terabytes is a petabyte) per day in “dailiess”i. Cinema only uses uncompressed video
from dailies to finished product. Generation errors and resolution loss prohibits the use of
compression for editing and overlay special effects graphics. It is essential to use uncompressed
to ensure image and color fidelity. It is essential to enable the use of CGIii. Compression in
cinema is only used for distribution to theaters, Blu-ray disks, streaming media and television.
Why is this true? After the compression (lossy) process is complete, the original pixels are no
longer present in the data. In fact the data file that is the video isn’t pixels at all, it is comprised
of a matrix of numbers referring to a matrix of patterns that
when multiplied (coefficient x pattern) and added together
approximate the shades contour of the pixel pattern from
which it was derived.
The total process can be depicted as the funnel to the right.
We have already described what subsampling is and why it

can be used. After that, each image in the video is analyzed and
broken into a mosaic of blocks. The construction worker image
here represents one case of how an image may be analyzed and
broken in to a mosaic of pixel arrays. Each array of pixels,
referred to as a macroblock is processed through a discrete
cosign transform (DCT) and correlator that generates a
corresponding array of coefficients. Each element
points to an array of standard image patterns. Each
pattern is represented by a range of shades that is
determined by the bit depth of the array itself. At the decode side, each prototype
pattern is multiplied by its corresponding coefficient and added together. When
complete a facsimile of the original contour of shades is reproduced. This process is similar in
concept to a Discrete Fourier Transform (DFT) and how any waveform can be reproduced from
a set of prototype sign waves multiplied by corresponding array of coefficients.
Diagrammatically the process end-to-end is depicted below.
Encode
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Macroblock

DCT array of
coefficients

Transport

►
array(s)
1 per macroblock

Decode
Destination
Prototype
Patterns

Inverse
DCT

Result
contour
facsimile
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Example by Meisam - Own work, Public Domain, https://commons.wikimedia.org/w/index.php?curid=5789740

As you can see the original samples are replaced by an array then a facsimile of the shades
represented by the samples is reproduced at the destination end. A human can see that the source
and facsimile images are both “A”s, but they are quite different in detail. There is the rub. In
the test and analysis business, the devil is in the details and details are lost in this process.
Furthermore, the greater the compression needed to fit into any transport channel (or storage
needed) the more alteration of the reconstructed image there is.
The last process in the compression sequence is entropy encoding. This is lossless Huffman
encoding. Huffman encoding generates compressed digital streams by taking advantage of long
runs of 1s or 0s in the data; run lengths. In preparing for application of entropy encoding, the
encoder will look for low value coefficients and force them to zero to maximize the number of
zeros in any one array and group of arrays to form long strings of zeros. As the transport channel
narrows, the threshold at which a coefficient is set to zero is increased until the encoded output
moves through transport without any loss. The higher this threshold, the more image
information is permanently lost by the destination. It is not recoverable. While the pixel count in
the reconstructed image is unchanged (still 1080x1920 for example), the contour of shades (luma
and each color) may be quite different than the original.
This example only shows what effect there is on only one macroblock. Referring back to the
construction worker image, a frame is composed of many macroblocks. How many is not known
as each encoder evaluates each image differently. Each image analyzed by any one encoder will
generate a different macroblock array. The Motion Picture Experts Group (MPEG) defines the

transport protocol for the results; that is the macroblock position, shape, number of pixels and the
DCT array for each macroblock that comprises the original image.
In these black and white images, the
original image (left) and the coded
image (right) are quite different in
detail. One can see they are both an
image of a girl playing a violin in
front of a piano, but many details
have been lost or altered.
Look at the sheet music on the piano, her glasses frame, the macro-blocking of her arm.
Since the reconstructed shades contour is a facsimile of the original the
reconstructed shades of the adjacent pixels mostly like will have errors
making the macroblock edges evident in the reconstructed image. At the
right is a portion of the reconstructed construction worker image. One can
clearly see the macroblock array caused by mismatches of
shades at the edges of the macroblocks. In order to
compensate for that and hide the macro blocking, deblocking
filters (decoder specific) are used to smudge the edges of
adjacent macroblocks to attempt to merge the edges together.
The lower image is the result after a deblocking filter is
applied. It is a more pleasing image, but is certainly not the
original array of pixels delivered by the camera. Details are
lost and even modified.
THE COMPROMISES
We have learned that the use of compression is a necessary evil to
enable convenient transport and minimize storage of video clips.
However in using compression we have learned that the original
data gives way to a facsimile that can be quite different in detail
than the original. Taking another look at the girl playing the
violin, once can see that part of her eyeglasses frame on the left ear
is not in the image at all. The sheet music is simply gray and gives
no impression of music scales that are seen in the original. The
detail the white keys on the piano is all but lost. There is a bright
spot on her left cheek under the glasses did not exist in the original image. These changes are
permanent after the DCT and entropy encoding is completed and received at the destination end.
Is this a loss of resolution? Yes. Anything that results in the loss of detail can be thought of a
reduced resolution. Is it aberration? Yes. Details are missing and added.
The prototype array may not be able to represent as many shades as delivered by the camera.
That is to say 10-bit samples from the camera correlated to coefficients could be multiplied by an
8-bit deep prototype array at the decoder resulting in a contour being reduced to a contour
represented by only 256 shades. Similarly, if the numerical values of the array are only byte

wide, the coefficients themselves effect the accuracy of the matrix math at the decode side. In
summary image quality is compromised. To what extent image quality is compromised depends
on the images in the scene, how the image analyzer of the decoder evaluates and forms
macroblocks, the resolution of its prototype matrix, the resolution of the decoder prototype
matrix and how high it was necessary to set the “zeros” threshold to pass through the transport
bandwidth. In other words, it isn’t predicable. It will have different effects in different areas of
an image and different from frame to frame depending on what is happening in the scene that is
being captured.
In real time, latency is of concern. As can be seen there is a lot of analysis and math to do in
order to create a compressed video stream. The higher the image resolution and the more
compression is required to fit into the transport path, the more work has to be done. However,
each image is arriving from the imager at the frame rate, 60 frames per second (FPS) for
example. Therefore, without regard to the amount of work to be done, the time to accomplish it
is 16.66 milliseconds. This is true at the decode side as well in order to reproduce temporal
(motion) fidelity to the original scene. Therefore, as one goes from SD to 720, to 1080 and 4K
and from 8-bit, to 10-bit to 12-bit sampling the processing power needed increases in proportion
at both ends of the path. MPEG H.264 and H.265 encoding relies heavily on differential frames.
Differential frames are comprised of only
the pixels that change from a reference (I)
frame in an MPEG encoded stream. If there
are many changes in images between
frames, the encoder will create a new I
frame. If the changes are small, it will
create difference frames (B) which result in highly compressed frames, perhaps 1000:1. Long
strings of frames having small changes can create very compressed encoded streams which then
enables transport of narrow bands and enables storage of movies on the limited storage available
on Blu-ray. MPEG HEVC (H.265) was driven into existence by the desire to distribute 4K
movies on Blu-ray. A two hour 4K movie must be compressed by more than 200:1 to fit. If all
of a 1,000 Gb/s Ethernet channel were available, it would still require more than 20:1
compression to have a chance at sustained transport.
The techniques used by MPEG require buffering at the encode end in order to create B frames2.
How many depends on how many differential frames are created before a new I frame is needed.
The more B frames (and P), the more buffering. Similarly at the decode side the more B and P
frames are in between I frames, the more buffering is needed for the decoder is able to render
fully recreated frames at the source frame rate. The data rate available to move the encode signal
across the channel and the variability of the available data rate adds the buffer size needed to
render smooth video. We have all experienced this with our streaming devices when we see
“buffering” symbols on our screens. The delay from source video to displayed video is the
latency and can be as little as 50 milliseconds but can be as long as 10 full seconds depending on
scene change complexity, transport channel width and the computing power of the encoder and
decoder pair in the chain. Therefore, another compromise is the introduction of latency. What
latency can be tolerated depends on the mission. As a TV viewer, 10 seconds of latency as long
as the displayed frame rate can be supported has no impact. However, if the application is real
2

A P frame is another type of differential frame where content of a future frame and a previous frame are to used to
place pixels in this predictive frame.

time control with a man in the loop, latency must be less than 200 milliseconds. Lower latency
can be achieved by a higher bandwidth in the transport channel, high performance equipment
and reduced image quality. Compromises are needed to find the best fit for the mission at hand.
Using a smaller field of view (more zoom) can also improve image quality. When zooming in,
the shades contour of each macroblock may be simpler and naturally generate more low value
coefficients in the DCT array. This will improve decoded image fidelity at the expense of field
of view.
Color errors are induced by subsampling and reduced pixel bit depth as compared to the image
samples delivered by the source camera. Reduced bit depth reduces the number of shades of
intensity and color that each pixel can represent. This can cause visible color gradient bands and
reduce the detail that is represented. With fewer colors available to represent, color accuracy is
compromised as well.
Subsampling can introduce its own color errors at edges. In this close up of a
4:2:2 subsampled color bar pattern the edges of the color bars are clearly
neither the previous bar’s color nor the subsequent bar’s color. This error is
caused by the sharing of one color sample for two pixels and using the color
sample to derive the amount of green to use in the green bar and the magenta
bar.
It is important to understand these effects when specifying camera, CODEC and transport
components. Color errors may negatively impact an investigation or analysis. It is another
tradeoff to make.
CONCLUSION
Compression is a necessary evil. It is a tool that enables the use of available transport and
storage mediums. However, image quality is impacted by the process. Compression has the
effect of reducing the resolution of the source image, a compromise that must be considered
when investing in high resolution cameras and lenses.
Compression can eliminate and even add features in the original image. Increased transport
bandwidth, careful selection of CODECs and increasing the performance of the encoding and
rendering hardware and software can reduce these effects. Reducing the field of view of the
camera (more zoom) can also help by reducing the complexity of the shades contour of
macroblocks.
Similarly latency can be reduced by careful selection of the CODEC pair, increased bandwidth
of transport, the power of the computing platforms at both ends and the target bit rate of the
encoded output.
Using the compression tool is necessary, but it adds many compromises to consider when
designing and specifying an image capture system for testing, analyzing and observing the
behavior of things.
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ABSTRACT
This Paper is intended to assess the handling quality of LCA-Tejas during air to air attack
mission. In this paper handling quality of LCA in air-to-air attack mode is being assessed
using image processing techniques. As a part of flight test program of LCA Tejas we have
presented a methodology to assess the handling quality of LCA by detecting the target
aircraft in every frame of the HUD video of the chase aircraft during an air-to-air attack
mission. Based on the detection of the aircraft in every frame of the HUD video, percentage
of time the aircraft is being targeted during a given test point is arrived at. This percentage is
an indicator of the handling quality of the aircraft and is used to assess the ease with which
the pilot can aim at the enemy aircraft while in close combat.
INTRODUCTION
LCA-Tejas is undergoing an extensive flight test before induction into the Indian Air Force.
Air-to-air attack is one of the major missions where the handling quality of the aircraft has to
be evaluated. In an air-to air attack mission, the main objective is to chase an enemy aircraft
and maintain aim on an enemy aircraft. Head-up display in the cockpit is utilized by the pilots
to aim at the enemy aircraft. To help the pilots to aim at the enemy aircraft, circle appears at
the centre of HUD when the aircraft is in air-to-air attack mode. The pilot is required to chase
the aircraft in such a way that the enemy aircraft is always maintained within the circle of
attack. Figure 1) shows a sample HUD frame of the chase aircraft and Figure 2 shows HUD
frame when the enemy aircraft is being targeted by the chase aircraft (both aircrafts being
LCA-Tejas in this case). In figure 2 it can be seen that the enemy aircraft is being targeted
and thus is inside the circle of attack as shown in the HUD frame.

Fig 1(a): A sample HUD frame of LCA

Fig 2: A HUD frame with target

The efficient tracking of the enemy aircraft in this case is largely dependent on two factors: a)
The skill of the pilot, and b) The ease of handling the aircraft when carrying out various
maneuvers by test pilot. To take the first factor out of consideration these tests are conducted
with very experienced set of test pilots. Finally, the best out of the set of tests is used for
evaluating the handling quality of the aircraft. This method takes the piloting skill out of
consideration. In order to evaluate the handling quality of the aircraft, it is required to find
out the percentage of time the enemy aircraft was kept within the targeting circle of the chase
aircraft’s HUD display. The major challenge in evaluating this was to detect the position of
enemy aircraft of chase aircraft’s HUD and to verify its presence within the targeting circle.
Once all the frames of the HUD video from the start to the end of the test point is analyzed,
total percentage for which the enemy aircraft is within the targeting circle can be arrived at. A
higher percentage indicates the ease of handling of the aircraft.

DESCRIPTION
1. System description.
Algorithm used in tracking an enemy aircraft and evaluating the presence of the aircraft
within the firing circle is carried out using morphological image analysis used in image
processing application. Once we are able to extract frames of HUD video we apply
cumulative image analysis to locate the aircraft within the firing circle which is inner circle as
shown in the Fig 2 in the HUD frame. The detection of aircraft in a specific frame is based on
the assumption that the aircraft will be darker than the background. To cater for lower
contrast when the aircrafts are diving and ground objects are in background, threshold is
adjusted accordingly which is explained in detail in section 4 of the body of this paper.
Morphological image analysis is then carried out to detect the aircraft in the frame.
2. Process flow.
A flow chart of the algorithm used to analyze the video is shown in Fig 2(a) .is shown below:

Image Sequence Video (HUD Video)

Extraction of Frames of Video

Crop the HUD video for the area of
interest (inner circle in this case)

Convert RGB to Grayscale

Apply threshold to convert to Black &
White

Next Frame

Next Frame

Apply Morphological operation for
filtering noise

Count no. of
frames
recorded
YES

Detect
Aircraft

NO

Finish and plot at the end of video

3.

Overview of the method:

Once the flying sortie is over and HUD video is recovered from VDR recorder, we look for
the timings of the test point when this particular test was carried out. Then that particular
portion of video is extracted for evaluation. The video is then loaded in matlab workspace
and the region is interest is cropped. A sample cropped frame is shown below.

Figure 3: Cropped rectangular region in a HUD video frame.

All the frames of the video are cropped for this area of interest. The region outside the circle
of attack in the cropped frame is then masked as the area of interest lies within the circle.
Cropping followed by circular masking is done to achieve this. A sample result of this
operation is shown in figure4.

Figure 4: Rectangular cropped image after masking

After this the RGB image is converted it to grayscale. A sample image is shown in figure 5.

Figure 5: Gray Scale image.

Then the grayscale image is converted to a black and white image with an experimentally
determined threshold. A sample black and white image is shown in figure 6 below.

Figure 6: Figure shows post application of threshold

After this image erosion and dilation are applied successively to remove the noise if any.

4. Experimentally determining Threshold:
Determining the threshold and carrying out morphological analysis for filtering noise are the
core operations of this tool which help us in aircraft detection with greater accuracy.
Different thresholds are used during different missions as the process of edge detection is
solely dependent on the threshold which can differentiate between the background and the
aircraft. Threshold has to be selected carefully to make sure that the value lies between the
pixel intensity of the background and the aircraft in a grayscale image. For example if a
grayscale image is converted to binary with 0.6 as threshold, the command replaces intensity
of the pixel greater than 0.6 with white and less than 0.6 with black as shown in figure 6.
When the tool was being analyses in a non-dive mission where the background was fairly

light sky, it was observed that if the threshold luminescence limit is lower more edges were
being detected which resulted in fair increase in noise from background pixel where threshold
was kept near 0.3,0.4. However, a high threshold may miss the subtle edges when kept
around 0.7, 0.8. We observed wrong patters of blob (pixels accumulated together) were
detected. The images below describe the effect of under-thresholding and over-thresholding.

Under-thresholding-

Figure 7 and 8 shows 0.3 threshold and 0.4 thresholds.

Over-thresholding

Figure 9 and 10 shows thresholding around 0.7 and 0.8.

It is clearly visible when we use 0.3 and 0.4 limit of threshold in-correct pixels are detected
and when using 0.7 small portion of pixels are getting detected which are considered as noise
during filtering, while at 0.8 threshold the aircraft is not getting detected in the frame.
Hence, for lighter sky-like backgrounds 0.6 threshold limit was concluded to be optimum.
Also for dive attacks where ground objects are seen in the background resulting a low
contrast 0.4 threshold limit was concluded to be optimum.
5. Morphological image analysis:
Morphological analysis is carried out over binary image so as to detect the corresponding
shape (chase aircraft) using a structuring element. The basic morphological operation
includes image erosion and image dilation. Erosion was used to find a match of the
structuring element with the aircraft and remove the unwanted pixel and dilation was used to
smoothen the edges of the detected pixels. Best match between aircraft as shown below and
diamond shaped structuring element was observed using diamond of radius 3.

Figure 11 shows disk shaped structure after image erosion and dilation
.
Best match of structuring element with the aircraft was successfully counted using a counter
and plotted to locate the centroid of the aircraft. To carry out the simulation MATLAB was
used.

NUMERICAL RESULT
From the results, it was concluded that this project traced the location of aircraft within the
inner circle corresponding to individual frames with an accuracy of greater than 98%. The
plot shown below is results of one of the test points where the handling quality of the aircraft
is assessed at 84.05%. The red circle in the plot below represents the circle of attack present
on the HUD of the chase aircraft. The pink dots represent the position of the enemy aircraft
with reference to the targeting circle. It can be observed that some dots are plotted outside the
circle which represents that the aircraft was not able to target the enemy aircraft for these
frames.

CONCLUSION
Hence, in this paper we were able to successfully assess the handling quality of LCA-Tejas.
The tool in itself may not justify the effort required to carry out this analysis as lot of other
resources along with telemetry were used to satisfy the requirement. The edge detection
technique however proved to be an icing on the cake to arrive at a final quantitative result
which very nearly represents the handling quality of LCA.

REFERENCES
[1] M Rama Bai, ”A new approach for border extraction using morphological methods”
.International journal of engineering science and technology vol. 2(8) ,2010.
[2] Manjunath Narayana , “ Automatic tracking of moving objects in video surveillance
application.
[3] Matlab image processing toolbox.
[4] Ali Azarbayejani and Alex P.Pentland. Recursive estimation of motion structure ,and
focal length .IEEE Transactions on pattern analysis and Machine intelligence,17(6):562575,1995.

Real-time Processing and Integrated Monitoring Technology
for Telemetry Multi-channel Digital Video

Zhe Yang，Pingfan Guo，Zhaohui Huo
Chinese flight test establishment,Yanliang District,Xi’an,Shaanxi Province,China,
yangzhe422@126.com

ABSTRACT
In flight test telemetry digital video real-time monitoring, some technical problems
about single function of the video playback software, needing a dedicated player
software (poor extensibility) and lacking the necessary fault diagnosis methods are
analyzed.Intelligent playback technology, component video playback plug-in, ground
full-link real-time status monitoring and fault diagnosis technology are adopted to
realize real-time monitoring telemetry multi-channel digital video under different
airborne acquisition systems.Multi-channel video images can be on-demand inserted
in any flight test subjects monitoring software.At the same time, it can realize visual
real-time status monitoring of the video links of each aircraft.The flight test results
show that this technology fully meets the new requirements of the new model test
flight for real-time monitoring of video, and greatly improves the quality and
efficiency of real-time monitoring of telemetry digital video of the flight test.
1.INTRODUCTION
Flight test is carried out in real flight environment, there is a great risk, so that
real-time telemetry monitoring is needed. Because airborne video image can show
current work state of the plane internal system in the most intuitive and accurate form,
provide timely, abundant information for commanders on the ground and flight test
engineer, has an irreplaceable role in ensuring flight safety and improving flight
efficiency.
In the late nineties, simulation video monitoring technology was adopted in flight test.
With the development of the modern electronic technology, remote digital video
monitoring technology arises at the historic moment. Airborne testing system can
acquire and compress multi-channel video images in the form of digital video signal,
and transmit them to the ground real-time monitoring system via telemetry link, and
accomplish telemetry video image real-time monitoring through special telemetry
digital video real-time processing and decoding software[1].
2.The current situation of telemetry digital video real-time monitoring

In recent years, telemetry real-time monitoring technology of aircraft video image has
gradually become the basic requirement of all types of test flight, now it has been
widely used in new test flight, and plays an important role in protecting air refueling,
weapon test and other subjects.
But there are many problems in the exiting telemetry real-time monitoring, which
restricts the improvement and efficiency of telemetry video real-time monitoring. It is
analyzed and summarized that the following problems exist in the existing ground
telemetry digital video real-time monitoring system:
1) The lack of standardized software architecture design. The existing airborne digital
video telemetry system mainly adopts Minir data acquisition unit and independent
research and development data acquisition unit. Although data acquisition system is
different, the compressed video data are all packaged into PCM format packets going
down via the telemetry link. The existing software is only a video surveillance system
based on PCM structure for the two systems, and its software automation and
intelligent level is low. For example, it is needed to pre-configure each video
decoding format, and can’t intelligently identify encoding format, etc.
With the continuous adoption of new technologies and new methods in airborne video
test system, the existing real-time monitoring system of remote video can not meet
new requirements for real-time monitoring.
An unmanned aerial vehicle (UAV) combines 4 video images into 1 video image, now
the size of the 4 video images is the same as the size of the previous 1 video image.
The existing telemetry digital video real-time monitoring software can not separate
into each video image for full screen display.
With the emergence of network radio based on Mesh architecture, airborne video is
transmitted in the form of RTP/RTCP protocol network packet via network radio. This
video network telemetry transmission system is different from the existing PCM
structure telemetry digital video transmission system.
In view of the emergence of these two new technologies, because of the change of
airborne acquisition system and telemetry transmission mode, video data format and
communication mode are different. The existing real-time monitoring software
function of telemetry digital video can not meet the new requirements of real-time
monitoring.
2) The lack of the integrated monitoring ability of video image and parameter data.
The existing video real-time monitoring software is special purpose software
developed. In the process of telemetry real-time monitoring, multi channel video
images of the plane are displayed via a big screen, and the ground commanders and
all project personnel can watch the same big screen at the same time. However, the
focus of each monitor is different, and the existing real-time monitoring software can
not meet the project requirements that the multi video image is embedded into the
real-time monitoring software, and can not take into account the video image quality
and the key parameter data of the project at the same time.

3) The lack of the necessary means of fault diagnosis. In the process of telemetry
real-time monitoring, the monitor hall personnel can only judge video image quality
by watching the video image. In the case of the abnormal video image，such as the
video image is not solved, the image mosaic and other problems which seriously
effect the flight test, the security engineers can not quickly analyze and locate the fault
cause, whether poor telemetry signals, or incorrect format of video data, or network
failure. Especially in the case of monitoring multiple aircraft, the tense atmosphere
may lead to video malfunction, such as video format configuration error, network port
selection error or other human error, but the engineers on duty still don’t know. The
test engineers can only wait for the end of flight, then arrange the ground
troubleshooting, but the failure cause can only be analyzed by the technicians without
actual data support, and the failure phenomenon is not easy to reappear, so this
troubleshooting method leads to the long period which seriously impact on test flight.
Thus it can be seen that the necessary real-time monitoring and fault diagnosis system
should be established to monitor all the digital video data in the monitoring hall.
When video fault occurs, video data can be classified and diagnosed in real time, and
fault cause is preliminarily determined, which provides an important basis for quick
solution of the failure after flight test.
3.System Overall Design
The hardware structure of telemetry digital video real-time processing and integrated
monitoring system is shown in Figure 1. It mainly consists of telemetry receiver
subsystem, real-time processing subsystem, visual integrated monitoring subsystem,
and abnormal state real-time monitoring and diagnosis subsystem.
1) The telemetry receiver subsystem can complete the reception, demodulation and
synchronization of aircraft telemetry video signal, and finally telemetry video data is
exported via network mode.
2) The real-time processing subsystem can receive network telemetry video data, and
then analyze, process, parse and extract the data separately according to the
communication protocol[2], and encapsulate each video data, and then send it to
digital video decoder and display client.
3) The visual integrated monitoring subsystem can synchronize the encapsulated
multi-channel video data, and invoke the software decode library according to video
coding format, and realize the decoding and display of multi-channel video images,
and use the video image component , and combine the parameter data flexibly, then
realize the purpose of integrated monitoring.
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Figure1 Overall structure diagram of the system

In order to solve the real-time processing problem of different video types, based on
open architecture, using standardized interface protocol and making the system more
open and flexibly extensible, the ground real-time monitoring system is divided into
three parts: real-time processing subsystem, visual integrated monitoring subsystem
and video abnormal state real-time monitoring and diagnosis subsystem, such designs
are easy to maintain and extend. The functional structure of the telemetry digital video
real-time processing and integrated monitoring system is shown in Figure 2.
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Figure2 Functional structure diagram of the system

Using different video telemetry transmission mode, the structure and communication
mode of video data are completely different, but the video compression coding format
is only two kinds of H.264 and MPEG4, and video decoding and display work flow in
the background are basically the same, the system workflow is shown in Figure 3.
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Figure3 System work flow diagram

4.Key Technologies
4.1 Code stream management mechanism
In the process of video data receiving, processing and decoding, multi-channel video
data are large and fast, which will lead to data congestion, image stagnation and delay
problem. In order to ensure the integrity and reliability of video date receiving and
processing, it is necessary to control and manage code stream data[3]. The following
three methods are mainly adopted:
1) Code stream reception: Aiming at the problems of fast data transmission and slow
processing speed, multi-thread concurrency mechanism is adopted to improve the
processing efficiency and avoid the packet loss problem.
2) The analysis and decoding of video data: In order to solve the sequence of parsing
and decoding, the thread collaboration thought and the user/producer mode are used
to ensure the time sequence of video data.
3) Multilevel buffer mechanism: In the face of a large number of unstable data
packets, a multilevel buffer, such as buffer storage after receiving data, buffer between
reception and processing, is set up to ensure video playing more smooth and stable.
4.2 Visual integrated monitoring technology

The video images collected by airborne terminal are possibly reversed and fused, so
the monitor client must process and modify the image for normal monitoring, where
YUV data processing algorithm is designed, as shown in Figure 4, using coding
reconstruction technology to realize image rotation and segmentation and extraction,
and then restore the original state of video image.

Figure 4 YUV data processing algorithm

In order to achieve the purpose of integrated monitoring, it is necessary to modulate
the monitoring elements (video image, parameter data, 3D view, etc), so as to make a
flexible combination of monitoring according to monitoring requirement. Where the
plug-in development and centralized management mode are used, and various display
components are coupled and independent, and then it is realized that parameter data
and video display components in the same platform can be freely combined,
synchronously manipulated and display, as shown in Figure 5, and finally the purpose
of integrated monitoring is achieved.
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Figure 5 component-based integrated monitoring

4.3 Video fault diagnosis technology based on fault tree analysis
At present, the technology research is mainly aimed at the ground real-time
monitoring system based on PCM mode, which is shown in Figure 1 above. After
received from the telemetry antenna, video data stream mainly passes through three
key nodes, namely, receiver, digital video real-time processing server, digital video
decoding and display client. Through real-time data exchange with the three node
devices, the quantitative indices symbolizing digital video quality of the three nodes
are obtained, and because the functions and attention focuses of the three nodes are
different, we can measure and characterize the digital video quality from different
angles. The key node video quality characterization indices are shown in Table 1
below.
Table 1 key node video data quality characterization indices
Serial
number

Node

Function

Video
quality
characterization indices

1

RTR receiver

Complete demodulation, bit
synchronization and frame
synchronization of remote
video signal

1. SNR
2. HF level(field strength)
3. Bit synchronization
4.Frame synchronization

2

Real-time processing
server

Complete RTR network packet
unpacking, obtain FCM full
frame data, and achieve each
video data extracted and
repackaged

1. Real-time video data size
2. PCM frame structure
integrity

3

Decoding and display
client.

Extract video data from TS
stream,
and
implement
decoding and display calling
software coding library

According to the 3 level error
detection concerning TS flow
in TR101-290 document for
DVB system test guidance

By real-time monitoring each of above indices, telemetry digital video quality of the
three key nodes can be obtained. But in the case of poor video quality, in addition to
judging whether the above index of each node is reasonable, it’s necessary to take into
account network environment (network access), software configuration (video type
configuration, multicast address matches or other human errors, and so on), which
lead to video monitoring failure.
It can be seen that there are many reasons for video abnormity, and the logic is
complex. In this case, the manual mode is inefficient in diagnosis and its period is
long[4]. Therefore, in the real-time monitoring system, a network fault diagnosis
system is constructed to realize knowledge expression, diagnosis rules and reasoning
design of the reason for video abnormal state based on fault tree, as shown in Figure
6.
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Figure 6 fault diagnosis system composition

The priority search reasoning algorithm[5] is designed as shown in Figure 7, which
can quickly locate the cause for video anomaly and provide decision-making support
for troubleshooting in flight test or after flight test.
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Figure 7 priority search reasoning algorithm based on fault tree

5.Engineering application
The system has been tested and optimized, and is now applied to the task of telemetry
digital video real-time processing and integrated monitoring for various types of
aircraft. The actual application results show that the main indices of the system
(system delay, delay between all routes, picture clarity and fluency) entirely meet the
requirements, the new model of video image and parameter data integrated
surveillance meets the needs for some subjects, and can quickly locate abnormal state
causes when video abnormal state occurs, and provide decision-making evidence for
troubleshooting in flight test.
6. Conclusion
The telemetry digital video real-time processing and integrated monitoring system,
designed and developed independently, has realized synchronous real-time processing
and visual integrated monitoring for multi-channel digital video data. The open
architecture and standardized interface have been designed to solve real-time
processing and monitoring problems for different video types. Meanwhile, the video
abnormal state real-time monitoring and fault diagnosis method have been designed to
promote video monitoring transformation to intelligent integrated monitoring, such as
fault diagnosis. The system has been applied in flight test, works well and meets the
requirement for video real-time monitoring for all types of aircraft after continuous
improvement.
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WHO WE ARE . . .
> A conference by and for the telemetering
community
> A conference with a continued record of success
since our start in 1965
The International Telemetering Conference/USA (ITC/USA) is an
annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation
dedicated to serving the technical and professional interests of the
telemetering community. The conference is held in the fall of each
year and consists of three and one-half days of technical
presentations, tutorials, and short courses arranged in several
concurrent sessions. In addition, a technical exhibit staffed by both
manufacturers and users displays the latest advancements in
equipment and services. Exhibitors staff their booths with
professional sales engineers and other technical personnel to ensure
that an appropriate level of technical expertise is available to the
attendee.
Each year, the IFT-appointed General Chair and Technical Program
Chair develop the conference based on their perspectives and
experience. They, in turn, assemble a staff to handle the various
functions of the conference program. The entire staff is composed
of volunteers, sponsored by their parent organizations, who are
active in the industry or are involved in test and evaluation and
instrumentation systems.
The unique relationship, which began in 1965, between the
manufacturing community and the users in both government and
industry has produced yearly conferences that have led to the
continued advancements in telemetering and instrumentation
systems and equipment we rely on today, as well as the continuing
education of telemetering professionals worldwide.
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WHAT WE DO . . .
> Provide a forum for the exchange of ideas
and information
> Educate with short courses and tutorials
> Publish technical papers
We provide a forum for the exchange of information and education.
Our technical program consists of approximately 100 technical
paper presentations logically grouped into several concurrent
sessions. All papers are screened prior to acceptance to maintain
high technical standards and relevance to the industry. Sessions and
presentations are timed for the convenience of the attendee.
In addition to the paper presentations, we offer several short
courses on subjects of interest to the community. Past courses, for
example, have included Telemetering Basics for engineers just
entering the field and non-technical members of the community, as
well as courses such as Telemetering System Design and Application
of Global Positioning System Capabilities for the advanced engineer.
Every conference includes several speakers who open the event and
address the luncheons. Each speaker is a recognized expert in his
field and discusses a topic of interest to the community. Past
speakers have included various Department of Defense
undersecretaries, NASA administrators, university presidents,
technical directors, corporate CEOs, and astronauts.
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TECHNICAL EXHIBITION . . .
> 200+ booths staffed with sales and
engineering specialists
> Over 125 exhibitors per conference
A technical exhibition is an integral part of each conference. The
primary goal of our exhibits committee is to ensure an efficiently
organized and well-managed exhibit area. Committee members
enroll the exhibitors, assign spaces, appoint an exhibits management
company to set up the booths, receive and deliver the exhibitors’
equipment and displays, and attend to the needs of both the
exhibitors and the attendees. Each conference includes a meeting
between the exhibitors, ITC exhibits staff, and the responsible IFT
director to ensure that we are meeting the needs of all concerned.
Continued coordination with the telemetering community has
resulted in the number of exhibitors exceeding 125, and the number
of booths has increased to over 200 spaces.
For nominal charges, exhibitors can have their booth(s) carpeted and
furnished to their specifications. Electrical power and telephone
services are also available. In addition, each exhibitor receives a copy
of the Technical Proceedings on a DVD and a pass to attend the
technical sessions at no charge. A complete list of attendees,
including all exhibitor personnel, is distributed to each exhibitor at
the close of the conference.
A separate publication is available, which outlines the responsibilities
of the exhibitors and the ITC.
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EDUCATION . . .
> Individual scholarships
> Monetary grants
> Establishment of programs
> Technical coordination
An integral part of the IFT philosophy is active participation in
education. Residual funds from each conference are channeled into
programs at several universities in the U.S. We were a major force
in the establishment of a Master’s Program with an emphasis in
telemetering in the Electrical and Computer Engineering
Department at New Mexico State University. Since that beginning,
we have added programs at the University of Arizona, Brigham Young
University, the University of Missouri-Rolla, the University of
California at Santa Barbara, and the University of Kansas.
The grants from IFT to the universities help fund numerous diverse
endeavors in the telemetering field. These funds support
development of curricula and programs in telemetry, lab equipment
purchases, specific projects, professorships, graduate assistantships,
scholarships, and student travel to the ITC. Each year, the conference
sponsors a student paper contest and awards prizes to the best
papers in both the undergraduate and graduate categories.
The IFT also sponsors the Telemetering Standards Coordinating
Committee (TSCC) and the International Consortium for Telemetry
Spectrum (ICTS). The TSCC is comprised of members of both
government and industry
and serves to review and
recommend proposed standards affecting the telemetering community. The
ICTS is an international
committee that serves to
keep its members and the
appropriate members of
the international community aware of potential
impacts on the telemetry
spectrum.

Gone... but not forgotten.

Judd Strock, a telemetry pioneer
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BENEFITS TO YOU,THE EXHIBITOR . . .
> A professionally-managed environment to showcase your products
and services
– We have earned our reputation as a well-managed, highly technical conference.

> Promotion and advertisement of your participation in the
conference
– We direct mail to our mailing list and advertise in appropriate periodicals several
times a year.

> Domestic and international attendance
– Typically, non-U.S. attendees number in the mid-100s with over 25 countries
represented.

> Reach more potential customers per advertising dollar
– Our attendance exceeds 2,200 engineers, scientists, and management personnel.

> See your competition
– Learn what you have to do to keep ahead in product development.

> Get new ideas to expand your product base
– Listen to attendees describe their particular requirements and compare their needs
with available technology.

SO WHY WAIT?
VISIT WWW.TELEMETRY.ORG
TO FIND OUT MORE ON
ATTENDING/EXHIBITING AT

ITC!
International Foundation
for Telemetering
5665 Oberlin Dr. Suite 200
San Diego, CA 92121
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