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Foreword
Thank-you everyone for attending this, the forty-ninth year of the International Telemetering Conference!
The topic that I would like to take up this year in my publisher’s note is “The Newly Imposed Challenges of DoD Conference Travel”.
In some respects this is a continuation of the thoughts I expressed in my publishers note for last year’s conference, titled “Why ITC?”
Except that this year, the chain of events that were just un-folding last year as the 2012 conference was about to begin are now fully realized. Severe miss-steps
by other government organizations, the GSA (Las Vegas) and the IRS (Anaheim) as examples, combined together with the net effect of sequestration have
resulted in a condition where obtaining approval for conference travel for our government employed attendees has become nearly impossible. Even the
government employed members of our volunteer planning and organizing committee have lost their ability to attend the meetings that occur throughout the year.
We have also been told to expect that authors of papers submitted for the conference that are government employees are likely to be blocked from attending and
presenting their papers.
Prior to the events of the last eighteen months, funded travel for attending conferences was becoming increasingly difficult to get approval for. The momentum of
the discussion was already being changed by the availability of technology that enables you to attend some meetings in real time from your desk. The
management rational was already rapidly becoming“Why do our people need to attend? Isn’t all of this information easily at hand online?” For the technical
materials for this conference, the answer continues to be no. The only available source for the technical content of the conference is this DVD. But this question
continues to overlook the obvious. Even if the papers and presentations could be streamed or downloaded, all of the attendees would still be denied the dynamic
environment of the conference. You would still lose all of the personal interaction that comes with so many folks from the ranges all being in one place. Just one
example - How much more interesting and useful is the presentation of a technical paper when the folks in attendance ask questions, and challenge the author’s
conclusions in real time?
So now the question becomes “How do we get back to where we were?”
Some believe that the current travel restrictions are a cyclical event, one that we have seen before and that we’ll likely see again. Others hold to the belief that it
amounts to an over compensation for the “almost anything goes” mindset of the previous 10 years, one where any gatherings of members of the range community
were viewed as a worthy organizational expense. Both of these views are rational and are at least partially supported by historical evidence. Personally, I don’t
fully subscribe to either viewpoint. My belief is that we are paying the combined wages of past excesses and our own inaction. From my viewpoint, it is the past
actions of a few that have resulted in a loss for the many. Our inaction was that we let it become too easy for the educational opportunity and idea exchange of a
technical conference to become overtaken by interest in extracurricular entertainment activities that for some occurred after hours, but for too many even partially
replaced attendance at the conference.
I believe that if we are to preserve the conference as a valid technical forum, our directed effort needs to become reinforcing the reputation of the conference as
the pre-imminent event for technical exchange in the telemetry community and set aside considerations for desirability of the location and after-hours
entertainment opportunities. Do we really need for our conference to occur at a tourist destination such as Las Vegas or San Diego? Would fewer people attend if
the conference were held in St. Louis, or a suburban community near the airport in Chicago? Should we care if some folks decided not to attend the conference
because there is nothing else ‘Fun’ to do there?
Does anyone reading this believe that all of the benefits of attending the conference can be captured into a virtual experience that can be attended remotely? How
much closer are we now to being faced with building that reality for our community?
Speaking for the Foundation and the volunteer members of our organizing committee, we hope that all of you will leave this year’s conference with new
relationships and understandings of telemetry science that you can build on over the years to come. And, we all really hope that we will see you all again next
year, and the year after that and…

Steve Proudlock - September 2013

Disclaimer:
We have strived to accurately reproduce papers on CD-ROM and now DVD in a format that can be easily
read and widely accessible. We know this process is less than perfect, and errors may have been introduced
or material inadvertently omitted. There were instances in which the electronically submitted manuscript
differed from the hardcopy reference – some papers were resubmitted multiple times. Wherever possible we
tried to use the most recently submitted electronic copy as the correct version. For hardcopy conversion of
old proceedings, additional opportunity for error is introduced. The trials and tribulations of this aspect of our
work have been noted annually in this set of notes accompanying each CD or DVD over past years. In any
case, the International Foundation for Telemetering assumes no responsibility for the correctness or accuracy
of material appearing in these proceedings. In all cases where the data is to be put to use, the author or
authors of the material should be consulted to verify the correctness and accuracy of the material.
Copyright:
All material on this DVD is Copyright© International Foundation for Telemetering, all rights reserved unless
the paper was submitted as “U. S. Government - All Rights Reserved,” or other restrictions were accepted as
noted on individual papers and/or on the copyright forms.
Corrections:
This DVD contains the 1965 through 2013 proceedings. Corrections to this material will be considered for
inclusion in future DVD’s. In order to be considered, corrected material must be accompanied by a correction
request signed by all authors of the paper. The correction request must note exactly what material has been
or needs to be corrected. To be considered, corrections must be submitted by June 1 of the current year to
that year’s Technical Program Chair. The 2002 conference proceedings on this release implemented a
correction of this type: paper 02-04-1 was withdrawn by the author.

A MESSAGE FROM THE
IFT BOARD PRESIDENT
Welcome to ITC 2013. The International Foundation for
Telemetering (IFT) is pleased to sponsor this unique event, now
in its 49th year.

Les Bordelon

Pride in that tradition means we expect ITC 2013 will be even
better. General Chair Kurt Kosbar and Technical Program Chair
Mike Marcellin have a program with outstanding papers, hardware, and software exhibits. Our exceptional volunteer staff and
the organizations supporting them really are the core of ITC.
Their hard work literally makes ITC possible.

Education is one of our primary goals — short courses, technical
International Foundation
papers, exhibits, and interaction with the real experts. You really
for Telemetering
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.
Board President

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.
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.

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
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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 !

WELCOME

Dr. Kurt Kosbar
2013 General Chairman
Missouri University of Science
and Technology
Rolla, MO

Dr. Michael Marcellin
2013 Technical Chairman
University of Arizona
Tucson, AZ

COME

ITC 2013

JOIN US AT

Lena Moran
2013 Executive Coordinator
TRAX International
Moreno Valley, CA

As has been the tradition for 49 years now, we are offering a comprehensive educational and professional development opportunity for the telemetry community.
Exhibitors are filling two large halls to showcase their latest products and services, we
have a full short-course program, technical program, professional society meetings, and
guest speakers who will be offering a perspective of where this industry has been, and
the challenges ahead.
Just about every major sensor, communication, analysis and presentation tool used in
the industry today was first discussed as a technical paper or expert panel discussion
at past ITC conferences. Telemetry standards, advanced modulation algorithms, transmission and reception techniques, signal processing and intelligent systems have all
debuted at ITC. This year’s conference will continue the tradition of giving users, developers and integrators a forum to learn what is new in the industry, present their ideas,
requirements, products and wish lists of capabilities for products that will be developed
and deployed in the coming years.

T H A N K YO U TO O U R
I T C VO L U N T E E R S !
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ITC continues to be run by an all-volunteer
organizing committee without whom the
conference 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 49 years.

This year’s conference will lead off with a discussion on the opportunities and challenges faced by “big data” — systems that generate orders of magnitude more data
than those of only a few years ago. Concepts such as data centricity, virtualization, data
mining, information security and cloud computing will be addressed. Changing government regulations and spectral limitations and reallocations are perennial issues at ITC.
Attendees can learn what solutions are currently available for these problems, attend
theoretical discussions of solutions which may be available in future years, and help
influence future regulations in this area.
The ITC sponsors the Telemetry Standards Coordinating Committee (TSCC) which
brings together government, corporate, education and international telemetry experts
to review proposed standards and make recommendations. We also sponsor the
International Consortium for Telemetry Spectrum (ICTS). The work this group did in
bringing about the allocation of spectrum in the C-band was outstanding. But more
important work continues in this area.
The conference is offering 11 short courses, covering everything from basic telemetry
fundamentals to advanced system design and analysis. This is followed by three days of
technical paper presentations to address specific advances in the art and science of
telemetry.
In summary, ITC brings significant benefits to the commercial and government community, the vendors who build new and innovative produces for this market, the test and
evaluation community of engineers, technicians who use these systems and products,
and those who bring all this together into turnkey solutions for today’s problem solving – and tomorrow’s challenges.
— Kurt Kosbar
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>Location: Skyview 5/6

CLOSED

Opening Ceremony & Keynote Address >Location: Skyview 5/6
“A New Paradigm: Big Data Changes Everything”

CLOSED

TUESDAY, OCT. 22

Keynote Speaker: John M. Custer MG, USA (Ret.) – Director of Federal Programs, EMC
Exhibits Are Open from 10:00 AM to 6:00 PM

10:00 AM
11:00 AM
to
1:00 PM

1:30 PM
to
4:30 PM

Student Luncheon & Speaker >Location: Skyview 1
“View from the Cockpit — A Test Pilot’s View of the Role of Telemetry Systems”
Speaker: James E. Brown III “JB” – F-22 Chief Test Pilot, Lockheed Martin Aeronautics Corp.
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Special
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Conference Luncheon & Keynote Speaker >Location: Skyview 5/6
Telemetry and Remote Presence in Healthcare

OPEN
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to
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CLOSED

Speaker: Dr. Yulun Wang – Chairman and CEO of InTouch Health
2:00 PM
2:30 PM
to
5:30 PM

Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Bronze 1

Technical Sessions:
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14.

15.

16.

Modulation &
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Processing

Image & Video
1
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& Applications
2
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2
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C-Band Utilization PM
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Special
PM
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17.

Exhibits Are Open until 6:00 PM
8:00 AM
THURSDAY, OCT. 24
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WEDNESDAY, OCT. 23

to
11:30
AM

OPEN
10:00
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to
6:00
PM

8:30 AM
to
11:30
AM

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

Technical Sessions:

18.
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21.

22.

Modulation &
Coding 4

Networks
3

Image & Video
2

Hardware

Robotics

OPEN
8:00
AM
to
12:00
PM

Exhibits Are Open Until 12:00 PM
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.

SHORT COURSES

SHORT COURSES
>MONDAY, OCTOBER 21, 2013 | 9:00AM–5:00PM
Short Course

Description

Instructor

Advanced Modulation
& Demodulation
Techniques For
Telemetry

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

Terry Hill,
Quasonix, LLC

Basics of Aircraft
Instrumentation

This course is an introduction to the full measurement chain, from sensor to graphic display. The course will cover
modern airborne data acquisition, recording, RF telemetry, and data reduction/processing systems. Emphasis is on
practical application of instrumentation devices, their operations, and best practices.

Mike Golackson
& Jim Alich,
Air Force Test
Center, Edwards
AFB

Basic Signals
& Modulation

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

Basic Systems
Engineering

This course studies end-to-end telemetry systems with their signal and noise characteristics. It concentrates on analysis of data streams for efficient transfers over the communication link. Sampling, filtering, commutation, and RF link characteristics are studied. Line Coding (NRZ-L, BIΦ-L, etc.) with their spectral (Fourier) characteristics, bandwidth and
filtering requirements are analyzed. Benefits of using Forward Error Correction (FEC) for data transmission is explained
(Block, Convolutional, and Turbo Coding concepts are discussed). Modulation techniques such as AM, PCM/FM (CPFSK),
BPSK and QPSK are analyzed; their Eb/N0 and BER performance characteristics are compared. Learn dB/dBm concepts
better. Course relies on the basic mathematical principals of the system.

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 typiMark McWhorter,
cally found in telemetry systems, touching on design and applications. Consideration of antennas, transmissions lines, couZodiac Data
plers/splitters/combiners, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc. is given. Concepts such as
Systems
“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.

Thomas Grace,
NAVAIR
Patuxent River
& Ben Abbott,
SwRI

ITC/USA 2013

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 iNET
Telemetry Network System (TmNS) 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. This course is intended for anyone who needs an introduction to iNET 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.

Halil Altan,
Altan Tech
Consulting

SHORT COURSES (CONT.)
& TECH SESSIONS

SHORT COURSES
>MONDAY, OCTOBER 21, 2013 | 9:00AM–5:00PM
Short Course

Intermediate
Concepts

Description

Instructor

This course is designed for the more experienced user. It includes a discussion on technology covering the entire system Tim Gatton,
from signal conditioners to recorders, workstations, and software. Specific topics include systemic implementations of
Smartronix
Nyquist and Nyquist folding, recorder architectures (both hardware and software), RAID implementations (DAS, NAS, SAN) (Formerly Wyle
and performance issues of Windows and Unix system architectures, Range Communications, and the use of the new Chapter
TDS)
10 Data formats, with a review of how the new iNET architecture will impact the ranges through 2025.

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. 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 &
Analysis
Corporation

Introduction to
MATLAB

This is a hands-on course for practicing engineers who would like to learn how to leverage one of industry's most powerful
software tools: MATLAB. Participants will gain the experience of writing their own MATLAB scripts. Topics covered will be
basic MATLAB syntax, file I/O, data analysis, data reduction, event simulation, data visualization, and algorithm development.
We will explore MATLAB's basic tool set as well as additional tool boxes. No programming experience is required. MATLAB
software and a rental license will be provided as part of the course, however, participants will need to provide their own
laptop computer.

Grant Senn,
TRAX
International,
LLC

Principles &
Implementation of
the IRIG 106-11
Chapter 10
Standard

Spectrum and
Signal Analysis

This course offers an in-depth tutorial presentation of the IRIG 106-11 Chapter 10 Digital Recorder Standard for onboard,
Al Berard,
ground and replay/reconstruction systems. Recording, reconstruction and replay systems from Eglin AFB IDIQ IRIG-106 Air Force Test
Chapter 10 compliant systems will be demonstrated. The workshop leaders have pioneered IRIG-106 Chapter 10 standard Center, Eglin AFB
and uses throughout developmental test, operational test and operational fleets. An overview of the IRIG 106-13 standard & Mark Buckley,
additions and changes will also be presented as well as the use of the standard in the standardization of high-speed instru- Telspan Data
mentation video test systems.
This course explores the range of measurements that can be made with a vector spectrum analyzer, from swept
measurements of the RF spectrum through spur searches and pulsed signal measurements and on to more advanced
measurements like phase noise, noise figure and demodulation of communications signals. The material presented is suitable
for beginners, but can also serve as a useful survey for more experienced users.

Donald
Vanderweit,
Agilent
Technologies

*Short course certificates provided upon request.

ITC/USA 2013 TECHNICAL SESSIONS AND SESSION CHAIRS
>Tuesday, October 22

>Wednesday, October 23

Session 1. Modulation & Coding 1
Stephen Horan, NASA Langley Research
Center

Session 7. Modulation & Coding 2
Gene Law, PAE Applied Technologies, LLC

ITC/USA 2013

Session 2. Networks 1
Michael Golackson, Air Force Test
Center, Edwards AFB
Session 3. Data Acquisition 1
James Yates, L-3 Communications
Session 4. Space Applications
Kevin Crawford, NASA Marshall Space
Flight Center
Session 5. Antenna & RF
Systems 1
Dr. Gerhard Mayer, University of
Salzburg, Austria
Session 6. Sensors
Lee Eccles, Boeing Corporation

Session 8. Networks 2
Diarmuid Corry, Curtiss Wright
Session 9. Data Acquisition 2
Lorin Klein, Air Force Test Center, Eglin AFB
Session 10.Range Systems &
Applications 1
Mike Scardello, Spiral Technology
Session 11. ICTS*
Jean-Claude Ghnassia, Telemetry
Spectrum
Session 12. Modulation &
Coding 3
Raymond Faulstich, PAE Applied
Technologies, LLC

>Thursday, October 24
Session 13. Signal & Data
Processing
Rich Hansen, Air Force Flight Test Center
(ret)

Session 18. Modulation &
Coding 4
Brian Keating, Naval Air Warfare
Center Aircraft Division

Session 14. Image & Video 1
Tim Gatton, Smartronix (Formerly Wyle
TDS)

Session 19. Networks 3
Sergio Penna, Embraer

Session 15. Range Systems &
Applications 2
Bruce Lipe, Air Force Test Center, Edwards
AFB
Session 16. Antenna & RF
Systems 2
Ronald Pozmantier, Air Force Test Center,
Edwards AFB

Session 20. Image & Video 2
Kenneth Wilhelm, Boeing
Corporation
Session 21. Hardware
Joseph Bilodeau, Boeing
Corporation
Session 22. Robotics
Rodger Charroux, The Aerospace
Corporation

Session 17. C-Band UtilizationRequirements & Challenges *
Steve Musteric, Lead Engineer, TSCRS
Effort

* Special Session

KEYNOTE SPEAKER

ITC/USA’13 KEYNOTE SPEAKER
OPENING CEREMONY & KEYNOTE ADDRESS

>Tuesday, October 22, 2013 8:00am – 10:00am | Skyview 5/6

A NEW PARADIGM: BIG DATA CHANGES EVERYTHING
In recent years, Big Data has been described as a rising tsunami taking on a life of
its own. Bringing value to such hyperscale datasets can only be accomplished with
analytics and although both companies and pundits agree that Big Data Analytics
could ultimately define the current information technology era, few can provide real
solutions. Is chaff the new wheat? Vastly different approaches are being attempted and engineered to decipher and leverage
Big Data across the business, military and governmental arenas. This is the conundrum lying on the horizon for the Test and
Evaluation Community and the ability to visualize and develop strategies to deal with Big Data could determine success or
failure in the future.

Keynote Speaker:
John M. Custer MG, USA (R) – Director of Federal Programs, EMC
Major General USA (R) John M. Custer is the Director of EMC’s Federal Strategic Missions and
Programs. EMC is a leader in enabling government agencies to transform their operations and deliver IT as a service. Through innovative products and services, EMC accelerates the journey to cloud
computing, helping IT departments to store, manage, protect and analyze their most valuable asset –
information – in a more agile, trusted and cost-efficient way.
General Custer is responsible for leading all aspects of strategy, business development and program
execution for EMC Corporation’s Federal Business Division. His background with Intelligence, Surveillance and
Reconnaissance (ISR) operations as well as Intelligence Training is crucial as EMC partners closely with the Federal
Government and Department of Defense on its “Journey to the Cloud.”
Custer has more than three decades of government experience with intelligence, secure communications architectures,
information technology and surveillance operations. As Director of Intelligence for U.S. Central Command, he supervised
intelligence operations in twenty-seven nations across the Middle East and oversaw all ISR operations in Iraq, Afghanistan,
the Horn of Africa, and the remainder of the Middle East. General Custer commanded at every level and served as the primary Intelligence Staff Officer (S2/G2/J2) at Battalion, Brigade, Division, Corps and Joint Command echelons. He worked
as a Space Architectures Planner for the Joint Chiefs of Staff and as a Nuclear Weapons Targeting Officer aboard the
Supreme Allied Commander Europe (SACEUR) Airborne Command Post.

ITC/USA 2013

Custer is a graduate of the University of Delaware, a graduate of the Defense Language Institute’s Russian curriculum and
earned Masters degrees in Strategic Intelligence from the Joint Defense Intelligence College and in National Security Studies
from the National War College.

LUNCHEON SPEAKERS

CONFERENCE LUNCHEON GUEST SPEAKERS
CONFERENCE LUNCHEON
>Wednesday, October 23, 2013
12:00pm – 2:00pm | Skyview 5/6
Dr.Yulun Wang, Chairman and CEO of InTouch Health, is a pioneer in the area of surgical robotics and
remote presence robot systems. These systems allow healthcare professionals to provide more effective
and efficient healthcare by allowing them to be to “be in two places at once”. Dr. Wang will be discussing the challenges and opportunities available to the telemetry community in this rapidly expanding field.
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Luncheon Speaker: Dr. Yulun Wang
Chairman and CEO of InTouch Health
Yulun Wang, Ph.D., Chairman & Chief Executive Officer, launched his career at the intersection of healthcare and technology with the founding of Computer Motion and the invention of AESOP, the first FDA-cleared surgical robot. Under his
leadership, Computer Motion went public in 1997 and later merged with Intuitive Surgical. In 2002, Dr. Wang established
InTouch Technologies which does business as InTouch Health and has been recognized by Deloitte as one of today's 500
fastest growing technology companies and by Inc. Magazine as one of the 500 fastest growing companies and top 100
health companies in America. Dr. Wang has received multiple entrepreneurship and leadership awards and was elected to
the prestigious ranks of the National Academy of Engineering in 2011. Author of over 50 publications with over 100
patents registered in his name, he is a member of the University of California, Santa Barbara's Electrical and Computer
Engineering and Mechanical Engineering Advisory Board, the Hoag Memorial Hospital Presbyterian Board of Directors,
and the American Telemedicine Association (ATA) Board of Directors, where he also serves as an officer. Frequently invited to speak at noteworthy meetings and events, Dr. Wang has appeared on the Today Show, CNN and other nationally televised news programs. He received his Ph.D. in Electrical Engineering specializing in Robotics from the University of
California, Santa Barbara, in 1988.

STUDENT LUNCHEON SPEAKER
>Tuesday, October 22, 2013 11:00pm – 1:00pm | Skyview 1

VIEW FROM THE COCKPIT:
A TEST PILOT’S VIEW OF THE ROLE

OF TELEMETRY

SYSTEMS
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Student Luncheon Speaker: James E. Brown III “JB”, F-22 Chief Test Pilot
Lockheed Martin Aeronautics Company
Jim Brown graduated “With Distinction” from the Virginia Military Institute in 1976 with a BS
Degree in Civil Engineering, earned a Master of Science in Management from Troy State
University and completed graduate study in Mechanical Engineering with California State University, Fresno. Following two
European tours flying the F-4 and F-5 he was selected to attend the USAF Test Pilot School where he graduated in
December of 1986. Following graduation he tested the A-7, F-15 Eagle and then performed flight trials on numerous prototype aircraft which remain classified. Leaving the USAF in 1992, he flew the 737 for United Airlines for 2 years. In 1994
he was hired by the Lockheed Skunk Works as an Experimental Test Pilot in the F-117 Stealth Fighter. After flying the Stealth
for eight years, he was selected to test the F-22 Raptor. He served as the Lead Test Pilot for the Raptor Program at Edwards
Air Force Base, CA and in July 2011 took over as the F-22 Chief Test Pilot. In April 2012 he surpassed 1,000 flight hours
in the Raptor. JB is a Fellow and Past President of the Society of Experimental Test Pilots and is a Fellow of the Royal
Aeronautical Society. He has logged over 8,800 flight hours in 129 different models of aircraft and is the world’s highest
time Stealth Fighter pilot.

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 at
Missouri S&T
The IFT established a Telemetry Learning Center at the Missouri University
of Science and Technology to introduce telemetry and system design
projects into the curriculum, and to support a wide range of projects which
use telemetry. Many of the projects have been in non-DoD related areas,
including alternative/green energy applications, transportation systems, and
infrastructure health monitoring.
Recently a team of four undergraduate students from S&T was awarded the
top undergraduate student paper prize at ITC for their description of a semiautonomous quadrotor aircraft. The students designed and fabricated a three
axis accelerometer and gyro instrumentation package, signal conditioning
hardware, microcontroller board, power electronics to control the brushless
DC motors, and RF communication link. They wrote software for the
microcontroller to control the aircraft, and allow it to make a number of preprogrammed maneuvers. In addition there was user interface and data
logging software which was executed on a PC platform. This project is
typical of many at the Telemetry Learning Center, in that students are
encouraged to take on system-level design and integration tasks.

Another system level project involved an image processing system that
would autonomously survey an area and watch for objects that appeared
unusual. It would then estimate the location, size and direction of movement

of these objects, reporting the results to a central location. The project
involved mechanical design, image processing, microcontroller based
design, two levels of RF communications, and user interface design.

A semi-annual competition that S&T participates in is the Solar Decathlon
challenge. Selected universities are invited to design a house which is as
comfortable and attractive as a modern apartment – but which relies
exclusively on renewable sources of energy. The homes must also be
constructed using currently available technology – and then transported to
the National Mall in Washington D.C. for judging. A variety of students
working on this project have also been supported by the IFT. Enough of
these houses have been built that S&T now sports a “solar village”

consisting of 4 residences where students and their families can live near
campus, but without using conventional utilities. An outgrowth of the Solar
Decathlon projects has been a series of design teams that investigate
monitoring and telemetering of data collected by wireless sensor networks in
residential and commercial structures. In one recent application the sensor
network monitored utility usage in a structure, to identify anomalous usage
and send an alarm over a conventional cellular phone network.

To introduced students to system level design earlier in the curriculum, the
Telemetry Learning Center is working with the IFT and Rolla Engineered
Solutions to develop an inexpensive robotics platform, the LabRat™. Early
in their academic career students purchase the components for the robot, and
learn how to identify, handle, and assemble the parts. In subsequent
laboratories the platform is used to introduce students to the equipment,
theories, and experimental procedures needed in the electrical and computer
engineering program. Students are encouraged to develop their own
additions and modifications to the platform.

Other projects supported by the TLC include: Multiple-Input Multiple
Output Channels for air-to-ground telemetry systems, cognitive radio
systems, nanosat support, structural health monitoring of civil engineering
structures, sensor networks, health monitoring and performance analysis of
composite materials, telemetry for autonomous vehicles, and SAE formula
race cars.

The technical breadth of the telemetry community, combined with the
flexibility of the IFT support, has made the TLC a particularly useful and
adaptable center. The TLC is often used to support projects initiated outside
the center. This support has provided welcome relief to many teams who
have discovered that they overlooked, or failed to allocate enough resources
for, the telemetry and data logging aspects of their designs.
Faculty specializing in communications, image processing, electromagnetic
compatibility and power distribution all participate in the TLC activities. A
distance education curriculum has been developed at Missouri S&T in
cooperation with the University of Southern California (USC) and the
Boeing Company to offer a Master of Science degree in Systems
Engineering to non-traditional graduate students. Using the World Wide
Web, and other means of electronic delivery, students from across the U.S.,
and throughout the world, can participate in selected courses taught on the
MST and USC campuses.
The IFT funds have been used to leverage additional support from a variety
of public and private sources, providing students with improved test
equipment including high frequency signal sources, scopes, spectrum
analyzers, printed circuit board fabrication equipment, SMT assembly and
rework stations, and assorted test equipment.
Travel funding has also been supplied by the IFT, to allow students to attend
the ITC conferences. In addition to providing technical stimulation for the
students, it has given some Midwestern students their first taste of Las Vegas
and Southern California (and some have never been the same since).
The faculty, staff, and students at Missouri S&T would like to thank the IFT,
and the ITC participants for their many years of support, guidance and
encouragement.

University of California, Santa Barbara
May 2013

(1) Graduate Research







Dynamically reconfigurable medical ultrasound
imaging (CDMRP-Army)
3D LIDAR imaging (Navy STTR)
Classification of subsurface targets (NRL)
Advanced design for radiation detectors (FLIR)
Secured sensor networks (DoE)

Research support







US Army
US Navy (STTR)
US Department of Energy
Naval Research Lab
Industry
Various donors

(1-A) Reconfigurable ultrasound
imaging arrays

Laboratory prototype

Imaging experiments

Image formation
(variation of FMCW bandwidth)

(1-B) 3D LIDAR Imaging

(1-C) Classification of subsurface targets

(1-D) Digital radiation detector array

Chip layout

Graduate Research







Dynamically reconfigurable medical ultrasound
imaging (CDMRP-Army)
3D LIDAR imaging (Navy STTR)
Classification of subsurface targets (NRL)
Advanced design for radiation detectors (FLIR)
Secured sensor networks (DoE)

(2) Undergraduate projects
(2012-13)
 Circular-scan GPR imaging
 Identification and correction of visual distortion due to
maculopathy
(2013-14)
 Vision system with fusion of IR and optical camera
arrays
 High-accuracy estimation with dual-view X-ray imaging

2012 - 13 Undergraduate Team


Senior students:
Team 1: Vincent Radzicki (lead)
Kevin Tsung
Juan Perez
Team 2: Chia-Yin Tsai



Junior students:
Sean Smith *
Melissa Johnson

(2-A) Circular-scan GPR imaging

Circular-scan GPR imaging

Team members (3 undergraduate seniors)

Subsurface profile

(2-B) Visual distortion
due to maculopathy

Study case 778582
Left eye: normal, Right eye: macular pucker

Study case 3669300
Left eye: normal, Right eye: macular edema (diabetes)

Formulation of the distortion

Estimation of the transfer function

Correction with optical lens

(3) Recent Publication
textbook for
ECE 194 (introduction to telemedicine)

(4) 2013 ITC Participation
Faculty members: 2
Papers: 2
Students: 3 - 4

IFT Report – Spring 2013
Michael W. Marcellin
Regents’ Professor
International Foundation for Telemetering Chaired Professor
Department of Electrical and Computer Engineering
The University of Arizona
Tucson, AZ 85721
marcellin@ece.arizona.edu
www.ece.arizona.edu/~mwm
+1-520-621-6190

2012-13 Activities


8 Papers (4 undergrad, 3 graduate, 1 faculty) at ITC 2012




36 UofA Attendees at ITC 2012






Second Place, Undergraduate Student Paper Contest
29 Undergraduate Students
4 Graduate Students
3 Faculty Members

Alternate


Telemetering Standards Coordination Committee
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Coding and data compression subcommittee

ITC 2013 Tech Chair

ITC 2012 Attendees
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ITC 2012 Graduate Student Papers


Novel Broadband Direction of Arrival Estimation Using Luneburg
Lens





Advances in Non-Foster Circuit Augmented, Broad Bandwidth
Metamaterial-Inspired, Electrically Small Antennas





Student: Ning Zhu
Faculty Advisor: Richard Ziolkowski

Measurement of Visibility Thresholds for Compression of Stereo
Images
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Students: Xiaoju Yu, Min Liang, and Rafael Sabory-Garcia
Faculty Advisor: Hao Xin

Student: Hsin-Chang Feng
Faculty Advisors: Michael Marcellin and Ali Bilgin

ITC 2012 Undergrad Student Papers


A Wireless Sensor Network Powered by Microwave Energy






Small Wearable Antenna for Animal Tracking









Students: Samuel Martin, Jackeline Mayer, Parker Owan, Kyle
Stephens, and Lee Suring
Faculty Advisors: Elmer Grubbs and Michael Marcellin

Machine Vision and Autonomous Integration into an Unmanned
Aircraft System
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Students: Jared R. Fowler, Jon M. Austin, Kathy T. Estrada, Martin
Velazquez, Robin Mohr, and Ruben Sanchez
Faculty Advisors: Kathleen Melde and Michael Marcellin
Second Place – Student Paper Contest

NASA Remote Imaging System Acquisition (RISA) Multispectral
Imager Development Updates




Students: Emily Adams, Ayman Albagshi, Khaleel Alnatar, Gregory
Jacob, Nathan Mogk, and Alexis Sparrold
Faculty Advisors: Michael Marcellin and Hao Xin



Students: Josh Alexander, Sam Blake, Brendan Clasby, Anshul Jatin
Shah, Chris Van Horne, and Justin Van Horne
Advisors: James Dianics and Hermann Fasel

ITC 2012 Faculty Paper


A Runlength Coded LDPC Scheme for Insertion/Deletion
Correction in Multimedia Watermarking
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Authors: Bata Vasic and Bane Vasic

ITC 2013 Graduate Student Papers


Validation for Visually Lossless Compression of Stereo
Image





Spread Spectrum Signal Detection from Compressive
Measurements





Student: Feng Liu
Advisors: Michael Marcellin, Nathan Goodman and Ali Bilgin

Low-Complexity Iterative Reconstruction Algorithms in
Compressed Sensing
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Student: Hsin-Chang Feng
Advisors: Michael Marcellin and Ali Bilgin

Student: Ludovic Danjean
Advisors: Bane Vasic, Michael Marcellin and David Declercq

ITC 2013 Graduate Student Papers


Calibration of High Dimensional Compressive Sensing
Systems: A Case Study in Compressive Hyperspectral
Imaging





Adaptive, Feature-Specific Spectral Imaging Classifier
(AFSSI-C)





Students: Matthew Dunlop, Phillip Poon
Advisors: Dathon Golish, Esteban Vera and Michael Gehm

Direction of Arrival Estimation Improvement for Closely
Spaced Electrically Small Antenna Array
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Students: Phillip Poon and Matthew Dunlop
Advisors: Esteban Vera, Dathon Golish and Michael Gehm

Student: Xiaoju Yu
Advisor: Hao Xin

ITC 2013 Graduate Student Papers


Combined Modulation and Error Correction Decoder for
TDMR using Generalized Belief Propagation





Optical Orbital Angular Momentum for Secure and Power
Efficient Point-to-Point Wireless Communications
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Student: Mehrdad Khatami
Advisor: Bane Vasic

Student: Mohammed Alfowzan
Advisor: Bane Vasic

ITC 2013 Undergrad Student Papers


Near Field Wireless Power Transmission for Small Electronics






Collar-Integrated Small Mammal GPS Tracker








Students: Josh Gustafson, John Kay, Janelle Pilar, Rafael Rojas, Lance Sylvester,
and Rachel Trojahn
Faculty Advisors: Elmer Grubbs and Michael Marcellin

Machine Vision and Autonomous Integration into an Unmanned
Aircraft System
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Students: Ina Kundu, Sean Rice, Kevin Klug, Hao Chen, Yizhou Zhong, and
Elizabeth Marquez
Faculty Advisors: Michael Marcellin and Kathleen Melde

National Aeronautics and Space Administration Remote Image
System Acquisition




Students: Jared Eberhard, Christian von Oppenfeld, John Manos, Aniket Patel,
Meshal Althawab, Alex Tavour and Alan Hernandez
Faculty Advisors: Michael Marcellin and Hao Xin

Students: Brendan Clasby, Anshul Jatin Shah, Chris Van Horne, and Justin Van
Horne
Advisors: James Dianics, Hermann Fasel and Michael Marcellin

Near Field Wireless Power Transmission for
Small Electronics
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Collar-Integrated Small Mammal GPS Tracker

12

National Aeronautics and Space Administration
Remote Image System Acquisition

13

Machine Vision and Autonomous Integration
into an Unmanned Aircraft System
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Thanks!


Thanks for your generous support


15

IFT funding is key to our program!

NMSU Report to the IFT Board of
Directors – May 2013
Dr. Charles D. Creusere, Frank Carden Chair in
Telemetering & Telecommunications
Klipsch School of Electrical and Computer
Engineering

Topics
• Topics
– NMSU Update
– Educational Programs
– Research Programs
– IFT Scholarship Winners
– Graduate Certificate program in Telemetering
– ITC
– New Initiatives
2

NMSU Update
• Klipsch School Faculty: unchanged
– Drs. Phillip Deleon, Deva Borah, Laura
Boucheron, Charles Creusere, and Joerg Kliewer
continue on the faculty in the Signals and
Systems area

NMSU Update
• Department Head: Unchanged
• Dr. Satish Ranade continues serving as Department
Head

• NMSU president
• Dr. Garrey Carruthers was selected May 2013
• Most recently, Dean of the College and Business and a
former New Mexico governor
• Selection process for a new provost should start soon
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Educational Programs
• Dr. Creusere taught EE585 Telemetering
Systems for the first time Fall semester 2012
• Hybrid distance-educational/in-class
format
• Using Steve Horan’s book
• Definitely a learning experience for all
involved!
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Educational Programs
• This year’s student capstone projects:
•

Telescope Sensors

•

Solar Instrumentation

•

HyPER Harvester (hydro power generation, low head)

•

Intelligent White Cane

•

WSTN Sniffer (White Sands hazardous gas robotic detector)

•

GENSO Ground Station

•

Equine Lightshow

•

Common Source Emitter

•

Audio Trigger

•

Building Management
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Capstone Project Description
• Telescope Sensors
• Mentor: Dr. Stochaj
• Synopsis: Students working at PSL designed a
Design and deploy a system of home sensors and end-of-range limit
sensors on the Tortugas Mountain 24” telescope (2 axes). Interface
these sensors with the existing telescope controller. Integrate the
output of these sensors in the existing command and control software
system.
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Capstone Project Description
• Solar Instrumentation
• Mentor: Dr. Satish Ranade
• Synopsis: Students working at PSL designed a
Photovoltaic solar panels require environmental and performance
monitoring to track efficiency. Rooftop or remote location mounting
demands data access via telemetry. This project will develop both the
measurement instrumentation and the method of transporting the data
to the user.
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Capstone Project Description
• HyPER Harvester
• Mentor: Dr. Ram Prasad
• Synopsis: Students working at PSL designed a
A DOE funded project, the HyPER Harvester means to exploit low
head water flows to extract electrical energy. By developing a venturi
chamber and instrumenting the pressures and power output, the
project intends to produce a scale accurate model of a deployable
system for Western rivers.
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Capstone Project Description
• Intelligent White Cane
• Mentor: Dr. Petersen
• Synopsis: Students working at PSL designed a
To produce a cost effective folding Intelligent White Cane (IWC) that reduces
user fatigue and provides a personal frontal sensory shield for blind and
visually impaired travelers. Improve structure of traditional folding white cane:
grip, balance, tip, tactile feedback. Develop sensory intelligence: Personal
Frontal Sensory Shield (PFSS), wireless interface, USB charging. This project
consists of two parts: an improvement to the structure of a traditional folding
white cane used by blind and visually impaired travelers and the development
of a person frontal sensory shield. The project will involve a multi- disciplinary
engineering approach: electrical, mechanical, materials and computer
science.
10

Capstone Project Description
• WSTN Sniffer
• Advisor: Dr. Bob Paz
• Synopsis:
A NASA funded project, the White Sands Test Facility Sniffer is a robotic safety
device that will supplement human monitoring of hazardous chemicals at the
site. Currently, personnel walk the facility looking for leaking fuels and oxidizers,
exposing themselves to potential hazards. The robot chassis provided by NASA
features an embedded National Instruments CompactRIO real-time processor.
The project will integrate appropriate sensors and cameras, develop a base
station for monitoring, program a pathway, provide obstacle avoidance, mark
leak position and wind direction, and provide a safe stop mode of operation.

Capstone Project Description
• GENSO Ground Station
• Advisor: Team Effort
• Synopsis:
The downlink capabilities of small satellites are limited by the number of ground
stations (usually one). The Global Educational Network for Satellite Operations
(GENSO) project’s goal is to establish a worldwide network of radio amateur
and university ground stations to support the operations of university satellites.
Disciplines: electronics, computer engineering, antennas, RF and
Communications. Deliverables: tracking antenna, ground station, GENSO
compatible software, connectivity to the GENSO network.

Capstone Project Description
• Equine Lightshow
• Advisor: Dr. Cook
• Synopsis:
“Bridle-less reining” was first demonstrated competitively by La Mesa, New Mexico,
reining horse trainer Josh Armstrong in 1999. Since then, it has become a popular favorite
in freestyle reining shows internationally. To take the crowd-pleasing event of freestyle
reining to the next level, Josh proposes to incorporate lighting into a routine, similar to the
currently popular use of el-wire lighting in dance routines. The technical challenges of
incorporating a light show effect into a reining horse pattern are considerable: including
concerns for safety, durability, coordination with musical selections and the movements of
the horse, and mounting of lighting, sensors and control systems on the horse’s body and/
or equipment.

Capstone Project Description
• Common Source Emitter
• Advisor: Dr. Voelz
• Synopsis:
To design and produce a Common Source System (CSS) that is capable of emitting a
synchronized pulse of light at a wide band of wavelengths and serve as a timing
instrument for various sensors that operate in the EO spectrum. The CSS should be
capable of emitting light wave from the Ultraviolet, thru the Mid Wave Infrared (IR)
spectrum. The final product should consist of the CSS implementing the various
mentioned light sources reflecting the pulsed light at 360° horizontally in an
omnidirectional fashion, and vertically within 10°-20° degrees. The minimum emitted
pulse of light must be one second, and can either be a single pulse or multiple repeated
pulses.

Capstone Project Description
• Audio Trigger
• Advisor: Dr. Borah
• Synopsis:
A WSMR project: produce a mechanism that can shoot out nerf darts autonomously. Fire
in direction of, and approximated distance to, sound source. Sensors will help distinguish
when and what to shoot at. This mechanism will be in a shape of a box made of a strong
material with a lid that will open and close autonomously. The box will have sensors and
cameras to give us accurate readings of temperature, environment settings, and possible
enemies.

Capstone Project Description
• Building Management
• Advisor: Dr. Ranade
• Synopsis:
The Building Management project will demonstrate automated and user controlled
household or building power resources. The intent is to replace lighting and add sensors
to Thomas & Brown room 304 with equipment coming to market that interfaces to
industrial controllers and eventually to the user's wireless device (pad or phone).
Convenience, security and energy savings are the outcomes of adopting modern power
controls in buildings.

Research Programs
• Research Programs
– Deva Borah:
– Recently funded NSF project
– Publications:
– Two student at ITC 2012 (best grad paper!)
– One papers at Globecom 2012
– 1 published journal article (optical wireless); 1 in review (vehicle navigation)

– Charles Creusere:
– NGA, “Pulse complexity based LIDAR scene modeling for sparse reconstruction
and super-resolution,” started December 2012.
– NASA EPSCOR, “Proximity operations for near-earth asteroid exploration,” joint
with MAE Dept., U. Colorado, NMTech.
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Dr. Borah’s Research (NSF):
Optical MIMO
• High speed digital wireless communications using light
emitting diodes (LEDs).
• LEDs can serve dual purpose: provide visible light and at the
same time transfer digital data.
• This communication mode is secure in the sense that
intruders (unlike RF) cannot access the signal from outside
the building.
• Utilizes unlicensed visible light in contrast to RF.
• Currently exploring how an array of LEDs, i.e., MIMO can be
optimally used to increase data throughput.

IFT Sponsored Research
• Chair funds were used to support research into
compressive sensing for remote transmission
applications
– A journal paper was submitted to IEEE Transactions on Signal
Processing in August (theoretically supporting simulation-based work
presented at last year’s ITC)
– 4 conference papers have resulted this year based on this research
(ICIP, EUSIPCO, ITC,ICASSP)
– An proposal to the NGA was submitted in September based on this
work and was funded December 2012
– One PhD student, Juan Castorena, has been supported

19

2013 IFT Scholarship Winners
•
•
•
•
•

Javier Ramirez (Grad, 4.0)
Joshua Michalenko (Junior, 3.92)
Amani Al-Ghraibah (Grad, 4.0)
Erika Sanchez (Senior, 3.6)
Gabriel Bolivar-Mendoza, (Senior, EET, 3.8)
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Graduate Certificate Programs in
Telemetering, Communications, and DSP
• On-going and have had numerous inquires but only
a few students signing up for classes so far
• We would appreciate any help that the IFT can
provide in helping us to get the word out on these
programs to potential students
• Note: Students taking no more than 6 credit hours
at a time at NMSU get in-state tuition ($280/credit).
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ITC 2012
• Dr. Creusere again taught a short course on GPS
systems: 4 students attended
• NMSU presented 4 papers to ITC 2012
• Javier Perez-Ramirez (advised by Deva Borah)
won best graduate student paper
• We brought 9 students: the 5 scholarship winners
plus 4 students who had authored papers.
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ITC 2013
• 5 papers submitted this year
• 4 graduate student papers
• 1 undergraduate student paper (contingent upon
successful completion of capstone project)

• Dr. Creusere’s GPS short course will not be
taught.

Proposal to IFT
• The Signals and Systems faculty would like
to add a real-time communications
component to our EE314 (Signals and
Systems II) lab
•

We feel that a hands-on, experimental introduction to
mathematical concepts like digitization, modulation, and
filtering within the context of communicating information
will encourage more students to pursue this
specialization

Proposal to IFT
•

We are proposing to equip the EE314 lab with 10 ETT-101
workstations plus PC-based instrumentation at a total cost
of $27,314

www.ett101.com

Proposal to IFT
• Using the Carden Chair funds at my disposal, I
propose to cover 50% of the total cost
• Thus, I am requesting that the IFT provide $13,657
to cover the remaining cost, if such funds are
available
• Ideally, we would like to have the funding before
July 1, 2013 so that we can take delivery on the
systems early enough to incorporate them into our
Fall 2013 class

Telemetry Laboratory
Brigham Young University

Summary
The BYU Telemetry Laboratory was established in
1992 with a generous grant from the International
Foundation for Telemetering (IFT). Subsequent
grants and donations from the IFT, industry, and
private donations were used to create the Jim Abrams
Professorship in 2003. Professor Michael Rice,
director of the BYU Telemetry Laboratory is the
current recipient of the Professorship.
The research focus of the BYU Telemetry Laboratory
is aeronautical telemetry. Research projects include
error control coding for aeronautical telemetry,
multipath channel models for aeronautical telemetry,
multipath mitigation techniques such as adaptive
equalization and OFDM; theoretical analyses of
PCM/FM, SOQPSK-TG, and ARTM CPM modulations; and multi-antenna communications for
aeronautical telemetry.

An Old School Arcade Game
This project is for first- and second-year electrical
and computer engineering majors who have just
cleared their first courses in phasors, steady-state
analysis, electronics, and digital design. The goal is
to instrument a PC to create an old school arcade
game. This project gives students their first exposure
to designing a real system to meet requirements and
to instrumentation.

Lighted Dancing Outfits
During the 2012-2013 academic year, approximately
30 undergraduate students helped design and construct dancing outfits equipped with LEDs
choreographed to provide a variety of lighted effects
in synchronism with the music. These students
supported three BYU-based dance teams: the
Cougarettes, the Contemporary Dance Theater, and
the Ballroom Dance Team.

Does Polarization Diversity = Multipath
Diversity?
This was an enormous undertaking. The LED strips,
electronics, and supporting connections had to be
extraordinarily robust (the dancing moves were very
hard on the connectors), water-proof, and resistant to
static discharge. We were able to solve many of those
problems with the help of Mike Golackson (AFFTC
– Instrumentation Division) we were able to solve
many of the problem. We thought, “If it can survive
an F-16, it can survive a dancer.” To our surprise, we
discovered this is not always true.

Automatic Modulation Recognition
This project is exploring the ability of advanced
algorithms to determine which of the three
modulations defined in IRIG 106 is present at a given
carrier frequency. The input is RF energy and the
output is “PCM/FM” or “SOQPSK-TG” or “ARTMCPM.”

Most airborne transmitters produce linearly polarized
signals. For example, the “blade” or “nub” antennas
common on fixed-wing aircraft is roughly a simple
dipole that produces a “vertically” polarized signal.
Here, “vertical” is referenced to the airframe, not the
ground. During maneuvers, this “vertical”
polarization could easily become a “horizontal”
polarization. At the ground station, the receive
antenna is designed to receive vertical and horizontal
polarizations. (Here, vertical and horizontal are with
reference to the ground-based antenna.) Because the
aircraft attitude is unknown to the antenna feed, the
feed combines the outputs of both the vertical and
horizontal signals to produce right- and left-hand
circularly polarized signals.
For years, the left- and right-hand circularly polarized
signals have been combined, using standard diversity
combining techniques, prior to demodulation. This
diversity combining recovers, at best, the 3 dB loss
associated with synthesizing the left- and –right hand
circularly polarized signals. Now that multipath
interference is the dominant cause of link outage, the
question is this: is there any multipath diversity gain
to be achieved by combining the left- and right-hand
circularly polarized signals? The answer is unclear
because the transmitted signal and multipath
reflections all occur with linearly polarized signals.

Conscan vs. Monopulse Tracking of
Spinning Missiles

Preamble-Assisted
Equalization
Aeronautical Telemetry

In a conscan tracker, the antenna feed scans a smallradius circle about boresight to produce an error
signal that drives a closed-loop tracking system. The
error signal is derived from variations in the received
signal strength during the scan. If the transmitted
signal strength varies during a scan cycle, the error
signal is corrupted and this corrupted error signal can
drive the tracking system off track. This project
examines the conditions under which a loss of track
occurs.

Multipath interference remains one of the dominant
causes of link outages at most ranges. Previously
fielded equalizers were based on blind adaptive
algorithms, and the performance of these equalizers
did not instill confidence that they were an effective
multipath mitigation technique. In this project, we
explore the performance of equalizers that leverage
the presence of periodically inserted preamble
sequences in the serial streaming telemetry signal.
The preamble, based on the iNET packet definition,
can be used to generate an estimate of the multipath
channel impulse response. This information is used to
compute the optimum (or nearly-optimum) equalizer
filter.

The motivation for this project is the desire to field
tracking systems at C-band. Because of the shorter
wavelengths associated with the C-band frequencies,
C-band wrap-around missile antennas will exhibit
more lobes than L- or S-band wrap-around antennas.
Consequently spinning missiles produce more rapid
power variations a C-band than at L- or S-bands.
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Summary of Current Research

Burst-Mode Synchronization for iNET

•
•

Receiver synchronization is a fundamental research area in communication theory
In general, the received burst must be:
»
»
»
»

•

For iNET, a number of questions remain open:
»
»
»

•

Detected (!!!)
Frequency corrected
Phase corrected
Time aligned
What is the optimal format and length of the synchronization preamble?
What burst detection algorithm is optimal for the telemetry modulations at very low SNRs?
What frequency, phase, and timing estimation algorithms are optimal for iNET at very low SNRs?

This is a 3-year multi-student project sponsored by the T&E SET office.

Optimal Preamble

•
•

Our first major result was to identify the optimal synchronization preamble for timing, phase, and
frequency.
It is different from the one in the iNET draft standard. However, the draft preamble performs
pretty close to the optimal preamble (around 1 dB). Therefore, no change was recommended.











































Algorithm Performance: Frequency

•
•
•

The LDPC decoder’s BER curve has a “knee” around Es/No = 1 dB
A poor frequency estimate is a severe limiting factor on performance
We are very satisfied with the estimation algorithm’s performance at these very low SNRs

Algorithm Performance: Phase

•
•

The LDPC decoder’s BER curve has a “knee” around Es/No = 1 dB
Here again, we are very satisfied with the estimation algorithm’s performance at these very low
SNRs

Algorithm Performance: Timing

•
•
•

The LDPC decoder’s BER curve has a “knee” around Es/No = 1 dB
A small timing error (less than 0.1 Ts) has no impact on performance.
However, we are still working to refine this part of the algorithm to achieve results that better
follow the CRB.

New Projects:
“Dual S & C-Band Telemetry Transmitter System”
“Miniaturized, Power Efficient C-band Telemetry”
•

These are both STTR Topics from:
»
»

•

KU was approached by a total of five small-business partners
•

•

•

Missile Defense Agency (MDA)
Air Force Office of Scientific Research (AFOSR)
We elected to partner with Quasonix, LLC, on both projects

Current Status:
•
The MDA STTR has been selected for the Phase II award and is currently in contract
negotiations
•
The AFOSR STTR has just started Phase I
•
[the schedules for the two projects are roughly one year apart from each other]
KU’s proposed effort includes:
»
»

Compact, high performance frequency synthesizers designed to accommodate simultaneous SBand and C-Band operation.
An accessory external RF output combiner / diplexer structure for use in conjunction with the dual
band transmitter to allow both S-Band and C-Band outputs to share a single antenna cable, or to
facilitate the use of a single dual band antenna

New Project:
Preamble Assisted Equalization for
Aeronautical Telemetry (PAQ)
•
•

•

Started 6-MAR-2013
This is a 3-year 4-university project sponsored by the T&E SET Office
•
BYU (lead)
•
KU
•
UT-Dallas
•
Morgan State
KU’s scope of work is:
•
Developing various demodulators and synchronizers for SOQPSK
•
Support the integration of equalizer algorithms with these demodulators

Final Report on Major Equipment Purchases

Executive Summary
•

The Original Plan:
»
»

•

The Details:
»
»

•

•

50% support from IFT
50% support from KU (EECS, ITTC, SoE, KUCR)

The Plan Execution:
»
»
»

•

$70k purchase in 2012
$70k purchase in 2013

Purchased an Agilent spectrum analyzer for $64k in April 2012
Purchased two Agilent signal generators for $117k in July 2012
Total expenditure: $181k [only $36k was IFT, 5-to-1 match]

These new pieces of equipment have had an immediate positive impact on
the research projects mentioned on the previous slides
THANK YOU!!

2012 Purchases – KU Communications & Signal
Processing Laboratory
Agilent SystemVue
Communications System
Analysis Software

Agilent N9030A
50Hz-26.5GHz
Vector Signal Analyzer
Agilent EXG & MXG
Vector Signal Generators

Prototype Dual S & C-Band Telemetry Transmitter Under Test

2012 Purchases – KU Communications & Signal Processing Laboratory
APR 2012 Equipment Purchase:
Agilent 50Hz-26.5GHz N9030A PXA Vector Signal Analyzer (VSA) - $145K Retail
Agilent Donated $45K in Measurement Software and $28K in Hardware Discounts
$9.4K Credit for an Analog HP8594E Spectrum Analyzer Trade-In
KU Final Price for PXA VSA - $63K
Agilent Phase Noise Measurement Software ($4.3K with discount) was purchased for the
PXA VSA in JULY 2012 using Telemetry Foundation funds to support a Missile Defense
Agency Dual S & C-Band Telemetry Transmitter STTR Project
JULY 2012 Equipment & Software Purchase:
Agilent 9kHz-6GHz N5172 EXG Vector Signal Generator (VSG) - $58K Retail
Agilent 9kHz-6GHz N5182 MXG Vector Signal Generator (VSG) - $65K Retail
Agilent Provided Donations and Discounts of $46K
KU Final Price for 2 VSGs - $77K
Agilent SystemVue RF and Comm System Simulation Software - $80K
50% Agilent Discount of $40K
KU Final Price for SystemVue Software and Libraries - $40K

Student Participation in Conferences

ITC 2012

• Five student-authored papers
» Seven student attendees (5 grad, 2 undergrad)
» Two faculty attendees, one technical staff

• Topics included
»
»
»
»

Senior Design Project
Forward error correction codes for telemetry
Burst-mode synchronization for SOQPSK
iNET network and transport protocols

ITC 2013
• One graduate student paper
» Burst-mode synchronization for SOQPSK

• Projected Attendance
» Four students
» One faculty, one technical staff

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.
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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.
The TSCC held two general meetings during this reporting period. The first was held
in October 2012 in conjunction with the 2012 International Telemetering Conference
(ITC) in San Diego, California. Due to travel constraints and the cancelation of the
RCC meeting, the second meeting was a telecon on April 12, 2013. Additionally, the
TSCC was represented at the European Test & Telemetry Conference (ETTC). At
ETTC 2012, TSCC status report was presented to the Eurapean Telemetry Standards
Committee (ETSC). The TSCC will also be represented at the ETSC meeting at the
2013 ETC Show. The next TSCC meeting will be at the 2013 ITC Show in Las
Vegas Nevada followed by a spring meeting with the RCC-TG in early 2013, location
is still TBD
We currently have a total of 15 full members. And approximately 13 alternates. We
have 7 members from industry/manufacturers, 6 members from government agencies,
and 2 from the academic area. We are looking for 1 new member and have several
candadites under consideration. We have rehosted our web site and continue to
struggle with getting a full time web master. More changes are expected in the
coming year for our website.
The TSCC presented the seventh annual “Best Paper for Telemetry Standards” award
at ITC 2012 in San Diego, CAlifornia. The winning paper was: “IRIG 106 Chapter
10 vs. iNET Packetization: Data Storage and Retrieval.” Charles H. Jones (EAFB).
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The TSCC members & committees reviewed (and commented where necessary) on
the following standards/Pink Sheets:
• Review of the IRIG 106-13 telemetry standards. Now published
• Draft document review of IRIG 118, Test Methods for Telemetry Systems and
Subsystems, Volume I and focuses on Chapter 5 “Test Procedures for
Telemetry transmitters.” (Pink Sheet Review)
• Range telemetry C-band upgrades, review of issues and standards
TSCC subcommittees chairs continue reviewing iNET standards to see which
standards apply to their particular subcommittees. At the recommendation of the IFT
the TSCC contacted the ICTS-International Consortium of Telemetry Spectrum
www.telemetryspectrum.org to make each other aware of our organizations. On our
web sites we will both provide links to each other’s web sites. The ICTS also
informed us about the Aerospace & Flight Test Radio Coordinating Council
(AFTRCC) www.aftrcc.org. TSCC will contact the AFTRCC over the next report
period.
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Respectfully submitted,
Brad Fleury
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

2012/2013 ICTS Annual Report

Submitted by the ICTS Officers:
Mr. Jean-Claude Ghnassia (France), Chairman
Mr. Mikel R. Ryan (USA), Vice-Chairman
Mr. Darryl Holtmeyer (USA), Secretary/Treasurer
Regional Coordinators:
Dr. Gerhard Mayer (Germany), Region I Coordinator
Mr. Mikel R. Ryan (USA), Region II Coordinator
Mr. Darrell Ernst (USA), (Acting) Region III Coordinator

ICTS Meetings & Sessions
The ICTS held Business Meetings and General Sessions in October 2012 (San Diego, USA)
and in June 2013 (Toulouse, France). In San Diego Mr. Ray Faulstich was elected IFT
Liaison to the ICTS, replacing Mr. Tim Chalfant. Due to draconian Government budget cuts
none of the USA’s ICTS Members (ICTS Membership listed below) were able to participate
on-site at the Toulouse Sessions. However, due to the hard work of Dr. Gerhard Mayer, Mr.
Jean-Claude Ghnassia and other ICTS members the session was a striking success with a
compelling series of presentations and a large, involved audience.
•
•
•
•
•
•
•
•
•
•
•
•

Chairman – Mr. Jean-Claude Ghnassia (France), retired from Airbus
Vice Chairman/Region II Coordinator – Mr. Mikel Ryan (USA/Patuxent River MD)
of Pacific Architects and Engineers Incorporated
Secretary/Financial Secretary – Mr. Darryl Holtmeyer (USA/St. Louis MO) of Boeing
Aerospace
Region I Coordinator – Dr. Gerhard Mayer (Germany) of the University of Salzburg
Region III Coordinator – Position Vacant, Mr. Darrell Ernst (USA/Leesburg VA) of
ErnsTek acting
Mr. Steve Lyons (United Kingdom), QinetiQ Group
Mr. Luiz Fernando de Souza (Brazil) of Embraer Sociedade Anônima
Mr. Sergio Pena (Brazil) of Embraer Sociedade Anônimar
Mr. Ken Keane (USA/Washington DC) of Duane-Morris Limited Liability Partership
Mr. Viv Crouch (Australia) of the Australian Defence Force
Mr. Ray Faulstich (USA/Patuxent River MD) of Pacific Architects and Engineers
Incorporated
Mr. Tim Chalfant (USA/Lancaster CA) of the Air Force Flight Test Center Edwards
Air Force Base

Biennial elections for ICTS Officers (Chairman, Vice Chairman & Secretary/Treasurer) and
Regional Coordinators were held prior to the 2012 International Telemetering Conference in
San Diego, USA. The results are enclosed on this Report’s Cover Sheet.
We have excellent membership numbers from Regions I and II and are getting the message
out to the international community through the IFT, the International Test and Evaluation
Association, and the Society of Flight Test Engineers. Besides the before-mentioned biannual
Sessions, ICTS Members regularly offer papers at technical conferences, trade journals and
newsletters that bring the ICTS and its mission forward.
Threats from WRC-15 Agenda Items
ICTS Members have carefully studied and assessed the World Radiocommunication
Conference (WRC)-12 Final Acts and the new Agenda Items for the WRC-15 and WRC-18.
The primary future threat for AMT is the new Agenda Item 1.1 "to seek additional spectrum
for IMT" (International Mobile Telecommunications):



European Members and others (e.g. Mexico, Colombia, Brazil & Canada) focused on
the 1435-1525 MHz band, or portions thereof (e.g. 1452-1492 MHz).
Comments gleamed from ICAO ACP WG F26 (March 2012): Agenda Item 1.1 seeks
to identify additional spectrum for use by terrestrial mobile communication systems to
facilitate the development of terrestrial broadband applications. While the Agenda

2




Item is not specific about the amount of spectrum or the spectral location of that
spectrum the United States and Europe have both declared that they are trying to make
available at least 500 MHz of additional spectrum ideally below 6 GHz as per
Resolution 233 [COM6/8] (WRC-12).
Studies are already being conducted to find more bandwidth in the telemetry-intensive
L-, S- and C-Bands (1435-1525, 2200-2400 & 4400-6700 MHz respectively), so AMT
allocations are again threatened.
Interaction with IMT delegates revealed that reallocating additional spectrum in the
1.5 and 2.0-2.5 GHz ranges are a priority and the commercial interests are prepared to
pay enormous amounts of money for access (during ITU-R Working Party 5D and
Joint Task Groups 4-5-6-7).

New Action Items for the Fixed Satellite Service (FSS), Mobile Satellite Service (MSS) and
Wireless Avionics Intra-Communications (WAIC) also demonstrate threat potential:




1.5 “use of bands allocated to the FSS for C² of UAS” from the ITU-R Working
Group WP 5B.
1.7 “review the use of band 5091-5150 MHz by the FSS” from the ITU-R Working
Group WP 4A.
1.17 “spectrum requirements including aeronautical allocations to support wireless
avionics intra-communications” from the ITU-R Working Group WP 5B.

WAIC supporters at the WRC-12 indicated that the band 5091-5150 MHz will be an
appealing candidate for their preparatory studies
ICTS Recognition and WRC Impacts
“I think ICTS was very valuable during DoD’s last WRC preparations and would hope the
IFT recognized the ICTS value to the process (both to the DoD and Industry). I know
budgets are tight. With that said, I certainly think the IFT should fund ICTS WRC-15
activities.” – Mr. Derrick Hinton, Deputy Director for the USA DoD Test Resource
Management Center (TRMC), 10/31/12
"ICTS Members have formed personal relationships with numerous international telemetry
spectrum experts over the years. These relationships directly benefit the AMT community.
For example, ICTS WRC-2012 representatives worked directly with delegates from other
administrations (e.g. Brazil, France, Great Britain, USA, etc.) in successfully defending flight
test spectrum interests under various Agenda Items. Because of these invaluable
relationships, ICTS Members are able to contact other key delegates and more readily form
mutual alliances in support of telemetry spectrum.” – Mr. Ken Keane, Spectrum Counsel for
the Aerospace and Flight Test Radio Coordinating Committee (AFFTRC) and the TRMC,
5/15/2013
“We need the ICTS or we will regress to the dark ages of the 1990s. I don’t think I need to
remind you of the work you led in trying to put together a database of telemetry bands around
the world. We struggled with that until ICTS came along. It was that knowledge that helped
us target the countries we needed to get support from for WRC-07.”– Mr. Darrell Ernst,
ErnsTek to Mr. Mikel Ryan, former Mid-Atlantic Area Frequency Coordinator, 12/03/12
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“The Aerospace and Flight Test Radio Coordinating Committee still closely watches and
appreciates ICTS efforts to support global AMT spectrum education and limited advocacy.” –
Mr. Darryl Holtmeyer, Boeing Aerospace, former AFTRCC Chairman, 05/06/2013
A recent example of this positive impact involves the invaluable 1435-1525 MHz AMT band.
In November 2012 Dr. Mayer discovered that Europe was going to propose the band (at least
the 1452-1492 MHz portion) be reallocated for wireless broadband services (Long Term
Evolution, or 4G/LTE). Dr. Mayer provided constant, influential face-to-face advice to his
European colleagues and updates to the international AMT Community. As the proposal
worked its way through the allocation system, his early warning and evaluation about the
evolution of the European proposal allowed the USA to adapt and modify their AMTfavorable position. It has now made its way into the Joint Task Group (the JTG is the special
ITU group established to find spectrum for broadband). The USA proposal recommends that
the band be allocated for broadband in ITU Regions I and III but not Region II (the
Americas).
There is still a long way to go, and support from other Region II (South and Central
American) partners may be inconsistent as many want the LTE service in L-Band but there is
a good start on our defense of a critical AMT band. At the moment, 1435-1525 MHz has
priority for AMT over other uses in Region II, and the USA, as advised by the ICTS, seeks to
preserve that priority.
Dr. Mayer also provided an illuminating summary on the unsettled status of S-Band telemetry
allocations in Europe. While more European Ranges are steadily migrating to C-Band, their
S-Band telemetry allocations must be carefully monitored. The broadband industry, including
those in China, Sweden, Egypt, Australia, Korea, India and many more, are seeking the entire
band from 2200-2400 MHz (they already have secured much AMT spectrum in this range).
For the 2300-2400 MHz band, the USA and Canada expressed reservations to the WRC-2007
IMT designation of the band, and affirmed AMT as their priority. The other part of the
message is that the 5091-5250 MHz band is increasing in importance for telemetry in Europe.
This activity provides a significant amount of protection for the band worldwide, with Brazil,
the USA and Australia planning or conducting operations in that band. Furthermore, it
provides a precedent for the USA expansion into 5150-5250 MHz.
ICTS CEPT Activities
Please note Mr. Jean-Claude Ghnassia has largely been on the sidelines with health issues.
He has just recently been able to resume work. In the meantime Dr. Mayer has been closely
monitoring the work of three European Conference of Postal and Telecommunications
(CEPT) study groups:





CEPT SG FM53 is studying the 2300-2400 MHz band for License Share Access
(LSA).
CEPT SG FM50 is studying the harmonization of the 1452-1492 MHz band within
Europe. This band is already on the list for the coming ITU-R JTG 4-5-6-7 meetings
and is also on the agenda for a joint CEPT and African Telecommunications Union
meeting in South Africa later this summer.
CEPT SG FM52 works on the LSA concept to enable spectrum release for mobile
broadband services. Be aware there is considerable activity of the DIGITALEUROPE
lobby promoting the “LSA Philosophy” in a series of bands. The ECC Report 172
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addresses sharing and band compatibility studies between broadband wireless services
and the incumbent services in the 2300-2400 MHz band. The Report conclusion
declared sharing BWS with incumbent services (AMT is also mentioned) is feasible.
The USA has sponsored contributions to the ITU bolstering AMT operational characteristics
in anticipation of sharing studies. As the AMT view is that the sharing will cause harmful
interference, Dr. Mayer passed the CEPT intelligence above to the USA delegation member
responsible for AMT.
More ICTS Activities
Mr. Tim Chalfant & Mr. Mikel Ryan are with the Spectrum Stewardship Senior Steering
Group’s Technical Support Team, currently conducting the “Tri-Service C-Band Roadmap
Study” to implement C-Band AMT use in the USA. The past eight months Mr. Chalfant has
also been Co-Chair of the Commerce Spectrum Management Advisory Committee’s AMT
Sub-Working Group, working with industry to determine the feasibility of sharing the 17551850 MHz band. Mr. Ryan has also been participating.
In October Mr. Luiz Fernando de Souza participated in an Inter-American Telecommunications Commission (CITEL) meeting. Three documents involving WRC-15 Agenda Item 1.1
mentioned using the 1435-1525 MHz band for IMT:




Document 3112 presented by GSMA.
Document 3122 is a preliminary view from the USA, Canada and Mexico.
Document 3081 from Colombia. Besides the “L-Band” suggestion this document
included a questionnaire for other ITU Region II countries asking for the use of the
1452-1492 MHz band.

Conclusions
The ICTS must continue to be the “eyes and ears,” the “watchers and reporters” for the
AMT community with regards to international spectrum threats and issues. The significant
impact and success of our work should be evident from this and past ICTS annual reports and
the ICTS General Sessions of the ITC.
The importance of having on-call, immediately accessible ITU experts to amplify and clarify
complex telemetry spectrum issues for voting WRC Delegates has been confirmed numerous
times. It would be advantageous and immensely cost-effective to the AMT Community to
attend the relevant study group meetings where the critical agenda points with potential to
threaten AMT spectrum are under discussion. We urgently advise that the ITC support ICTS
delegates (Mr. Ghnassia & Dr. Mayer in particular) so they can participate in the relevant
study groups of the ITU Working Parties 4 & 5 involved in the preparation of the WRC-15 &
WRC-18. After all, WRC-07 & WRC-12 conclusively demonstrated that delegates to ITU
study groups can be educated and made sympathetic to our encroachment concerns by ICTS
Members.
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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”

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”

ITC 2013 Technical Program
Tuesday, October 22nd, 1:30 – 4:30 p.m.

Session 1
Chair

Modulation and Coding 1
Stephen Horan, NASA Langley Research Center

1:30 p.m.
13-01-01

“MIMO Capacity Gains for Test Range Telemetry”
David E. Reed and Robert L Rainhart, Real Time Logic, Inc.

Bronze 2

The paper shows that multiple-input multiple-output (MIMO) communication techniques
offer increased capacity for test-range telemetry . The theoretical capacity is presented
with examples. The results show that antenna placement is critical for achieving these
capacity gains.

2:00 p.m.
13-01-02

“Pulse Position Modulation using BICM-ID for FSO channels”
Kuldeep Kumar and Deva K. Borah, New Mexico State University
In this paper, we investigate pulse position modulation (PPM) and multipulse PPM
(MPPM) for free space optical channels using bit interleaved coded modulation with
iterative decoding. In this scheme, data bits are first encoded by using a non recursive
convolutional code and the coded bits after an interleaver are modulated before
transmission. Iterative decoding is performed at the receiver. Optimized mapping is
designed for MPPM. A genetic algorithm is used to find the optimized mapping for MPPM.
Our simulation results show that a significant improvement in the error performance can be
achieved by using optimized mapping and iterative decoding at the receiver.

2:30 p.m.
13-01-03

“Optical Orbital Angular Momentum for Secure and Power Efficient Point-to-Point
FSO Communications”
Mohammed Alfowzan, Mehrdad Khatami and Bane Vasic, The University of Arizona
We address the problem of joint detection over orbital angular momentum (OAM) free
space channels for the power efficient Q-ary Pulse Position Modulation (Q-PPM). A novel
graphical detection approach is presented to equalize for the crosstalk among orbital
angular momentum optical modes. Our graphical approach exhibits great error rate
performance improvement when compared to the unequalized scenario.
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Bronze 3

Session 2
Chair

Networks 1
Michael Golackson, Air Force Test Center, Edwards AFB

1:30 p.m.
13-02-01

“Packet Simulation of Distributed Denial of Service (DDOS) Attack and Recovery”
Sandarva Khanal, Ciara Lynton and Richard A. Dean, Morgan State University
Due to the inherent nature of a DDoS attack and the scale of a network involved in the
attack, analytical simulations are not always the best way to study DDoS attacks. Moreover,
because DDoS attacks are considered illicit, performing real attacks to study their defense
mechanisms is not an alternative. This paper uses packet simulator OPNET Modeler to
simulate a DDoS attack, and introduces network links failure in an attempt to demonstrate
how the network recovers during, and following an attack.

2:00 p.m.
13-02-02

“Telemetry Network Intrusion Detection Test Bed”
Daryl Moten, Farhad Moazzami and Richard A. Dean, Morgan State University
A penetration-testing tool, called Metasploit, is used to launch cyber attacks against systems
in an isolated test bed. The network traffic generated during attacks is analyzed for use in
the intrusion detection model being developed at Morgan State University.

2:30 p.m.
13-02-03

“Optimising Networked Data Acquisition for Smaller Configurations”
David Buckley, Curtiss-Wright Controls Avionics & Electronics
A discussion on how the essential features of an FTI network, such as flexible forwarding
and filtering and IEEE 1588 syncrhonization, can be maintained in smaller configurations
without the need for the separate switch box thus making significant savings on weight and
size and reducing cost.

3:00 p.m.
13-02-04

“Channel Based Sampling in a Network Based Data Acquisition System”
Joseph Sulewski and Chris Dehmelt, L-3 Communications Telemetry East
Over the last few years, PCM based data acquisition systems have become known as
"Traditional PCM" systems. This terminology modification is a sign of the evolution of the
next generation of telemetry/data acquisition systems based on network topologies.
Delivering on the promise of a more flexible transmission method requires a change in how
data is acquired in the data acquisition devices. The iNET standard defines such a packet
based transport system, which supports channel based packet formats besides “Traditional
PCM” to efficiently deliver data products. This paper will provide background on the
benefits of these methods and an overview of methods by which these formats can be
implemented.

ITC 2013 Technical Program
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Session 3
Chair

Data Acquisition 1
James Yates, L-3 Telemetry and RF Products

1:30 p.m.
13-03-01

“New Monitoring Paradigms for Modern Avionics Buses”
David Buckley, Curtiss-Wright Controls Avionics & Electronics

Bronze 4

Common approaches to bus monitoring are compared and contrasted for popular buses;
including, ARINC 429, AFDX, and Time Triggered Protocol. For each bus type the best
approach is selected for reliable acquisition, speed of configuration, low latency telemetry,
and compact recording which is optimized for playback.

2:00 p.m.
13-03-02

“Next Generation End-to-End Avionics Bus Monitoring”
Kathy Rodittis, Symvionics, Inc.; Alan Cooke, Curtiss-Wright Controls Avionics &
Electronics
A discussion on how packetizer technology is used to acquire data from avionics buses, and
how it packages this data in a format that is optimized for network based systems. A focus on
how software can simplify the process of configuring avionics bus monitors in addition to
automating and optimizing the transport of data from various nodes in the acquisition
network for transmission to either network recorders or via a telemetry link.

2:30 p.m.
13-03-03

“Synchronous Data Bandwidth Requirements and Its Impact on Telemetry Systems”
Gregory Uhland, U.S Air Force, 96th Test Wing, Eglin AFB
With Industry standard synchronous data the clock is effectively over twice the rate of the
data. The result is increased synchronous infrastructure bandwidth requirements and/or
costly system architectures designed to avoid transport of synchronous data. The paper will
discuss a potential solution.

3:00 p.m.
13-03-04

“A New Approach to Time Sync for Telemetry System”
Chun Lu, Changchun Kung and Jian Song, Beijing Zoweetech Ltd., PRC
This paper presents a new approach to clock synchronization in a real time transportation
network for a data acquisition system by using IRIG time code and inner timer through
network time recovery technique.

ITC 2013 Technical Program
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Palace 3

Session 4
Chair

Space Applications
Kevin Crawford, NASA Marshall Space Flight Center

1:30 p.m.
13-04-01

“Analysis of Communication Rates in the Proximity of Near-Earth Asteroids”
Evan Nelson, Charles D. Creusere, Thomas Critz and Eric Butcher, New Mexico State
University
In this paper we analyze fundamental local-area communication issues related to proximity
operations around near-earth asteroids. We statistically analyze the ability of surface probes
in various locations to communicate with the orbiting mothership as well as their abilities to
network with one another. We consider how visibility affects the required communications
bandwidth and buffer sizes for both surface-to-spacecraft and surface-to-surface scenarios.

2:00 p.m.
13-04-02

“Digital Predistortion Of Power Amplifier Non-Linearity Applied To CCSDS/DVB-S2
Satellite Telemetry”
Alexandre Guérin, Guy Lesthievent and Jean-Pierre Millerioux, CNES; Jacques Sombrin,
NOLIPLA; Xavier Giraud, Cabinet NOVACOM; Philippe Bellocq, Emmanuel Midan and
Jacques Oster, Thales Alenia Space
This paper presents a predistortion technique developed by the French Space Agency (CNES)
for satellite payload telemetry with high order modulations. These modulations are taken from
the DVB-S2 standard and the associated CCSDS blue book. The predistortion implementation
on a breadboard model of a 16APSK modulator associated to a Solid State Power Amplifier is
described. The main test results show a reduction of the amplifier back-off and thus an
increase of the power added efficiency for an equivalent signal quality.

ITC 2013 Technical Program
Tuesday, October 22nd, 1:30 – 4:30 p.m.

Palace 4 and 5

Session 5
Chair

Antenna and RF Systems 1
Dr. Gerhard Mayer, Honorary & Visiting Professor,
Department of Computer Science,
University of Salzburg, Austria

1:30 p.m.
13-05-01

“Direction of Arrival Estimation Improvement for Closely Spaced Electrically Small
Antenna Array”
Xiaoju Yu and Hao Xin, Electrical and Computer Engineering Department, The University of
Arizona
In this paper, a new technique utilizing high-permittivity scatterer in between electrically
small antennas to achieve good DOA estimation performance is demonstrated. With higher
dielectric constant, the directional sensitivity can be also larger. Both plane wave incident
model and a model using a monopole antenna as transmitter are simulated. The impact of the
shape of the scatterer to the directional sensitivity is studied and a system of special scatterer
structure with improved output SNR is proposed. The DOA estimation error under the
consumption of white Gaussian noise environment is calculated. The simulation results do
show an improvement of the DOA estimation accuracy after adding a high-permittivity
scatterer.

2:00 p.m.
13-05-02

“Autotracking Antenna Modulation Methodology”
Ray Lewis, ViaSat Inc
The tracking modulation index (Km) is a key performance parameter for any autotracking
antenna and should especially be considered for classically difficult targets such as missiles
and/or fast moving aircraft. Tracking modulation performance is a major contributor for
minimizing the antenna pointing error during an autotrack mission. Autotracking radar
antenna specifications typically include tracking modulation as a major design parameter,
many receive-only autotrack antennas used for telemetry applications do not consider this
important parameter for the intended tracking mission which may result in poor autotracking
performance. This paper investigates the effects of tracking modulation levels on system
pointing errors for various classes of feed topologies.

2:30 p.m.
13-05-03

“Potential Applications of TSPI Radar Methodologies for Improved Accuracy and
Precision in C-Band Autotracking Telemetry”
Barry Sternke, Engineering Department Head and Matthew Ray, Sr. Systems Engineer, BAE
Systems Instrumentation & Land Electronics
This paper will examine practical approaches to improving the pointing of narrow-beam
telemetry antennas in both auto-tracking and designated (slaved) applications. Methods of
refining pointing accuracy and precision, developed for high-precision TSPI auto-tracking
Radars, will be presented with analysis of their applicability to telemetry antenna pointing.
Comparisons of control systems, angle calibration techniques, and effects of systematic errors
will be presented in detail.

ITC 2013 Technical Program
3:00 p.m.
13-05-04

“Near Field Wireless Power Transmission”
Meshal Althawab, Jared Eberhard, Alan Hernandez, John Manos, Aniket Patel, Alex Travour,
Christian von Oppenfeld, Hao Xin, Michael W. Marcellin and Ivar Sanders, The University of
Arizona
A prototype wireless power transfer system using the near field to transfer energy between
resonantly tuned coils, in order to charge a cell phone or other small electronic device. The
system uses resonance to ensure maximum wireless power transfer efficiency between the two
coils, and gain greater flexibility in distance between the two coils. The frequency of power
transfer is in the unregulated 6.78MHz ISM band. The system is monitored and controlled by
an Arduino, and shuts off power when the system does not detect a load.

3:30 p.m.
13-05-05

“Theory and Development of a Dynamic HITL Autotrack Evaluation System”
Nathan King and Steve Davis, Air Force Test Center, 96th Test Wing, Eglin AFB
This paper discusses the deficiencies of current antenna test methods and presents a method
for evaluating the tracking ability of an entire antenna control system, including the antenna
mounting structure. Representative test data is presented and the potential for similar systems
to shape the future of antenna system dynamic testing is discussed.

ITC 2013 Technical Program
Tuesday, October 22nd, 1:30 – 4:30 p.m.

Palace 2

Session 6
Chair

Sensors
Lee Eccles, Boeing Corporation

1:30 p.m.
13-06-01

“Remote Monitoring of Residential Energy Usage”
Nathan Tramel, Jacob Dill, Hussam Almuqallad and Kurt Kosbar, Missouri University of
Science and Technology
A substantial amount of the energy usage in developed countries is consumed by climate
control of residential and commercial structures. This paper describes a system which can
easily be retrofitted onto legacy HVAC systems to monitor their activity, and then transmit the
information over a wireless radio network for archiving and analysis.

2:00 p.m.
13-06-02

“An LED Light Suit for Dancers”
Andrew McMurdie and Michael Rice, Brigham Young University
This paper describes the architecture, design, and performance of a dancing outfit equipped
with LEDs and controlled by radio. The lights perform a “choreography” in synchronism
with the music. The outfits were worn by a BYU dancing team (the “Cougarettes”) for one of
their dance routines.

2:30 p.m.
13-06-03

“Relay Selection for Multiple Source Communications and Localization”
Javier Perez-Ramirez and Deva K. Borah, New Mexico State University
Relay selection for optimal communication as well as multiple source localization is studied.
We consider the use of dual-role nodes that can work both as relays and also as anchors. Bit
error rate performance as well as mean squared error of the proposed optimal dual-role node
selection scheme are presented.

3:00 p.m.
13-06-04

“Design and Development of a Digital Signal Processing System that Responds
Automatically to an Audio Trigger Event”
Rudy Chavez, Frank Favela, Adrian Ontiveros, Matthew Smith, Matthew Wallace and Deva
Borah, New Mexico State University Professor
This paper presents the development of a signal processing system that responds
automatically to an audio trigger event. The proposed system uses microcontrollers to
digitally process audio signals coming from the audio trigger. In the event of detection, sound
localization is achieved via time stamping with an array of microphones. The project has
potentials for both lethal and non-lethal responses to a firearm discharge.

ITC 2013 Technical Program
Wednesday, October 23rd, 8:30 – 11:30 a.m.

Bronze 2

Session 7
Chair

Modulation and Coding 2
Gene Law, PAE Applied Technologies, LLC

8:30 a.m.
13-07-01

“Evaluation of CMA+AMA Equalization for SOQPSK Modulation in Aeronautical
Telemetry”
Serge KoneDossongui, Oladotun Opasina, Henry Umuolo, Habtamu Betelle, Solomon
Thang, Robin Shrestha, Arlene Cole-Rhodes and Farzad Moassami, Morgan State University
Multipath interference continues to be the dominant cause of telemetry link outages in lowelevation angle reception scenarios. The most reliable and universally applicable solution to
this problem is in the form of equalization. Previous work in this area has considered the
Constant modulus algorithm (CMA) equalizer operating in a blind adaptive mode. The main
objective of this research is to evaluate the performance of a modified CMA equalization
algorithm, which exploits the presence of a periodically inserted pilot block.

9:00 a.m.
13-07-02

“SOQPSK with LDPC: Spending Bandwidth To Buy Link Margin”
Terry Hill and Jim Uetrecht, Quasonix
This paper defines the waveform and presents the bit error rate (BER) and synchronization
performance of SOQPSK coupled with a rate 2/3 LDPC code. The scheme described here
expands the transmission bandwidth by approximately 56% (which is still 22% less than the
legacy PCM/FM modulation), for the benefit of improving link margin by over 10 dB at BER
= 1E-6.

9:30 a.m.
13-07-03

“ARTM CPM Receiver/Demodulator Performance - An Update”
Kip Temple, Air Force Test Center, Edwards AFB CA
Receiver/demodulators for the ARTM CPM have undergone continued development by
several hardware vendors to boost performance in terms of phase noise, detection
performance, and resynchronization time. This paper re-examines the current state of the art
performance of ARTM CPM receiver/demodulators available in the marketplace today.

10:00 a.m.
13-07-04

“Paradigms Optimization for a C-Band COFDM Telemetry with High Bit Efficiency”
Alexandre Skrzypczak, Alain Thomas and Guillaume Duponchel, Zodiac Data Systems
This article presents the design of a COFDM-based solution for a C-Band telemetry system.
This design is the result of an on-site experiment allowing a joint sounding of the aero
channel and qualification of the waveform. This article also compares this solution to
different off-the-shelf and COFDM-based standards, showing that the proposed design fits
the aero channel characteristics.
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8:30 a.m.
13-08-01

Bronze 3

Networks 2
Diarmuid Corry, Curtiss Wright
“Telemetry Network System (TmNS) Link Management Algorithm Verification”
Ray O’Connell, RoboComAI LLC
This paper covers novel visualization tools and techniques developed to verify the operation
of the Link Manager real-time capacity allocation algorithm for the TmNS demonstration
system. The approaches covered in this paper include a new visualization tool and an
insightful method to leverage open viewers based on the IEEE standard VCD file format for
real-time analysis.

9:00 a.m.
13-08-02

“Network-Based Data Acquisition System for Flight Test”
Lee Eccles, Larry Malchodi and Kenneth Wilhelm, Boeing Test & Evaluation
This paper describes the data acquisition system that was use by Boeing Test & Evaluation
to test the 787 and the 747-8. The system was developed before the iNET standard was very
far along but is in most ways very similar to an iNET based system. This paper discusses the
design of the system and the reasons behind it. It also discusses the similarity between the
Boeing system and the iNET standards.

9:30 a.m.
13-08-03

“Study on Routing Protocols for the Security of Wireless Sensor Networks”
Aditya Kulkarni and Kurt Kosbar, Missouri University of Science and Technology
This paper describes some of the security challenges faced by Wireless Sensor Networks
(WSN). A classification and analysis of prominent attacks on the routing protocols of WSN
is provided, along with a review of recent developments in the field to help mitigate the
impact of these attacks .
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Lorin Klein, Air Force Test Center, Eglin AFB

8:30 a.m.
13-09-01

“A Discussion About a Distributed DAU Standard”
Lee Eccles and Phillip Ellerbrock, Boeing Test & Evaluation

Bronze 4

This paper is proposing that a standard be prepared for a Data Acquisition Unit (DAU) that
could be separated into multiple pieces. The standard should also allow Smart Sensors to be
included in the DAU. The paper discusses what should and should not be included in the
standard.

9:00 a.m.
13-09-02

“PCM Telemetry Downlink for IRIG 106 Chapter 10 Data”
Johnny Pappas, Zodiac Data Systems; Balázs Bagó, Zodiac Data Systems GmbH; Nikki
Cranley and Gabriel Poisson, Zodiac Data Systems SAS
Since both airborne and ground applications are able to handle and process C10 data from
files or from live streaming UDP network data, it is a logical extension of the standard to
telemeter network data from the air to the ground support systems with little or no
modification. This paper describes a method to transport C10 compliant packets over a
Class II, telemetry stream (C10 TMDL) which is fully compatible with existing encryptors,
transmitters, receivers, and decryptors.

9:30 a.m.
13-09-03

“On-Board Wireless Data Acquisition System and Telemetry”
Umakanth Jasthi, Jawaharlal Nehru Technological University Hyderabad; Bhaskar Gorle,
Cranfield University; Padma Shayi and C Kiran Mai, VNR Vignana Jyothi Institute of
Engineering and Technology
The goal of this work was to investigate the possibility to build a small-sized, low-cost
wireless data acquisition system with improved computational capabilities. The aimed
computational platform was a basic microcontroller AT89C51 while the chosen wireless
communication standard was Bluetooth.
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Range Systems and Applications 1
Mike Scardello, Spiral Technology

8:30 a.m.
13-10-01

“A Predictive Model for Multi-Band Optical Tracking System (MBOTS)
Performance”
M. Michael Horii, Photo-Sonics, Inc.
Multi-Band Optical Tracking Systems (MBOTS) provide a wealth of information for test
ranges, including time-space-position information (TSPI), high speed video, and
radiometric data. This paper covers the theoretical underpinnings of MBOTS, including a
description of systematic error sources and an error model. It also describes a system
accuracy model that predicts performance given an uncertainty parameter, and determines
optimal placement of MBOTS on the test range for a given mission.

9:00 a.m.
13-10-02

“Does a Spinning Missile Cause Tracking Error at C-Band?”
Darren Kartchner and Michael Rice, Brigham Young University
When a missile spins, the fluctuating amplitude of the transmitting antenna's signal induces
disturbance on several common tracking methods, especially conscan. This paper discusses
how this disturbance affects tracking performance and how performance can be improved.
Simulation results of tracking ballistic and fly-by missiles are included.

9:30 a.m.
13-10-03

“A Fully Network Controlled Flight Test Center and Remote Telemetry Centers”
Pedro Rubio, Francisco Jimenez and Jesus Alvarez, Airbus Military
The purpose of this paper is to show how Airbus Military has evolved from a Single Ground
Station towards a Distributed Ground Station. For this we had to adapt ourselves to our
growing number of remote stations, as well as developing the control needed to reach full
interoperability among remote stations. In short, creating a Virtual Ground Station. In this
paper we describe the starting point, a single ground station and its control and the arrival
point, different Ground Stations, and how it has evolved the control with the software
developed called ENCOS (Network Equipment Control System).

10:00 a.m.
13-10-04

“The Subminiature Flight Safety System (SFSS) Development Progress”
Stephen Lambeth, Eglin AFB AFLCMC/EBSA; Chris Dehmelt, L-3 Communications
Telemetry East
SFSS is a universal, small, and low cost, functionally redundant flight termination system
(FTS) that incorporates encoding, processing and TSPI capabilities, provides critical
health/safety/welfare monitoring and allows for highly efficient telemetering of weapon
application and FTS data. The SFSS is intended as a solution to provide weapon system
developers, test agencies, and range safety officers the ability to track, monitor, and if
necessary, terminate all types of weapon systems. This paper will provide an
overview of the overall program status and key features of the SFSS.
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13-10-05

“C-Band Missile Telemetry Test Project”
Scott Kujiraoka and Russell Fielder, NAVAIR (Pt. Mugu and China Lake)
Due to Federal Government plans to repurpose the lower S-Band frequency spectrum
(2200-2290 MHz) to commercial entities, missile telemetry systems will have to be
augmented to operate in the lower C-Band range (4400-4940 MHz) or mid C-Band (50915150 MHz). This change in the operational frequency requires the upgrading of not only
the Range ground receiving equipment, but the airborne transmitting telemetry units as
well. This paper will detail the efforts performed in augmenting a missile telemetry unit to
operate in C-Band.
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International Consortium for Telemetry Spectrum (ICTS)
Special Session
Jean-Claude Ghnassia,
Chair, International Consortium for Telemetry Spectrum

Agenda Item #1: Welcome and Introduction
Agenda Item #2: Regional Reports:
From 8:30-8:40: "Region-I (Europe/Africa)"
Dr. Gerhard Mayer
European Society for Telemetry (EST)
gmayer@gvm-consultants.com
Short Abstract: "The L-, S- and C-Band usage in Region I for Aeronautical Mobile Telemetry (AMT) is
being reviewed. European (CEPT) and African (ATU) positions reference to the action items of the
World Radiocommunication Conference 2015 (WRC-15) and their threat potential to AMT bands are
described."
From 8:40-8:50: "Region-II (the Americas)"
Mikel R. Ryan
Pacific Architects and Engineers Incorporated
mikel.ryan.ctr@navy.mil
Short Abstract: "This presentation will deal with updates on such issues as Medical Telemetry, Wireless
Communications Service, C-band Implementation and AMT-related World Radiocommunication
Conference 2015 preparations involving the USA, Brazil and Canada. The Commerce Spectrum
Management Advisory Committee Update will be covered in the Agenda Item #4 presentation."
From 8:50-9:00: "Region-III (Asia/Pacific)"
Darrell Ernst
ErnsTec
deernst@earthlink.net
No Abstract
Agenda Item #3 from 9:00-9:30: "World Radiocommunication Conference 2015 (WRC-15) Threats on
Telemetry Bands"
Jean-Claude Ghnassia
jcqhnassia@free.fr
Short Abstract: "After the WRC-12, several Agenda Items have been established for examination during
the upcoming WRC-15. Several of these Items could represent a big danger for the Telemetry
Community in actual or future use of our current electromagnetic spectrum assets. This presentation will
focus on these dangers."
Agenda Item #4 from 9:30-9:50: "Encroachment Threats to Aeronautical Mobile Telemetry in the USA:
Update #7"
Mikel R. Ryan
Pacific Architects and Engineers Incorporated
mikel.ryan.ctr@navy.mil
Short Abstract: "In furtherance of a Presidential Directive (June 2010) for reallocation of 500 MHz for
commercial terrestrial broadband, we are studying the feasibility of sharing (instead of completely
migrating from) the Government 1755-1850 MHz band with commercial broadband mobile systems, also
known as Long Term Evolution services (LTE). AMT is a heavy user of this band. This study is being
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conducted by Government and industry representatives/experts under the auspices of the Commerce
Spectrum Management Advisory Committee."
Agenda Item #5 from 9:50-10:00: Coffee Break
Agenda Item #6 from 10:00-10:30: "C-Band Telemetry Usage in Europe and Threats Update"
Gerhard Mayer
European Society of Telemetry (EST)
gmayer@gvm-consultants.com
Short Abstract: "Introduction of C-Band usage in Europe for Aeronautical Mobile Telemetry (AMT) is
further progressing. Details on countries, organizations and missions will be provided. Possible threats
from WRC-15 action items are mentioned and recommendations given for internationally coordinated
actions of the telemetering community."
Agenda Item #7 from 10:30-11:00: "Encroachment Airbus C-Band Implementation"
Gilles Freaud
Airbus Operations SAS, EVIC, Head of Test Instrumentation Components Department
gilles.freaud@airbus.com
Short Abstract: "Airbus is currently performing preliminary tests in C-Band before launching the full
move from S-Band to C-Band end of this year. This presentation deals with the results of those tests and a
status of the C-Band project at Airbus."
Agenda Item #8 from 11:00-11:30: "Eurocopter C-Band Implementation Update"
Christian Herbepin
Eurocopter
christian.herbepin@eurocopter.com
No Abstract
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Modulation and Coding 3
Raymond Faulstich, PAE Applied Technologies, LLC

2:30 p.m.
13-12-01

“Synchronization of SOQPSK-TG in Burst-Mode Transmissions”
Ehsan Hosseini and Erik Perrins, Department of Electrical Engineering & Computer
Science, University of Kansas
In this paper, we present a maximum likelihood synchronization algorithm which jointly
estimates frequency offset, symbol timing and carrier phase for shaped-offset quadrature
phase-shift keying (SOQPSK) signals. The proposed data-aided algorithm is designed for
burst-mode transmissions based on a known preamble. The simulation results show its
estimation error variances are close to the theoretical Cramer-Rao bound at low signal-tonoise ratios (SNRs).

3:00 p.m.
13-12-02

“Spread Spectrum Signal Detection from Compressive Measurements”
Feng Liu and Michael W. Marcellin, University of Arizona; Nathan A. Goodman,
University of Oklahoma; Ali Bilgin, University of Arizona
Spread Spectrum (SS) techniques are methods used to deliberately spread the spectrum of
transmitted signals in communication systems. The increased bandwidth makes detection of
these signals challenging for non-cooperative receivers. In this paper, we investigate
detection of Frequency Hopping Spread Spectrum (FHSS) signals from compressive
measurements. The theoretical and simulated performances of the proposed methods are
compared to those of the conventional methods.

3:30 p.m.
13-12-03

“Low-Complexity Iterative Reconstruction Algorithms in Compressed Sensing”
Ludovic Danjean, Bane Vasic and Michael W. Marcellin, University of Arizona; David
Declercq, ETIS UMR 8051, ENSEA / Univ. Cergy-Pontoise / CNRS, F-95000 CergyPontoise
We focus on two low-complexity iterative reconstruction algorithms in compressed sensing.
These algorithms, called the approximate message-passing algorithm and the intervalpassing algorithm, are suitable to recover sparse signals from a small set of measurements.
We present the reconstruction results of these two reconstruction algorithms in terms of
proportion of correct reconstructions in the noise free case. We also report possible
practical applications of compressed sensing where the choice of the measurement matrix
and the reconstruction algorithm are often governed by the constraint of the considered
application.

4:00 p.m.
13-12-04

“Automatic Modulation Recognition for Aeronautical Telemetry”
Jacob Frogget and Michael Rice, Brigham Young University
We evaluate the performance of a classification algorithm to automatically distinguish
between PCM/FM and SOQPSK-TG. A happy by-product of the classifier is an estimate of
the bit rate
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4:30 p.m.
13-12-05

“Noncoherent Demodulation with Viterbi Decoding for Partial Response Continuous
Phase Modulation”
Ding Xingwen, Zhong Yumin, Chang Hongyu and Chen Ming, Beijing Research Institute
of Telemetry, China
With the characteristics of constant envelope and continuous phase, Continuous Phase
Modulation (CPM) signal has higher spectrum efficiency and power efficiency than other
modulation forms. A noncoherent demodulation with Viterbi decoding for partial response
CPM signals is proposed. Simulation results indicate that the demodulation performance of
proper partial response CPM is better than the traditional PCM-FM, which is a typical
modulation of full response CPM.
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Signal and Data Processing
Rich Hansen, Air Force Flight Test Center (ret.)

2:30 p.m.
13-13-01

“The Iterative Path to Credibility and Acceptance of IADS Analyses”
John C. Bretz, Symvionics, Inc.

Bronze 3

This paper describes the evolution and proposed future refinement of two analysis types in
IADS to illustrate how IADS methods attain credibility.

3:00 p.m.
13-13-02

“Smart Data Selection”
Shannon Wigent, Laulima Systems LLC; Andrea Mazzario, Kauai Software Solutions LLC
The Smart Data Selection (SDS) system provides the capability to continually monitor
measured data and select which parameters, or which combination of parameters, to send
to ground in a given time interval, based on what is actually happening with the system
under test. This paper describes the SDS system architecture and the methods used to
determine which data to transmit to the ground. This paper provides analysis results to
substantiate the savings in bandwidth, simplified pre-test setup, and increased operator
awareness.

3:30 p.m.
13-13-03

““Big Data” Management and Security Application to Telemetry Data Products”
Jeff Kalibjian, Hewlett Packard Corporation
“Big Data” and the security challenge of managing “Big Data” is a hot topic in the IT
world. The term “Big Data” is used to describe very large data sets that cannot be
processed by traditional database applications in “tractable” periods of time. Securing
data in a conventional database is challenge enough; securing data whose size may exceed
hundreds of terabytes or even petabytes is even more daunting! After reviewing “Big Data”
security and management basics, potential application to telemetry postprocessed product
will be explored.

4:00 p.m.
13-13-04

“Using Image Processing and Recognized Pattern in Images from Head-Up Display”
Luiz Eduardo Guarino de Vasconcelos, André Yoshimi Kusumoto and Nelson Paiva
Oliveira Leite, Instituto de Pesquisas e Ensaios em Voo
For the execution of low accuracy Flight Test Campaigns (FTC), a simple non-intrusive and
fast to implement Flight Test Instrumentation (FTI) solution could be just to record and
analyze Head-Up-Display (HUD) image frames. However the bottleneck of this data
gathering scheme is the amount of time required for data analysis. To improve efficiency,
IPEV with Instituto Tecnológico de Aeronáutica (ITA) developed an image processing
application with recognized pattern to extract information from different positions of HUD
images. Preliminary test was carried out in 2012 by the Brazilian Flight Test Course (CEV)
students. Test results demonstrate satisfactory performance for this tool.
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Image and Video 1
Tim Gatton, Smartronix

2:30 p.m.
13-14-01

“Circular-Mode Synthetic Aperture Subsurface Imaging with MIMO FMCW
Microwave Array System”
Vincent R. Radzicki and Hua Lee, University of California, Santa Barbara
This paper describes the analysis and development of microwave subsurface
syntheticaperture imaging in the circular-scan mode with a four-antenna FMCW MIMO
radar system. The objective is to improve the localization and correspondence capability of
the imaging operation.

3:00 p.m.
13-14-02

“Dynamically Reconfigurable Imaging with Flexible Transceiver Array and
Programmable Probing Waveforms”
Mei-Su Wu, Michael Lee and Hua Lee, University of California, Santa Barbara
This paper provides the overview of the concept of reconfigurable imaging systems with
programmable FMCW probing waveforms. The reconfigurable modality is applied to
both the transceiver aperture arrays and the probing signals for the optimization of the
resolving capability. The applications include both microwave and acoustical imaging.

3:30 p.m.
13-14-03

“Full-Waveform LIDAR Recovery at Sub-Nyquist Rates”
Juan Castorena and Charles D. Creusere, New Mexico State University
Third generation LIDAR full-waveform (FW) based systems collect 1D FW signals of the
echoes generated by laser pulses of wide bandwidth. By emitting a series of pulses towards a
scene using a predefined scanning pattern, a 3D image containing spatial-depth information
can be constructed. This implies the collection of massive amounts of data which generate
problems for the storage, processing and transmission of the FW signal set. In this research,
we explore the recovery of individual continuous-time FW signals at sub-Nyquist sampling
rates. The key step to achieve this is to exploit the sparsity in FW signals.

4:00 p.m.
13-14-04

“Adaptive Feature-Specific Spectral Imaging Classifier (AFSSI-C)”
Matthew Dunlop,Phillip Poon, and Dathon Golish, University of Arizona;
Esteban Vera and Michael Gehm, University of Arizona and Duke University
The AFSSI-C is a spectral imager that generates spectral classification directly, in fewer
measurements than are required by traditional systems that measure the spectral datacube
(which is later interpreted to make material classification). By utilizing adaptive features to
constantly update conditional probabilities for the different hypotheses, the AFSSI-C avoids
the overhead of directly measuring every element in the spectral datacube. The system
architecture, feature design methodology, simulation results, and preliminary experimental
results are given.

4:30 p.m.

“Calibration of High Dimensional Compressive Sensing Systems: A Case Study in
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13-14-05

Compressive Hyperspectral Imaging”
Phillip Poon, Matthew Dunlop, Esteban Vera, Dathon Golish and Michael Gehm, University
of Arizona
Reconstruction (or exploitation) of the signal from sub-Nyquist measurements in
Compressive Sensing (CS) requires a forward model\knowledge of how the system maps
signals to measurements. In high-dimensional CS systems, determination of this forward
model via direct measurement of the system response to the complete set of impulse functions
is impractical. We will discuss the development of a parameterized forward model for an
experimental compressive spectral image classier. This parameterized forward model
drastically reduces the number of calibration measurements.
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Bruce Lipe, Air Force Test Center, Edwards AFB

2:30 p.m.
13-15-01

“TENA Implementation at Pacific Missile Range Facility (PMRF)”
Mark Wigent, SAIC; Robert McKinley, TRAX International
This paper discusses how TENA implementation in range instrumentation will enhance data
acquisition and distribution of systems under test. Details of this implementation plan are
specific to PMRF; however, this approach can serve as a blueprint for TENA implementation
at other ranges throughout the DOD.

3:00 p.m.
13-15-02

“Using the Telemetry Applications of TENA and Other JMETC Tools in Joint
Distributed LVC Environments”
Gene Hudgins, BAE Systems; Keith Poch, Wyle; Tom Treakle, SAIC; Juana Secondine,
Wyle
The Test and Training Enabling Architecture (TENA) brings range interoperability and
resource reuse to the DoD Range community. TENA is used in the Joint Mission
Environment Test Capability (JMETC) program, a persistent LVC testing capability
supporting the acquisition community during program development. This paper will inform
the audience on the impact of TENA and JMETC on the telemetry community; and its
expected future benefits to the range community and the warfighter.

3:30 p.m.
13-15-03

“High Speed Wide Band Frequency Synthesis”
Mark Elo, GIGA-TRONICS Inc.
This paper will examine the key attributes of a high-speed frequency switching synthesizer,
including the different types of commercial design approaches. It will then explore a new
hybrid low part count design method.

4:00 p.m.
13-15-04

“Signal Emitter Localization Using Telemetry Assets”
Peter A. Parker and Melina Lake, MIT Lincoln Laboratory
Telemetry ground stations spread over geographically diverse areas are well suited for use
in passively locating the source of a distant transmitted signal. In a favorable positioning of
receive sites, the accuracy of these passive localization techniques can compete with the
accuracy of radars. The major technical challenge to implementation of the passive
localization techniques of time-difference of arrival (TDOA) and frequency-difference of
arrival (FDOA) has been the frequency and time stability of geographically separated
receivers. This paper shows how these limitations have been overcome using the current
telemetry assets at the Reagan Test Site in Kwajalein Atoll.
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13-15-05

“Writing a Validator for TMATS”
Bryan Kelly, Tyndall AFB
Applications that use TMATS benefit from the ability to presume that the TMATS data is well
constructed. This need is met by a TMATS validator. Some classified systems need source
code rather than an executable to avoid expensive testing before being allowed in. An Open
Source Validator is proposed, presented and made available to the public. Major points and
difficulties are discussed.
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Ronald Pozmantier, Air Force Test Center, Edwards AFB

2:30 p.m.
13-16-01

“Collar-Integrated Small Mammal GPS Tracker”
Ina Kundu, Sean Rice, Kevin Klug, Hao Chen, Elizabeth Marquez, Yizhou Zhong, Michael
Marcellin and Kathleen Melde, The University of Arizona
A position beaconing system for tracking small mammals was developed and tested. GPS
acquires location of the animal. The system utilizes a VHF radio transmitter tuned to
144.390 MHz, which is located in the amateur radio band. APRS was selected as the
protocol for position, transmission, and recovery. The beacon was designed by attempting to
optimize operational longevity and minimize size. Consequently, the system is implemented
on a single board and enclosed for protection in plastic housing. Manufactured from
lightweight components, the case is connected to a flexible, zig-zag, wearable antenna, which
functions as a collar.

3:00 p.m.
13-16-02

“Polarization Diversity in the Presence of Multipath Propagation”
Grant Wagner and Michael Rice, Brigham Young University
We show that in the presence of multipath propagation, there are differences between the
RHCP and LHCP components at the antenna feed output. This difference can form the basis
of diversity techniques that can improve link performance in the presence of frequency
selective multipath propagation.

3:30 p.m.
13-16-03

“Tri-Band Ground Station Antenna for Earth Observation Satellites”
Brian Baggett, S. Parekh, David Sinyard, Brian Chandler and R. Morris, ViaSat, Inc.
The need for increased downlink data rates and bandwidth for Earth Observation (EO)
missions is driving mission planners to consider Ka-Band (25.5 to 27.0 GHz) downlinks to
replace or augment the existing X-Band (8.025 to 8.400 GHz) services. Future ground
stations will be required to support both bands as well as S-Band (2.0-2.3) GHz telemetry
and command functions. This paper discusses the inherent tradeoffs in such a design, and
proposes an implementation which permits simultaneous data reception in X-Band and KaBand, while providing TT&C functionality at S-Band. Analytical and measured data for the
implementation are provided.

4:00 p.m.
13-16-04

“Dual-Band (S & C) Nested Concentric Cavity Conical Scanning RF Feed for AutoTrack Telemetry Systems”
Yossi Hoory, Itzik Krepner, Joe Pein and Ellie Ganchrow, Orbit Communications Ltd.
Recognizing the need for dual band tracking in missions where mobility and weight are
crucial factors, Orbit Communications Ltd. has successfully designed and tested an S & C
dual band, dual polarized feed with a total system bandwidth greater than 80%. The feed
uses high RPM conical scan auto-track technology combined with two co-located concentric
apertures that is able to achieve excellent tracking accuracy in a small volume that can
efficiently feed small dishes, starting from 1.2 meter.
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4:30 p.m.
13-16-05

“A tri-band L,S,C prime focus feed: Concept, Design and Performances”
Christophe Melle, David Chaimbault, Fabien Peleau and Alain Karas, Zodiac Data Systems
The contribution presents the multi-band feed product designed by the RF & Antenna
Laboratory of ZODIAC DATA SYSTEMS company. This feed is foreseen to be used in prime
focus configuration on any diameter parabola dish. The feed provides telemetry and
tracking channels in three bands L, S and C. The present paper describes the concept and the
technology achieved after trade-off analysis between performances and industrial
constraints. Moreover, the contribution focuses on the electromagnetic simulations of
radiating elements, feed network and RF system integration.
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C-Band Utilization – Requirements and Challenges
Special Session
Steve Musteric, Lead Engineer, TSCRS Effort

The need to establish C-Band telemetry capability at DOD test ranges has acquired greater
urgency as a consequence of international and national initiatives to allocate large amounts of radio
spectrum for wireless broadband services. This session will provide an overview of spectrum regulatory
actions and their impact on the DoD T&E community. In addition, it will include presentations on
ongoing C-Band telemetry test investments and active test programs. The presentation segment
concludes with a summary of findings from the Tri-Service C-Band Roadmap Study (TSCRS). An open
discussion forum is planned following the TSCRS presentation.
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Modulation and Coding 4
Brian Keating, Naval Air Warfare Center Aircraft Division

8:30 a.m.
13-18-01

“Variable Rate OFDM Performance on Aeronautical Channels”
Mostafa Elrais, Betelhem Mengiste, Bibek Guatam, Eugene Damiba, Farzad Moazzami,
Arlene Cole-Rhodes and Richard Dean, Morgan State University
This paper shows the design and testing of a test bed at Morgan State University as part of
the development of a Link Dependent Adaptive Radio (LDAR). It shows the integration of
variable rate QAM/OFDM modulation and a variable rate Punctured Convolutional Coder.
It also shows a dynamic aeronautical channel simulator developed to capture the dynamics
of these channels. Performance results are show for combinations of modulation, coding and
channel variations that provide motivation for the potential of the LDAR system.

9:00 a.m.
13-18-02

“Combined Modulation and Error Correction Decoder for TDMR Using Generalized
Belief Propagation”
Mehrdad Khatami and Bane Vasic, The University of Arizona
Constrained codes also known as modulation codes are a key component in the digital
magnetic recording systems. The constrained codes forbid particular input data patterns
which lead to some of the dominant error events or higher media noise. In data recording
systems, a concatenated approach toward the constrained code and error-correcting code
(ECC) is typically used and the decoding is done independently. In this paper, we show the
improvement in combining the decoding of the constrained code and the ECC using
generalized belief propagation (GBP) algorithm.

9:30 a.m.
13-18-03

“Development of a Digital Potentiometer Circuit for Digital Compensation of
Frequency and Temperature Variations of Kvco to Provide Reprogramming of the
Transmitter RF Center Frequency in the Field”
Stephen Oder, Robert St. Gelais, Peter Caron and Douglas Bajgot, Cobham Electronic
Systems
A digital potentiometer circuit is developed to allow for digital compensation of frequency
and temperature variations in the VCO/PLL frequency control loop of a telemetry
transmitter. The ability to reprogram the RF center frequency of a telemetry transmitter is a
useful feature and is required on many telemetry programs. This paper will explore various
methods of increasing the effective bandwidth of a digital potentiometer, with the goal of
making them suitable for use in dynamically setting the frequency modulation deviation via
digital control.
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Chair
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Sergio Penna, Embraer

8:30 a.m.
13-19-01

“Considerations for IP-Based Range Architecture”
Bob Kovach, Superior Access Solutions

Bronze 3

In this paper we will identify and explore mechanisms to further integrate range assets such
as telemetry and video. One such method is to enable the sharing of metadata from diverse
stream types. The concept of the Metadata Gateway will be discussed, which furnishes the
bridge between telemetry and video metadata, providing an additional means of
interworking between these streams.

9:00 a.m.
13-19-02

“Using Chapter 10 User Datagram Protocol (UDP) Streaming and 802.11 Technologies
to Support Ground-Based Aircraft Testing”
Michael Diehl, Steven Kuipers, Jason Swain and Tab Wilcox, Air Combat Systems
Directorate, U.S. Army Yuma Proving Ground
Recent testing at the Yuma Proving Ground (YPG) required a unique set-up to safely and
efficiently conduct an aircraft ground test. Testing involved the evaluation of the aircraft's
non-eye safe laser designator to assess functionality after a recent upgrade. Testing was
performed at the Laguna Army Airfield and required the aircraft to be located
approximately 50 meters in front of the hangar in order to safely lase a target several
hundred meters away. A laser test set was located at the target but for safety reasons
needed to be operated remotely. The test requested a single location where aircraft
operations and information from the laser test set could be analyzed together to allow
effective and efficient test operations. This paper covers the solution that YPG came up
with to meet this objective.

9:30 a.m.
13-19-03

“Optimal Location for a Mobile Base Station in a Complex Network”
Farzad Moazzami, Richard Dean and Yacob Astatke, Morgan State University
The focus of this work is the development of a complete network architecture to enhance
telemetry performance using a mobile base station (MBS). The present study proposes a
means of enabling both the mobile ad-hoc network (MANET) and a cellular network to
operate simultaneously within the same spectrum. A scenario with two base stations (one
mobile and one stationary) is simulated and results are presented. It is observed that use of
an additional mobile base station could greatly increase the quality of communication by
providing uniform distribution of node traffic and interference across the clusters in a
complex telemetry environment with several hundred TAs.
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10:00 a.m.
13-19-04

“An Application of Sync Time Division Multiplexing in Telemetry System”
Chun Lu and Jian Song, Beijing Zoweetech Ltd., PRC; Yihong Yan, China Flight Test
Establishment, Shanxi, PRC
A STDM (Sync Time Division Multiplexing) network structure for data transportation
through virtual channels between devices for telemetry systems is presented, with special
designed data coding form based on PCM format.

10:30 a.m.
13-19-05

“PTPV1 and PTPV2 Translation in FTI Sytems”
D. Lefevre and N. Cranley, Zodiac Data Systems; O. Holmeide, OnTime Networks AS
A Flight Test Instrumentation (FTI) system may consist of equipment that either supports
PTPv1 (IEEE 1588 Std 2002) or PTPv2 (IEEE 1588 Std 2008). The challenge in such time
distributed system is the poor compatibility between the two PTP protocol versions. This
paper describes how to combine the PTP versions in the same network with minimum or no
manual configuration.
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Chair
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Kenneth Wilhelm, Boeing Corporation

8:30 a.m.
13-20-01

“Fast On-Board Tracking System for External Stores Separation”
Nelson Paiva Oliveira Leite, Luiz Eduardo Guarino de Vasconcelos and André Yoshimi
Kusumoto, Instituto de Pesquisas e Ensaios em Voo (IPEV)
External stores separation campaign is very risky therefore its preparation presents a big
technical challenge for the instrumentation group. Determination of store trajectory
requires the integration of two hi-speed hi-resolution video cameras into FTI. Link
bandwidth precludes the development of a real-time application to be used at the Ground
Telemetry System (GTS) for separation validation. To improve efficiency IPEV, with FINEP
funding, is developing a system where the separation trajectory is computed on-board and
in real-time. Computed parameters are merged into FTI to be processed into GTS and
compared to the estimated trajectory. The proposed architecture is presented and discussed.

9:00 a.m.
13-20-02

“Transitioning from NTSC Analog to HD-SDI Video Volume 2”
Paul Hightower, Instrumentation Technology Systems
This paper continues the exploration of the challenges and opportunities presented when
upgrading video systems from analog the HD-SDI. This edition focuses on metadata and its
uses in fusing video imagery with related data. The opportunity to record uncluttered video
coupled with comprehensive complimentary data is detailed.

9:30 a.m.
13-20-03

“Validation for Visually Lossless Compression of Stereo Images”
Hsin-Chang Feng, Michael W. Marcellin and Ali Bilgin, University of Arizona
In this paper, the validation of visual losslessness is provided. To conduct subjective
experiments without adverse impacting of 3D perception of stereoscopic images, a
sequential three-alternative forced-choice (3AFC) testing method is employed. The results
obtained from subjective validation provides convincing evidence that compressed stereo
pairs are no different than the original stereo images for a human viewer.

10:00 a.m.
13-20-04

“Remote Imaging System Acquisition (RISA) Space Environment Multipectral
Imager”
Joshua Gustafson, John Kay, Janelle Pilar, Rafael Rojas, Lance Sylvester, Rachel Trojahn,
Elmer Grubbs and Gerald Pine, The University of Arizona
The RISA imaging team is tasked to research, develop, implement, and test a multispectral
imaging system capable of supporting multiple NASA exploration objectives. This year's
NASA team is responsible for characterizing the newly implemented liquid lens,
implementing a charging circuit complete with rechargeable batteries and a solar panel
array, and redesigning the already developed wireless data transmission system.
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Joseph Bilodeau, Boeing Corporation

8:30 a.m.
13-21-01

“Future of Flash”
Chris Budd, SMART High Reliability Solutions, Inc.

Palace 3

Solid-State Drives (SSDs) are an enabling technology for data recorders. SSDs can survive
where Hard-Disk Drives (HDDs) cannot. SSDs deliver better performance with lower
power consumption than HDDs. However, the end of Single-Level Cell (SLC) NAND flash
may be near; Multi-Level Cell (MLC) NAND flash soon may be the only choice for
industrial applications. MLC NAND flash makes SSDs as affordable as HDDs, and today’s
controller technology provides the reliability and endurance needed.

9:00 a.m.
13-21-02

“Field Programmable Gate Array Application for Decoding IRIG-B Time Code”
Jarrod P. Brown, United States Air Force Research Lab
Most range instrumentation sites collecting Time-Space-Position Information (TSPI) use
GPS receivers to obtain time and output the time in IRIG-B time code format. A field
programmable gate array (FPGA) architecture is proposed to decode unmodulated IRIG-B
time code, latch time via an event trigger, and store time in FPGA memory accessible by
computer software programs for data acquisition. The design eliminates the requirement of
commercialized hardware to decode the IRIG-B signal. The FPGA architecture, range
application, and test results are presented.

9:30 a.m.
13-21-03

“The BCT-302 1553 Test Bus Card”
Louis Natale, Lockheed Martin Aeronautics; Craig Wierzbicki, Teletronics Technology
Corporation
The desire to control an LRU and/or MIL-STD 1760 store via an independent 1553 stream
on current weapon platforms created the need for the development of the BCT-302 1553
Test Bus Card. This solution solves the issues of integration without the need to perform an
aircraft OFP change. The BCT-302 is a customized MIL-STD-1553 card for use in
Teletronics Technology Corporation, (TTC), Airborne Instrumentation Multiplexer (AIM)
and High-Speed Avionics Data Acquisition Unit (HSAVDAU) products. This paper
describes the design requirements of the BCT card and how those requirements were met
during an AIM-9X launch on an F-22.
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Session 22
Chair

Robotics
Rodger Charroux, The Aerospace Corporation

8:30 a.m.
13-22-01

“Machine Vision and Autonomous Integration Into an Unmanned Aircraft System”
Chris Van Horne, James Dianics, Herman F. Fasel and Michael W. Marcellin, The
University of Arizona
The University of Arizona’s Aerial Robotics Club (ARC) sponsors the development of an
unmanned aerial vehicle (UAV) able to compete in the annual Association for Unmanned
Vehicle Systems International (AUVSI) Seafarer Chapter Student Unmanned Aerial Systems
competition. Modern programming frameworks are utilized to develop a robust distributed
imagery and telemetry pipeline as a backend for a mission operator user interface. This
paper discusses the design changes made for the 2013 AUVSI competition including
integrating low-latency first-person view, updates to the distributed task backend, and
incremental and asynchronous updates the operator’s user interface for real-time data
analysis.

9:00 a.m.
13-22-02

“Design of an Autonomous Robot for Indoor Navigation”
Michael McConnell, Daniel Chionuma, Jordan Wright, Jordan Brandt, Liu Zhe and Kurt
Kosbar, Missouri University of Science and Technology
Description of the design and implementation of an autonomous robot to navigate indoors
to a specified target using an inexpensive commercial off the shelf hardware.

9:30 a.m.
13-22-03

“Design and Semi-Autonomous Control of a 6-axis Robotic Arm Used in a Remote
Sensing Application”
John Sullivan, Amy Coffman, Benjamin Roberds, Jordan Roberts and Kurt Kosbar,
Missouri University of Science and Technology
This paper describes the sensor and actuator package for a 6-axis articulated arm which is
part of a robotic vehicle entered in the Mars Rover Challenge competition. The robot is
intended to perform some of the same duties as a human, but be remotely controlled.

10:00 a.m.
13-22-04

“Analysis of a Systems Engineering Based Approach to the University Rover
Challenge”
Joshua Jetter and Kurt Kosbar, Missouri University of Science and Technology
The University Rover Challenge is a competition to build a scaled down version of a nextgeneration Mars rover. This paper describes the comprehensive systems engineering based
approached used by the Missouri S&T Mars Rover Design Team.

ITC 2013 Technical Program
10:30 a.m.
13-22-05

“Telemetry and Command Link for University Mars Rover Vehicle”
Jed Hobbs, Mellissa Meye, Brad Trapp, Stefan Ronimous, Irati Ayerra and Kurt Kosabr,
Missouri University of Science and Technology
A description of a telemetry and command communication link used as part of a rover
entered in the University Mars Rover competition. The link is capable of transmitting
multiple real time video streams, along with other telemetry data from a rover to a base
station approximately one kilometer away.

MIMO CAPACITY GAINS FOR TEST RANGE TELEMETRY
David E. Reed
Robert L Rainhart
Real Time Logic, Inc.
12515 Academy Ridge View
Colorado Springs, CO 80921

ABSTRACT
The combination of power limitations and platform dynamics often preclude the use of highly
bandwidth efficient modulations for test range telemetry. Instead, constant envelope modulations
like pulse coded modulation – frequency modulation (PCM-FM) and other continuous phase
modulation (CPM) are typically used. A solution may be to employ multiple-input multipleoutput (MIMO) antenna techniques. MIMO processing may be used to separate the signals from
multiple transmitters. If data is dynamically allocated to the transmitters with acceptable received
signal-to-noise ratio (SNR), the telemetry throughput may be optimized. The performance
depends on the geometry and propagation conditions between the antennas.

INTRODUCTION
Test range telemetry is typically transmitted using constant envelope modulation such as PCMFM. However, the radio frequency (RF) bandwidths available for this telemetry are limited and
bandwidth efficiency is a primary concern. Typical bandwidth efficient modulations have
significant amplitude modulation which reduce the transmit amplifier efficiency. Also, typical
bandwidth efficient modulations are sensitive to multi-path, channel dynamics, and interference.
So, it is desirable to use standard constant-envelope modulations for their power efficiency and
robustness while investigating ways to improve the capacity of the channel.
MIMO techniques can be used to increase the capacity of a bandwidth limited channel [1]. A
MIMO system can increase the channel capacity by a factor equal to the minimum of either the
number of transmit (TX) antennas or the number of receive (RX) antennas. While these
techniques are often used with space-time codes, some capacity gains are achievable without
changing the modulation format. In this case, the MIMO technique is essentially antenna beamforming used to enable multiple channels on the same bandwidth at the same time, thus
increasing channel capacity while maintaining constant-envelope modulation.
In order to evaluate the benefits of MIMO for range telemetry, we performed simulations based
on our understanding of the existing waveforms. For the simulation, the MIMO channel was
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implemented with the MMSE beam-former. Then the MIMO capacity was computed for two
example scenarios. These examples demonstrate some of the advantages and limitations of
MIMO processing. Also, the SNR for the different channels is presented to show how the beamformer may be used to enable multiple conventional data links. Finally, conclusions are drawn
along with mention of some areas for further study.

MIMO CHANNEL
The MIMO channel may be modeled as a matrix of complex gains which describe the gain and
phase response from each transmit antenna to each receive antenna. For the purposes of this
discussion, the channel is assumed to have the same response over the channel bandwidth. The
channel matrix is:
H = {h(n,m) | n = 1,2, …,N, m = 1,2, …,M}

(1)

where, H, is the channel matrix with elements, h(n.m), which are the complex gains from
transmit antennas, n, to receive antennas, m; the number of transmit antenna is, N; and the
number of receive antenna is, M.
The signal paths and gains are depicted in Figure 1. Each line from a transmit antenna to a
receive antenna represents a complex gain for that signal path.

TX 1

RX 1

TX 2

RX 2

TX 3

RX 3

TX 4

RX 4

Figure 1. MIMO signal diagram showing paths between antennas.
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All possible paths are shown, although in practice some may be obscured or attenuated so much
that they are not usable.
If the vector of complex transmit signal samples, x, then the received signal samples, y, are given
by:
y = Hx + n

(2)

where, n, is the vector of independent identically distributed noise.
If the channel matrix is known and the noise is zero, then the transmit vector may be found by
pre-multiplying by the inverse matrix, A=H-1, where AH = I. However, since the received vector,
y, is noisy, it is better to use the minimum mean-squared error (MMSE) solution [2]:
A = ( HTH + 2I )-1 HT

(3)

where, 2, is the variance of the noise. So, the estimate of the transmitted signal vector derived
from, y, may be written as;
Ay = AHx + An = ( HTH + 2I )-1 HTHx + ( HTH + 2I )-1 HT n

(4)

Notice that if the noise is small enough to be negligible, the MMSE solution approaches the
inverse of H. This MMSE estimation matrix is a beam-former which produces an output for each
of the TX antennas. These beam-formed outputs may be used as independent channels for
communication of telemetry data. However, the following shows that not all of these outputs will
be usable at any given time.
In general, the capacity of this MIMO channel is increased by increasing the number of TX
antennas. But, to maximize the performance, the system should employ as many RX antennas as
possible. Furthermore, as shown next, the geometry of the antennas locations is an important
factor.

PERFORMANCE RESULTS
The capacity gains available from MIMO techniques depend on the geometry of the channel and
the TX and RX antennas employed. As an example, consider four isotropic RX antennas at
location x = 0, and four isotropic TX antennas at location x = R. In each case the four antennas
are placed in the perpendicular, y, axis at locations y = {-3, -1, 1, 3} meters. With this geometry,
the channel matrix was computed for an RF wavelength of 14 cm.
The theoretical MIMO channel capacity was computed from [1];
C = log2{ det( I + HTH /n ) }

(5)

where, , is the SNR for a single path, and n=4 is the number of TX antenna. This capacity was
then normalized by the single path capacity to indicate the gains achieved by MIMO processing.
This ratio of MIMO capacity to single-path capacity is plotted in Figure 2 versus the range, R.
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Figure 2. MIMO capacity gain versus range for example 1.
At short distance the MIMO gives a capacity gain of more than 2.5 over the single-path capacity.
However, as the range increases, the capacity gain decreases toward unity. In other words, at
longer range the MIMO capacity gain goes away. This is due to the geometry. As the range
increases, it is increasingly harder to separate the signals from the individual TX antennas. In a
sense, the MIMO processing is trying to form beams at the receiver to separate the TX signals.
But, as the range increases, this is less and less effective. Since typical test-range distances are
on the order of 1 to 100 km, better antenna geometry is needed.
In order to realize the possible MIMO gains, the geometry of the TX and RX antennas must be
carefully selected. In the next example, the TX antenna are placed at y=h=1000 (m) and x = R +
{-3, -1, 1, 3} (m), while the RX antenna are separated to positions, y=0 and x = {300, 700, 1100,
1500} meters. The parameter, h, can be thought of as a height or altitude, but generally
represents the distance from the line of RX antennas and the linear path of the TX antennas.
For this example, a simple link power equation was used to compute the maximum single-path
SNR versus the range, R. This is shown in Figure 3. Notice that the SNR is highest when the TX
antennas are centered near one of the RX antenna.
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Figure 3. Maximum single-path SNR versus range with RX locations; A1, A2, A3 and A4.
Next, the MIMO capacity gain was computed for this geometry and the result is shown in Figure
4. The MIMO gain varies from about 1.5 to a little greater than 3 over the example path. This
capacity gain oscillates substantially as the phase delay between each set of antennas changes.
The geometry goes from good to bad in a few tens of meters. This might be improved with the
addition of more well placed RX antennas, but even in this case the average MIMO gain is about
2.5 times the capacity of a single signal path. The exact spacing and position of the antennas
affects the signal phases and the fine structure of the plot of Figure 4, but they do not change the
average MIMO gain.
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Figure 4. MIMO capacity gain versus distance for example 2.
Figure 5 provides notional implementation for a MIMO system using common digital signal
processing (DSP) components and a feedback path for an automatic repeat request (ARQ)
mechanism. This capacity gain may be achieved by processing the signals from multiple TX
antennas as shown in the block diagram.

Data
Acquisition/
Source

Buffer/Router

TX1

RX1

TX2

RX2

H
TX3

Channel
Estimation/
Beamformer

RX3

TX4

RX4

RX-FB

TX-FB

Figure 5. Example MIMO system block diagram.
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Demod/
Buffer/Control

It is important to couple the MIMO channel processing with transport layer protections.
Traditional IP protocols are not ideal for lossy RF links, thus optimized protocols are necessary
to provide robust communication. There are a number of different algorithms that allow for
improved performance, such as ARQ algorithms which utilize a method of retransmission for
lost packets between the transmitter and receiver or some form of packet forward error
correction. There are performance trade-offs with any algorithm that will affect the overall
concept of operations. As an example, ARQ algorithms will add additional latency and can
eventually saturate the link with retransmission requests. Forward error correction techniques
perform better but require an overhead within the signal bandwidth to implement [3].
Telemetry information is collected and buffered in data packets as shown in Figure 5. The data
packets are routed to the transmitters, favoring the TX path with the best SNR. A feed-back
channel (TX-FB and RX-FB) are used to send link quality information and re-transmit requests
to the router. The signals are received on the ground and processed to separate the individual TX
paths. If a packet has too many errors, or is not received, an ARQ re-transmission request is sent.
Also, the SNR of each path is estimated in the demod.
The matrix beam-former of equation (3) may be used to create individual signal paths for each
TX node. This was done for this example, and the SNR was computed for each TX signal. The
results are shown in Figure 6. The SNR is quite dynamic versus x-position. At any given time
there may be one, two, or more of these signals with good SNR.

Figure 6. MIMO channel SNR versus distance, x, for example 2.
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When there are good paths, the data is sent. When there are not enough good paths, the data is
buffered. Of course, there are other ways of using MIMO to improve the telemetry
communication, including; space-time coding, multiple-signal detection, and diversity. All of
these provide additional performance and implementation trade-offs including factors such as
throughput, delay, BER, complexity, cost, size, weight and power.

CONCLUSION
The capacity of a MIMO channel was investigated and significant gains are possible. It was
shown that even without special channel codes and high PAR waveforms, the MIMO processing
can realize additional capacity over a single-path system. RT Logic envisions several areas
where further investigation and demonstrations need to be done in order to fully realize the gains
of using MIMO. A method for buffering data to deal with the dynamic capacity changes should
be evaluated, and the diversity available with multiple RX antennas should be investigated.
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ABSTRACT
We investigate pulse position modulation (PPM) and multipulse PPM (MPPM) for free space optical channels using bit interleaved coded modulation with iterative decoding. Data bits are first
encoded by using a non recursive convolutional code and the coded bits after an interleaver are
modulated before transmission. Iterative decoding is performed at the receiver. Optimized mapping
is designed for MPPM. A genetic algorithm is used to find the optimized mapping for MPPM. Our
simulation results show that a significant improvement in the error performance can be achieved by
using optimized mapping and iterative decoding at the receiver.
KEY WORDS
Free space optics, pulse position modulation, optimized mapping, iterative decoding.
INTRODUCTION
Free space optical (FSO) communications offers an attractive alternative to radio frequency (RF)
communications[1], [2]. These links have large unlicensed bandwidth and they are secure. Despite
several advantages, FSO communications suffers from multiple practical problems such as aerosol
scattering, caused by rain, fog and snow, which makes the FSO links vulnerable to adverse weather
conditions [3]. In addition, FSO links are affected by atmospheric turbulence, which occurs because
of the variations in the refractive index due to temperature and pressure changes. This results in the
random fluctuations in the amplitude and the phase of the received signal, which degrades the link
performance severely.
To combat the detrimental effect of FSO links, powerful fading-mitigation techniques need to be
deployed. For this purpose, a wide range of error control coding and diversity techniques have
been considered in the literature. The authors in [4] study the performance of coded FSO communications through atmospheric turbulence channels using log-normal model. In this work, an
approximate upper bound for the pairwise error probability (PEP) is derived for a coded FSO communication system with intensity modulation/direct detection (IM/DD). Upper bounds on bit error
rate (BER) are also provided using transfer function techniques. Error rate performance of coded
FSO links over strong turbulence channels is considered in [5]. In particular, upper bounds on PEP
are derived for coded FSO communication system. The union-bound technique in conjunction with
the derived PEP is used to obtain the upper bounds on the BER. In [3], BER performance of FSO
links with spatial diversity over log-normal atmospheric turbulence channel is investigated. It is
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shown that FSO links with transmit and receive diversity can be efficiently represented by equivalent single-input single-output systems with appropriate scaling in the channel variance.
The performance of FSO links can also be improved by selecting an appropriate modulation scheme
for data transmission. The most reported modulation scheme used for FSO communications is the
On-Off keying (OOK). OOK offers good bandwidth efficiency but it suffers from low power efficiency. Pulse position modulation (PPM) is a popular average-energy efficient modulation technique used for FSO communications [6]. It achieves high power efficiency and improves the system
performance at the expense of reduced bandwidth efficiency as compared to the other modulation
schemes [7]. In [8], channel coding for an FSO system using Q-ary PPM is considered. A binary convolutional code is used at the transmitter and a new method for log-likelihood ratio (LLR)
calculation is proposed for soft demodulation and channel decoding at the receiver. A significant
performance improvement is shown by using higher values of Q and iterative decoding at the receiver. However, no further improvement in the performance is suggested by increasing the value
of Q beyond 8.
Low spectral efficiency of PPM makes it vulnerable to intersymbol interference (ISI). To maximize
the throughput and make the system more efficient, higher order modulation can be used. Multipulse PPM (MPPM) has been considered in the literature to improve the spectral efficiency of the
system by increasing the constellation size [9], [10]. While in conventional PPM, a single pulse is
transmitted during each symbol period, multiple pulses are transmitted in MPPM. Different pulse
position combinations are used to represent the information to be transmitted.
In this paper, we consider PPM and MPPM modulation schemes for transmission over FSO links.
To take the advantages of higher order modulation as well as channel coding, bit-interleaved coded
modulation with iterative decoding (BICM-ID) is used. BICM-ID is a well established technique
used for data transmission in fading channels using higher order modulation [11]. The authors in
[12] study the performance of FSO communications using BICM. But, iterative decoding is not
considered in their work. Mapping of symbols for MPPM plays an important role in improving the
performance of the system. Here, we also consider designing the optimized constellation mappings
for MPPM. A genetic algorithm [13] is used to find the optimized mappings.

SYSTEM DESCRIPTION
The block diagram of an FSO communications system is shown in Fig.1. At the transmitter, the
data bits {ui } are first encoded using a convolutional code and the coded bits are interleaved using
a pseudo-random interleaver [11]. The interleaved bits {vi } are then divided into groups of size
q bits and each such group of bits is then mapped to a channel symbol x = µ(v1 , ..., vq ) chosen
from Q-ary constellation χ, where µ denotes the bit pattern to the constellation point mapping. The
modulated symbols are next transmitted over the FSO link.
Let I0 denote the light intensity in an ON slot of the transmitted PPM/MPPM symbol and I denote
the corresponding received intensity. The received signal y after optical-to-electrical conversion at
the receiver is given by
y = ηhI0 + n

(1)
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Fig. 1. Block diagram of FSO Link.

where η is optical-to-electrical conversion efficiency (assumed to be unity) and n is the additive
white Gaussian noise (AWGN) term with a two-sided power spectral density (PSD) of No /2. The
received signal intensity is given by I = hI0 . Here, h represents the irradiance fluctuations due
to atmospheric turbulence in the FSO link and can be modeled as log-normal or gamma-gamma
distributed depending on the strength of the turbulence.
In this paper, we consider the gamma-gamma model which can represent both strong as well as
weak turbulence conditions and the probability density function (pdf) of h under this model is
given by [14]
fh (h) =

√
2(αβ)(α+β)/2 (α+β) −1
h 2
K(α−β) (2 αβh),
Γ(α)Γ(β)

h>0

(2)

where Γ(.) is the gamma function, Kv is the modified Bessel function of the second kind and
order v, the parameters α and β in the absence of inner scale effect [1] are given by the following
expressions
{
(
)
}−1
2
0.49σR
α = exp
−1
(3)
12/5
(1 + 1.11σR )7/6
{
(
)
}−1
0.51σR2
β = exp
−1
(4)
12/5
(1 + 0.69σR )5/6
and σR2 is the Rytov variance which represents the strength of the turbulence.
We perform iterative demodulation and decoding at the receiver. The block diagram of the proposed
receiver is shown in Fig. 2. The receiver consists of an interleaver (π), a deinterleaver (π −1 ), a soft
demodulator and a soft-input soft-output (SISO) decoder. As explained previously, we use pseudorandom interleaver at the transmitter which satisfies the conditions given in [15]. As given in [16],
the SISO decoder uses maximum a posterior probability (MAP) algorithm and the soft demodulator works on maximum likelihood criterion. The deinterleaver at the receiver is used to optimize
the maximum likelihood decoding of the convolutional code by decorrelating the demapper output
[17]. Let the input and the output of a SISO module be represented by I and O respectively. A
feedback loop is used to exchange the extrinsic information of the coded bits P (v; O) and P (c; O)
between the demodulator and the SISO decoder in an iterative manner, where the letters c and v
denote the coded bits before and after the interleaver respectively. After deinterleaving, P (v; O)
becomes P (c; I), a priori information at the input of the SISO decoder. Similarly, P (c; O) after
interleaving becomes P (v; I), a priori information at the input of the soft demodulator.
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Fig. 2. Block diagram of receiver.

After each iteration, the total a posteriori probability of the information bits P (u; O) is calculated to make the hard decision at the output of the decoder. For a received signal y, the extrinsic
information [11] of the coded bits is calculated as


P (vi = b; O) =

q
∏
∑

p(y|x)

P
(v
=
v
(x);
I)
j
j



x∈χib

(5)

j̸=i
j=1

where 1 ≤ i ≤ q, vj (x) ∈ {0, 1} is the value of jth bit in the label of transmitted symbol x and χib
is the subset of χ whose label has the binary value b at the ith bit position.
PPM and MPPM SYMBOL MAPPING
In a conventional Q-ary PPM, a symbol corresponds to q = log2 Q bits. The total symbol duration
Ts is divided into q time slots and a single pulse is transmitted in one of these time slots. For simplicity, we denote the Q-ary PPM by QPPM or simply PPM. A 4-PPM example is shown in Fig.
3(a). Here, Io shows the transmitted light intensity in an ON slot and T = Ts /q denotes the slot
(or chip) duration. Since only one pulse per q slots is transmitted in QPPM, it has the disadvantage
of having high peak-to-average ratio (PAPR) with the increasing value of Q. The PAPR value can
be reduced by using MPPM. In MPPM, m pulses are transmitted in each symbol duration and the
value of PAPR is reduced
by a factor of m. The constellation set U of all possible MPPM symbols
(Q)
has size Mmax = m
. We will use a decimated constellation χ ⊂ U of M < Mmax distinct symbols. Fig. 3(b) shows an example of 2-4PPM with m = 2 and Q = 4.
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(a) Conventional PPM symbols
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Fig. 3. Examples of PPM and MPPM symbols.
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Symbol mapping of MPPM is crucial to the performance of a BICM-ID system. Therefore, here we
attempt to find a mapping L which will minimize the bit error rate (BER) of our proposed scheme.
As discussed in [12], we formulate the mapping selection problem as
∑
M
1 ∑ xj ∈ψ(xi ) dH (bi , bj )
Minimize: f (L) =
M i=1
|ψ(xi )|
(6)
subject to: {bi ∈ {0, 1}m |i = 1, ..., M }
where |ψ(xi )| denotes the size of the set of nearest neighbors of xi , bi is the label of xi , and
dH (bi , bj ) represents the Hamming distance between labels bi and bj .
An optimal solution of (6) could be found through
( Q )an exhaustive search, but it is too complex for
higher order modulation since we have to check m ! different possibilities. To address this issue,
several techniques have been investigated in the literature. In this paper, we propose to use a genetic
algorithm (GA) for mapping optimization. We summarize the key points of GA algorithm here and
the details can be found in [13],[17]. After formulation of the problem in genetic representation
with a fitness function, the algorithm is initialized with a population size of Npop random mappings
(solutions). The GA then improves the population through repetitive use of selection, crossover and
mutation operations.
The selection operator selects the superior solution from randomly selected two or more solutions.
It selects the Nbest = ps .Npop mappings for further operations, where ps denotes the fraction for
selection. Crossover operation is used for breeding. The crossover operator randomly selects two
mappings (known as parents) from the Nbest mappings and it creates two children by combining
sub-parts of the selected two parents. The cost of the generated children are evaluated. If a child
has a lower cost than the cost of its direct parent, then the parent is replaced by the child. If the
child’s cost is higher than its parent cost, then the mutation process is started. The mutation operator exchanges the two randomly selected positions of the selected solution with a given probability
pmut . During the mutation process, a total of L solutions are generated and the cost of each is
evaluated. If any of the mutant has a lower cost than a parent, then that parent is replaced by this
mutant otherwise it will replace the worst solution present in the population. After creating a certain
number of generations, an optional culling process is performed. During the culling process, the
duplicate entries are deleted from the population and new randomly generated solutions are added
to keep its size constant.
We run the GA algorithm for a specified number of generations (nGen) and the mapping with minimum cost value is selected as the optimum mapping. The parameters used in our implementation
are: Npop = 100, ps = 0.4, pmut = 0.02 and nGen = 10, 000. Fig. 4 shows the flow chart of GA to
find the optimal symbol mappings. The optimized mapping thus obtained for 2-8PPM (with m = 2
and Q = 8) is shown in Table I.
NUMERICAL RESULTS AND DISCUSSIONS
We now present simulation results to demonstrate the benefits of using BICM-ID scheme for PPM
and MPPM. For this purpose, we consider a rate 1/2 convolutional code with encoder polynomial
[5, 7] in octal notation and constraint length K = 3. The size of each uncoded input data block
length is 2002. The value of the Rytov variance is fixed at 0.04. The channel coefficient values
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counter=0

Initialize parameters:
Npop, ps,pmut, nGen
Randomly generate
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counter=nGen

No

counter = counter+1

Yes
Stop

Select the mapping
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Fig. 4. Flow chart for the GA to find the optimized symbol mapping.
TABLE I
M APPING O BTAINED BY GA FOR 2-8PPM

d1 d2 d3
000
001
010
011
100
101
110
111

Mapping
11000000
00000011
00110000
00001100
00001010
01010000
00000101
10100000

h are kept constant during the whole block of the transmitted symbols. All BICM-ID simulation
results use 6 iterations.
We first consider a simple convolutional coding scheme used with QPPM. To see the effect of increasing modulation order on the error performance, in Fig. 5, we show the BER performance of
QPPM using different values of Q. We assume AWGN channel for these results. As expected, a
significant improvement in the error performance is obtained by increasing the value of Q. At a
BER level of 10−5 , an improvement of approx. 2, 2.5 and 3.5 dB in SNR as compared to 2-PPM is
observed by using 4-PPM, 8-PPM and 16-PPM respectively.
In order to understand the effect of iterations used in BICM-ID, we present the simulation results
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Fig. 5. BER performance of coded QPPM for AWGN channel.

in Fig. 6 for AWGN channel. Here, we show the results only for first and sixth iterations with
different values of Q. In 16-PPM case, after 6 iterations of BICM-ID, more than 2.5 dB gain in
SNR is obtained. Equivalently, BER is improved by a factor of nearly 103 at 3 dB SNR. A similar
trend is observed for the other modulation schemes also.
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Fig. 6. BER performance of QPPM using BICM-ID for AWGN channel.

Next, we compare the performance of our proposed scheme in the presence of turbulence. In Fig. 7,
we show the BER performance of BICM-ID with QPPM using different values of Q. Approximately 2 dB gain in SNR is observed after 6 iterations in case of 16PPM as compared to 2-PPM.
Similarly, more than 1.5 and 1.7 dB gain in SNR is obtained after 6 iterations in 4PPM and 8PPM
case respectively.
Finally, in Fig. 8 we show the simulation results of our proposed scheme by using MPPM. We
consider the cases of 2-4PPM and 2-8PPM. For these results, AWGN channel is considered. To do
a fair comparison between the performance of QPPM and MPPM, we fix the average transmitted
power in both the cases. By using MPPM, a larger performance gain by iterative process is observed
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Fig. 7. BER performance of QPPM using BICM-ID in the presence of atmospheric turbulence.

as compared to QPPM. At a BER level of 10−5 , more than 4 dB gain in SNR is observed after 6
iterations in case of 2-8PPM, whereas only 2 dB gain was observed in 8PPM case. Similarly, more
than 2 dB gain in SNR is obtained after 6 iterations in 2-4PPM case.
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Fig. 8. BER performance of MPPM using BICM-ID for AWGN channel.

CONCLUSIONS
PPM and MPPM modulation schemes are investigated for free space optical channels. To take the
advantages of channel coding and higher order modulation, BICM-ID is used here. The benefit of
using iterative decoding at the receiver is shown in the results. Most of the improvement in the error
performance due to iterative decoding is obtained after third iteration and negligible improvement
is observed after sixth iteration. We also observed that a significant improvement in the error performance can be achieved by increasing the modulation order.
Constellation mapping for MPPM plays an important role in improving the performance of the
system. Here, we also designed optimized constellation mappings for MPPM. Genetic algorithm
8

is used to find the optimized mapping for MPPM. Our simulation results show that a significant
improvement in the error performance can be achieved by using optimized mapping and iterative
decoding at the receiver. However, the cases studied under the given assumptions do not show much
improvment in the BER performance of MPPM modulations compared to QPPM for the same value
of Q.
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Abstract
We address the problem of detection in orbital angular momentum (OAM). The focus of our analysis will
be on the power efficient Q-ary Pulse Position Modulation (Q − P P M ). Free space optical signals sent through
wireless channels are degraded by atmospheric turbulence. In this paper a novel detection approach based on a
factor graph representation of OAM Q-PPM signalling is presented to equalize for the crosstalk among orbital
angular momentum vortices. It will be shown that our proposed detection algorithm significantly outperforms the
separate detection scenario in terms of error rate performance.
Index Terms
free-space optical communication; orbital angular momentum; turbulent channels; channel crosstalk.

I. I NTRODUCTION
YSTEM designers continuously face the challenge of finding unutilized frequency bands when deploying new systems [1]. Legacy Radio Frequency (RF) systems primarily occupy most of low
to intermediate frequency bands (i.e. 100MHz-3GHz). Free space optical communications provides an
alternative solution for system designers to escape the dilemma of the crowded spectrum. In this paper we
will focus on a promising free space optical communication technology called Orbital Angular Momentum
(OAM).
OAM is a property of optical beams that can be exploited to allow the transmission of multiple data
streams over different modes on the same wavelength. These optical modes, also called optical vortices,
do not interfere with each other. In other words, optical modes are mutually orthogonal. Therefore, our
communications capacity is increased by a factor equal to the number of OAM optical modes.
However, due to atmospheric turbulence and scintillation present in the terrestrial channel, orthogonality
is no longer preserved which leads to interference between different optical vortices. In this paper
a statistical model that depicts the scintillation and cross talk between modes presented in [2] [3] is
considered. Based on these statistical models we develop detection techniques that compensate for the
interference among modes and scintillation over the desired optical mode.
The effect of interference among modes can be depicted in a matrix representation that makes it natural
to think of this as a least square problem with an optimal solution that takes the following form

S

x̂ = arg min ||y − Hx||2 .

(1)

x∈X m

Least square problems for OAM have been studied in [4]. More details on least square problems and
Maximum Likelihood solutions can be found in [5] [6]. In this paper we present a novel factor graph representation representation that can employ Generilized Belief Propagation (GBP) to recover the transmitted
symbols.
Moreover, one of OAM’s key features is the security aspect. Due to the physical properties of the OAM
field (e.g. characterized by Laguerre-Gauss equation) OAM signalling is inherently secure. To be explicit,

Fig. 1.

Orbital Angular Momentum Based Communication System Architecture.

an eavesdropper would need information about the set of utilized modes and the necessary coherent
hardware(i.e. the correctly tuned volume holograms) to decipher the transmitted information.
This paper is organized as follows. In section II the communication system architecture is presented.
Also, the channel statistical model and baseband channel model are described. In section III our novel
detection approach is presented and error rate analysis is shown. We end this paper with concluding
remarks in section IV.
II. S YSTEM M ODEL
In this section a general description of the system’s main building blocks is presented. The OAM
communication system architecture considered in this paper is depicted in figure 1. The left portion of
the diagram represents the transmitter lineup. A binary source generates a sequence of length k ones and
zeros {bi }K
i=1 . In our system the bits are independent and identically distributed (i.i.d.) with Bernoulli
distribution. The mapper M, is a bijection that takes a size p block of bits {bi , bi+1 , ..., bi+p } and maps
it to a symbol M : {bi , bi+1 , ..., bi+p } 7→ xi . The symbol xi is an element in the modulation alphabet X ,
of size |X |= 2p . The sequence of symbols {xi }li=1 , where l = kp , are then sent to the serial to parallel
converter.
The serial to parallel converter admits a set of serial symbols {xi , xi+1 , ..., xi+m }, where m is the number
of transmitted modes, and sends them in parallel fashion to an optical modulator. The optical modulator
takes each symbol in {xi , xi+1 , ..., xi+m } and emits light with intensity proportional to symbol electrical
current. Thus, the optical modulator module converts the electrical signal to optical signal. Two important
OAM operations are performed in the optical domain. The first is multiplexing of light, where m light
sources are multiplexed into a single OAM light beam with each light source assigned to a different
optical mode. The second is the OAM transformation, where different light modes are made collinear.
The inverse operations of the transmitter described above is performed at the receiver part. However,
we want to highlight an important part of the receiver, which is the detector block. The detector block
performs two operations. In the first, the detector takes n optical streams and converts them to n electrical
signals with currents proportional to the received optical intensity. In the second, the detector takes the n
electrical signals and performs one of two types of detection approaches considered in this paper (i) joint
detection of n-OAM modes, this will be explained in details later in this paper, and (ii) separate detection
where n signals are detected individually in the sense that we do not equalize for the interference.
We now present the communications baseband model. The following equation depicts the real-valued
baseband signal transmitted over ith mode
Ii (t) = gi xi (t)|ui (r, φ, z)|2

(2)
2

where gi is the laser gain of the ith mode with the units of W/(A · m2 ). The transmitted signal is xi (t)
over the ith mode and ui (r, φ, z) is the Laguerre-Gauss field for the given parameters. For a pair of LG
modes ui (r, φ, z) and uj (r, φ, z) , where i 6= j, the two modes are known to be orthogonal. To be explicit
< ui (r, φ, z), uj (r, φ, z) >
Z Z
,

ui (r, φ, z)u∗j (r, φ, z) rdrdφ

(
0,
= RR

i 6= j;
|ui (r, φ, z)| rdrdφ, otherwise,

(3)

2

Due to imperfections of the channel caused by the atmospheric turbulence, the orthogonality does not
always hold. The received signal is
yi (t) = ri gi xi (t) ∗ hii (t) + Σ rj gj xj (t) ∗ hij (t) + ni (t)
j6=i

(4)

where ri is the receiver sensitivity with units of (A · m2 )/W . The channel impulse response from the j th
transmission mode to the ith receiving mode is hij (t). The sum of the cross-talk between different modes
due to atmospheric turbulence is captured in the second term. The operator ∗ represents the convolution.
The additive gaussian noise with mean zero and variance σn is ni (t). We consider the discrete time model
by suppressing the time index
yi = xi hii + Σ xj hij + ni

(5)

j6=i

For the statistical description of the OAM scintillation channel over the desired mode (hij , for i = j) and
the statistical description of interfering OAM modes (hij , for i 6= j) statistical models presented in [2] [3]
are adopted. In this paper we will only consider the weak atmospheric turbulence case. From the obtained
fading histograms, it has been found that in the weak atmospheric turbulence regime, the Johnson SB
distribution is the best fit for the desired channel scintillation [3]. Its density is given by
 

1
1
δ
y
exp
f y(y|γ, δ) = √
γ+δ
(6)
2
1−y
2π y(1 − y)
where the distribution parameters are γ and δ. It has been also found that the interfering signals are
exponentially distributed. From (5) arises the matrix representation of the problem y = Hx + n. This
matrix representation will be considered in following sections.
III. D ETECTION S TRATEGIES
For a general Q-ary Pulse Position Modulation (Q-PPM) the system can be represented as
  
   
y1
H1 · · · 0
x1
n1
.
.
.
.
.
 ..  =  ..
. . ..   ..  +  ... 
yQ

0

· · · HQ

xQ

(7)

nQ

where yi and xi are the received pulses vector and the transmitted pulses vector in the ith time slot
respectively. The channel matrix for the ith time slot is Hi . We will assume that Hi for all i ∈ {1, .., Q}
are the same. Also, ni is the noise vector for the corresponding time slot. Due to the time orthogonality
the system can be decomposed to subsystems which reduces the complexity as follows
y1 = Hx1 + n1 , · · · , yQ = HxQ + nQ

(8)

We can apply H † to {y1 , · · · , yQ } to find {x̂1 , · · · , x̂Q } and thus we can demodulate. However,
we present a novel approach in detecting OAM symbols using Q-PPM. This new approach is based on
a factor graph representation. Factor graph [7] is an intermediate tool for message passing algorithms,
3

Fig. 2.

An Example of 4-PPM Signaling.

Fig. 3.

Two Equivalent Graphical Representations. a) Time and Mode Graphical Representation b) Factor Graph Representation.

like Belief Propagation (BP) and Generalized Belief Propagation (GBP), in which the messages are sent
between nodes to compute a posteriori probabilities. A factor graph is a bipartite graph containing nodes
corresponding to variables V and factors C. As an example, consider the 4 × 4 OAM 4-PPM in figure 2,
where each column represents the pulses sent in the corresponding time slot (e.g. the first column is the
first time slot) and each row represents the corresponding OAM mode.
Two mathematical structures that inherently exist in this problem are used to arrive at a factor graph
representation. The first mathematical structure is that the pulses in the same time slot interfere with each
other and pulses in different time slots are orthogonal. The second mathematical structure is that Q-PPM
can be seen as a codeword of length Q with a hamming wight constraint equal to one.
Therefore, we have two kinds of factor nodes which is shown in figure 3. The first kind is a time
and mode graphical representation shown in figure 3a. The horizontal elliptic dashed line represents the
OAM constraints, the vertical elliptic dashed line represents the PPM constraints and the filled circles are
variable nodes. Figure 3b depicts the factor graph representation of this problem. All the variable nodes
contained in each constraint are connected to the corresponding check node shown as square. From the
factor graph representation, it is natural to consider Generalized Belief Propagation (GBP). The standard
BP algorithm is a special case of a GBP algorithm when there is no 4-cycles. Since there is no 4-cycle
in this factor graph, GBP is the same as BP. Figure 4 shows the bit error rate for 2-PPM GBP detection
and separate detection. We see that GBP detection outperforms the separate detection scenario with more
than 10dB gain at the 10−3 error rate level.
4

Fig. 4.

BER of GBP based detection(4 × 4 OAM).

IV. C ONCLUSIONS
This paper addresses the problem of interference among optical modes in orbital angular momentum
channels. In the literature matrix representation of the interference between channels is exploited to use
solutions of least square problems. In this paper a novel factor graph representation of OAM Q-PPM
signalling is utilized to equalize for the interference between modes.
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ABSTRACT
Distributed Denial of Service (DDoS) attacks have been gaining popularity in recent years. Most
research developed to defend against DDoS attacks have focused on analytical studies. However,
because of the inherent nature of a DDoS attack and the scale of a network involved in the
attack, analytical simulations are not always the best way to study DDoS attacks. Moreover,
because DDoS attacks are considered illicit, performing real attacks to study their defense
mechanisms is not an alternative. For this reason, using packet/network simulators, such as
OPNET Modeler, is the best option for research purposes.
Detection of an ongoing DDoS attack, as well as simulation of a defense mechanism against the
attack, is beyond the scope of this paper. However, this paper includes design recommendations
to simulate an effective defense strategy to mitigate DDoS attacks. Finally, this paper introduces
network links failure during simulation in an attempt to demonstrate how the network recovers
during and following an attack.
KEY WORDS
Distributed Denial of Service, Network Simulation, OPNET Modeler
I.

INTRODUCTION

National infrastructures (such as the financial system, power plants, or power grids, etc.) are
becoming automated using computer networks. There is now, more than ever, an increasing risk
that the infrastructure in place could become obsolete or even a source of chaos if the server
computers are compromised. Figure 1 shows one such national infrastructure, the transportation
system. Mishaps are bound to happen if, for example, an attacker was able to overload the server
which controls the machine that automates the traffic lights on the road.

Figure 1: An Example of National Infrastructure

It is dreadful to think what might happen if a similar situation arises in power grids and power
plants. National security will be in jeopardy if the computer that controls a nuclear power plant
gets compromised. However, it is even more frightful to know that it is not extremely
complicated to execute an attack that can do just that. Distributed Denial of Service (DDoS)
attacks, a type of Denial of Service (DoS) attack, are simple attacks that can compromise a server
within minutes and prevent accessibility to other users.
Distributed Denial-of-Service (DDoS) attacks overwhelm a web server by sending it many more
requests for data than it can handle [1]. Recent DDoS attacks around the globe suggest that these
attacks are growing stronger, both in the scale of the attack as well as in their level of
sophistication [1][2]. A typical DDoS attack normally targets banks and other popular webservers and peak at around 50 Gbps (gigabits per second) of data pouring in the server [2]. In
April 2013, the internet around the world was slowed down because of the largest DDoS attack
in history, peaking at 300 Gbps [2][3].Thus, it is a strong indication that DDoS attacks are
critical threads to the internet. In this paper, we treat DDoS attack as a major issue in security of
national infrastructure, as well as other public and private networks.
II.
BACKGROUND
Denial of Service Attacks
In the context of Information Security, availability means that information is readily accessible to
authorized and legitimate users. Availability attacks, sometimes called denial-of-service or DoS
attacks, are much more significant in networks than in other contexts. A DoS attack occurs when
an attacker (or a malicious user) attempts to completely consume all available resources of the
target server and, therefore, blocks all services to legitimate users by sending massive amounts of
bogus traffic to the victim. A DoS attack typically consumes bandwidth but can also consume
memory, CPU cycles, file space, or any other resource that is necessary for normal operation [4].
The victim will become overwhelmed by the overload of traffic and will not be able to respond
to legitimate users. Unless countermeasures are taken, the victim will remain at the mercy of the
hacker for the entire duration of the attack.
Distributed Denial of Service (DDoS) Attacks
In order for a hacker to overload a victim, the hacker must be able to produce more traffic than
the victim can handle. This is often difficult for a single computer to accomplish. To make
his/her attacks more effective, the hacker will accumulate many computers to use in the denial of
service attack [4]. This is referred to as Distributed Denial of Service (DDoS).
The attack consists of multiple stages [5]. In the first stage, the attacker uses any convenient
attack to plant a Trojan horse on a target machine. That Trojan horse does not necessarily cause
any harm to the target machine, so it may not be noticed. The attacker repeats this process with
multiple targets. Each of these compromised target systems then becomes what is known as a
zombie. In the next stage, the attacker sends a signal to all the zombies to launch the attack. The
problem is escalated when different zombies are using different attack methods. For instance,
some could use Smurf attacks or SYN floods to address different potential weaknesses. Then,
instead of the victim's trying to defend against one denial-of-service attack from one malicious
host, the victim must try to counter n attacks from the n zombies all acting at once.
In a more complex case, once enough zombies have been collected to launch an attack, the
hacker will designate some machines as masters. The master will then be used to give the attack
command to the other zombies, creating additional separation between the hacker and the victim.

Network Simulation
Introducing new defense mechanisms against DDoS attacks requires testing and validating the
design exposition, which is not feasible by building the network and directly conducting a
physical test because of the huge scale of the network involved. Also, this process requires
careful attention and possibly research permission from authorities because DDoS attacks are
illegal. Furthermore, the high cost associated with such test makes this testing technique almost
impossible to follow, to study, and to develop the defense system.
A more attractive solution is to use a network simulation software package to simulate the
performance of the network and the server system. Using this method, generating network
designs produces safe, fast, reliable, and cost-effective results in order to study, enhance, and
modify the design with relative ease [6].
III.

KNOWN METHODS OF MITIGATING DDOS ATTACKS

Countermeasures to prevent DDoS attacks include: detection, mitigation, trace-back, and
prevention [7]. In this section, some of the more predominant mechanisms to mitigate a DDoS
attack are discussed in brief.
Packet Filtering
One mitigation approach filters or rate-limits attack packets [7]. In computer networks, ingress
filtering is a technique used to make sure that incoming packets don’t have spoofed source IP
addresses in their headers. Spoofing is typically done as part of an attack, so that the attacked
computer does not know where the attack is really coming from. In ingress filtering, packets
coming into the network are filtered based on previous gained information from the originating
network that the sending computer is not allowed to send packets with that IP address [8]. The
idea is to prevent computers on your network from spoofing (acting as another) [8].
Packet filtering is an effective way to block DDoS attacks, which usually use spoofed source IP
addresses. However, it is seldom used by ISPs, as filters degrade ISPs' network performance
significantly [10]. Also, filtering will reduce spoofing, but not eliminate the DDoS attack.
Therefore this approach, although considered effective against the older style attacks, has been
superseded by the advances in denial of service ‘technology’ [9].
Trace-back Mechanism based on Packet Marking
There are two major methods for packet marking to defend against a DDoS attack: the
deterministic packet marking (DPM) and the probabilistic packet marking (PPM) [11]. The PPM
mechanism tries to mark packets with the router’s IP address information by probability on the
local router, so the victim can reconstruct the paths that the attack packets went through [11].
The DPM tries to mark the spare space of a packet with the packet’s initial router’s information.
The PPM strategy can only operate in a local range of the Internet (ISP network), where the
defender has the authority to manage. The DPM strategy requires all the Internet routers to be
updated for packet marking. However, with only 25 spare bits available in as IP packet, the
scalability of DPM is a huge problem [12].
Trace-back Mechanism based on Entropy Variation
Another more recent publication on DDoS attack and mitigation uses the trace-back technology
to accurately measure the location and number of zombies that are present in the attack network
[11]. In the cited paper, the authors propose a trace-back method for DDoS attacks based on
entropy variations between normal and DDoS attack traffic.

This method is fundamentally different from commonly used packet marking techniques. The
proposed method in the paper is robust against packet pollution, because it does not use packet
marking. It is not memory intensive, it is efficiently scalable, and it is independent of attack
traffic patterns. Experiments using the proposed methods were shown to accurately trace-back
thousands of zombies within 20 seconds (approximately) in a large-scale attack network.
IV.

DESIGN RECOMMENDATIONS TO SIMULATE DEFENSE AGAINST DDOS

The following table summarizes the design recommendations that should exist in a proposed
defense mechanism, and that would be easily implemented within OPNET architecture:
Criteria
Packets Marking
Processing

Routing
Defense Mechanism

Trace-back Method
OPNET Deployment

Recommendations/ Requirements
Avoid Probabilistic or Deterministic Packet Marking (PPM, DPM)
Perform minimal processing at the victim node
Most processing work for defense will be done by the control station over the
network
No change in existing routing software
Should archive real-time trace-back to attackers
Should implement global traffic monitoring and control mechanism to
distribute the trace-back workload and make is efficient
Should be initiated by the target server and independent of packet pollution,
attack pattern, attack network topology, and defense network topology
Must be able to implement easily by adding an independent module

Table 1: Design Recommendations to Effeciently Simulate Defense Against a DDOS Attack

V.

PROJECT #1- TYPICAL TCP/IP LAN WITH ROUTER CONNECTED TO
INTERNET

A vast and complicated network is needed to be simulated prior to simulating a DDoS attack and
defense mechanisms. This network is obviously not pre-configured in OPNET and therefore
preliminary simulation of them had to be done. The following assumptions are made to reduce
the complexity of the simulation studies, and to eradicate any initial confusion during
experiments.
• There is only one server, but two legitimate users and hundreds of zombies
• Legitimate users HTTP packets inter-arrival time = 10 seconds
• Zombies’ HTTP packets inter-arrival time = 0.3 seconds
• Filtering is studied separately. No filtering is done with the DDoS simulation projects.
• DDoS attack lasts for 5 minutes, typical to real-life average DDoS attack duration.
• At the server, the datagram forwarding rate of the IP processor (queue) is reduced to 5000
packets/sec (from 106 p/s) to make the server slower
• At the server, the memory size of the IP processor (queue) is reduced to 8 MB (from 256
MB) to see the packets get dropped after queue is filled up.
• All the processing required for decision, and mitigation of DDoS attack is done by the
centralized control station, not the victim server.
The first project was to be able to successfully simulate a small-scale TCP/IP network. This
would present a smaller version of the client-server communication model that we would need
later in the full-scale DDoS simulation which is illustrated in Figure 2.

Figure 2: OPNET Project #1- Typical TCP/IP LAN with Router Connected to Internet

Once a simple communication model was established, several possibilities arose. Since ingress
filtering and egress filtering are effective ways to block DDoS attacks, which usually use
spoofed source IP addresses, packet filtering could be tested in OPNET [7][9][11].
VI.

PROJECT #2- PACKET FILTERING BY PACKET TYPE

The goal of this project is to prove the concept of using firewall filtering to filter ingress traffic
by traffic type. The idea is to use or expand this concept later to filter certain types of traffic
packets from getting into the network.
Here, firewall filtering is done to demonstrate that certain types of traffic can be filtered out from
getting into the network or a part of a huge network. The simulation lab required 3 different
scenarios in order to compare the performance of the same (topological) network in the
following three cases: there is no firewall in the network, there is a firewall in the network and it
allows all traffic through, or there is a firewall in the network and it discards web traffic. Figure 3
shows the time-average of the HTTP page response-time (in seconds) for all three scenarios.

Figure 3: Result for OPNET Project #2, Firewall Filtering Ingress HTTP Traffic

As filtering is done in web traffic in the third scenario, only the first two scenarios allow web
traffic to flow through the network. The absence of the third plot (belonging to the third scenario,
when firewall filtering/blocking is used) indicates that the firewall blocked all the incoming web
traffic in that scenario.
VII.

OPNET PROJECT #3: PACKET FILTERING BY SOURCE ADDRESS

The goal of this project is to prove the concept of using firewall filtering to filter ingress traffic
by traffic source. The idea is to expand this concept later to filter traffic from certain machines
and thus prevent them from getting into the network. The simulation scenario makes use of
TCP/IP network similar to the one shown in OPNET project #1 in section V.
Here, firewall filtering is done to demonstrate that certain traffic sources (nodes) can be filtered
out from the rest of the network or a part of a huge network. The simulation lab required 2
different scenarios in order to compare the performance of the same (topological) network.

The first scenario makes use of a router to connect the LAN to the IP cloud. In this scenario,
there are 5 attackers but no firewall in the network.
The second scenario makes use of a firewall to connect the LAN to the IP cloud. In this scenario,
firewall filters the traffic sent by the attackers. Figure 4 shows the HTTP traffic sent (in
packets/seconds) by one of the attackers in both the scenarios.

Figure 4: Result for OPNET Project #3- HTTP Traffic Filtered from the Attack Node

As filtering is done in by traffic source only in the second scenario, the first scenario allows web
traffic to flow through the network as shown by the red plot in the figure. When firewall
filtering/blocking is used, the firewall blocked all the incoming web traffic generated by the
attack sources in that scenario.
VIII.

OPNET PROJECT #4: MODELING OF THE INTERNET ARCHITECTURE

The goal of this project is to create a large scale network that represents a complex network of
networks, called Internet. The idea is to make this model as realistic as possible so that DDoS
attacks can be studied in simulation environment. Because realistic modeling of the Internet is
crucial to being able to simulate DDoS attacks over internet for this paper, a good understanding
and proper replica is needed to complete the work most effectively. The network developed has
two legitimate users (clients) and one server, each connected to the internet through different
ISPs. The simulation results for this network are presented and analyzed later.
IX.

OPNET PROJECT #5: DDOS ATTACK IN INTERNET

The goal of this project is to simulate a DDoS attack by flooding the target server. The
simulation scenario makes use of the internet architecture developed in OPNET project #4.
There are 8 different subnets where attackers are located (shown in the figure as “Bot Subnet” in
red color). Each of these subnets comprise of three different LANs, each with 13 bots, making a
total of 3*13*8 bots = 312 bots. The bots start to send attack traffic randomly at around 15
minutes and DDoS attack will last for 5 minutes.
Both the legitimate users and the bots send HTTP traffic to the server. However, the traffic
generation is controlled using two different Application Configurations and Profile
Configuration. A detailed illustration of this network can be found in Figure 5 and simulation
results for this network are also presented and analyzed later.

Figure 5: OPNET Project #5-Eight Subnets (Total of 312 Bots) involved in a DDoS Attack

OPNET PROJECT #6: LINK FAILURES TO STUDY NETWORK RECOVERY
The goal of this project is to simulate the network recovery following a DDoS attack. The idea is
to use results from this simulation as a benchmark to refer back when we successfully achieve all
the mitigation steps: attack suspicion, communication, decision and response. The simulation
scenario is built upon the scenario presented in OPNET Project #5.
This project uses link failure and link recovery sequence to cut off the links from where attack
traffics are getting into the internet during the attack, and to restore them after the attack. A
“Failure” configuration node is added automatically that can control all the links and nodes in the
project. This configuration node fails (disconnects) all the links that connect the BotSubnets to
their ISPs at exactly 1000 simulation seconds (about 2 minutes into the DDoS attack) and then
recover at exactly 1800 simulation seconds (about 10 minutes after the DDoS attack stops).
There are some crucial assumptions made in this project. First, we are assuming that the defense
mechanism is in place so that we do not have to worry about detecting and mitigating an ongoing
attack. As stated earlier, mitigation of DDoS attack is beyond the scope of this paper. Second, by
failing specific links close to the attackers at 2 minutes into the DDoS attack, we assume that all
the attackers will be traced-back within 2 minutes from the start of the attack. Recent studies and
publications have indicated that the attackers involved in a DDoS attack can be traced back
within 20 seconds [11]. Third and most importantly, we assume that link fail and recover
automatically. In our studies, we recommended that there exist a centralized control station that
can monitor traffic flows. Simulation results for these networks are presented and analyzed next.
X.
RESULTS AND ANALYSIS
This section shows results for the final three project simulations. Figure 6 shows the number of
active TCP connection throughout the simulation. In the figure, the blue plot is for the first
scenario, when no attackers are placed in the network. Since only two legitimate users exist to
send packet to the server at any given time, the incoming packets get served quickly. Therefore
the active TCP connection counts at the server fluctuated between 0 and 2.

The red plot is for the second scenario that consists of 312 bots. The bots send huge amount of
attack traffic to the target server, randomly starting between 14th and 16th minutes. The server
cannot handle the demand, and starts to get overwhelmed. Therefore, the red plot begins to swell
from 14th minutes. The bots are programmed to stop randomly after about 4-6 minutes.
Therefore, starting from around 18th minute, there is a fall in the red plot from 18th. By 20
minutes, almost all the bots stop sending attack packets. However, the plot indicates that the
network recovers slowly, requiring roughly 12 more minutes to fully recover from the attack.
The green plot is for the third scenario, which uses link failure and link recovery sequence. When
all the incoming attack traffic is blocked 2 minutes into the DDoS attack, there is only sporadic
traffic coming in from legitimate users. Lower influx of traffic rapidly reduces the active TCP
connection counts at the server and therefore the network recovers much faster, as shown by the
steep downfall of the green plot.

Figure 2: Results for OPNET Project #4-6-- Active TCP Connection Count at the Server

Figure 7 shows the results of the CPU Utilization at the server. It is critical to understand that the
CPU utilization greater than 80% is considered menacing, and will account to increase in waiting
time at the server’s queue. The blue line which indicates the CPU utilization of the server for the
first simulation (no attack) is well below 5%, and is therefore not an issue.

Figure 7: Results for OPNET Project #4-6— CPU Utilization at the Server

During the DDoS attack, a huge amount of traffic gets to the server and CPU utilization of the
server increases dramatically to 100%, as shown by the red plot. The CPU utilization of the
server remains 100% for about 15 minutes even though the attack lasted only for about 5
minutes. This is because a huge amount of incoming traffic is waiting for service in the queue of
the server’s IP processor and it takes some time to drain the fully consumed target server.
The green plot is for the link failure and link recovery sequence. When all the incoming attack
traffic is blocked 2 minutes into the DDoS attack, there is only sporadic traffic coming in from
legitimate users. Lower influx of traffic rapidly reduces the CPU utilization of the server and
therefore the network recovers much faster, as shown by the steep downfall of the green plot.
Figure 8 shows the IP packets dropped (in packets/second) at the server throughout the
simulation. The red line represents the IP packets dropped at the server for the second simulation
(with attack). During a DDoS attack huge amount of traffic gets to the server, and start waiting
for service in the queue of the server’s IP processor, because the server’s resources are fully
utilized. The forwarding memory free size eventually drops down to 0 bytes during the attack, as
the memory (server’s queue) gets filled up. Once the memory is filled up, any more incoming
traffic will get dropped at the server node. Therefore, we see packet getting dropped only few
minutes after the attack begins and last a few minutes after the attack stops.

Figure 8: Results for OPNET Project #4-6— IP Packet Dropped at the Server

The absence of other two plots (belonging to the first scenario where no attack takes place, and
the third scenario, when link failure is used) indicates that the packets did not get dropped when
we disconnected the bots. In other words, all legitimate users were served when the attack
traffics are not introduced into the network.
XI.

CONCLUSION

Our simulation modeled a flooding attack by sending large numbers of TCP packets destined for
the victim. The combined zombies managed to send over 8 MB worth of bogus traffic per
second, more than enough to completely consume the victim’s available bandwidth. Because of
this, packets were buffered at the server. Once the available buffers were completely filled,
packets destined for the victim were dropped. This project offers a starting point for future work
in distributed denial of service research. By presenting the in-depth result analysis, this paper
attempts to provide a benchmark to refer back to, for any future DDoS simulation studies.
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ABSTRACT
The transition of telemetry from link-based to network-based architectures opens these systems
to new security risks. Tools such as intrusion detection systems and vulnerability scanners will
be required for emerging telemetry networks. Intrusion detection systems protect networks
against attacks that occur once the network boundary has been breached. An intrusion detection
model was developed in the Wireless Networking and Security lab at Morgan State University.
The model depends on network traffic being filtered into traffic streams. The streams are then
reduced to vectors. The current state of the network can be determined using Viterbi analysis of
the stream vectors. Viterbi uses the output of the Hidden Markov Model to find the current state
of the network. The state information describes the probability of the network being in
predefined normal or attack states based on training data. This output can be sent to a network
administrator depending on threshold levels. In this project, a penetration-testing tool called
Metasploit was used to launch attacks against systems in an isolated test bed. The network traffic
generated during an attack was analyzed for use in the MSU intrusion detection model.
KEY WORDS
iNET, Telemetry, Intrusion Detection System (IDS), Hidden Markov Model, Metasploit

INTRODUCTION
Cyberspace is the electronic medium of computer networks, in which online communication
takes place. Science fiction author William Gibson first coined the term in one of his novels.
Cyber security deals with detecting and responding to all kinds of attacks that take place in
cyberspace. Today, our financial, energy, transportation, and other infrastructure systems are
controlled by computer technology. Activities in cyber space can have consequences in the
physical world. This reality prompted the director of national intelligence, James Clapper, to tell
a congressional committee “We all recognize [cyber attacks] as a profound threat to this country,
to its future, to its economy, to its very being.” [7] Recent events illustrate the need to

continuously learn and update ways of protecting computing devices and networks, including
telemetry networks.
The Wireless Networking and Security lab (WiNetS) at Morgan State University is dedicated to
research network implementation techniques and best practices that support networks. This
project was focused on designing an isolated test bed to support system attack simulation and
intrusion detection.
In order to protect systems, one must understand the basic tenants of data security and
networking protocols. Knowledge of protocols allows large amounts of network traffic to be
reduced to simple data vectors.
These vectors are a key component of WiNetS intrusion detection model. Previously, the model
successfully detected an FTP password attack and separately a SYN attack. Subsequently, we
were able to combine the analysis to detect and distinguish both types of attacks. Our ongoing
goal is to design intrusion detection logic to distinguish many different attack schemes. A major
part of this effort was using the isolated environment to launch attacks against target systems.
Metasploit Framework, a penetration-testing tool, was used to launch and analyze intrusion
mechanisms. While those attacks are in progress, a network sniffer, such as Wireshark, can be
used to capture the communication stream. Then that stream can be reduced to a vector to be
analyzed by the intrusion detection system.
DATA SECURITY
Data security consists of protecting data from being viewed or manipulated by persons or
systems not authorized to do so. The three main aspects of data security are confidentiality,
integrity, and authentication. Confidentiality prevents data from being understood by
unauthorized individuals. This is achieved using cryptography, the use of mathematical
algorithms and number keys to scramble data. This encrypted data is known as ciphertext.
Unintended recipients may be allowed to capture data in ciphered form, but they cannot
understand the data without a decryption key. An attacker can only decipher the data if they can
guess the key. Strong encryption algorithms, along with long key numbers, require the use of
supercomputers with many years of ongoing computation to guess the correct key. Integrity is
concerned with detecting altered data. An attacker could alter data as it is being routed to a
recipient, causing malicious consequences. As data packets are routed to a destination, they may
be accessible to others. For example, wireless data is accessible to anyone with a sufficient
receiver. And on wired networks, many users may have access to the data traveling on the
network. Thus, it is difficult to restrict data access to only the intended recipient. A more
obtainable goal is detecting a message has been compromised and then discarding that message.
The use of hash values and checksums can be used to ensure data integrity. Authentication is a
mechanism of ascertaining the identity of the message originator. Knowing the originator of a
message is very important since an attacker could masquerade as a trusted data source.
Authentication can be achieved by using public key cryptography. The best way to ensure data
security is by deploying mechanisms that provide confidentiality, integrity, and authentication.

BASIC NETWORKING
System networking involves the connection of computers and computer networks such that users
in distant locations may share information. Protocols were established to connect different
systems with predictable results. As systems networking evolved and applications became more
complex, developing networking software became more difficult. The Open Systems
Interconnect (OSI) model was created to segment communication tasks into logical layers. Each
layer handles a specific set of services or data requests from adjacent layers. A sending system
and a receiving system would process complimentary tasks at the same layer of the model. OSI
defines 7 layers. Layer 1 defines the physical layer in which networking cables connect with
systems. Layer 1 defines the application layer, the layer at which networking software interacts
with other host software. A sending system creates data by sending it down the 7 layers of the
OSI model, appending data, called headers, at each layer. On the receiving system, the data
moves up the 7 layers, removing the headers and processing the data at each layer. However,
OSI is simply a suggested model. Though the tasks that are needed for systems to connect for a
certain application are similar, the design of the protocol to accomplish that connection may not
map exactly to the OSI model. TCP/IP, The Transmission Control Protocol/Internet Protocol is
the main suite of protocols used for system communication on the Internet. TCP/IP loosely
follows the OSI model, as Figure 1 shows. The application layer maps to OSI layers 5 to 7. The
host layers are application, presentation, session, and transport. The interface between that
application running on the host requesting network connectivity and the host networking
software occurs at the application layer. The presentation layer handles data representation and
encryption (if handled by the networking software). Interhost communication handling is done at
the session layer, where port numbers are used to identify complimentary connection with the
remote system. End-to-end connections and reliability are handled at the transport layer. A
request for retransmission of lost data is done at this layer. This is also the layer in which data
streams are broken into segments, called packets. The media layers are Network, data link, and
physical layers. Routers operate at the network layer by making decisions on how to forward
data toward the destination address. Data link has 2 sublayers – MAC (media access control) and
LLC (logical link control). Switches and Ethernet operate in the datalink layer. The MAC
sublayer manages network interface card addressing and LLC handles physical cable interface.
The use of protocol layers allows networking designers to manage the complexity of remote
system communication.

Figure 1 - How TCP/IP maps to the OSI Reference Model

INTRUSION DETECTION MODEL
Intrusion detection systems (IDS) protect networks against inside or outside attacks. These
attacks occur after the network boundary has been breached. Attacks can also occur if a person
with limited network access attempts unauthorized access to network resources. Once an intruder
is inside a network, individual systems can be attacked and the data in those systems can be
viewed or destroyed. Intrusion detection systems collect data using sensors placed at various
network locations. The sensors collect data on network and individual system activity and
forward this data to IDS servers. The IDS servers analyze this data in search for patterns that are
consistent with network intrusion. If a log pattern is consistent with a possible break-in, an alarm
is triggered and alerts are sent to network administrators. One example of an IDS trigger is
successive login failures of a network host in a short time frame. A key feature of IDS is
notifying network administrators soon after a compromise occurs. IDS sensors can be placed on
workstations, servers, switches, routers, or other network devices. A crucial aspect of IDS is
uploading log data to servers at regular intervals. Often, an attacker is able to break into a
network asset and erase log file entries that contain evidence of their presence. In such a case, a
network can be attacked multiple times without detection. To ensure log files reach the IDS
server, network components with IDS sensors often have additional network cards and/or
redundant routes to the IDS server.
The WiNetS intrusion detection model analyzes traffic flowing across a network. Statistical
modeling of flowing traffic is performed to find states of the network based on patterns in the
data. A network can be in a normal state, one of many attack states, or some intermediate state.
This model does not employ IDS sensors or servers used in traditional intrusion detection
systems. There are two (2) phases of the model – the training phase and the operational phase.
Figure 2 shows a diagram of the model. In the training phase, normal and attack traffic are used

to find all possible states of the network. The hidden Markov model (HMM) looks for patterns in
data vectors. The vectors are constructed by using key fields of network traffic streams. Figure 3
shows an example of forming a vector from a stream of traffic. Each network stream type would
have an associated vector structure. HMM uses these vectors to search for patterns. Those
patterns are given state identification. HMM also uses statistical analysis to find relationships
between those states.

Figure 2 - MSU WiNetS Intrusion Detection Model

In the operations phase, live network traffic is analyzed to find the current state of the network.
Existing network traffic is matched against the state information found during the training phase.
Network traffic is filtered into predefined streams. These streams of data are reduced to vectors.
The current state of the network can be determined using Viterbi analysis of those stream
vectors. Viterbi uses the output of the HMM to find the current state of the network. The state
information describes the probability of the network being in a predefined state based on the
training data. This output can be sent to a network administrator based on defined thresholds. For
example, if Viterbi analysis finds there is a 70% probability the network is in a certain attack
state and the threshold for that state has been set to less than 70%, an alarm will be triggered.
These alarm thresholds can be set for each network stream type, giving a network administrator
control of the level of notification and false alarms.

Figure 3 – A Vector formed from Network Streams and Associated Fields

Synthesis of the model components will eventually result in a complete intrusion detection
system. The protocol analysis performed in this project will be used for vector quantization.
Ultimately, the developed cyber security test bed will be used to test this intrusion detection
model.
TEST BED
The test bed consists of hardware and software that function to form an isolated cyber security
test bed. A diagram of test bed network is show in figure 4. Several connected computers act as
attack targets in this isolated environment.
A protocol analyzer, also known as a network sniffer, is software that collects all data packets
flowing across a network cable. The software puts the network interface card in a mode to
process all packets on the cable. As the packets are captured, the data can be filtered for
presentation to users. Several computers have the WireShark network sniffer installed. This is
the main form of network monitoring in the test bed.
Additionally, the test bed includes a computer that acts as the intrusion detection system
processor. Once the model is complete, this PC will be the main point of data analysis and alarm
generation. A traffic generator is a software system than can construct valid network packets.
The traffic re-player can record network traffic to be replayed at later time. This allows a small

physical network to seem greater by having traffic that was recorded from a much larger
network.
Future adaptations of the test bed might employ the use of a network switch in place of the hub.
A switch would allow simulation of multiple sub-networks using data routing between VLANS
(virtual local area networks).

Figure 4 - Isolated Ted Bed

METASPLOIT
Metasploit Framework is an open source vulnerability-testing tool. Metasploit aids security and
IT professionals in understanding the form and nature of all kinds of computer and network
attacks. New information is shared with the community in order to highlight and promote best
practices. Open-source means the underlying programming code of Metasploit is shared and
updated through a community process.
The package provides a set of tools designed to probe systems on a network for vulnerabilities.
The Framework software allows a user to configure over 1,100 included “exploits” for Windows,
Unix/Linux and Mac OS X systems. Probing a target machine for susceptible entry points is
often the starting point of an attack. Metasploit includes mechanisms to check a computer’s
susceptibility to several known software exploits.
An exploit is an amount of data or a sequence of commands a person(s) can use for an attacker’s
advantage. It usually takes advantage of software bugs or vulnerabilities that exists in computers
or embedded devices. A person uses an exploit to gain unauthorized access to computers or
systems.

EXPERIMENT
Six windows PCs and a network hub were networked to produce an isolated environment.
Network cabling and operational procedures kept this environment from being connected to the
larger Morgan State University network. Several open-source software packages were added to
allow network attacks to be unleashed on target systems. Network traffic generators and sniffers
were used to simulate and analyze different scenarios. Once the environment was set up,
Metasploit Framework was a main software package used to learn intrusion techniques.
RESULTS
An isolated network of PCs, with the selected software, successfully supports the simulation of
network and system intrusion. Metasploit was used to take advantage of the print spooler
vulnerability on a Windows XP computer.
On a Windows system, each print server has an associated print spooler service. That service
manages all print jobs and queues for print server. In September 2010, Microsoft issued a critical
security bulletin, named MS10-061. That bulletin was entitled "Vulnerability in Print Spooler
Service Could Allow Remote Code Execution." The bulletin describes how a remote attacker
could use a specially coded print request to insert instructions for execution.
Using Metasploit, the print spooler vulnerability was exploited by inserting a Windows DLL.
The DLL enabled a command interface between the attacking machine and the target computer.
The initial connection established a unique windows process that could be viewed by the user as
a long process name in Windows Task Manager. However, Metasploit session commands
enabled the process to be migrated (and hidden from the user) to the explorer.exe process. This
exploitation allowed total control of the PC. Additional executable files could be downloaded
and launched. Complete access to the computer’s file system was granted. A user’s keystrokes
could be monitored with an included key logger. Also, a GUI mirror of the target computer’s
desktop with mouse control could be installed. Finally, the environment of the attacked computer
was monitored by surreptitiously turning on the default microphone. The target computer
packaged recordings in .wav files and sent them over the network to the attacking computer. The
same process could be used with a default web cam, though this was not a part of our testing.
CONCLUSION
This work serves as a foundational effort for future cyber security and intrusion detection
research to be performed in the Wireless Networking and Security Lab. Metasploit is an effective
tool to aid ongoing intrusion detection research. This tool can be used to capture data streams of
network and system intrusions. Analysis of those data streams will yield TCP/IP fields and
parameters that define the attack. Results of that analysis can be used to create a representative
vector for use in the Hidden Markov Model, which forms the basis of the WiNetS Intrusion
detection model.

ACKNOWLEDGEMENTS
Research Advisor: Dr. Richard Dean
The author appreciates the support of the DoD/TRMC SRC and CRC for their support of this
work

REFERENCES

[1] Stallings, William. Data and Computer Communications, 5th Edition. Upper Saddle

River, NJ: Prentice Hall, Inc., 1997.
[2] Stallings, William. Network Security Essentials, 2nd Edition. Upper Saddle River, NJ.

Pearson Education, Inc., 2003.
[3] ] Odesanmi, Abiola & Daryl Moten. “Secure Telemetry: Attacks and Counter Measures on

iNet”. 7/2011.
[4] Doyle, Jeff. Routing TCP/IP, Volume 1. Indianapolis, IN. Cisco Press, 1998
[5] Doyle, Jeff and Jennefer DeHaven Carroll. Routing TCP/IP, Volume 2. Indianapolis,IN.

Cisco Press, 2001
[6] Dukes, Renaea. INET Network Security Architecture. Morgan State University.

December 2009..
[7] Lieberman, Joseph I. “The Dangers of Delaying Heightened Cybersecurity.” Internet:
http://www.washingtonpost.com/opinions/joseph-lieberman-the-dangers-of-delayingheightened-cybersecurity/2012/10/09/b2c0621e-0cc6-11e2-bd1a-b868e65d57eb_story.html,
Oct 9, 2012 [Nov 15, 2012].
[8] Microsoft Security Bulletin. "Vulnerability in Print Spooler Service Could Allow Remote

Code Execution." Internet: http://technet.microsoft.com/en-us/security/bulletin/MS10-061,
Sept 29, 2010 [Jun 17, 2013].

OPTIMISING NETWORKED DATA ACQUISITION FOR
SMALLER CONFIGURATIONS

DAVE BUCKLEY
ACRA BUSINESS UNIT, CURTISS-WRIGHT CONTROLS AVIONICS &
ELECTRONICS

ABSTRACT
Network switches are a critical component in any networked FTI data acquisition system in order
to allow the forwarding of data from the DAU to the target destination devices such as the
network recorder, PCM gateways, or ground station. Larger configurations require one or more
switch boxes to handle aggregation, routing, filtering and synchronization via the IEEE 1588
Precision Time Protocol. However, for smaller configurations where space and weight
restrictions are more stringent, a separate switch box may not be practical This paper discusses
how all the essential features of an FTI network, such as flexible forwarding and filtering and
IEEE 1588 synchronization, can be maintained without the need for the separate switch box thus
making significant savings on weight and size and reducing cost.

KEYWORDS
FTI switches, IEEE 1588, Ethernet to PCM gateway
INTRODUCTION
This paper explores the key functions of network switches as they are used in Flight Test
Instrumentation (FTI). A standard FTI network consists of several Data Acquisition Units
(DAUs), which acquire data from various sensors and avionics busses. Each DAU will have an
Ethernet node which packetizes the acquired data for transmission in the network. Within the
network this packetized data will move from the DAUs towards the sinks or users of the data.
These sinks may include a network recorder to record the data for post flight analysis, an RF
transmitter to transfer a subset of the data to the ground for real time analysis or a laptop to allow
real time analysis to be carried out on board.
One or more FTI switches will sit between the sources and sinks of data. The FTI switch is
responsible for forwarding the data from the DAUs to the sinks, filtering streams of data such
1

that only the data that each sink requires arrives at that sink, monitoring the health of the network
to allow the Flight Test Engineer to determine if any data is being lost during the flight and
synchronising every DAU in the system.

Figure 1: Typical FTI network

The acquired data consists of parameters. A parameter can be a measurement on an individual
channel from say a strain gauge or a thermocouple or can be a measurement contained within a
bus message. To enable time correlation of parameters across all DAUs synchronization is
essential.
However, for smaller configurations where space and weight restrictions are more stringent, a
separate switch box may not be practical. This paper discusses how all the essential features of
an FTI network, can be maintained without the need for the separate switch box. Each function
of the switch is briefly discussed and a solution for moving that functionality into the DAU is
proposed. Furthermore other functions carried out in a large FTI network such as recording and
bridging between Ethernet and IRIG 106 PCM telemetry can also be incorporated in the DAU
when there are size and weight are limitations on the configuration.

FUNCTIONS OF AN FTI SWITCH

PACKET FORWARDING
The primary purpose of the FTI switch is to transfer acquired data from its source to its sink. The
DAU which is the source of the acquired data encapsulates that data in network packets. These
packets are then forwarded by the switch from the ingress port to the appropriate egress port. The
2

number of sinks and sources and the flow of data in any network can vary so the FTI engineer
needs the flexibility to configure the switch to support any topology. A fully configurable
crossbar switching fabric allows the FTI engineer to do this.
However the FTI switch must also have other key attributes. The forwarding table needs to be
static and live at power up. Essentially this means that there is no learning of the forwarding
requirements of the network. The topology of the network of is preconfigured into the switch and
upon power up the switch begins forwarding according to this topology immediately. The effect
of this is that in the event of a power glitch during flight there is no boot up or learning delays
during which data could be lost. Also the switch must transfer data with low latency and in a
deterministic manner. This requirement is particularly important for data coherency in a PCM
telemetry link. Coherency considerations for an Ethernet to PCM bridge will be discussed later.
PACKET FILTERING
In addition to forwarding data from ingress ports to egress ports the network switch has the
ability to pass only certain streams of data from the ingress port to the egress port. Data from a
particular DAU can be grouped into streams. A stream is sequence of packets which are defined
by one entry in the metadata. The analysis software can use the stream identifier (IENA key in
the case of IENA packets) to identify every parameter in the packet. In some cases one stream
with a subset of acquired parameters may be destined for telemetry and real time analysis while
another stream with all acquired data from a DAU may be destined for a recorder. The FTI
switch will have the ability to filter the streams such that only streams destined for a given sink
arrive at that sink. Individual streams can be filtered based on application header information
such as stream ID or IENA key, or groups of streams can be filtered based on fields such as
MAC address.
IEEE 1588 GRANDMASTER
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Figure 2: IEEE 1588 Protocol

Inter DAU time correlation of sampled data has always been straightforward when parameters
sampled at the same rate are sampled at exactly the same point in time. In order for DAUs to
sample parameters at the same time the DAUs must first be synchronised with each other. IEEE
1588 Precision Time Protocol (PTP) [1] is a network protocol which allows all DAUs in a
system to be synchronised to an accuracy of 100 nanoseconds. The protocol is carried out using
the same Ethernet wires which are used to transmit the data. Typically there is one grandmaster
and multiple slaves. Each DAU in the system is a PTP slave. The grandmaster seeds the time to
the slaves and through a handshaking protocol the slave figures how accurate its own time is
with regard to the grandmasters time and adjusts its own clock accordingly. While the PTP
grandmaster can come in a standalone box typically it is built in to the FTI switch.

IEEE 1588 TRANSPARENCY
The handshaking protocol built into PTP which allows the slave to figure out the error between
its own clock and the grandmasters clock relies upon the trip time from the grandmaster to the
slave being exactly the same as the trip time from the slave to the grandmaster. This is typically
not the case in networks and rarely the case in FTI networks. In an FTI network all the data flows
from the DAUs which are the sources of data towards the sinks of data such as the recorder or
the telemetry bridge. This means that the delay from the slave to the grandmaster is typically
much larger, as the PTP packets in this direction get delayed behind the data packets than the
delay from the grandmaster to the slave. This variable and mismatched delay can introduce
synchronisation errors of several milliseconds in large FTI networks.
There are two methods of correcting for these errors boundary clocks and transparency.
Transparency is typically more accurate than boundary clocks so it is the more commonly used
technique in FTI switches. With transparency the time in residence of the PTP packet in the
switch is remembered and the switch adjusts the timestamp of the packet to make it look like the
delay in the switch never happened. Using this method the delay through the switches is
effectively removed and the accuracy of sub 100 nanoseconds can be achieved. PTP
transparency is a feature that needs to be built into the fabric of the network switch. Each PTP
packet must be hardware time stamped on the way in and the way out of the switch and the
contents of the PTP packet need to be adjusted to correct the timestamp.
NETWORK HEALTH MONITORING
Transporting acquired data via Ethernet networks is relatively new to FTI. Traditionally data was
carried through an FTI system using IRIG 106 PCM [2]. Now while Ethernet networks offer
significant advantages [3] over PCM including throughput, simplicity and flexibility the
guaranteed determinism of PCM is not a feature of standard networks. A standard office network
will not be concerned with data getting delayed or lost in switches and routers as the upper layer
protocols will simply resend the data. In FTI large latency and data loss are unacceptable.
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While it is possible to design a deterministic, lossless, low latency FTI network it is also possible
to design an FTI network that does not meet all these requirements. The adoption of Ethernet by
the FTI industry has allowed the hardware from multiple vendors to be easily integrated into one
configuration. However using hardware from multiple vendors can make it more difficult to
design a deterministic, lossless, low latency network.
To this end Network Health Monitoring is good way to monitor the data flow through your
network to ensure in real time that all the data that was transmitted from the DAUs has passed
through the network in a timely manner with no loss. To allow the flight test engineer to monitor
the network the FTI switch reports details such as the throughput of each port and whether any
packets were dropped due to buffer overflow.

MOVING FUNCTIONALITY TO THE DAU – CONTROLLER WITH IN BUILT IEEE
1588 GRANDMASTER

Next we consider how to move each function of the network into the DAU. In an FTI network
every DAU will have an Ethernet node which behaves as an IEEE 1588 slave. In a KAM 500
system the Ethernet node is built into the backplane controller. When attempting to fit a large
switch box into the form factor of a small data acquisition card it is necessary to push some of
the functionality of the switch onto other cards. Given this requirement the backplane controller
which acts as a network node is the perfect home for the PTP grandmaster. The controller will
have the grandmaster and slave functionality built in and the FTI engineer will be able to decide
whether he wants the backplane controller to act as a PTP slave or grandmaster.
In the event that absolute time is not important and the requirement is to simply have all channels
in the network synchronised with each other one of the controllers in the network will be
designated as the grandmaster and it will synchronize all the other DAUs to its local free running
time. In this scenario all other controllers in the network will be designated as PTP slaves. The
fact that each controller can be configured as either a slave or a master gives the flight test
engineer the flexibility to easily change which of his DAUs can be setup as time master.
For scenarios such as time correlation between two unconnected systems where absolute time is
a requirement, time will be acquired in a time code generation module. This time will then be
pushed across the backplane to the controller. The controller will then use this time to
synchronise all the other DAUs in the configuration.

MOVING FUNCTIONALITY TO THE DAU – SWITCH MODULE

The other functionality of an FTI switch is intrinsic to the switch core and cannot be easily
moved to elsewhere in the DAU. The standard FTI switch has 8 ports and supports speeds of up
5

to a gigabit per port. A switch module (or KAM switch) which fits into one slot of a compact
DAU chassis clearly cannot match the exact functionality of the standalone switch or it would be
required to be the same size as the standalone switch. A sensible trade-off is to make the KAM
switch a 4 port switch with ports running at up to 100 Mbps. A 4 port switch allows data from
the chassis the switch is located in plus 2 other DAUs to be aggregated and routed to a
standalone recorder or a built in recorder in a 4th DAU. For a large configuration with 40 plus
DAUs the data rates are at about 200 Mbps. Therefore 100 Mbps for a 3 DAU system is more
than enough bandwidth. In the event that more than 4 ports is required 2 or more KAM switches
can be cascaded to provide as many switch ports as necessary.
Of course with a fully configurable switching fabric the KAM switch could be used in many
different topologies. For example it could be used as a two input, two output switch. With the
two outputs being a recorder, a telemetry link or a lap top for on board analysis or programming.
The switch could also be configured as a network tap for an external network, with two ports
being used to tap off the external network and another being used to aggregate data from both
directions on the external network. The KAM switch can also be used to locally aggregate data
from a small number of chassis which can be forwarded onto a larger network. Equally if the
flight test engineer architects a dual redundant network the KAM switch can provide dual
outputs from the chassis in which it is housed.
A standard office switch will filter based on MAC or IP address as this is how data is routed
through such a network. Many switches used in FTI follow this paradigm. However the packets
travelling through FTI networks have specific application header identifiers which allow the
packets to be identified in the metadata description of the configuration. Packet flows are split up
into streams using these identifiers, stream IDs in INET [4] and keys in IENA. The FTI engineer
is offered much more flexibility if the switch allows filtering based on these identifiers. In fact
by designing an FTI switch core rather than repackaging off the shelf cores the KAM switch will
allow filtering on any field within the entire Ethernet frame.
As previously mentioned network health monitoring is an important requirement of the switch.
The KAM switch gathers information on network health such as throughput per port and packet
drops due to buffer overflow or transmission errors. Each network health metric is made
available to the FTI engineer to place in any network packet or PCM frame for telemetry. This
gives the FTI engineer flexibility to monitor the network health to whatever extent he deems
appropriate.

MOVING FUNCTIONALITY TO THE DAU – ETHERNET TO PCM BRIDGE

Although IRIG 106 PCM has been replaced in many FTI configurations with Ethernet in general
the telemetry link remains at the last stronghold of PCM. This means that for telemetry an
Ethernet to PCM gateway or bridge is required. Now in a PCM frame parameters from different
channels and different DAUs are grouped together. Each group will contain one instance or
sample of each parameter. In order to facilitate correlation of signals across multiple DAUs it is
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necessary that for each group the sample from each DAU are sampled at the same time. In a
typical PCM configuration the data from each individual DAU (or slave chassis) is transported
via PCM to a master chassis where the overall PCM frame is assembled. The inherent
determinism or constant delay of IRIG 106 PCM allowed the parameters to be transferred from
the slave chassis to the master chassis such the parameter instances grouped together are always
guaranteed to be sampled together. From an IRIG 106 PCM standpoint this data is defined as
coherent.

Figure3: PCM Coherency

When data is transferred between chassis using a networked backbone this constant delay no
longer exists. The variable delay of a networked system means that parameters from some
DAUs will arrive at the Ethernet to PCM bridge later than parameters from other DAUs. In fact
which parameters arrive late and which arrive on time will not be constant meaning it will be
impossible to be sure of the relationship of data between different DAUs. This effectively leads
to incoherent data. This raises the challenge of how to get PCM coherency using a network with
variable delays. Designing a small network solution such that the Ethernet to PCM bridge is
housed in the DAU gives you the flexibility of using multiple approaches which can be chosen
by the addition of one or two cards to one of your DAUS. Some of these approaches are
discussed below.
USING PCM AS A PIPE TO CARRY NETWORK PACKETS
The first potential solution to this problem is to effectively do away with the PCM frame. In this
paradigm the parameters are packetized in the DAUs passed through the network as packets and
passed through the PCM telemetry link as packets. The packets are inserted directly into the
PCM frame with any gaps between packets being filled with a known pattern to indicate that
there is gap. The network switch would ensure the bandwidth of the Ethernet traffic arriving at
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the bridge was less than the PCM bandwidth. The ground station would then remove the packets
from the PCM frame and pass the network packets to the analysis software. This solution
removes PCM from the picture completely. Because each packet will have a timestamp which is
the time of acquisition of the first parameter in the packet it will be possible to do correlation
across all parameters in all DAUs even when some packets are delayed significantly relative to
others.
However this solution has potential drawbacks. If all the ground station and analysis software is
based on PCM frames then this software can no longer be used and new software tools will need
to be purchased or developed. This can be a significant added expense and could potentially
delay the flight test campaign. Also the variable latency in the network will mean that the
analysis software has to wait until the worst case delay through the network has elapsed before
displaying the real time parameters to ensure it can correlate all samples for each parameter. It is
unlikely that the analysis software will be able to accurately estimate the worst case delay
leaving two possible approaches. It can choose a large safe value for the worst case delay.
However this value may be too large for latency critical measurements. The other option is for
the analysis software to choose a smaller value for the worst case delay. This will allow the
display of latency critical measurements and most of the parameters will arrive within this time.
However you will see occasional spikes and drop outs due to some packets arriving after this
window.
On top of this the passing of network packets over the PCM link may not be very bandwidth
efficient. Network packets when transmitted over UDP/IP with some additional application layer
headers can have up to 60 bytes header in total. To efficiently use network bandwidth it is
advisable to keep the size of the Ethernet packet as close as possible to the maximum transfer
unit of 1500 bytes. In this case less than 5 % of the frame is overhead. In order to do this
multiple samples from a given parameter are often put in a packet to ensure that the packet is
close to its optimal size. However for latency critical parameters the optimal strategy is to
packetize on sample of a parameter with one sample of all other parameters of the same sample
rate and send to telemetry immediately. Waiting for several samples of the same parameter can
lead to unacceptable delays. These latency critical packets tend to be small and in this case over
half of the packet is header. Sending these packets over PCM will mean that over 50% of the
already tight bandwidth will be used up with packet header. This will mean the total number of
parameters that can be telemetered will be halved.
In some configurations this Ethernet to PCM bridge is housed in a separate box. However in a
small network one Ethernet to PCM card can be used to do the bridging. The KAM switch or the
PCM to Ethernet card could filter the data such that it does not exceed the maximum throughput
of the PCM link and the Ethernet to PCM card can buffer the Ethernet traffic and insert into the
PCM frame with fill data between the packets. Existing de-commutation hardware can then decommutate the frames with the addition of some ground station software the packets can be
extracted and played back by off the shelf analysis software such as GS Works.
BUILDING COHERENT NETWORKS
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Another approach to this problem is to constrain the Ethernet network such that it is inherently
deterministic. FTI networks have a known static topology. Network nodes are not added or
removed during a flight. The data rates from each DAU and through each switch are known in
advance. The setup software can use this information to model the traffic and the delays through
the network. The task of modelling the delays through the network is made easier by the design
of simple state machine based switches which offer guaranteed bandwidth to each port and
known latency through the switch core. Once the setup software can model the delay through the
network it can schedule the packet transmission from each DAU such that the packets that are
destined for the Ethernet to PCM bridge have enough time to travel through the network so that
the parameters are guaranteed to arrive in time to be placed coherently in the PCM frame. This
solution has the benefit of using existing ground station software. The PCM bandwidth is
efficiently used as what is transmitted is a traditional PCM frame. Also the setup software
schedules the transfer of data such that there are no outliers which can cause spikes or drop outs
outside the reasonable time window constraint.
Again this coherent Ethernet to PCM solution can be realised in a standard DAU. The solution
requires the use of a standard Ethernet bus monitor and a standard PCM encoder. The flight test
engineer will use the setup software to define his PCM frame on the Encoder card. Every
parameter in the system will be available to him. Once his frame is defined the setup software
under the hood will generate the packets from each of the DAUs and schedule them through the
network. It will also setup the switch and the Ethernet bus monitor such that the parameters are
guaranteed to be transmitted to the Ethernet to PCM bridge in time for placement in the PCM
frame.
MOVING FUNCTIONALITY TO THE DAU – RECORDING

After data is packetized and forwarded the next task is to record the data reliably and in a format
that analysis software can easily handle. An important aspect of recording data is choosing a
suitable file format that facilitates fast read and write functions in real-time on high speed links.
The simplest solution to this is to record the data in its packetized form, that is, timestamp and
record the network packets as they arrive and write them quickly and reliably to the storage
media. The Packet Capture (PCAP) file format, defines an open standard format to record
network packets to file. The PCAP file format is a widely used file format in the networking
domain and is most notably supported in the Wireshark application. Wireshark is the most
popular network analysis tool that has millions of users and is used in many networking
applications not limited to data acquisition systems. In a typical FTI network a PCAP recorder
will be connected to the final switch in the topology to record all acquired parameters. The
PCAP recorder may have removable Compact Flash or SATA media depending on the size of
the configuration and the storage requirement. For smaller networks a compact flash media
which can offer 64 Gigabytes of storage will suffice to capture all the data from one or several
flights. This compact flash recorder can also be made available in form factor to fit into the
standard DAU. This allows the flight test engineer to record all data in the configuration without
a separate box. If the configuration contains both a recorder and a PCM telemetry link then it
would be advantageous to put both into the same chassis. The Ethernet bus monitor for receiving
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data from the network can then be shared by both functions. In a larger configuration a KAM
recorder also gives the ability to have redundant local storage of the parameters in one or more
DAUs in the event that the larger recorder fails or that the connection to the larger recorder fails.

CONCLUSION

Figure 4: Small FTI network

The FTI switch is perfectly tailored for the needs of networked data acquisition during flight test.
However for smaller configurations its size and weight may be prohibitive. All functions of the
FTI switch including, forwarding, filtering, IEEE 1588 time synchronisation and network health
monitoring can be carried out within the DAU that also acquires the data. This allows a small
number of DAUs to be connected up without the need for the separate switch box. On top of this
the flexibility of a modular DAU allows several strategies for Ethernet to PCM bridging to be
adopted within the same DAU. To complete the picture recording of all data within the network
can also be achieved by using one memory card integrated into the DAU.
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ABSTRACT
Over the last few years, PCM based data acquisition systems have become known as "Traditional
PCM" systems. This terminology modification is a sign of the evolution of the next generation
of telemetry/data acquisition systems based on network topologies. This has come about due to
users clamoring for functionality that has not been available in the traditional systems, such as
supporting increased data rates, providing access to onboard archived data, supporting on-the-fly
reconfiguration, and simplifying data distribution and delivery.
The iNET standard is using standard network technology to improve device interoperability and
data acquisition. To minimize impact on existing data acquisition system devices, the initial
effort of this approach has included the transmission of “Traditional” fixed PCM frames within a
network message based structure. This approach, however, squanders network bandwidth, as a
PCM frame includes all samples of all channels, and requires significant processing power for
even simple tasks.
Delivering on the promise of a more flexible transmission method requires a change in how data
is acquired in the data acquisition devices. The iNET standard defines such a packet based
transport system, which supports channel based packet formats besides “Traditional PCM” to
efficiently deliver data products. This paper will provide background on the benefits of these
methods and an overview of methods by which these formats can be implemented.
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INTRODUCTION
Today’s PCM telemetry systems have served the community well over the last number of
decades. Although PCM generally refers to the encoding of the telemetry stream, solutions for
data storage, analysis, decommutation, and other requirements have been developed and used
reliably for years. However, the systems required for some tasks such as decommutation and
analysis have generally required highly specialized and powerful devices.
Over the last number of years there has been a push to transition from PCM transmission
methods in favor of modern network based protocols. This push has been so great that PCM
based data acquisition systems have become known as "Traditional PCM" systems. This
terminology modification is a sign of the evolution of the next generation of telemetry/data
acquisition systems based on network topologies. The immediate question that should come to
mind is why, as the existing technologies have served the community well. One must be careful
that network based telemetry is not a solution for which there is no problem.

TRADITIONAL PCM ARCHITECTURES
In traditional PCM based systems, there is often a mix between high rate analog data and slower
rate bus data. PCM relies on a constant rate bit stream that is derived from sampling many
different types of sensor and bus inputs. Meeting this requirement via the different sampling
rates requires the commutator to sample some measurement types regardless of whether new
data is available – this is specifically true of bus monitor measurements that occur
asynchronously to the operation of the commutator. This physical constraint is a core part of the
architecture and a number of interesting techniques have surfaced helping to create flexible and
capable PCM acquisition systems.
This flexibility however, comes at a cost. In more complicated setups where multiple Data
Acquisition Units (DAU) are required to collect the data, master remote setups must be
employed. Due to the nature of PCM this creates its own complexities because the remotes must
sample at a rate that is an even multiple of the master. Therefore, the master has control over the
sampling rates of the remotes and instrumentation engineers must work within these bounds
often leading to large amounts of oversampling. Therefore, the careful work required to be
efficient with the usage of bits is wasted due to the large amount of oversampling.
NETWORK ARCHITECTURES
The sampling constraints described above are due to the physical limitations implicit to the PCM
architecture. Network based telemetry could turn the physical constraint of PCM into an
artificial constraint fundamentally altering the approach of telemetry systems. PCM relies on a
single constant rate output stream; while network based systems have many different
simultaneous output streams where each stream is free to define its own output rate.
Another advantage of the network architecture is that multiple DAU’s may be placed on the
same network with each broadcasting many streams of data at varying rates. However, one must
be concerned with understanding the issues created by the relationship between data, time
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synchronization between devices, and management of these systems. The strong demand for
network based systems and the desire to overcome these issues has created the demand for
standards such as the iNET standard. The goal of the iNET standard is to set design guidelines
for how to handle timing, configuration, decommutation, and the general management of these
systems.
Understanding how iNET defines the time synchronization and management of devices is
beyond the scope of this paper. Rather, we will explore the implication of the features network
based DAU’s can provide. Considering that the IEEE-1588 Precision Time Protocol (PTP)
standard is able to accurately time synchronize independent DAU’s amongst each other, we can
now reevaluate whether remote and master configurations are necessary. Since multiple DAU’s
can be placed on the network and act without regard for one another, the timing constraints
imposed by master and remotes are no longer an issue for the user. Therefore, each DAU can
configure itself without concern for others and achieve a more efficient stream.
NETWORK DATA ORGANIZATION
Another benefit the network provides is the ability to construct DAU’s according to the types of
data they acquire. The instrumentation engineer could, for example, construct a DAU
specifically for low sample rate data to produce a slow stream of information reducing
oversampling and making more efficient use of bandwidth. One consequence of this design is
the decreased need for highly specialized systems to decommutate the data - not necessarily
because there is less useful data to process, but because there is less unused data to process, and
discriminating which data to handle becomes markedly simpler.
With a traditional PCM stream, all data must be decommutated for the user to access the desired
measurements. In a network system, only some of the information needs to be decommutated
because a network packet will contain specific measurement sets rather than the standard
complete set of all measurements. Therefore, small devices such as cockpit displays can
consume slow streams containing only the measurements it needs, and ignore the faster higher
rate data that is contained within separate packets. This lessens the burden on small devices to
process information making it much easier for the devices to extract the samples and display the
data.
Initial approaches have focused on a single stream of data and attempting to fit a PCM approach
into a network based system. If a single DAU could produce multiple streams of data then it
would be possible to group measurements according to a number of factors, for example, sample
rates, type, safety of flight concerns, etc. This offers us another fundamental shift in how data
acquisition is approached. Rather than fitting the rates to a PCM style matrix, measurements can
be treated as unique entities that can be broadcasted into any number of messages onto the
network. Just as networking broke down the barrier of timing constraints imposed by the
proprietary master-remote relationship, changes to the sampling methodology of network
systems can break down the sampling barrier measurements imposed on one another due to the
PCM frame.
This approach is generally referred to as channel based sampling and there are several ways to
implement its design with each method having associated pros and cons.
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PCM DATA ACQUISITION ARCHITECTURES
A traditional PCM data acquisition system is comprised of two primary components:


The encoder/controller. This component provides all system interfaces for configuration
and control, as well as the mandatory PCM output interfaces (whether filtered PCM or
clock and data). This component is responsible for executing a fixed commutation
schedule that is used to control access to the various input channels at specific times to
collect data for its output ports.



A backplane. Depending upon the system, this could be analog and/or digital, and is
usually proprietary to support the unique characteristics of the controller’s method for
accessing acquired data. Modern data buses have typically not been usable due to the
design of the data acquisition system and its need to support dynamic installations and the
mandatory requirement to support deployment in ruggedized environments.

This combination results in a sampling/data access architecture that is typically known as
command-response (or in other terms, a schedule based pull mechanism) in which the controller
collects data from a specific channel at specific intervals to create the user defined PCM output
stream.
CHANNEL BASED SAMPLING
Current Network Based Systems
Most of the existing network based systems have been “upgraded” to migrate away from
traditional PCM by adding a network gateway device to an existing system. This gateway
provides basic capabilities that result in no impacts to the scheduling or acquisition aspects of the
DAS:


Eliminates the traditional serial configuration interface



Incorporates a PCM framer that takes the data collected by the same data acquisition
schedule use in the “traditional” PCM system and creates a network packet that consists
of one or more PCM frames with an application specific header.

These functions are typically implemented in software on an embedded Linux type module. This
solution allows for easy transition from one type of network specific application to another
format (for example the NetDAS NET-810 network can be configured by the user for Chapter 10
packet formatting, iNET TmNS formatting, or custom L-3TE formatting via configuration
information). However with these solutions we still find ourselves applying PCM disciplines to
a network based system thus limiting the potential of the system. There are several steps that can
be taken to move away from PCM disciplines toward the channel based sampling approach.
Requirement Overview
Network based packetized PCM frames however, still have the same burden as its predecessor in
that a receiving device still must receive and decommutate all data from a source, whether it
needs it or not. As previously noted we are still applying PCM disciplines to a network system
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and as a result, many devices are not equipped to handle the amount and rate of data being
generated by newer data acquisition systems, and methods must be developed to create data sets
that are tailored to the requirements of the user devices.
Background
In one of its previous lives, L-3 TE (Aydin Monitor Systems) had been part of a system team that
designed and built a number of ground decommutation and processing systems (PAX River
RPTS III being one example). In these ground processing systems the data acquisition hardware
was physically segregated from the host computer with different interfaces employed to transfer
real-time data and status. These interfaces included various parallel computer specific interfaces,
commercial-off-the-shelf fiber-optic shared memory interfaces, and standard Ethernet. To
offload processing, these systems were required to segregate channels into multiple buckets
using the unique capabilities provided by the specific interface.


Networking: different packets with the packet header containing a unique identifier (ID).



Shared Memory and computer specific interfaces: specific memory blocks used for
different data sets. A form of Direct Memory Access in which the data acquisition
hardware is provided with the ability to directly write into unique memory blocks, based
on data contents. When combined with external interrupt generation capability, a
powerful method to minimize the need for the host computer to actively ingest data from
the data source.

Channel Based Data Collection Problem
This ground application is quite similar to that of the airborne network based data acquisition, in
that there is an acquisition system that is cognizant of the data that is being sampled and hence,
has the ability to immediately create the unique data sets that a receiving device requires. The
reason that this is true is that the configuration tools have all of the pertinent measurement
sampling and distribution requirements that allows for device specific configuration information
to be generated. The problem that now needs to be addressed is how to integrate this into the
acquisition system’s controller device, which has been designed to not “know” anything about
the data that it is collecting and to simply output data immediately upon sampling and not create
specialized packets of data.
Software-Only Solution
The simplest method to provide the functionality of channel-based sampling is to implement a
solution in software at the controller level. In this implementation, the controller would continue
to run the existing schedule with frame buffers built in memory, but instead of being
immediately output, would be routed to a pre-output processing function that would segregate
the frames into a variety of output buffers based on the measurements that are needed by a
receiving device. The output buffer types could include all samples of one specific measurement,
all samples from those measurements that have a relationship, or all messages from a specific
bus.
This method would be preferred, as it has no impact whatsoever on the underlying hardware.
However, this method could be limited to maximum bit rate, the number of unique output
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packets that could be provided, or the affect on latency because the solution is based solely on
software and is dependent upon the performance of the underlying processor capabilities.
Hardware Solutions
To support higher throughput rates, better latency control, and/or more packets, improvements
can be made in the underlying hardware to assist the software (there is also the obvious
possibility of using higher performance processors with the likely negative accompaniment of
higher power consumption and more heat to dissipate).
However, as most controllers include both a processor and a supporting FPGA, the question at
hand is whether that secondary device can provide any initial sorting functions ala similar
mechanisms that are implemented by the aforementioned ground systems, and if so, where is the
software-hardware split and what information needs to be supplied to the hardware layer?
Scheduling Implementation
To truly make use of the hardware layer, the existing scheduling mechanism needs to be
overhauled. The current data acquisition schedule is a general one – there is nothing in the
schedule to identify how to map the data that is being collected to the output products that are
needed by various users. As part of the configuration process, the measurements required by
each unique receiver needs to be defined such that an aggregate “schedule” can be generated.
The facets that need to be considered as part of this process include:


What can the data acquisition system backplane support? For example, the NetDAS
TEBus is a digital backplane that supports a sustained data rate of 133 Mbps (or 8 million
bus transactions). The bus architecture however is implemented via traditional
command-response (pull) mechanism, with the signal conditioning module’s bus
interface designed with that in mind. As most PCM applications require data rates no
greater than 20 Mbps, how can the additional unused 85% bandwidth be used by a new
scheduling mechanism?



Analog channels still need to be sampled at fixed intervals in order to provide useful
information to functions such as frequency analysis. This implies that a baseline
schedule consisting of a fixed rate data acquisition is still required.



How to handle asynchronous sources, in which data will sometimes be available,
sometimes will not be?

The above considerations drive the need for a smart or dynamic scheduler that knows something
about the data that is being collected, and hence can run a fixed schedule that will support the
access of the synchronous channels at the specific timing intervals, mixed with a secondary
dynamic schedule that allows for access of the other non-synchronous inputs to determine when
data is available.
This secondary schedule is akin to a polling mechanism, as the asynchronous input device, such
as a MIL-STD-1553 Bus Monitor, provides status information that allows for the controller to
recognize when new data is available and needs to be read. Again, using NetDAS as an
example, the unused bus cycles, which are No-Operations transactions, would consist of one
status poll read followed by 1-34 data reads (32 data words plus the message time tag for a 1553
message) to be read between the fixed synchronous samples.
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To allow data to be sorted as it is acquired, the hardware schedule must be provided with the
necessary information to either route a sample to a specific buffer, and hence an output stream,
or provide it with a unique tag. Whether it is routed to a buffer or given a tag is dependent upon
whether the controller’s hardware architecture provides sufficient capabilities, such as DMA, to
create the buffers automatically, or whether a single data interface mechanism, such as a First-InFirst-Out (FIFO) buffer is employed.
Hardware Buffering
The ground system output module is responsible for building Low Latency (LOLA) buffers in
external host memory while simultaneously creating separate buffers for localized archiving.
Unlike the archiving function, which allows data to be recorded in large blocks over a period of
seconds and does not have latency requirements, the LOLA function needed to provide
continuous streaming data to external users that allow them to monitor a test in progress. Buffers
are then processed when one of two events occurred, which triggered an interrupt into the host:
1) A buffer was filled.
2) A timeout occurred. A predefined timeout period that is established keep data flowing
smoothly to processing and distribution tasks within the external host workstation.
In either case, the same interrupt was fired as the information needed was supplied by the two
read-only parameters, which allows the host to process all received data from start to the end of
the current buffer without having to perform any unique processing functions. A couple of major
differences between what is required for an airborne system and what has been previously
implemented in the ground system include:
1. It is well known what is being sampled in the airborne system (sampling rates for each
entity, channel or bus, number of channels, etc.).
2. The number of managed buffers is significantly larger and ground based computer
systems had significantly more memory for buffering.
Buffering Processing
Figure 1 shows the basic flow of data from the TEBus to the individual buffers. The FPGA has
as an input, the scheduling information, in which each instruction not only includes the channel
to be sampled, but where the data should be written once received.


The controller FPGA executes the desired schedule which is made up of new instructions
that include the channel address and the target buffer, so that immediately after data has
been read, it can be written to the correct buffer. To support measurements that are to be
included in multiple packets, secondary sorting by the processor will be required.



The schedule would be configured to read (“standard”) channels at the appropriate
sampling rate, similar to what is done now for the PCM application.



Messages: With the inclusion of bus cards, there is a possibility for thousands of unique
measurements to be defined by the user (PCM tends to discourage identifying all
parameters due to impact on format size, bandwidth, etc.). There has to be some limit on
the number of unique measurements that can be individually packetized (based on
memory, processor, latency requirements, etc), so to address bus data, an initial approach
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would be to buffer data on a message-by-message basis (thus allowing for packetization
in a Chapter 10 type method).To support this, the schedule could be setup to read an
entire message in one burst at a periodic rate (note that it is assumed that message rates
are known so the number of times to read any one specific message/second can be
applied to the schedule).

Figure 1 ‐ Schedule and Data Routing

After the buffer is filled, the processor will cycle through each message, checking the status to
determine if the following data is repeat or new. If new, then the message contents (only) would
be copied to a packet assembly buffer (note that time of message receipt could also be included
in each message entry). This method is an acceptable alternative to having the status poll in the
data acquisition process itself because it removes the specialized decision making from the
hardware layer.
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Output Processing
Network based systems have to manage their output based upon various criteria, including
latency that is induced by the required buffering processing, and separately, minimizing network
overhead, which is induced when packets of non-optimal size are generated. This latter item can
occur if the system is generating many small packets at high rates.
Latency is a critical parameter to address because it is impacted by interrupts that can be
generated when a buffer is completed or a timeout has occurred. Because the timeout (for any
specific buffer) would be based on that buffer’s fill rate, these two events should be theoretically
identical. So the question becomes, is it necessary to actually trigger on a buffer full, or does the
FPGA generate interrupts at specific intervals that allow the processor to handle those buffers
that should have been completed “automatically”?
In the simple example shown in Figure 2, channels A-C require output after 500 samples are
collected or timeout period “t” has expired. Channels D-F also require output after 500 samples
a second, but the sample rate is 2X faster, therefore, the timeout period is instead t/2.
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Figure 2 – Buffer Organization and Interrupt Triggering

Triggering on every completed buffer would result in interrupts that are fired very quickly as
each buffer “simultaneously” completes. The time between interrupts from the different buffers
would be based on the actual data collection rate and could be as quick as 240 nanoseconds (50
mbps format with 12 bits/word). The end result would be a processor that is overloaded with
service interrupts inhibiting it from performing any actual processing functions.
However, knowing that there are relationships between channels and that there will likely be
similar sampling requirements, the configuration software could likely build a sampling schedule
and interrupt schedule such that the receipt of the last measurement for a specific buffer triggers
a group of buffers to be handled. For example, in the case above, Channel F would trigger an
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interrupt every time it fills; every odd interrupt resulting in Channel D-F buffers being output,
every even interrupt resulting in all channels being output.
CONCLUSION
If one were to design a system from scratch today, one would build in the necessary facilities to
easily support the acquisition and collection of data in specific packet formats. This effort would
include a detailed analysis of the software and hardware tradeoffs to optimize the architecture for
this specific application. However, this paper has shown that there are a variety of paths forward
that allow the user to take a phased approach with existing hardware and software components to
support this capability today without incurring the costs of developing a new system, and would
additionally provide a solid foundation to support the evolution of the technology as resources
allow to meet the expected continued increase in system data rates.
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ABSTRACT
In modern aircraft there is a proliferation of avionics buses. Some of these buses use industry
wide standards such as ARINC 429 or AFDX while others are based on proprietary protocols.
For many of the newer bus types there can be thousands of parameters on each bus. In a
distributed data acquisition system the flight test engineer needs to record all of the data from
each bus and monitor selected parameters in real time. There are numerous different approaches
to acquiring, transmitting and recording data from avionics buses. In modern FTI there is also a
proliferation of standards for recording and transmission including IRIG 106 Chapter 10, iNET
and IENA. In this paper some common approaches to bus monitoring are compared and
contrasted for popular buses such as ARINC 429, AFDX and Time Triggered Protocol. For each
bus type the best approach is selected for reliable acquisition, speed of configuration, low latency
telemetry and compact recording which is optimized for playback.
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Bus monitoring, AFDX, ARINC 429, TTP

INTRODUCTION
This paper explores three popular avionics buses and considers the optimal method to acquire
data from these buses during the flight test campaign. There are many ways to acquire data from
an avionics bus and many choices to be made when designing data acquisition cards. In this
paper, such important aspects as hardware platform, packet structure, flexibility, configuration
and user experience are discussed. Furthermore the conclusions drawn for monitoring the three
selected buses are extrapolated upon to generate a template strategy for monitoring all types of
avionics buses.
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AVIONICS FULL DUPLEX SWITCHED ETHERNET
AFDX (Avionics Full Duplex Switched Ethernet) [1] is an avionics bus built on top of
commercial Ethernet. The extra features that it brings are provisions for deterministic behaviour
and redundancy handling. ADFX runs at 10 or 100 Mbps using either copper or fibre. An AFDX
network consists of two types of devices, an end system and a switch. The end system provides
access to the network for external applications. The switch handles forwarding, filtering and
traffic management. Redundancy is achieved by duplication of the switches and the connections
to the switches such that each end system is connected to two independent networks as shown in
Figure 1.
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End
System
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Switch

End
System

End
System

Figure 1: AFDX Architecture

Data is passed through the network via virtual links. Each physical connection between an end
system and a switch can have multiple virtual links. The virtual link identifier is stored in the
MAC address of the Ethernet frame. Determinism is achieved by limiting the amount of traffic
that can be sent on any virtual link. Each virtual link has a bandwidth allocation gap (BAG)
which dictates how often a frame can be sent on that virtual link. If the bandwidth allocation gap
is 1 millisecond then the maximum rate that an AFDX frame can be sent on that virtual link is
once per millisecond. Using this BAG the system designer can set up the AFDX network to
guarantee that there is no data loss and that no frame is delayed excessively.
For test the job of the bus monitor is to listen to traffic on the AFDX bus and extract the relevant
parameters required for analysis. Typically a subset of the parameters are required for analysis
on board or on the ground (via telemetry) during flight and the entire content of the bus is
recorded for post flight analysis.
The first task of the AFDX bus monitor is to remove redundancy. To send both copies of each
parameter to telemetry, on board analysis or recording would put severe strain on RF bandwidth,
network bandwidth and recorder capacity. The second task of the bus monitor is to extract (or
parse) the subset of the parameters required for in flight analysis. AFDX is a transport layer
protocol. This means that the application layer may be different depending on the platform. The
2

same bus monitor that monitored AFDX on one platform may not be able to monitor AFDX on a
different platform. So for bus monitors knowing that the bus is AFDX is only half the story.
An elegant approach to AFDX bus monitoring splits the monitoring into two parts. Firstly there
is a card that removes the redundancy. Redundancy removal will ensure that only one copy of
the data is retransmitted and that if any frame is lost or corrupted on the primary bus the valid
frame from the secondary bus is used instead. The output of the redundancy remover is standard
Ethernet and is sent to two different sinks. The first sink is a network recorder which records
Ethernet frames. The second sink is a bus monitor to parse the parameters for in flight analysis.
Since AFDX is a transport layer protocol, performing the redundancy removal in one card and
the parsing in a second card provides the flexibility to cater for different application layer
protocols. One popular protocol defines the parameter based on the location in the frame. This
means that if “left wing temperature” is the first parameter in the payload of a frame for a given
virtual link it will always be in the first parameter in the payload for all frames on that virtual
link. This application layer protocol can be parsed using a standard Ethernet bus monitor.
However there are other application layer protocols whereby the parameter is not identifiable by
its location in the frame but by a preceding identifier. For example when sending ARINC 429
over AFDX it can be common to add an identifier before each ARINC 429 message to uniquely
identify each message and hence each parameter. To parse parameters sent using this protocol
requires a different type of bus monitor which searches via packet content rather than by means
of location in the packet.
As with all electronic designs, there are many ways to implement a bus monitor. The protocol
handling and parsing can be implemented in hardware using an ASIC (Application Specific
Integrated Circuit) or FPGA (Field Programmable Gate Array) or using software in a
microcontroller. Notwithstanding the extra reliability and robustness that an FPGA architecture
provides there are other reasons to choose an FPGA based architecture for AFDX bus
monitoring. Dedicated hardware will always outstrip embedded software for performance.
Embedded software can offer extra flexibility to the designer but dedicated hardware will always
do the job faster. This is particularly relevant for AFDX bus monitoring where for some
application layer protocols the bus monitor is required to analyse every byte of every packet in
order to establish which parameters are in the packet. In fact micro-processor based architectures
have been seen to fail to keep up with the traffic when used to monitor AFDX buses.
Another challenge with AFDX bus monitoring is the sheer numbers of parameters that can be
carried in any one AFDX bus. Potentially tens of thousands of parameters may need to be
defined to allow the flight test instrumentation (FTI) engineer to select whichever parameters are
needed during a flight test campaign. The manual task of defining these parameters could be very
time consuming. This is a particular problem when the parameter list changes and needs to be
continually redefined. In this context modern setup software will significantly simplify the task.
Modern setup software contain bus importers which read in the parameter definition in the
format defined by the avionics designer and integrator, and translate the parameter definitions
into the FTI metadata language such as XidML [2] with one click of a button. This allows all
parameters to become instantaneously available to the FTI engineer to place in his telemetry
stream or his on board analysis stream.
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TIME TRIGGERED PROTOCOL
TTP (Time Triggered Protocol) [3] is a bus protocol designed for industrial applications. Several
nodes share the bus and access to the bus is controlled using TDMA (Time Division Multiple
Access). Data transfer consists of TDMA rounds. Each round is divided into slots and each node
gets one slot in which it can send multiple messages. The bus has two physical channels. The
same data can be sent on both channels to provide redundancy or different data can be sent on
each channel to increase the throughput.
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Node

Figure 2: TTP Architecture

As with AFDX, TTP bus monitoring requires two tasks. First redundancy needs to be removed
(if it exists) and second parameters need to be parsed and packetized. Given that the redundancy
is optional, the bus monitor must be configurable to remove redundancy or provide a copy of
data from both buses.
In terms of acquiring parameters the flight test engineer will want to be able to parse a subset of
the parameters for in flight analysis and to be able to record all parameters on the bus. Recording
all parameters for later analysis is referred to as packetization. Given that the backbone of most
flight test systems is now Ethernet based the optimal place to record all the parameters on the bus
is a network recorder. The data acquisition chassis will send the data from the chassis through
the network to the recorder in Ethernet format. It is therefore the job of the bus monitor to
packetize the data in such a way as to make most efficient use of the network and recording
resources using a format that allows easy replay via analysis software.
There are several standards that can be used for transmitting and recording acquired data from
avionics buses. IRIG 106 chapter 10 [4] defines how avionics buses are recorded but it does not
define how bus parameters should be transmitted over Ethernet networks for recording in a
distributed acquisition architecture. The iNET [5] working group is focused on providing a fully
networked flight test architecture and has proposed the TMNS header for transporting parameters
via Ethernet. However iNET is not yet a published standard and is subject to change. On top of
this several of the major aircraft manufacturers have developed their own standards for data
transmission and recording. At this point iNET TMNS is the closest to an industry wide standard
so a transmission protocol based on iNET gives the best options for interoperability in terms of
4

transmission, recording and replay. However maintaining hooks to support the other existing
formats is also a practical approach.
There is also the question of how best to package the parameters within the Ethernet frames. The
iNET TMNS header is 28 bytes. When added to the Ethernet MAC, IP and UDP headers the
total overhead is 70 bytes. In order to use network bandwidth and recording capacity efficiently
it is therefore necessary to send frames that are as close the maximum size frames of 1514 bytes
as possible. This is done by building a frame with multiple messages from a bus. Typically for
each bus the bus monitor will gather messages from one bus and build the payload of an Ethernet
message. Once enough messages have been received so that the payload is at, or close to the
maximum size, that frame is transmitted and the bus monitor begins generating a new frame
payload. This is a particularly efficient method for asynchronous buses where the data does not
come in a continuous flow. For these buses a policy of sending a frame after a given period of
time could result in small or empty frames being transmitted through the network, wasting
valuable bandwidth.
However using this aperiodic strategy to send frames of bus data only when the frame is full
could lead to large latencies for some parameters as if the bus was quiet for long spells it could
potentially take hundreds of milliseconds to fill a frame. To counter this issue the FTI engineer
has two options to tailor the behaviour of his bus monitor card. The first option is the ability to
set the frame size. Using this method he can reduce the frame size from say 1500 bytes to 500
bytes to ensure that the latency from a given bus is not excessive. He can also set a timeout. This
timeout is a counter which starts ticking after the first message in the frame is received and after
the counter has reached the timeout value the frame will be sent regardless of whether it has
reached the target frame size. This allows the FTI engineer to set the worst case latency for all
messages in the system.
Error Code
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Message
Count

Bus ID

Elapsed Time
Payload

Figure 3: Message Header

When packetizing the messages, extra metadata is required to allow the analysis software to
easily replay the parameters. TTP messages have variable length so a message header is added
which indicates the length of the message as shown in figure 3. Also included in the message
header is an elapsed time stamp. This time stamp allows the analysis software extrapolate when
the message was acquired relative to the timestamp in the iNET packet header. The timestamp in
the iNET packet header is the IEEE 1588 [6] time stamp of the first message in the frame. This is
particularly useful for asynchronous buses where the messages do not arrive at regular intervals.
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One advantage of the building the frame payload in the hardware is that the FTI engineer does
not need to build any of the Ethernet frames in setup software. He simply needs to select the
stream ID he wants to identify the frame and the bus monitor builds the frame under the hood.
Similar to AFDX, a large number of parameters may be present on each TTP bus. Again the
manual task of defining these parameters could be very time consuming. As with the AFDX bus
monitor one of the key functions of modern setup software is to enable quick setup of the system.
Bus importers which take parameter definition in native format and import them into the FTI
metadata file turns a long laborious job into single click operation.

ARINC 429
ARINC 429 is the most widely used avionics data bus. An ARINC 429 bus consists of one
transmitter and up to 20 receivers. Data is transferred at either 100Kbps or 12.5Kbps. The
protocol is slowly being replaced by higher speed buses but is still very common with modern
aircraft which often have a large number of ARINC 429 buses. Given one of the key
requirements of an ARINC 429 bus monitor is high channel count. A modern bus monitor can
monitor up to 24 buses simultaneously.
Monitoring a large number of channels is made possible by the relatively slow speed of the
ARINC 429 bus. However the slow speed of the bus also poses some problems. As was
mentioned above it is important for network efficiency to build frames as close to the maximum
frame size as possible. However due to the slow bus speed of ARINC 429, waiting to fill the
maximum size frame will cause large latency even if the bus is fully utilised. On the other hand
setting a worst case latency of say 50 milliseconds will always result in small frames wasting
bandwidth. This problem can be solved by using data from multiple buses to build frames. In this
paradigm every message that is received by the bus monitor regardless of which bus it was on
will be put into the Ethernet frame payload. The message header as shown in figure 3 contains a
bus ID such that the analysis software knows which bus the message came from. Using this
strategy an ARINC 429 bus monitor can generate network efficient low latency frames.
While discussing TTP bus monitoring the method by which the hardware packetizes frames for
recording was explored. However for all bus monitors including ARINC 429 there is also the
question of how to parse a subset of the data for in flight analysis. In fact to some extent
packetization is relatively transparent to the FTI engineer whereas he needs to define every
parameter that needs to be parsed. This is because the hardware cannot know in advance which
parameters are required to be analysed in each flight.

6

Figure 4 Typical Network System

To explore this topic a typical networked system with an Ethernet to IRIG 106 Chapter 4 PCM
bridge is considered. Looking at figure 4, the bus monitors will be located in the chassis on the
left of the diagram. The FTI engineer will want to place parameters from every chassis in the
outgoing PCM frame. To do this, packets need to be built to route the parameters from every
other chassis to the chassis which houses the Ethernet to PCM bridge. Traditionally this was a
laborious task where first the outgoing PCM frame is created before packets from each chassis
are defined to ensure that each parameter reached the Ethernet to PCM bridge chassis in time for
transmission in the PCM frame. This would often have to repeated many times to get the timing
correct.
Modern setup software can help with this problem. First, an FTI engineer can quickly define bus
parameters using bus builders and importers. Then the PCM frame can be built from the Ethernet
to PCM bridge chassis where all parameters in the system (every parameter from every chassis in
the system) are available for placement. Once the parameters are placed in a PCM frame, the
software will under the hood ensure the safe transport of all the parameters from the other
chassis. The software will choose the optimal frame size and will control the traffic through the
network such that the PCM frame is guaranteed to be coherent. This simplifies the FTI
engineer’s task to building a PCM frame as if all parameters came from the same chassis.

GENERIC BUS TYPES
AFDX, TTP and ARINC 429 are three of the common bus types considered in this paper. There
are other common bus types such as CAN bus, MIL-STD-1553 and RS 422. On top of this there
7

are a large number of proprietary formats that are currently being used. In essence the job of the
bus monitor can be broken down into three separate tasks. Number one is protocol tracking,
number two is selecting particular parameters for in flight analysis or parsing and number three
is gathering up all parameters on the bus for post flight analysis (also known as packetizing).
Once the strategy, architecture and IP blocks are established for parsing and packetizing ,the only
real difference between each bus from a hardware point of view is the protocol tracker. For each
new bus type the job is simply one of designing a new protocol tracker and integrating the
existing parser and packetizer IP blocks.
Common implementation across all bus monitors also leads to common software setup and to a
consistent look and feel of the user interface. This is important as once the user has learned how
to setup one bus monitor there is no additional learning curve to setup another bus type. This
added to other features – such as bus importers and builders, and packetizers which
automatically build frames – turns the potentially complex and lengthy task of configuring a
system with a large number of avionics buses into a quick and straightforward exercise.

CONCLUSION
While AFDX, TTP and ARINC 429 are quite different bus protocols, similar conclusions can be
drawn on how best to monitor these buses for flight test. These conclusions can also be applied
to many other bus types. AFDX in particular is a transport layer protocol, so flexibility is
important. Sometimes different bus monitors are required depending on the application layer
protocol built on top of AFDX.
In general terms FPGA based architectures are a better choice for bus monitoring due to their
reliability, robustness and superior performance when compared with microprocessors based
architectures. For the purposes of gathering all data on a bus it is important to build frames that
are bandwidth efficient and have acceptable latency. This can be achieved using the automatic
packetization strategies discussed in this paper. However, the user still has the ability to tailor
these strategies by adjusting the size and latency of frames coming from his bus monitor.
For parsing subsets of the data it is important to simplify the bus definition, inter chassis
communication and the output frame definition. This is achieved by having setup software which
instantaneously imports thousands of parameters and makes all parameters in the system
available to the FTI engineer at the output. Such a policy means that the FTI engineer does not
need to be concerned with inter chassis transfers or spend a large amount of time defining the
parameters for each bus.
These approaches will become even more important as aircraft are equipped with new and exotic
buses with more complexity and higher speed and flight test campaigns gather ever more
parameters.
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Abstract: With the advent of networked based data acquisition systems comes the
opportunity to acquire, transmit and store potentially very large volumes of data.
Despite this, and the increased size of the data acquisition networks, the use of tightly
integrated hardware, and setup and analysis software enable the FTI engineer to save
time and increase productivity.

This paper outlines how the use of innovative bus packetizer technology and the close
integration of FTI software can simplify this process. The paper describes how
packetizer technology is used to acquire data from avionics buses, and how it
packages this data in a format that is optimized for network based systems. The paper
further describes how software can simplify the process of configuring avionics bus
monitors in addition to automating and optimizing the transport of data from various
nodes in the acquisition network for transmission to either network recorders or via a
telemetry link.

Keywords: Avionics Bus Monitoring, Bus Packetisers, IADS, GS Works, DAS
Studio, Fight Test Instrumentation, Real time data analysis, iNET, XML, XidML,
XdefML,

INTRODUCTION

1.1 BUS PACKETIZERS

In this paper, a bus Packetizer is defined as a module that quickly and efficiently
processes and repackages messages on an avionics or other asynchronous bus for
retransmission over an Ethernet network. The transmitted packets are usually iNET-X
packets, an iNET compliant packet format used in the transmission of data by CurtissWright Controls Avionics & Electronics (CWC-AE) equipment.

1.1.1 Key Features of Bus Packetizers

Bus Packetizers are designed to operate with asynchronous avionics buses.
Specifically, they are designed to simplify setup and optimise the use of network
bandwidth while maintaining low latency. Some important features include

No transmit when empty: The nature of data from an avionics bus means
that there may be times when there is no data in a given time interval to be
transmitted. The no transmit when empty feature allows for the optimal use
of network bandwidth by only transmitting packets over the network when
there is data to be transmitted.

Timeout: In order to maximize the use of bandwidth packet sizes must be as
close to the maximum transmission unit size of 1514 bytes as possible.
However, a strict adherence to this policy may result in unacceptable delays
before data is transmitted. To address this issue, bus Packetizers allow the
user to set a timeout which specifies the maximum amount of time a packet
will be delayed before transmission.

FPGA based architecture: Bus Packetizers feature dedicated FPGA based
architectures which offer several advantages versus CPU based systems.
These include higher throughput, robust and deterministic operation in
addition to greater reliability.

Simplified Setup: A side-effect of the nature of bus Packetizers is that they
require very little setup. This allows for greatly simplified software and the
ability of users to quickly and easily configure bus monitors and get up and
running almost immediately.

Supported buses include ARINC-429, CAN Bus, MIL-STD-1553, TTP, AFDX, RS232/422/425, IRIG-106 Chapter 4 PCM and raw Ethernet traffic.

1.2 DAS STUDIO

DAS Studio is the latest generation of setup software from CWC-AE and is used to
configure and program Data Acquisition Systems, Recorders and Ground Station
equipment. The DAS Studio software is fully XidML and XdefML native and has
been designed from the ground up to take advantage of modern multi-core processors.

1.2.1 Native Support for XidML and XdefML

XidML is an open, vendor neutral, XML[1] based meta-data standard designed for the
Flight Test community [2][3][4][5]. Using XidML, the entire setup of a complete FTI
system can be defined including sensors, data acquisition units, signal conditioning
cards, avionics buses and entire acquisition networks.

XidML is based on a generic data model of an FTI system. This model is based five
key components.

Instruments: An instrument represents the physical hardware that make up a
data acquisition system. They include DAUs, sensors, signal conditioning
cards, bus monitors and so on. The configuration of an Instrument is
described using Settings. Changing the values of Settings changes the
behavior of a device, and by extension, the entire acquisition system.

Parameters:

Parameters represent what the FTI user is interested in

measuring. They encapsulate everything the user needs to know about a

measurement such as the number of bits used to encode the parameter, its
format (e.g. Offset Binary) and the engineering units used.

Packages: Packages describe how data is either transmitted or stored to a
given medium.

Examples of transmission packages include IRIG-106

Chapter 4 PCM, MIL-STD-1553 bus messages and Ethernet packets.
Examples of storage packets include data stored on a flashcard or chapter 10
files.

Links: Links are connections between two points in an FTI acquisition
network. They can include data links such as connections to avionics buses
or sensors, connections to transmitters, programming links or connections to
power supplies.
Algorithms: Algorithms describe operations that can be performed on data.
Examples include lookup tables, polynomials and Fast Fourier Transforms.

An optional part of the XidML Schema is XdefML. While XidML is be used to
define the flight test configuration, XdefML allows vendors and FTI users to define
constraints on the data used to configure individual instruments that constitute the
data acquisition system. This is achieved by writing an XdefML file for each of the
devices that are part of the acquisition system.

Some of the constraints that can be defined using XdefML include:

The data that can be read from a device: Vendors can use XdefML to
define what data (i.e. Parameters) can be read from the card in addition to the
characteristics of this data such as number of bits and engineering units.

The allowed settings for a device: XdefML can be used to define what
options (i.e. Settings) can be used to configure a device. It can also specify
what the values for each Setting are in addition to any dependencies between
Settings

The number of Channels on a device: The number of input and output
channels can be defined in XdefML.

The directionality of a Channel: XdefML is used to define whether a
Channel is a producer (e.g. transmitter) or consumer (e.g. sensor input, bus
monitor) of data.

The type of data either consumed or produced by a device: The XdefML
for a device determines what type of data a Channel on a particular device
consumes/produces. For example, a Channel on a device could transmit
IRIG-106 Chapter 4 PCM or consume MIL-STD-1553 message.

DAS Studio leverages the power of XidML and XdefML to auto-generate its user
interface and to validate user data [6]. Users only need to provide an XdefML file for
a device for it to be supported in DAS Studio and can include third party devices such
as sensors, modules and even entire data acquisition systems.

1.2.2 Extensible Architecture

DAS Studio features a highly extensible architecture which facilitates the rapid
integration of value added functionality and tools.

Value added applications: A dedicated plugin framework allows the functionality of
DAS Studio to be extended. This mechanism has been used to write importers for
proprietary bus formats and wizards to rapidly configure bus monitor modules (see
Figure 1).

Figure 1: The MIL-STD-1553 message builder in DAS Studio

Users just need to write a plugin module and drop it into a predefined directory. These
plugins can then be called from the Applications section of the main ribbon bar (See
Figure 53) of the software or, like GS Works, can be called from context sensitive
popup menus and buttons within the application itself.

Figure 2: The Applications menu in DAS Studio

Rapid integration with third party devices: In addition to allowing third party
configurations to be defined and stored in XidML, DAS Studio’s plugin framework
allows
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Figure 3: Program option in DAS Studio

3).

1.3 GS WORKS
GS Works is a version of SYMVIONICS’ well-known flight test software suite,
IADS. Here are some of its features:


Complete data scrollback for replay and
analysis



Critical analysis that is accomplished in
realtime



Event

and

test

point/manoeuvre

marking


Derived equations added or modified on
the fly



Wide range of display choices



Automatic configuration from XidML
file



Comprehensive list of data sources
including:
Acra CF card
Acra GTSDEC Decoms
Acra Ethernet ( IENA and iNetX )
Lumistar Decom
Chapter 10 Playback
Chapter 10 UDP Realtime

Figure 3: Example display from GS Works

2 PUTTING IT ALL TOGETHER

The combination of bus Packetizer technology, XidML, DAS Studio and GS Works
allows FTI users to rapidly acquire and analyze data from avionics buses. This
process involves three simple steps

1. System definition
2. Program the system
3. Visualize and analyze data using GS Works

The following outlines in detail how to define a simple system with one ARINC 429
bus Packetizer.

2.1 System Definition

Step 1: This involves defining a system in DAS Studio. The first thing the FTI user
needs to do is to use the Instrument Palette to add an ARINC 429 Bus Packetizer
module, a simple analog card and an iNET-X transmitter (see Figure 5) to the
configuration.

Figure 53: Adding a module in DAS Studio

Step 2: Configure the Bus Packetizer module by selecting the Bus Packetizer module
in tree view on the left (see Figure 6). The user then chooses which bus to monitor by
selecting the Packetization Enabled option for that bus.

Figure 6: Configuring a Bus Packetizer module

Step 3: Configure the analog module by specifying what parameters to transmit in
addition to their sample rates (see Figure 7).

Figure 7: Configuring a Bus Packetizer module

The above three steps should take no longer than five minutes.

2.2 Program System

Once the user has defined the system the results are then saved to a XidML file the
FTI user selects the Program option in the Tools menu of DAS Studio. The software
will automatically figure out which parameters need to be transmitted in addition to
how the transmitted Ethernet packets should be constructed. The packetized data will
be transmitted in iNET-X format.

2.3 Display and Analyze Data Using GS Works

2.3.1 Launching GS Works: Once the system has been defined and the hardware
programmed the FTI user can launch GS Works to display and analyze data coming
from the FTI system. This can be done via DAS Studio. The GS Works software will
present the user context sensitive options that guide the user on how to use GS Works
(see Figure 8).

Figure 8: Launching GS Works from DAS Studio

GS Works will read the associated XidML file to determine what is being transmitted
by the data acquisition system in addition to how the data should be interpreted. GS
Works has full support for iNET-X packets.

2.3.2 Detecting Bus Packets

GS Works uses a plugin methodology to customize the bus packet parsing. The
plugin is invoked automatically based on a packet type id that is found in the XidML

file. The plugin is a Microsoft COM DLL that also registers itself in the Windows
registry using the packet type id. In that way a specific piece of code can be invoke
for each type of bus packet generated. Although several “stock” plugins are provided
with GS Works for bus types such as ARINC 429 and MIL-STD-1553, users can
customize the processing by developing their own plugin. This is particularly useful
since it does not require a new release of GS Works to support a new or expanded bus
type.

2.3.3 Setting up processing in GS Works

Once the correct plugin has been identified, GS Works will instantiate the plugin and
give it an opportunity to define all measurements that will appear in GS Works. The
plugin has the option of either invoking CreateBasicMeasurement() from the API or
CreateDerivedMeasurement() to define the measurements that will later appear in the
GS Works configuration file. The plugin can define both “primitive” measurements
that can be represented by 32 or 64 bit values or an array of bytes known as a “blob”.
GS Works will then setup all the sockets and queues necessary for smooth UDP data
processing.

2.3.4 Processing bus packets in GS Works

GS Works will route the payload from the bus packets back to the plugin and pass it
in as an array. The plugin is responsible for decoding the payload into the appropriate
pre-defined measurement and passing that information along with the timestamp back
to GS Works.
2.3.5 Additional “blob” processing in GS Works

Frequently the complete definition for a bus measurement is not known at the time the
data is processed either because the information is encapsulated in an non-standard
Interface Control Document (ICD ) or because it’s simply not known. This is when it
is best for the plugin to return the entire bus message as an array of bytes called a
“blob” in GS Works (see Figure 9).

Figure 9: A screenshot of the Packetizer blob viewer in GS Works

From there the end user can invoke the GS Works DECOM() function to decode the
piece of information he’s interested into a GS Works derived parameter or he can use
a special-built GS Works Custom Function to provide additional handling that is
specific to the bus type.

A good example of this is the MIL-STD-1553 bus packets. The 1553 plugin will
break the incoming packets into separate bus messages, arranged by bus. In this way
all the data is processed without any definitions required ahead of time. Then the end
user can create a derived measurement and use the GS Works Custom Function called
IadsBusMessageHelpers.Bulk1553MessageParser() (see Figure 10) that will identify
the measurement by remote terminal, subterminal, transmission type, etc.

Figure 104 A Custom 1553 function in GS Works

3 CONCLUSION

This paper discussed the latest techniques in avionics bus monitoring. Specifically,
the paper discussed some of the advantages of Bus Packetizers and how they are
designed for the optimal use of network bandwidth and to minimize latency.
Additionally, the paper discussed how FTI users can use a combination of Bus
Packetizers, XidML, DAS Studio and GS Works to rapidly configure, program and
analyze data from one or more avionics buses.
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Abstract
With industry standard synchronous data, the clock is effectively over twice the rate of the data (Figure
1.). The resultant problem is increased synchronous infrastructure bandwidth requirements and/or
costly system architectures designed to avoid transport of synchronous data. This paper will discuss a
potential solution.

Introduction
I have been working with telemetry systems since 1991. Over the years I have run into many occasions
where I needed to provide data and clock through a long cable and/or significant infrastructure to a
device and was disappointed to find that the end device did not work. As demand for high-rate data
increased, this occurrence became more frequent. Out of necessity, as bit-rates continued to increase I
decided to investigate transporting data and clock (synchronous data). During this effort, I determined
some interesting facts about the bandwidth requirements of synchronous data and its impact on
telemetry systems’ architecture.

Figure 1.
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For the purposes of this paper, the following definitions apply:
Asynchronous data is defined as data that is transported without an associated clock (i.e., one cable,
data only)
Synchronous data is defined as data that is transported with an associated clock (i.e., two cables / data
and clock)
An end device is any device requiring synchronous data as input.
A feedback loop is an indication that an end device is operating correctly.
A transmission line is a pair of parallel conductors exhibiting certain characteristics due to distributed
capacitance and inductance along its length.1
A telemetry system is comprised of all telemetry hardware and facility infrastructure.
Threshold detection latency is the cumulative latency created by repeatedly transporting a digital signal
over a cable and detecting the now malformed signal with a digital device.

Asynchronous Paradigm
A long standing approach is to design an architecture that avoids transporting synchronous data any
great distance. Systems are designed to transport only asynchronous data and to physically locate bit
synchronizers close to end devices.
The asynchronous paradigm is a very common and intuitive design that is easily implemented, but it is
not without its short comings and associated costs. This paradigm is very hardware intensive. It requires
a bit synchronizer and bulk decryptor immediately in front of each end item. Cable lengths between the
bit synchronizer, bulk decryptor and the end device are best kept short. Operators must load each
decryptor separately and set up each bit synchronizer correctly based on feedback from multiple data
paths and associated feedback loops. The asynchronous paradigm is also bit rate dependent. If there is
data rate change, each bit synchronizer must be reconfigured. A single-stream four-end-device
asynchronous paradigm example is illustrated in Figure 2.

1. Kuphaldt, Tony R. (2000-2012). Lessons in
ElectricCircuits.http://openbookproject.net/electricCircuits/AC/index.html
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The Synchronous Paradigm
The synchronous paradigm approaches the problem simply by providing enough bandwidth to transport
synchronous data. This paradigm receives data/clock and transports it via a switching matrix to each end
device. Each switching matrix must have enough bandwidth to support the effective bit rate of the
synchronous data’s clock. For example, to switch 35Mbps synchronous data, the switch must be capable
of switching a 70Mbps effective clock. The synchronous paradigm has some significant advantages:
1. It can use code modifiers to correct polarity and provide Non-Return-to-Zero-Level (NRZ-L) to
the bulk decryptors. Code modifiers are low cost and high density, relative to bit synchronizers
with analog front-ends.
2. Code modifiers are bit-rate independent.
3. It uses less bulk decryptors.
4. It uses fewer code modifiers/bit synchronizers
5. Relative to the asynchronous paradigm, it has fewer data paths and associated feedback loops.
However, it is still hindered by synchronous data bandwidth requirements and any long cable runs are
subject to two different transmission line characteristics and any associated threshold detection
latencies. A single-stream four-end-device synchronous paradigm example is illustrated in Figure 3. It
uses approximately 40% less hardware than its asynchronous paradigm equivalent.
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The Problem
How can Systems Engineers move away from the complex and costly asynchronous paradigm-based
telemetry systems and move toward the efficient and less costly synchronous paradigm based telemetry
systems while avoiding synchronous data bandwidth requirements and associated data/clock
transmission line inconsistencies?

Proposed Solution
Sample a bit on every transition of the clock and reduce the clock-rate to one half of the industry
standard.

Figure 4

Half-clock accomplishes two significant synchronous data transport goals. First, it halves the bandwidth
requirement for transporting synchronous data. Second, it makes the transmission line characteristics
for the data and clock much more similar.
DISTRIBUTION A. Approved for Public Release; Distribution Unlimited.
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Conclusion
In summary, implementation of half-clock would reduce the synchronous data infrastructure bandwidth
requirements and make design and installation of lower-cost high-efficiency synchronous paradigm
based telemetry systems much easier. A one-time development cost would save significant Department
of Defense telemetry hardware, infrastructure and maintenance dollars. Development as a drop-down
selection for bit synchronizer outputs, decomutator inputs and as a front panel selection on bulk
decryptors would allow for half-clock as well as legacy telemetry hardware support.
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ABSTRACT
Instead of using a single data acquisition device, the distribute data acquisition system is broadly
applied for onboard flight testing now. Therefore, the sync of data acquisition in varied devices
and the real time data transportation have become the most important factors in a telemetry
system. This paper presents a new approach to clock synchronization in a real time transportation
network for a data acquisition system by using IRIG time code and an inner timer through
network time recovery technique. This paper also illustrates how to keep the synchronization and
continuity of a time tag used by each device through a precise estimation method for the
difference of time resources and local inner timers.

KEY WORDS
Timing, Distribute Data Acquisition, Clock Synchronization, Full-synchronous

INTRODUCTION
There are two parts in the concept of time synchronization in a telemetry system, clock
synchronization and absolute system time synchronization. The first refers to that both the clock
frequency and the phase of the clock in all nodes are consistent. The other refers to that the count
of year, month, day, hour, minute, second, millisecond and microsecond are the absolute same.
In addition, the system clock should be consistent with an outer timing resource, such as IRIG
time from a GPS.
In a traditional distributed system, the time tag of each data determines the time correlation of
data acquired from different devices. The time correlation of data acquired in the same device
relies on the sampling clock, while the control module often provides the sampling clock. This
means that absolute system time synchronization should be achieved between the devices, and
clock synchronization is required inside a device.
1

However, this time sync model is insufficient for a large-scale distributed data acquisition system.
The correlation of data acquired from different devices will be lost if the sampling rate is high, as
every device has its own clock, though the clock is updated by the system clock or an outer
timing resource each minute. Therefore, the time sync is one of the most important factors for
constructing a large-scale distributed data acquisition system, and both clock synchronization
and absolute system time synchronization should be applied to the whole system.

IMPACT OF CLOCK CHARACTERISTICS
There are a lot of indices to describe the clock characteristics from different angles. Here we
only focused on two of them, which can be used to analyze the impact of clock characteristics on
the performance of a data acquisition system.
1) Frequency Accuracy
It is the relative variance of the actual frequency value from the ideal frequency, which is
generally expressed by:
ܣൌ
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Where f0 is the frequency of nominal value, and fx is the value of the actual frequency measured.
The frequency accuracy of a clock source cannot reach 1 in any circumstances; therefore, there
must be a frequency variance within different clock sources. This variance will be accumulated
into a phase difference between the clock sources over a period of time.
For example, if a system uses an OCXO (oven controlled crystal oscillators) with the frequency
accuracy of 0.1PPM, which is the highest frequency stability that the internal clock source in an
airborne data acquisition system can reach, the phase difference of the synchronization pulse
used for sampling may reach 1ms or above after 3 hours of working without using any frequency
tracking or compensation.
2) Maximum Time Interval Error (MTIE)
MTIE is the maximum phase change within a given window in a measurement cycle. It is a
technical index used to constrain the phase change in peak-to-peak and frequency offset.
MTIE could be used to describe quantitatively the impact of frequency fluctuations (also called
clock jitter), which are caused by the clock circuitry’s internal or environmental factors in a
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period of time on the sampling synchronization variance between different channels under a
same clock source.

SYNCHRONIZATION OF CLOCKS
There are four synchronization schemes of clock synchronization: full synchronous,
pseudo-synchronous, quasi-synchronous, and asynchronous.
Full synchronization refers to that the entire system is synchronized to a unique reference clock
to achieve the best synchronization accuracy. However, it is difficult to implement in a
large-scale distributed network.
Pseudo-synchronization refers to that the system is composed of several parts, each of which has
an independent reference clock (for this part) and all the internal corresponding clocks are
synchronized by this clock. The clock frequency and nominal value of all the master clocks are
consistent.
Quasi-synchronization refers to that every device or module in the system has an independent
clock and all the clocks’ frequencies and nominal values are the same.
Asynchronous refers to that there is no correlation in clock frequency and phase between any
two nodes’ clocks.
The most fundamental step of constructing a telemetry system is to choose which scheme out of
the above four for the system. It depends on the sampling requirements for the performance of
the system clock. In principle, it is required to determine the correlation between the parameters
in time domain. As the clock determines the acquisition system’s minimum resolution in the time
domain, it could be a scale for a telemetry system as well. Therefore, nothing can be done if the
clock performance indices do not meet the requirement of the system.
If the maximum sampling frequency of correlated parameters in a data acquisition system is Fmax,
the phase error of a sampling clock, introduced from frequency accuracy, should not exceed
0.25/Fmax, and MTIE in a period of 1/Fmax should not exceed 0.25/Fmax as well.
Therefore, a full-synchronous scheme must be adopted for each independent data acquisition
subsystem in a telemetry system and all the main clocks of acquisition subsystems should be
synchronized to an external reference clock, such as IRIG time resource from GPS.
For an independent large-scale distributed data acquisition system, it is impossible to provide a
reference clock for every device in the system from the main clock source through an
3

independent clock signal. It is better to synchronize the local clock of each device to a clock
recovered from the transmission circuit.
The details of circuit clock recovery technique are not included in this paper, as it is quite mature.
Here we focus on what regulation could be used to determine an appropriate clock recovery
circuit. There are some standards for this in communication industry now, but some amendment
must be made before they are adopted for a large-scale distributed telemetry system. For
example, the power consumption of the circuit is large and the complexity degree is very high if
the ITU-T G.813（Ref. 1） or ITU-T G8161/G8162 standard (Ref. 2, Ref. 3) is directly used in an
airborne system. Currently, we are still working on establishing a standard, which is best for
circuit clock recovery for large-scale distributed data acquisition system.

TIMING FOR A FULL SYNCHRONOUS SYSTEM
For a full-synchronous system, the timing protocol will be greatly simplified because the
frequency accuracy of each node’s clock is the same and the timing is more accurate as well.
A timing channel could be set up in a physical layer for a timing protocol, so that the impact of
the data transmission delay caused by the transmission for the timing protocol could be avoided.
As for establishing a timing protocol for a full-synchronous distributed system, the most
convenient way will be simplifying from IEEE1588 protocol (Ref. 4), because IEEE1588 itself is
a media independent timing protocol. The simplification and modification could be carried out
from the following aspects:
1) Because a full-synchronous network itself has a master-slave characteristic in its system
structure, the management communication in IEEE1588 protocol can be greatly simplified
by implanting an outer timing receiver in the system main clock source.
2) Message response and delay estimation required for the PTP protocol could be completed by
hardware. Then, the system factors influencing delay and fluctuation would be limited to the
circuit clock fluctuations caused by external environmental factors. Thus, the timing
accuracy could be further improved.
3) The node type could be simplified as the precision of the delay detection between nodes in a
full-synchronous system is very high. Thus, only Ordinary Clock and Boundary Clock are
needed to support in the system.

4

CONCLUSION
For a large-scale distributed data acquisition system, it is necessary to construct a
full-synchronous network for communication inside the system. The clock recovered from the
network circuit frequency could be used as the unique system clock, while a simplified
IEEE1588 protocol can be applied to synchronize the local clock of each device with the system
clock.
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ABSTRACT
In this paper we analyze fundamental local-area communication issues related to
proximity operations around near-earth asteroids. We are motivated by NASA’s plan to
send robotic spacecraft to numerous such asteroids in the coming years in preparation
for an eventual manned mission. We consider here the case where multiple probes are
deposited on the surface of an asteroid and must communicate the data they collect to
each other and to earth by using the orbiting ‘mothership’ as a relay. With respect to
this scenario, we statistically analyze the ability of surface probes in various locations to
communicate with the mothership as well as their abilities to network with one another.
For the purposes of this analysis, we assume the simplest possible communications
scenario: a surface probe can communicate with the mothership only when it has
an unobstructed line of sight. At the frequencies of interest here, line of sight is a
necessary condition but it is obviously not sufficient—the end-to-end link margins of
our communications system must be high enough to support the desired/required data
rates. The work presented in this paper extends our previous research in which we
only analyzed the the visibility of the locations on the surface of the asteroid. Here,
we consider how visibility affects the required communications bandwidth and buffer
sizes for both surface-to-spacecraft and surface-to-surface scenarios.

Keywords: Space communications, space communication networks, NEA missions, asteroid surface to space networking.

1

INTRODUCTION

Recently, there has been a great deal of interest in sending robotic precursor missions to
near-earth asteroids (NEAs) for scientific study and to prepare for a possible manned mission
in the mid-2020s. In particular, increased understanding of these small irregularly-shaped
bodies is essential to the development of an NEA deflection strategy which might someday
be implemented for planetary protection. In the far future, NEAs might also serve as fueling
stations, mining sites, or remote observatories, and recent interest in asteroid exploration
has been demonstrated by past, present, and future missions such as NEAR Shoemaker,
Hayabusa, DAWN, and OSIRIS REx.
∗
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Figure 1: Simulated spacecraft orbit around asteroid Eros shown in the asteroid body-fixed
frame.
The research presented here considers an issue that is likely to be critical to future NEA
missions: communication and networking for supporting local operations in the vicinity of
an asteroid. Our assumption here is that future missions to NEAs will deploy multiple
sensing platforms once they arrive in the vicinity of the target asteroid—possibly additional
autonomous spacecraft but certainly one or more surface platforms. While a great deal
of research has been done in the area of space communications theory, low-cost transmitter/receiver designs, and even deep-space networking (e.g., [1, 2, 3, 4, 5, 6]), we have found
no work that addresses the special challenges of establishing and maintaining local-area communications in the neighborhood of an NEA. The sensors on these various platforms must
communicate their data to each other (in order to coordinate their actions) and ultimately
back to earth, and this requires that an ad hoc local-area communication system be established. Furthermore, it seems likely that in most scenarios an orbiting spacecraft (i.e., the
‘mothership’) will be required to act as the relay for both surface-to-surface (between NEAlocal sensor platforms) and surface-to-earth communication. This is the scenario we assume
in the research presented here where a single orbiting spacecraft acts as the relay and six
surface platforms communicate with each other and with earth through it.
2

Further narrowing our focus, we assume that if a surface platform has an unobstructed
line-of-sight to the orbiting spacecraft, then it can communicate to and through that spacecraft. At the frequencies required for space operations due to antenna design constraints,
line-of-sight is a necessary but not sufficient condition for establishing a communications
link; thus, the results presented here can be viewed as the best-case scenario. An analysis
of communication capacity or availability between surface platforms and a spacecraft orbiting a massive, roughly spherical body like the Earth is easily performed and therefore not
of great interest. Many NEAs, however, are small, aspherical bodies having non-uniform
mass distributions, and they not only allow for very irregular orbits but also often support
a diversity of different orbits. Furthermore, the tumbling spin of many of these objects also
causes significant variations in the communication connectivity for platforms at different locations on the surface. These factors combine to make the simulation results presented here
non-trivial and of some importance as a first step in designing the local-area communication
system for future missions to NEAs
This paper is organized as follows. Section 2 discusses the problem of orbital modeling.
Section 3 discusses the simulation of data being buffered on the probes.
2

ORBITAL MODELING

In most orbital models, both the celestial body and its satellite are treated as point masses
with the assumption being that the satellite’s mass is insufficient to affect the motion of
the celestial body. This assumption holds in most applications, since the gravitational field
produced by a constant-density sphere mimics that of a point mass, and the discrepancies
between a celestial body’s true shape and mass distribution relative to a constant-density
sphere can often be modeled as perturbation functions with respect to the ideal orbit model.
This simplification does not hold for a typical asteroid, however. The irregular shape of
an asteroid creates a gravitational field that is much more complex than that of a sphere,
resulting in a scenario where the gravity experienced by a satellite depends not just on
distance but also on its position relative to the asteroid. Moreover, since the asteroid is
rotating, its gravitational field in inertial space changes with time.
We model the motion of a satellite about an asteroid in this work using the restricted full
two-body approach described by Scheeres [7], in which the asteroid is depicted as a scalene
ellipsoid with constant density in uniform rotation about its largest moment of inertia. By
using this simplification, the asteroid can be fully described with five parameters (three
semi-major axis lengths, density, and spin rate), all of which can be approximated from
ground-based observations. Furthermore, changing these body parameters allows one to
model a wide variety of asteroids.
In the restricted full two-body problem (RF2BP), a small body with negligible mass is
considered to be under the influence of a large body’s gravity. If the position of the satellite
relative to a large, rotating body is described in a coordinate frame that is fixed to the
gravitational body, the differential equation governing the motion of the satellite is
−
∂U (→
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→
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−
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−
−
−
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−
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where Ω describes the angular velocity of the asteroid, →
r is the position of the satellite,
−
and U (→
r ) is the scalar force potential of the satellite caused by the asteroid’s gravity. For
the application of the RF2BP used in this paper, the origin of the coordinate frame used
−
to describe →
r is placed at the asteroid’s center of mass and its axes are aligned with the
asteroid’s principal moments of inertia. Furthermore, the asteroid is assumed to be rotating
about its maximum moment of inertia with constant angular velocity ω. Equation (1) can
be described in Cartesian form by the following equations[8]:
ẍ − 2ω ẏ − ω 2 x =

∂U
∂x

(2)

ÿ + 2ω ẋ − ω 2 y =

∂U
∂y

(3)

∂U
(4)
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−
The scalar force potential U (→
r ) can be defined by any mathematical solution to Laplace’s
equation representing mass distribution across a real body[9]. The use of spherical harmonics
is one such solution of the form
z̈ =

∞

l

µ X X r0 l
( ) Plm (sin φ)(Cl m cos mθ + Slm sin mθ)
U (r, θ, φ) =
r l=0 m=0 r

(5)

where Plm (q) is the associated Legendre polynomial in q, r is the scalar distance from the
origin, and θ and φ are the latitude and longitude angles, respectively. Additionally, the
coefficients of expansion Clm and Slm can be uniquely determined from the location of the
center of mass and the inertia tensor described in the body-fixed frame. That is,
c11 r0 = xcm
s11 r0 = ycm
c10 r0 = zcm
2
−M r0 c22 = Izz − Iyy
2
M r0 (2c22 + C20 = Iyy − Izz
−M r02 (−2c22 + C20 = Izz − Ixx
−M r02 s22 = Ixy
−M r02 s21 = Iyz
−M r02 c21 = Ixz
For a uniformly rotating triaxial ellipsoid of constant density, the definition of the bodyfixed, body-centered (BCBF) coordinate frame used in (2)–(4) reduces a second-degree and
order spherical harmonic expansion to one that only includes the c20 and c22 terms. The
−
resulting form for U (→
r ) in Cartesian form is
U (x, y, z) = µ(

p
c20 (x2 + y 2 − 2z 2 3c22 (x2 − y 2
R0
)(1 −
+
),
r
=
x2 + y 2 + z 2
r
2r4
r4
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where µ = GM is the gravitational parameter and r0 is the reference radius length [8]. By
substituting (6) into (2)–(4), a trajectory can be estimated over a any length of time from a
given set of initial conditions [x0 , y0 , z0 , x˙0 , y˙0 , z˙0 ].
Table 1: Parameters for orbital design model.
Orbital Model
Vesta (1)
Vesta (2)
Eros
Gaspra
Tempel2
Ida

a
b
c
2π/ω
(km) (km) (km) (hr)
265
250
220
5.3
265
250
220
5.3
20
7
7
5.27
9.5
6
5.5
7
8
4.25 4.25
8.9
28
12
10.5 4.63

(a)

ρ
(g/cm3 )
3.5
3.5
3.2
3.5
1.0
3.5

Initial Conditions
[x, y, z, ẋ, ẏ, ż]
[0, 1.5, 0, 3, 0, 1, 1.35]
[0, 1.8, 1.2, 3.5, 0, -0.85]
[0, 1.5, 0, 1.95, 0, 0.65]
[0, 1.25, 0, 2.95, 0, 1.65]
[1.35, 0, 0, 0, -3, 0.35]
[0,1.45, 0, 2.15, 0, 0.4]

(b)

Figure 2: Probe locations on the two sides of Ida.
We consider here the five orbital scenarios detailed in Table 1. Specifically, our test cases
are as follows: Vesta (Orbits 1 & 2), Eros, Gaspra, Tempel2, and Ida. All of these asteroids
have highly irregular shapes, but only one of them (Eros) is technically an NEA and Tempel2
is considered to be a comet. In every example considered here, we place six sensor on the
surface of the asteroid in the following manner: three latitudes are chosen arbitrarily and
the positions of the probes along each latitude line distributed as longitudinal pairs with
reversed orientation in a semi-random fashion. What we mean by this is that if a single
angle θ defines the longitudinal location of two sites at different latitudes, one site would be
at [θ, φ1 ], then the other would be at [θ + π, φ2 ]. Figure 2 illustrates the probe placement on
asteroid Ida.
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3

BUFFERING

For the scenario where the surface probes are generating data at a constant rate and the
data needs to be transmitted to the orbiter, the probes must buffer this data until they have
a chance to send it. By looking at the buffer fullness over time in steady-state (so that the
amount of data in the buffer remains stable), we can get an idea of how big the buffer needs
to be in the worst cast scenario. We can also infer from this analysis the minimum required
communications rate between the probe and the orbiter, given the data generation rate of
the probe.
In our simulations of the amount of data being buffered over time, the rate at which
the data is generated by the surface probes is chosen to be 20 kbits/s. The capacity of
the communication channel between the orbiter and each surface probe must be at least
20 kbits/s multiplied the inverse of the visibility probability of the specific surface probe—
below this channel rate, the communication system will not be able to keep up with the
data generation rate and the buffer will eventually overflow. Such an overflow would lead to
lost sensor data. The minimum required channel capacity as given in (7) is increased by a
factor α of either 0.1 or 0.2 in our simulations to ensure their stability. Table 2 shows the
probability used to calculate the bit rates used in the simulations and Table 3 shows the bit
rates used.


1
+ α data rate
(7)
send rate =
visibililty probability
Table 2: Probablity of communication access.
Asteroid probe 1
Eros
0.27068
Gaspra 0.23172
Tempel2 0.47636
Vesta #1 0.1396
Vesta #2 0.23892
Ida
0.1574

probe 2
0.3394
0.2968
0.48868
0.14868
0.25204
0.3322

probe 3
0.3378
0.29648
0.48876
0.14772
0.2526
0.3332

probe 4
0.28576
0.22172
0.39432
0.15716
0.33864
0.16508

probe 5
0.34812
0.28544
0.43864
0.16556
0.3466
0.33576

probe 6
0.34672
0.28696
0.43776
0.16532
0.34644
0.3354

Table 3: Communication rates for each probe kbits/s
Asteroid probe 1
Eros
76
Gaspra
90
Tempel2
44
Vesta #1
146
Vesta #2
90
Ida
132

probe 2
62
70
44
140
84
62

probe 3
62
70
44
138
84
62

probe 4
74
94
54
130
62
124

probe 5
60
72
48
124
62
62

probe 6
60
74
48
124
62
62

The buffering simulations were performed for 100 orbits and for the six different orbital
scenarios. Figure 3-8 are plots of the amount of data in the buffers over time for the different
6

orbits. From looking at the plots of the simulations, for some orbits the amount of data in
buffer tends to grow over certain periods of time. This is most prevalent in the orbit of Gaspra
and Orbit #1 of Vesta. These plots show the data in buffer building up as the spacecraft has
less contact with those probes and the buffers emptying out later when communication is
restored. The plot for Vesta #1 in particular shows how the orbit favors probes 1-3 for part
of the time and 4-6 for the remainder. The buffer fullness plots for the two different Vesta
orbits are strikingly different as are the maximum data rates supported to the individual
probes. This is because the second orbit for Vesta is higher orbit than the first orbit which
allows for better visibility of the probes. This results in lower rates and more consistent
performance.

Figure 3: Buffer size over time for Gaspra

Figure 4: Buffer size over time for Eros

Figure 5: Buffer size over time for Tempel2

Figure 6: Buffer size over time for Vesta Orbit #1

4

Networking

In this section we look at the scenario where one probe on the surface of the asteroid has
to communicate with another on the surface of the asteroid. In this case the orbiter must
7

Figure 7: Buffer size over time for Vesta Orbit #2

Figure 8: Buffer size over time for Ida

act as relay in order to facilitate communications. The simulation for this scenario measures
the effective communication rate between each set of two probes. In the simulation the
communications rate between the probes and the orbiter is chosen to be 100 kbits/s. The
effective networking rates between the probes listed in Tables 4 to 9 is average rate which
data is transfered between the probes over 100 orbits around each of the asteroids.
The effective data rate between to probe is limited by which of the two probes has the least
communication contact with the orbiter since this would be the main bottleneck for either
sending or receiving data. The rate supported by the worst probe is a good approximation
for the effective communications rate would be between the two probes. By taking the
communication rate between the probes and the orbiter and multiplying it by the smaller of
the two visibility probabilities from Table 2, we can get a good approximation of the effective
rate.
Just like in section 3, we find that the difference between the two orbits of Vesta results in
dramatically different performance as seen in Tables 7 and 8. Here, the higher orbit (Orbit
#2) results in almost twice the effective bit rate. Since Table 2 has probabilities for Orbit
#2 that are almost twice those of Orbit #1, this supports our contention that the visibility
probabilities can be useful in estimating the communication rates supported by a specific
orbital scenario.
Table 4: Gaspra effective networking rates between probes in kbits/s.
–
1
2
3
4
5
6

1
22.7083
22.6064
21.454
22.1909
22.2419

2
3
22.7083 22.5947
28.6236
28.7412
21.6813 21.5833
27.7925 27.8239
27.867 27.7847

8

4
5
6
21.3168 22.0929 22.1948
21.6029 27.769 28.016
21.5441 27.82 27.8631
21.6304 21.6656
21.6264
27.7337
21.65 27.6357

Table 5: Eros effective networking rates between probes in kbits/s.
1
2
3
4
5
6

—–
26.5227
26.456
26.3776
26.5266
26.5266

26.4247
—–
32.8299
27.5301
33.1592
33.2611

26.3933
32.8691
—–
27.4321
33.1043
33.0142

25.7504
27.4713
27.5379
—–
28.0044
27.8751

26.3659
32.6418
32.7006
27.9064
—–
33.7746

26.409
32.6731
32.5202
27.8751
33.7472
—–

Table 6: Tempel2 effective networking rates between probes in kbits/s.
1
2
3
4
5
6

—–
46.6517
46.6281
38.2551
42.8297
42.7787

46.5811
—–
47.6395
38.4981
42.8062
42.9002

46.6281
47.6473
—–
38.502
42.9865
42.7787
5

38.1375
38.4315
38.4785
—–
38.5687
38.4903

42.4573
42.567
42.7866
38.3766
—–
42.7278

42.4024
42.7395
42.5906
38.3766
42.7042
—–

Conclusion

In this paper, we have analyzed the communication rate for two different scenarios. First, we
considered communications between the the orbiter and a surface probe; second, we looked
at communications between two different probes on the surface using the orbiter as a relay.
The analysis of the communications between the orbiter and the probe showed what the
minimum communications rates could be and also how large the buffers would need to be in
the worst case. In the analysis of communications between probes, we computed reasonable
estimates of the communications rates for a variety of asteroids, probe placements, or orbits.
Such simulations provide us with a useful tool for mission planning and system design so
that data integrity can be ensured.
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ABSTRACT
The CNES (French Space Agency) has studied memoryless predistortion techniques for power
amplifier nonlinearity of satellite payload telemetry. These techniques are applied to high order
modulations taken from the DVB-S2 standard and the associated CCSDS blue book. An easy-toimplement calibration method was also developed. The predistortion was implemented at two
times the symbol rate after Square Root Raised Cosine shaping on a breadboard model of a
16APSK modulator associated to a Solid State Power Amplifier. It allows to reduce the amplifier
back-off and thus to increase the power added efficiency for an equivalent signal quality.

KEY WORDS
Predistortion. Non-Linearity. CCSDS. DVB-S2. Satellite.

INTRODUCTION
The Payload Telemetry systems of Earth Exploration satellites have mainly been developed in XBand (8025-8400 MHz). Lots of upcoming satellites missions still intend to take advantage their
current existing ground stations, to minimize development and integration costs. They however
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ask for transmitting more data at higher data rates. To increase the data rates in the limited 375
MHz of the EESS X-band, more spectrally efficient modulations are needed.
The transmission of high order modulations associated to Square Root Raised Cosine (SRRC)
shaping (to reduce the emitted signal spectrum) is unfortunately sensitive to the impairments of
the transmitting chain, and particularly to the distortion of the amplifier. Such transmission
requires a quasi linear amplification, which is generally obtained at the expense of the poweradded efficiency of the amplifier. Another way consists in the implementation of a linearization
device in the transmission chain.
The French Space Agency (CNES) has consequently performed R&D studies to define
memoryless predistortion techniques for satellite payload telemetry with high order modulations.
The considered modulations are taken from the DVB-S2 standard [1] and the associated CCSDS
blue book [2]. An easy-to-implement calibration method has been developed with Cabinet
NOVACOM: it is only based on spectral measurements for deducing AM/AM and AM/PM
transfer curves. The predistortion method is implemented at two times the symbol rate (Rs) after
SRRC shaping. These calibration and predistortion methods have first been evaluated by
simulations. They have then been implemented by Thales Alenia Space on a breadboard model of
a 16APSK modulator associated to a Solid State Power Amplifier (SSPA). Tests have finally
been realized in order to validate the performance of these calibration and predistortion methods.
This paper presents the developed predistortion technique. The implementation of the test bench
is also described. The main test results that have been obtained on the breadboard are finally
presented. The efficiency of a predistortion at 2Rs after SRRC shaping is also compared with a
simple predistortion at Rs at the constellation level.

1. PREDISTORTION WITH SPECTRAL CALIBRATION
The non-linearity of a memoryless radiofrequency (RF) amplifier is described by its amplitude
and phase conversion curves, which are represented in Figure 1 for a typical TWTA case. The
AM/AM conversion curve gives on the one hand the output signal amplitude as a function of the
input amplitude. On the other hand the phase conversion is given by the AM/PM curve that
represents the phase output as a function of the input amplitude. An amplifier that would not
distort the amplified signal would have the following ideal conversion curves: a linear AM/AM
curve and a constant AM/PM curve, as depicted in Figure 1. The linearization of an amplifier
aims thus at compensating the non-linear behavior of this amplifier.
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Figure 1: Amplitude (a.) and phase (b.) conversion curves of linear and typical amplifiers.
A predistortion linearizer is placed upstream of a non-linear RF power amplifier, which can be a
traveling wave tube amplifier (TWTA) or a solid state power amplifier (SSPA) as represented in
Figure 2. It modifies the incoming RF signal by applying a predistortion that is then compensated
by the power amplifier distortion in order to make the system as linear as possible. The AM/AM
conversion curve of the predistortion linearizer shall be the inverse of the amplifier’s one, as a
mathematical function. Its AM/PM conversion curve with regards to its output power shall be the
opposite of the amplifier AM/PM curve. It shall be noticed that the amplifier linearization cannot
go beyond the amplifier saturation, because the inverse of its AM/AM conversion curve does not
exist after this point (at least for TWTA). The linearizer must therefore be completed by a peak
limiter or a power limiter.
Transmission
chain

Amplifier

Predistortion

Figure 2: Predistortion linearizer.
The use of a predistortion linearizer requires the knowledge of the amplifier’s characteristics (i.e.
AM/AM and AM/PM curves) that have to be compensated. The linearizer setting requires thus to
measure the amplifier characteristics. The measurement of the AM/AM curve is not a problem,
but the AM/PM curve evaluation is more complex. The phase characterization for predistortion
linearizers is usually performed by measuring directly the phase difference between the input and
output signals. It is achieved either by using a laboratory device (network analyzer).
Predistortion linearizers are generally adjusted for a dedicated amplifier. It may however be
adjusted periodically to take into account equipment’s performance drifts due to change of
environment or ageing. But there is currently no predistortion calibration in orbit. The phase
measurement remains in fact the main difficulty that excludes the setting of a predistortion
linearizer on a satellite in orbit.
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Memoryless predistortion linearizers have been studied by the French Space Agency (CNES) and
Cabinet NOVACOM to define an easy-to-implement calibration method. This R&D study has led
to the development of a new predistortion setting method that is only based on power
measurements [3]. This CNES patented calibration avoids thus any digitization or phase
synchronization even for the phase characterization. This calibration process does not measure
directly the signal phase and does therefore not need neither phase nor time references. It only
requires a spectrum analyzer (and a computer) and is therefore easy to implement.
This CNES patented method involves the injection of specific signals into the power amplifier to
determine its characteristics from the level of the observed spectral lines at its output. The input
spectrum must contain a pure line for the measurement of the AM/AM curve and two spectral
lines for measuring the AM/PM curve as shown in Figure 3.
The signal
is placed at the amplifier input. The parameter m that
commands the relative level between the two carriers is chosen sufficiently low (typically -20
dB). The AM/AM and AM/PM conversion curves are obtained after processing by varying the
value of the parameter p. It is noticeable that these test signals can be produced by the digital
signal generator of the transmitter.

Figure 3: Calibration signal.
By this way it is then possible to invert these AM/AM and AM/PM conversion curves and to
compensate for these defaults in a predistortion linearizer. It allows the use of a digital precompensation linearizer, which is more flexible than an analog one.
In order to obtain an embedded system with a limited complexity, the predistortion device can be
calibrated "on-ground" during the AIT phase (Assembly Integration and Test). That calibration
process is reduced to the generation of tables of coefficients thanks to a calibration loop. These
tables allow periodical adjustments of the predistortion to take into account equipment’s
performance drifts due to change of environment or ageing. They can be selected according to the
value of some observables (Temperature, output level…). Note that as no phase measurement is
performed, the global calibration can also be performed on a satellite in orbit. Figure 4 illustrates
a schematic diagram of such a calibration loop performed on a modulating signal.
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Figure 4: Calibration loop.
This new identification method has first been evaluated by simulations [3]. The promising results
have authorized the realization of a test bench so as to validate the global performance on a real
transmission chain.

2. PREDISTORTION TEST BENCH IMPLEMENTATION
Thales Alenia Space has developed for the CNES a transmission test bench that includes a
breadboard model of a telemetry transmitter offering high order modulations schemes with SRRC
shaping in EESS X-Band (8025-8400 MHz). This test bench implements also the predistortion
linearizer and calibration loop developed by CNES and presented previously and a Solid State
Power Amplifier (SSPA). The considered modulations are taken from the DVB-S2 standard [1]
and the associated CCSDS blue book [2]. DVB-S2 encoding has however not been implemented
to ease the development of the breadboard and to focus on the performance of the linearizer.
The global performance of this predistorted DVB-S2 transmission chain are evaluated through
Error Vector Magnitude (EVM) measurements thanks to a demodulator included in a vector
signal analyzer. Due to reuse constraints (for cost aspects), very high clock have not been
achieved and the linearizer could not be implemented at more than two times the symbol rate
(Rs). The digital predistortion linearizer and all the digital functions of the transmitter have
indeed been implemented on an existing FPGA that has been reprogrammed for this study.
The main characteristics of the transmission chain that has been developed in this context to test
the predistortion linearizer performance on high order modulations schemes are the following:
Modulation = QPSK, 8PSK and 16APSK according to DVB-S2 definition but without
encoding
Symbol rate (Rs) = 84 MBauds (Msymbol/s)
Sampling frequency of the digital board = 2 x Rs
5

SRRC shaping with the folowing adjustable roll-off = 0.25, 0.35 or 0.5
Generation of Pseudo Noise (PN) sequences inside the FPGA
Modulator input = 2 analog baseband paths in-phase and in quadrature after anti-aliasing
filtering
Linear modulator with high carrier rejection (about 30 dB)
SSPA power amplifier of 6 W at saturation for a use between 4 and 6 W
The global architecture of the test bench is similar to the one presented in Figure 4 and is
illustrated Figure 5. It is constituted by:
An X-Band transmission chain offering high order modulations schemes:
o A digital board developped by TAS
o A linear X-Band MMIC modulator
o A X-Band SSPA
A Computer that is used to control the emitted constellation plots and the injection of the
predistortion tables in the FPGA
A vector signal analyzer : FSW26 from Rhode&Schwartz
A frequency synthetizer : Rhode&Schwartz signal generator SMR20
Laboratory power supply for powering the RF chain, the MMIC modulator digital board
A hot / cold base plate to ensure the temperature control of the RF chain and especially
the SSPA.

Demodulator

Spectrum analyzer
RF Chain including SSPA

MMIC modulator
Digital board

Figure 5: Predistortion test bench.
Tests have finally been realized with this test bench in order to characterize the performance of
the CNES patented calibration and predistortion methods.

6

3. TEST RESULTS
The developed method of predistortion calibration has first been evaluated by characterizing the
amplifier non-linearity through spectral measurements. The resulting AM/AM and AM/PM
conversion curves have been compared to the ones obtained classically with a network analyzer.
Figure 6 gives these results as a function of the SSPA Input Back-Off (IBO) and shows that the
evaluated conversion curves are well correlated with the real amplifier characteristics. The
remaining error in phase is less than 1°. This error is due to the spectral measurements method
and particularly to the power measurements errors that shall be about 0.1 dB to 0.5 dB max. It
can be noticed that for an SSPA the saturation is more difficult to define than for a TWTA,
because the saturation is not sharp and the output power does not decrease after the saturation.
For that reason the saturation has been defined as the 2dB compression point, which is defined as
the power when the amplifier gain is 2 dB smaller than the linear small signal gain.
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Figure 6: Amplitude (a.) and phase (b.) conversion curves of the tested amplifier.
The SSPA non-linearity has thus been characterized thanks to a simple spectrum analyzer with
the CNES patented method. Predistortion tables have then been computed with these data and
implemented in the transmission chain’s FPGA. Figure 7 presents the output power of the
linearized transmitter breadboard and compares it to the original one.
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Figure 7: Impact of the predistortion on the transmitted output power.
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These measures show that the AM/AM curve is well linearized with the implemented
predistortion. Error vector magnitude (EVM) performances have finally been measures with the
signal vector analyzer R&S FSW26 after demodulation. These results are plotted in Figure 8 for a
DVB-S2 16APSK modulation.
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Figure 8: EVM performance of the predistortion in 16 APSK.
These tests prove that the implemented predistortion offers an output power increase for a given
EVM. About 1.4 dB of power is gain with this linearized SSPA for an EVM of 10% with a
16APSK modulated signal. These EVM results are however not as good as expected for a
16APSK. This limitation is essentially due to the frequency selective response of the SSPA under
tests. As the demodulator of the R&S FSW26 offer the possibility to use an equalizer before the
demodulation of the received tests have also been performed with this configuration. Figure 8
shows the improvement achieved by this equalizer in terms of EVM. With this equalizer in the
receiving side EVM of about 3 to 5 % are achieved. A slight improvement in output power is
obtained too (about 0.2 dB). This equalizer compensates in fact the frequency selectivity of the
amplifier.
Another method of pre-compensation performed at the symbol rate has also been put in place
during testing. The constellation plots are replaced before passage through the non-linearity, by
adjusting the coefficients of the digital board, such that they are properly positioned after
distortion by the amplifier. This predistortion is illustrated in Figure 9:
Without predistortion (on the left side), the received constellation is distorted, in phase
and in amplitude. The EVM is about 16% in this example.
With constellation adjustment in the digital board (on the right side), the received
constellation plots are still well positioned. The EVM is about 12% in the same
conditions.
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a. without predistortion

b. with plots replacement

Figure 9: Constellation plots without predistortion (a.) or with plots replacement (b.).
The performance that have been obtained using the predistortion with pre-compensation tables
computed by a CNES patented method (first presented method) are comparable to those obtained
with direct replacement of the constellation plots by adequate adjustment of the plots coordinates
in the digital board (second method). An increase of 1.4 dB in output power was found in both
cases for an EVM of 10%.
This second method of predistortion could also be combined to the first one. But implementing
only the constellation adjustment simplifies considerably the design of the transmitter’s digital
board.

CONCLUSION
On-board compensation of the non-linearity is an excellent way of ensuring a good quality of the
transmitted signal while operating with a limited amplifier Input Back-Off (IBO) to keep high
power efficiency.
A new calibration method has been developed by CNES that lead to efficient and easy-toimplement non-linearity predistortion. This predistortion linearizer has been integrated in a
breadboard of satellite payload telemetry transmitter with high order modulations taken from the
DVB-S2 standard. Measurements have been realized to assess the overall performance of the
transmitting chain including the linearizer. The efficiency of a predistortion at 2Rs after SRRC
shaping has also been compared with a simple predistortion at Rs at the constellation level.
The tested predistortion methods allow to reduce the amplifier back-off and thus to increase the
power added efficiency for an equivalent signal quality characterized by its Error Vector
Magnitude. All the developed methods to characterize and compensate the transmission chain
non-linearity work properly in practice. The non-linearity has been properly identified, even by a
single spectrum analyzer. About 1.4 dB of output power increase has been achieved for the
16APSK transmission chain under test by implementing the developed predistortion methods.
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ABSTRACT
In this paper, a new technique utilizing a scatterer of high dielectric constant in between
electrically small antennas to achieve good Direction of arrival (DOA) estimation
performance is demonstrated. The phase information of the received signal at the antennas is
utilized for direction estimation. The impact of the property of the scatterer on the directional
sensitivity and the output signal to noise ratio (SNR) level are studied. Finally the DOA
estimation accuracy is analyzed with the proposed technique under the consumption of white
Gaussian noise environment.
Key Words:
Biologically Inspired, Direction of Arrival (DOA), Electrically Small Antenna Array, High
Permittivity

INTRODUCTION
Direction of arrival (DOA) of a microwave signal is important for many commercial [1] and
military applications [2]. A typical microwave direction finding system requires a large
number of antenna elements and sophisticated algorithms to achieve high degree of accuracy.
However, the size, weight, and cost associated can be impractical especially for portable and
commercial application. Thus accurate DOA estimation technique with small system size is
highly desirable. Biologically inspired techniques are attractive for achieving compact and
superior direction finding.
A very interesting biological system that is capable of direction finding for acoustic waves is
the human auditory system which includes a pair of pinnae located at each side of the human
head to collect acoustic signals, ear canals, eardrums, and cochlea to guide and detect
incoming acoustic signals, and auditory nerves and neurons in the brain to process the

detected signals. Human ears have the amazing ability to estimate arrival angle with accuracy
up to 1°in the azimuth plane without ambiguity under binaural (utilizing two ears) condition
[3]. The head functions as a low-pass filter. For most incident angles, one ear receives
without the influence of the head while the other receives after the incident signal goes
through (or around) the low-pass filter - human head. For higher frequency sound (f > 3.0
KHz; head is approximately half wavelength at 3 KHz), the head response function have an
incident angle dependent attenuation as much as 20 dB [4]. This effect is often referred to as
the head-related-transfer function (HRTF) which provides important cue for sound source
localization for high frequencies. Figure 1 illustrates the HRTF effect, where x(t) is the
incident sound signal and t is the time; HL(t) and HR(t) are the head-related responses at the
left ear and right ear, respectively; XL(t) = (x * HL)(t) and XR(t) =(x * HR)(t) are the received
sound signals at the left ear and right ear, respectively . The difference between H L(t) and
HR(t) leads to both a phase and a magnitude difference (incident angle dependent) between
the received signals at two ears. The combination of the phase (or time for transient signals)
and amplitude information enables the human auditory system to have great localization
capabilities for high frequency ranges. DOA technique using two antennas with a head like
lossy scatterer in between them has been reported [5, 6].

Figure 1. Utilizing the HRTF, human auditory system can achieve unambiguous direction
finding for high frequency signals.
In this paper, a new technique with advantage of compact size utilizing a high-permittivity
scatterer in between two electrically small antennas to enhance directional sensitivity is
demonstrated. The impact of the scatterer properties (shape, dielectric constant) on the
directional sensitivity is studied. Then the DOA performance of the system under white
Gaussian noise environment is analyzed.

ANALYSIS OF HIGH-PERMITTIVITY-SCATTERER TECHNIQUE
Electrically small antenna array with small spacing between any two adjacent antennas is
attractive because the size of the whole system can be reduced largely. With the incident
angle dependent phase difference information of the received signal at the antennas, DOA
can be estimated accordingly. However, the phase difference can be very small due to the
space limitation. The challenge is how to achieve high accuracy of DOA estimation under
this circumstance.
In this paper, two electrically small monopoles are placed close to each other (space much
smaller than half wavelength) to reduce the total size of the structure. Figure 2 shows the
two-electrically-small-monopole system model. The monopoles parameters are: length L =
70mm, diameter D = 1mm, spacing d = 50mm. The ground plane is of 70mm × 140mm. The
system is modeled in the finite-element EM software ANSYS HFSS at frequency of 300MHz
with excitation of incident plane wave from
= 0⁰ to 90⁰ in the azimuth plane. Under this
circumstance, the monopole length is only 0.07 (electrically small) and the spacing is
0.05 , where
is the wavelength in free space. The phase difference of the received signal
at the two monopoles in figure 2 follows to the first order as
. From
the phase difference information, one is able to determine the incident angle of the plane
wave because the phase difference is incident angle dependent. The steeper the phase
difference is, the more angular sensitivity can be achieved. However, the maximum phase
difference using the model in figure 2 is small, approximately 27⁰. Assuming the space is
now filled with a material with a dielectric constant of , then the phase difference becomes
, which is
times larger than the free space case. It indicates
the possibility of increasing the directional sensitivity by adding a scatterer with high
permittivity in between two antennas, although the phase difference of the received signal
would not be as simple as
because of the finite size of the scatterer.
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Figure 2. Phase difference of received signal at two monopoles vs. incident angle of plane
wave from 0 - 90 degree (monopole length L = 70mm, diameter D = 1mm, spacing d =
50mm; Freq = 300MHz; modeled in HFSS).
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Figure 3. Phase difference of the received signal at two monopoles with various scatterers vs.
incident angle (Rectangular prism: width × length × height and cylinder: radius × height;
scatterer: r = 81, σ = 0.01s/m; Freq = 300MHz).
In order to increase the direction finding sensitivity, a high-dielectric-constant scatterer is
added in between the two monopoles. The scatterer is made of fresh water (naturally
occurring water on the earth’s surface in lakes, rivers, streams etc.. it excludes sea water.): r
= 81, σ = 0.01s/m. Figure 3 demonstrates the output phase differences of several
two-monopole systems with various shapes of the scatterer. It can be clearly seen from figure
3 that by adding the scatterer, the curve of the phase difference vs. incident angle is steeper,
which indicates the directional sensitivity is improved. When the height of the scatterer is
larger than the length of the monopole, further increasing the height would not impact the
received phase difference much. Scatterer of rectangular - prism and cylindrical shape does
not seem to introduce much difference of the directional sensitivity.
As shown in Figure 4, the impact of the scatterer dielectric constant value is studied. The
scatterer utilized is of size of 25mm × 44mm × 100mm. As the dielectric constant of the
scatterer increases from 81 to 100, the slope of the phase difference also increases as
expected, indicating an enhancement of the directional sensitivity. However, as it can be seen

from figure 4(b), the received power level of the system (the incident plane wave is assumed
to have an electric field at 1V/m) with higher dielectric constant is lower. It can be concluded
that there is a tradeoff between the directional sensitivity and the received signal to noise
ratio (SNR) using this structure.
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Figure 4. (a) Phase difference and (b) power level of received signal at two monopoles when
the incident plane wave has and E field at 1V/m.
Figure 5 is another structure of scatterer used in the two-monopole direction finding system
that may be important. The scatterer is made of fresh water ( r = 81, σ = 0.01s/m) and the size
is 44mm × 60mm × 100mm, which means the two monopoles are embedded inside the
scatterer. The simulation results in figure 6 shows that the system with the special scatterer
has similar received phase difference but 10 dB higher received power level (the incident
plane wave is assumed to have an electric field at 1V/m) compared with the system without
any scatterer. This new system would have advantage when the SNR is critical to the DOA
performance.
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Figure 5. Model of two-monopole system with the two monopoles embedded inside a
scatterer made of fresh water.
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Figure 6. (a) Phase difference and (b) power level of received signal at two monopoles when
the incident plane wave has an E field of 1V/m.

DOA PERFORMANCE SIMULATION
In order to have better understanding of the DOA estimation performance of the
high-permittivity-scatterer technique in real case, the two-antenna system is modeled in
HFSS with a third monopole located 1m away as a transmitter instead of incident plane wave
as a source. The transmitter needs to be placed in the far zone of the two-monopole receivers
so that the incoming signal at the two-monopole receivers is approximately plane wave.
Under this circumstance, the output phase difference at the two antennas can be simulated
and then be utilized in detecting the direction of the transmitted signal.
Figure 7 are the models of two-monopole systems with a third transmitting antenna. The
specification of the model in figure 7(a) is: monopole length L = 70mm, diameter D = .25mm,
spacing d = 50mm. The ground plane is of 150mm × 200mm. The added scatterer in figure
7(b) is of size 30 × 44 × 70mm3 and made of TiO2 anatase grade with r = 48 and tanδ =
0.002. The TiO2 anatase grade is chosen because it is solid and commercially available. The
frequency simulated is 300MHz. The third transmitting monopole is of length of a quarter
wavelength at 300MHz and the transmitter and receivers are set 1 m apart. We also have
simulated models with transmitter and receivers 2 m and 3 m apart. The output phase
difference shows almost no difference compared with that when transmitter and receivers are
set 1 m apart, which ensures the transmitter is in the far zone of the two-monopole receivers
for 1-m spacing. By rotating the transmitter from 0⁰ to 90⁰, the phase difference and power
level of the received signal vs. incident angle from 0⁰ to 90⁰ can be obtained. As a
comparison, two-monopole system with plane-wave excitation is also simulated. The power
level at the monopole transmitter is set to be 0dBm and the plane-wave excitation is of
electric field of 89mV/m. Figure 8 plots the phase difference and received power level
comparison of the system without scatterer using monopole as transmitter and plane wave
excitation. And figure 9 are those with scatterer case. There is some discrepancy between the

results using monopole as transmitter and using plane wave excitation. The phase difference
discrepancy between the two cases is smaller than 8⁰ and the received power level
discrepancy are within 1dB for both without / with scatterer. The discrepancy may be as a
result of limited simulation accuracy of the software. From figure 8 - 9, it can be seen that
after adding a high-permittivity scatterer, the slope of the phase difference also increases as
expected, indicating an enhancement of the directional sensitivity. However, the received
power level is lower. There is a tradeoff between the directional sensitivity and the received
SNR level.
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Figure 7. Setup of (a) two-monopole receiver without scatter and a single-monopole
transmitter; (b) two-monopole receiver with a high-dielectric-constant material in between
and a single monopole transmitter.
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Figure 8. (a) The phase difference and (b) received power level comparison of the system
without scatterer using monopole as transmitter and using plane wave excitation.
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Figure 9. (a) The phase difference and (b) the received power level comparison of the system
with scatterer using monopole as transmitter and using plane wave excitation.
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Figure 10. Average estimated angle vs. incident angle with RMS error bars for system (a)
without scatterer and (b) with TiO2 scatterer (noise level -62dBm, transmitter 0dBm).
In order to obtain the DOA performance of the proposed technique, an environment of white
Gaussian noise is assumed and the average DOA estimation error under this circumstance is
calculated. The DOA estimation method is Maximum Likelihood – the estimated DOA is the
angle with minimum difference between the test phase difference ( ) and the calibrate phase
difference (
) obtained a priori:
(1).
The noise level in the system is determined by the RF detecting device and here we assume
the noise floor is of -62dBm when the transmitter power level is 0dBm. The simulation is run
in matlab software with results analyzed after 1000 runs. Figure 10 shows the detailed DOA
estimation performance of the two-monopole without / with TiO2 scatterer using a third
monopole 1 m away as the transmitter. It demonstrates the average estimated angle vs.
incident angle with root mean square (RMS) error bars also plotted. It can be seen that there
is an improvement of the DoA accuracy after adding a high-permittivity scatterer. In addition,

the estimation accuracy is lower when the incident angle is higher (up to 90degree) due to
lower directional sensitivity.
CONCLUSION
In this paper, a new technique utilizing high-permittivity scatterer in between electrically
small antennas to achieve good DOA estimation performance is demonstrated. With higher
dielectric constant, the directional sensitivity can be also larger. Both plane wave incident
model and a model using a monopole antenna as transmitter are simulated. The impact of the
shape of the scatterer to the directional sensitivity is studied and a system of special scatterer
structure with improved output SNR is proposed. The DOA estimation error under the
consumption of white Gaussian noise environment is calculated. The simulation results do
show an improvement of the DOA estimation accuracy after adding a high-permittivity
scatterer.
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Autotracking Antenna Modulation Methodology
Ray Lewis
ViaSat, Inc
Duluth, Ga
ABSTRACT
The tracking modulation index (Km) is a key performance parameter for any autotracking antenna and
should especially be considered for classically difficult targets such as missiles and/or fast moving
aircraft.
Antenna subsystems are typically characterized by their gain to temperature ratio (G/T) to optimize
receive data bit error rates (BER) for distant targets. One important parameter often overlooked for
telemetry autotracking antennas is a graded value for the available tracking modulation index (Km) that
is common in radar autotracking applications. Tracking modulation performance is a major contributor
for minimizing the antenna pointing error during an autotrack mission. Autotracking radar antenna
specifications typically include tracking modulation as a major design parameter, many receive-only
autotrack antennas used for telemetry applications do not consider this important parameter for the
intended tracking mission which may result in poor autotracking performance. This paper investigates
the effects of tracking modulation levels on system pointing errors for various classes of feed topologies.
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Telemetry, Tracking Modulation, Km, Error Slope, Reflector Antenna, High Performance Tracking

Introduction
One of the most commonly discussed antenna performance parameters is the gain to temperature ratio
(G/T), which determines the available signal to noise ratio of a target. Radar operators are also typically
concerned with the ability of the antenna to accurately autotrack, resolve and report the target’s
angular location. The quality of the angular tracking is limited by the tracking error slope, commonly
referred to as a parameter known as the tracking modulation index or Km value.
Measurements of targets always involve uncertainties caused by several factors including noise,
interference, and error slope resolution. Applications such as geo-stationary satellite tracking and low
altitude satellite tracking are much less demanding on autotrack servo systems than rocket and missile
tracking systems with their high dynamics.

Monopulse Tracking Modeling
The basic autotracking process is to compare signals levels in adjacent spatial quadrants. The responses
may be generated in a time sequential manner (ESCAN, single channel monopulse, or conical scan) or
simultaneously (three channel monopulse) which requires three receivers.

When a feed is displaced from the focal axis of a reflector, the secondary beam is offset in a direction
opposite the feed offset direction (mirror image). By arranging an array of four offset feeds, four
displaced beams are created that provide amplitude peaks in the four spatial quadrants. Figure 1 shows
an array of four feeds that are displaced in the four cardinal axes of the reflector.
Figure 1 Array of offset feeds displaced from reflector focal axis

Figure 2 illustrates the resulting secondary beam offset that moves in a direction opposite of each feed
offset direction. The secondary angular offset is typically 80% (for typical reflectors) of the angular
offset of the feed with respect to the focal axis. The ratio of the secondary beam angular offset to the
feed beam angular offset angle is called the reflector beam deviation factor (BDF).
Figure 2 Example Displaced Secondary Beam generated from an offset feed

Figure 3 shows a basic measurement for a one dimensional tracking system. The RF secondary beam is
steered (either electrically or mechanically) to point at angles Θ1 and Θ2. The relative signal strength of
the target is compared at both angular locations. If the signal strength is the same at both locations,

the antenna positioner is not moved, but if one location has a higher signal strength, the positioner is
moved in the direction toward the higher signal.
Figure 3 Offset Secondary Beams generated by offset feed elements (one axis)

When both offset beams shown in figure 3 are combined out of phase, the result is a null on boresight
as shown in figure 4a. The slope of the difference channel error slope (figure 4a) is a function of the
offset horn spacing from the reflector focal axis and optics. Combining the two signals coherently (inphase) results in a typical monotonic secondary pattern with a peak located on-axis as shown in figure
4b. The sum pattern amplitude is also a function of the offset horn space, however the optimum
spacing for the sum pattern differs from the optimum spacing for the best difference pattern slope
(desirable for good tracking resolution) and an engineering tradeoff must be made.
Figure 4 Monopulse Difference and Sum Pattern formed by combining Signals in Figure 3

Following Sherman (1), each of the two individual offset beams shown in figure 3 are simulated using a
cosine illumination function. By varying the relative offset angle, we can obtain figure of merits for both
the sum and difference patterns. Equations 1 and 2 simulate the voltage response of the left and right
beams respectively.

ݒ1 =
ݒ2 =

ୡ୭ୱ
[గఏ ഇ ൫ఏିఏೞ ൯]

(1)

ୡ୭ୱ
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(2)
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Where: ߠ௦=difference pattern angular offset (3dB beamwidths)
KΘ =1.19 (beamwidth constant for cosine illumination)

The sum pattern is simulated by combining both individual beams in-phase as shown in equation 3. The
difference pattern is simulated by combining both of the individual beams out-of-phase to create the
difference pattern as shown in equation 4a.

 = ݏ0.7071(ݒଵା ݒଶ)

݀ = 0.7071(ݒଵି ݒଶ)

(3)
(4)

Equations 3 and 4 for the sum and difference patterns are plotted in figure 5 for various beam angular
offsets. These offsets shown in figure 5 are for close spaced arrays only (typical of a square four horn
array). The difference slope degrades rapidly when the offset angle is significantly larger as for the case
of the five element array presented later.
Figure 5 Sum and Difference Beams for various Squint Angles

Radar monopulse operators have long used the parameter Km as a quality factor for the available
autotracking error integrity as defined in equation 5. The value Kd is the value of the on-axis difference
channel slope around boresight.

ܭ =

 ഇ್ೢ

(5)

ௌబ

The monopulse angular error for the antenna is a function of both the sum channel signal to noise ratio
and also the Km according to equation 6.

Where:

ߪఏ =

ఏ್ೢ

  ඥ మೄ/ಿ

(6)


ܭௗ=on axis difference slope (volt/volt per unit angle

ܭ = normalized monpulse slope in (volt/volt per sum beamwidth)
ߪఏ = Angular Error (units of ߠ௪ )

ߠ௪ = Sum Pattern 3dB Beamwidth
S = Sum Signal Power

Nd = Noise Power in difference channel
Equation 6 shows that the angular tracking error varies linearly with the tracking modulation but varies
with the square root of the sum beam signal/noise ratio (or G/T). For radar applications that use the
same feed for transmit, equation 6 is modified so that sum power term S is changed to S2 to account
for the two way round-trip path (the sum gain is used for both transmit and receive). Figure 6 shows the
tracking gradient (kd), sum channel power (S), and (kd)(S) product curves for various horn angular
displacements. The optimum horn angular displacement for telemetry tracking (shown in figure 6) is
0.55 beamwidths and the optimum horn angular displacement for the two-way radar application
(shown in figure 7) is 0.45 beamwidths. While these angular offsets optimize the tracking performance,
there is a small loss in the sum channel directivity as shown in the green curve for the So parameter.

KdSo

Figure 6 Autotracking Two Horn Angular Accuracy Optimization for Telemetry Applications
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Figure 7 Autotracking Two Horn Angular Accuracy Optimization for Radar Applications
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Because of the sum and difference pattern compromise, it is important to make an engineering feed
topology tradeoff for various autotracking applications. For example, relatively slow moving low earth
orbit (LEO) satellites typically have smooth and predictable orbits that rarely tax the capability of a servo
system. The typical performance emphasis for LEO applications is to obtain the most data during a pass
requiring the highest G/T value possible. Figure 8 is a typical ViaSat five element monopulse array feed
that is used for LEO applications. This feed uses a high efficiency corrugated horn for the sum pattern
that achieves >80% reflector aperture efficiency. The four tracking horns located around the sum horn
that generate the difference patterns are very widely spaced having minimum impact on the sum beam,
with a tradeoff compromising angular tracking sensitivity. The Km value for this horn is low (typically
<0.1) and the corrugated horn provides excellent sum channel efficiency with minimal compromise to
station G/T. This is a case where the tracking performance is adequate for the intended tracking
mission. A typical difference pattern crossover between two of the elements for the five horn feed is
shown in figure 9. Notice that crossover region definition is much less defined than the four horn
analysis previously presented (also in figure 11).
Figure 8 ViaSat Five Element Mononpulse Horn

Figure 9 Tracking Horn crossover pattern for five element Horn Array
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On the other end of the spectrum, targets such as missiles and rockets often have high angular dynamics
with non-uniform flight dynamics and are much more difficult autotrack targets.
Feeds such as the four element array (shown in figure 10) that was previously analyzed, typically have
Km values in the 1.0-1.5 range and offer much better error tracking gradients compared with the feed
shown in figure 8. Typical difference channel crossover patterns are shown in figure 11 for the four horn
array feed. Note that the relative signal strength and error slope near boresight is excellent.

Figure 10 ViaSat Four Element Monopulse Horn

.

Directivity (dBi)

Figure 11 Difference Element crossover for typical Four element Horn Array
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Many of the inherent limitations of the four element array feed, such as non-uniform radiation patterns,
may be mostly overcome when the structure is augmented with a higher order mode output section as
shown in figure 12 (2)(3). The output section generates higher order waveguide modes to provide near

symmetrical radiation patterns similar to the corrugated horn shown in figure 8 over its useful
bandwidth. Since the array spacing of this horn uses the same four horn structure as shown in figure 10,
the excellent difference pattern slopes are preserved and has Km values similar to the basic four horn
shown in figure 11.
Figure 12 ViaSat Four Horn Array Feed augmented with Higher Order Waveguide Output Section

High performance autotrack systems often operate with independent data and tracking RF channels.
This allows the data channel to be completely free of tracking modulation and provides the highest
possible station G/T to maximum data reception rates. The difference element paths have inherent
combining insertion losses and time sequence switch losses (as shown in figure 13) and have
significantly lower signal/noise ratio than the sum path. In a single channel monopulse type system,
there is an engineering tradeoff between the tracking channel signal/noise ratio (ie: G/T) and the
amount of tracking modulation. Separate data/tracking channels also allow the tracking channel to be
optimized solely to minimize the autotracking angular error (often resulting in a 50% reduction in the
original tracking error compared with a combined data/track topology) and without imposing a data
reception (G/T) tradeoff.
Figure 13 Typical ESCAN Autotrack Topology using independent data and tracking channels
2-way power divider to provide
separate data channel

Tracking Channel
Output (LHC Pol)

Data Channel Output
(LHC Pol)

Tracking Coupler used to combine
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Conclusions
Telemetry G/T has long been an important design parameter to optimize available
station data download capacity. For autotracking antennas used in radar and ranging
applications, the tracking error slope fidelity Km is also an important design
consideration (often even more so than G/T performance). It is important to consider
tracking parameters for an antenna intended for demanding telemetry autotrack
missions.
This paper identified metrics useful for tracking channel angular error predictions.
Analysis for a classical four horn tracking array was presented that shows squint angle
optimization for both the sum and difference patterns resulting in a sum pattern gain
versus tracking error tradeoff. The analysis showed that tracking error varies linearly
with tracking modulation but varies with the square root of the signal to noise ratio
making it advantageous to trade increased tracking modulation performance for
tracking channel G/T. For many relatively non-challenging tracking applications (such
as slow moving, well behaved low earth orbit satellites), a low Km value can be
acceptable, as compared with demanding applications such as highly dynamic, high
speed missile and rocket missions which must be completed with a high degree of
confidence.
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TSPI Radar Methodologies for Improved Positional
Performance/Accuracy of C-Band Auto-tracking Telemetry
Barry Sternke
Matthew Ray
BAE Systems

This paper will examine practical approaches to improving the pointing of narrow-beam
telemetry antennas in both auto-tracking and designated (slaved) applications. Methods of
refining pointing accuracy and precision, developed for high-precision TSPI auto-tracking
Radars, will be presented with analysis of their applicability to telemetry antenna pointing.
Comparisons of control systems, angle calibration techniques, and effects of systematic errors
will be presented in detail.
The telemetry pedestal and pedestal controller are two important components in the complement
of hardware and software that make up the ground station portion of a complete telemetry
system. Since the goal of telemetry is the successful transfer of data, the hardware directly
associated with this transfer, ground receivers and airborne transmitters generally receive the
most attention. The coming migration to the new beamwidth narrowing frequencies will force
the telemetry community to put more emphasis on the track loop components and addressing
calibration techniques to reduce systematic errors.
Track Loop Compensation
Two primary functions of the pedestal and controller are the acquisition and track of the signal
generated by the target. As the carrier frequency increases, the antenna beamwidth decreases.
For a 5 meter parabolic reflector, changing the frequency from typical L-Band to Mid C-Band
will drop the -3dB beamwidth from 2.8 degrees down to 0.77 degrees. This makes the task of
maintaining track significantly more difficult. The design and compensation of the pedestal and
controller now demands more attention for new installations and existing systems may require a
study to identify possible upgrades to keep them operational.
There are a number of possible problems or deficiencies that may be revealed when the carrier
frequency is increased. Pedestal modifications are typically more expensive so corrective action
should start with the controller. The controller will typically close a pedestal rate loop and a
portion of the outer designate (acquisition) and receiver track loops.
The first step is to determine that each loop has a properly compensated track filter. The forward
path of the position loop will have a proportional (DC) gain term that determines the velocity
constant Kv and may have an integral gain term which is required to develop the acceleration
error constant known as Ka. Without sufficient Ka the antenna will lag excessively on targets
requiring the pedestal to accelerate in order to maintain a minimum signal level within the
antenna beamwidth. The need for pedestal acceleration is typically driven by the requirement to
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track targets in pass-course flight with respect to the ground station location. Pedestal velocity
and acceleration is a function of target velocity and cross-over ground range and can be
calculated for all target locations during pass-course flight. Figure 1 below depicts the geometry
of a pass-course track.

Fig 1. Pass-Course Scenario
The following equations define the azimuth pedestal velocity and acceleration dynamics required
to follow a target during a pass-course fly-by.
ωm = Vt / Rc
ωa = ωm sin²A
ώa = 2(ωm)² sin³ A cos A

(Equ 1)
(Equ 2)
(Equ 3)

Where: Vt = target velocity
Rc = range at PCA
ωa = pedestal azimuth angular velocity at any angle A
ώa = pedestal azimuth angular acceleration at any angle A
ωm = maximum angular velocity
A = angle from ground station to target, 0 to 180 with PCA = 90 degrees
For example, a pass-course scenario with a target velocity of 600 ft/sec and a minimum ground
range of 2500 feet will generate the following curves.
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Fig 2. Pedestal Azimuth Dynamics
It can be seen from the chart in Fig 2 that the maximum pedestal velocity ( solid blue line) will
occur at 90 degree, or at minimum ground range as shown in Fig 1. A feedback loop is often
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identified by its system type. The system type is defined by the number of poles located at the
origin in the loop transfer function. A system transfer function with a single pole at the origin is
known as Type I. A Type I electro-mechanical positioning system has no integrator in the
controller and has lag error that is determined by its velocity constant Kv. Kv can be determined
from the transfer function:
Kv = lim →
(Equ 4)
Where: G(s) are the forward path terms of a Type I position loop
S is the LaPlace variable
Kv can be measured by applying an error and measuring the resulting velocity:
Kv = Velocity / Error (Equ 5)
A Type II electro-mechanical positioning system has an integrator in the controller and has lag
error that is determined by its acceleration constant Ka. Ka can be determined from the transfer
function:
(Equ 6)
Ka = lim → ²
Where G(s) are the forward path terms of a Type II position loop
Ka can be measured by applying an error and measuring the resulting acceleration:
Ka = Acceleration / Error (Equ 7)
For our pass-course example consider a pedestal and controller with a Type I track loop having a
typical Kv of 5. The velocity and acceleration constants have units of (1/sec and 1/sec²) but can
be treated like unit-less constants for this discussion. The maximum velocity at PCA will cause
the antenna to lag the target by 2.75 degrees as shown by the solid blue curve in Fig 3. The
addition of an integrator to the forward path of the position loop theoretically increases Kv to
infinity and shifts the occurrence of peak lag from PCA to ± 30 degrees on either side of PCA
where maximum required angular acceleration occurs as depicted by the dashed red line in Fig 2.
Adding a conservative amount of integration to the track loop (Ka = 6) will decrease the peak
lag/lead to 0.36 degrees as shown by the dashed red curve in Fig 3.
Velocity Lag Error = ωa / Kv (Equ 8)
Acceleration Lag Error = ώa / Ka (Equ 9)
Fig 3 below shows the resulting lag errors for both a Type I loop in solid blue and Type II loop
in dashed red. This plot was created by applying Equ 7 & 8 to our simulated pass-course in Fig
2 with the respective Kv and Ka error constant values defined earlier. The lag error due to
system Ka as quantified in the right side vertical axis shows a significant improvement in track
performance. Stability permitting, a slight increase in Ka would result in an order of magnitude
improvement over the Type I loop.
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Fig 3. Pedestal Azimuth Lag Error
The desired system Ka will require a minimum supporting position loop servo bandwidth which
can be approximated with the following rule of thumb equation:
BW =

/2.5 (Equ 10)

Once the required pedestal bandwidth has been determined, the position loop forward
proportional gain term may have to be increased to achieve this performance. If the bandwidth is
attainable a forward path integration term can be added or increased to achieve the required Ka.
If the system Ka is increased without sufficient bandwidth to support it, the likely result will be
pedestal instability. Bandwidth peaking, output amplitude increasing beyond the reference
amplitude, is an important indication of closed loop system stability.
A simple method of measuring loop bandwidth is to inject a sine function via a sum point located
between the position feedback and the controller. First establish a reference response amplitude
using small signal perturbation (low frequency/low amplitude sine wave). Then increase the
frequency in small steps while recording the position response. The frequency at which the
output drops to -3dB or 0.707 x reference frequency amplitude determines the loop bandwidth.
If the output amplitude grows beyond the reference frequency amplitude this is known as
peaking and as a rule of thumb should not exceed +3dB, an indication of loop instability. A
position loop integrator will generally cause some peaking but will be manageable as long as
Equ 10 is somewhat adhered to.
The above concepts can be demonstrated through simulation of a system based on a simplified
real world pedestal, pedestal controller and track loop. For this discussion, consider the
following Type I position loop transfer function:
GCL(s) = [ G(s) / (1 + G(s)H(s))] (Equ 11)
GCL(s) =

/

^
/

^
^

(Equ 12)

^
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Where: G(s) represents the forward path terms of a Type I position loop
H(s) represents the feedback which is unity for this example
The velocity constant Kv can be verified by applying G(s) from Equ 12 to Equ 4.
Kv = lim → [15200 / (s^3 + 200 s^2 + 3040 s)] (Equ 13)
Kv = 5
Now run a bandwidth response on the closed loop transfer function, GCL(s), to check loop
stability.
Type I P-Loop BW, Kv = 5
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Fig 4. Magnitude-only Bode Plot of Equ 12
Checking the closed loop Bode plot for excessive peaking and proper magnitude roll-off is one
method of determining loop stability. Since this is a Type I servo loop the maximum lag error is
determined by rearranging Equ 5.
Max Pedestal Velocity / Kv = Max Lag Error (Equ 14)
(Vt/Rc)/Kv = Max Lag Error
(600 ft/sec) / (2500 feet) / 5 = 0.048 Radians = 2.75 degrees
Theoretically, lag could be decreased by a factor of 10 if the loop’s forward proportional gain is
increased by a factor of 10; producing the following new transfer function and Bode plot.
/

GCL(s) =
Kv = lim
Kv = 50

^
/

→

^
^

(Equ 15)

^

[152000 / (s^3 + 200 s^2 + 3040 s)] (Equ 16)

Based on Equ 14; for the same aircraft pass the theoretical lag would now be:
(600 ft/sec) / (2500 feet) / 50 = .0048 Radians = 0.275 degrees
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Type I P-Loop, Kv = 50
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Fig 5. Magnitude-only Bode Plot of Equ 15
However the Bode plot of the closed loop frequency response shows extreme instability with
amplitude peaking approaching +8dB. Theoretically, the lag error for our pass-course example
should only be 0.275 degrees but in reality loop instability would prevent a successful track.
Another good indicator of stability is the unit step response.
Step Response, Kv = 50
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Fig 6. Unit Step Applied to Equ 15
Figure 6 shows that the pedestal payload will oscillate for almost 1 second if a step response is
applied to, or summed with, the input. So simply increasing the forward gain term is not a
solution for reducing lag error. Next an integrator is added to the position loop of the original
system described by Equ 12.
GCLI(s) =

/

^
/

^
^

^
^
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^

(Equ 17)

The acceleration constant Ka can be verified by applying G(s) from Equ 17 to Equ 6.
Ka = lim
Ka = 6

→

² 15200 s

18240 / s^4

200s^3

3040 s^2

(Equ 18)

For the same pass-course the maximum AZ pedestal acceleration is 2.14 deg/sec2.
Using Equ 9: Max Pedestal Acceleration / Ka = Max Lag Error
2.14 / 6 = 0.36 degrees
Now the system will track with a 7.7:1 reduction in lag error without sacrificing stability as
shown by the following Bode plot where peaking is about +1.6 dB.
Type II P-Loop, Ka = 6
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Fig 7. Magnitude-only Bode Plot of Equ 17
Servo bandwidth is typically limited by one the following: pedestal torque, resonance
frequencies or loop gain/compensation. If a pedestal is torque limited it cannot produce
sufficient payload acceleration to achieve the movement demanded by the test. While this is
more common with an overloaded direct drive pedestal it is typically not the case with a gear
driven system, however a gearbox tends to significantly reduce the systems locked rotor
resonance frequency. This is the frequency at which the mechanical compliance causes the
motor and load to be 180 degrees out of phase.
Gearbox compliance most commonly causes the lowest resonance frequency but structural
resonances in the payload or pedestal support tower can also be low enough to effect track loop
performance. Improvements can sometimes be made with controller compensation, but if not,
the mechanical issues must be addressed. Geared systems with a single drive per axis typically
have low bandwidth response and very little can be done without adding a second drive train,
especially for the azimuth axis.
If the required position loop bandwidth is not attainable through a simple loop gain adjustment
then the root cause/s will have to be determined and corrected. The next step is to improve the
pedestal servo’s rate loop response. Like the position loop, it requires some minimum bandwidth
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response. The rate loop is so called because the feedback sensor produces pedestal velocity and
an error input produces a velocity output. Typical performance parameters include rate loop
sensitivity, rise time, over-shoot, bandwidth, deadzone, max velocity and acceleration. The
control theory text book listed at the end of this document under References may help to work
through the performance and stability issues. The system should typically have a stable rate loop
with a bandwidth that is ≥ 1.6 times that of the desired position loop bandwidth.
Data Latency
Target acquisition often depends on an external designate source to position the antenna to a
target which may be highly dynamic. Acquisition under these conditions requires a low latency
data link. For a target that requires an average azimuth pedestal velocity of 5 deg/sec, a 200ms
latency in acquisition data will cause the dish to lag the target by one degree. Coupling this with
other error sources such as data inaccuracy, inherent servo lag and mount anomalies could keep
the target far enough outside of the beamwidth to prevent a successful track. Low sample rate
from the data source or transmission link can compound the latency due to processing.
Boresight Site Selection
A properly positioned Boresight tower is essential in accurately calibrating a telemetry system
for increased pointing accuracy and antenna skew calibrations. The line-of-sight between the
tracking antenna and boresight antenna should be clear of all objects which would obstruct the
reception of a clear signal. Optimally, the boresight antenna should be placed in the far field of
the telemetry tracking antenna.
The example below is used to calculate the optimal distance of the boresight antenna from the
telemetry tracking antenna for a 12ft antenna, operating at the mid point of the new telemetry C
band of 4400 MHz to 5150 MHz or 4775 Mhz.
The optimum suggested distance of the boresight antenna from the tracking antenna is
approximately 426.7 meters or 1400 ft. The equation for determining this distance is provided
below.
2 D2 = 2 x 3.66 M2 = 26.8 meters = 426.7 meters (Equ 19)

0.0628 M
0.0628 M
Where: D = diameter of Antenna Reflector, in meters
 = Mid-band Wavelength of the Telemetry Frequency Range, in meters
The absolute minimum recommended distance of the boresight antenna from the tracking
antenna is approximately 213.3 meters or 700 ft.
The absolute minimum distance is:
1 D2 = 1 x 3.66 M2 = 13.4 meters = 213.3 meters (Equ 20)

0.0628 M
0.0628 M
To minimize multipath issues, the boresight antenna should be at a positive elevation look angle
from the tracking antenna. A 2 degree elevation angle above the center of the tracking antenna is
typically desired. The optimum height must be determined by trial and error since harmonics of
the radiated antenna pattern will exist at certain elevation angles. In many cases the boresight
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antenna height is limited by the physical height of the boresight tower and placing the boresight
antenna at different heights on the tower until satisfactory results are achieved is common
practice.
Boresight and Telemetry Antenna Surveys
To get accurate position data from the boresight antenna, both the position of the telemetry
antenna and the boresight antenna must be known. This position information is typically
collected with a high accuracy GPS survey system. Azimuth and Elevation “look angles” from
the tracking antenna to the boresight antenna are generated from the survey data. The look angle
data accuracy will depend on the survey data accuracy. Boresight systems that are at the
minimum distance will require more accurate data than boresight systems placed further down
range.
Skew Calibrations
RF Skew is an anomaly which effects the reported verses the actual target position. It is defined
as the nonorthogonality of the antenna axis to the trunnion shaft in the transverse axis.
The figure below illustrates the Skew of the antenna to the trunnion shaft of the pedestal.

Skew can be caused by the mechanical interface between the antenna and the pedestal, antenna
anomalies or a misaligned feed assembly. It can be removed by mechanical alignments or
through data corrections after it is measured. Automated calibration routines that automatically
apply the data corrections can also be added to many telemetry systems.
The formula for skew correction is:

A   sec E (Equ 21)
Where: ΔA = Azimuth correction
δ = Skew
sec E = Secant of Elevation
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Skew =

|

–

| /

(Equ 22)

Where: AZN = azimuth angle at normal lock-on
AZP = azimuth angle at plunge lock-on
Skew can be measured by recording the normal and plunge azimuth angles while locked on the
Boresight. The boresight elevation lock-on angle should be less than 5 degrees when taking the
azimuth measurements for skew. At this low elevation angle Sec E is near unity.
Observed values:
Azimuth Normal Reading: 230 Degrees
Azimuth Plunge Reading: 60 Degrees

 180  ( 230  60 ) 
Skew  

2


Skew = 5 Deg
Mislevel
Mislevel is a measure of the offset between the pedestal azimuth axis plane and the plane normal
to astronomic or gravitational vertical. Mislevel error can be measured using the stars or a
gravity level sensor. This error effects pointing accuracy in both the elevation and azimuth axes.
A reduced form of the equation to apply mislevel correction for Elevation is:
E   cos A   
Where: ΔE = Elevation Correction
ω = Mislevel Amplitude
A = Azimuth
α = Mislevel Phase
A reduced form of the equation to apply mislevel correction for azimuth is:
A   tan E sin( A   )
Where: ΔA = Azimuth Correction
tan E = Tangent of Elevation
The migration of telemetry to C-Band will elevate the importance of ground station antenna
pointing accuracy. Hopefully this review of the more prominent systematic error sources and
ways of identifying and reducing lag error can help to mitigate some of the challenges to come.
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Abstract - A prototype wireless power transfer system using the near field to transfer energy between resonantly tuned coils, in order to
charge a cell phone or other small electronic device. The system uses resonance to ensure maximum wireless power transfer efficiency
between the two coils, and gain greater flexibility in distance between the two coils. The frequency of power transfer is in the
unregulated 6.78MHz ISM band. The system is monitored and controlled by an Arduino, and shuts off power when the system does not
detect a load.
Keywords – Resonance Coils; Frequency Tuning; Induction;

I. Introduction
We created a device that utilizes a tuned pair of Resonant Inductive Circuits which allows for the transmission and
reception of wireless power sufficient to charge a cell phone, while also narrowing the size of the coils to not add significant
bulk to the device. The motivation behind this project is directly influenced by distaste of current wireless charging devices on
the open market and the use of a newer form of near field wireless power transmission. We improved the overall design of
the wireless power device for maximum power efficiency while minimizing the size of the required equipment.
The future applications of this design can be found in the automotive, medical, and consumer electronics industries.
Currently transmitting power through the near field wireless field has a few downsides. The major concern is the wasted
energy that is dissipated when the signal is transmitted to receiver. Research has shown that many current devices can only
output a 70% transfer efficiency. The scope of this project lies in the chance to increase that output transfer efficiency and
improve user mobility.
Our mission is to create a prototype near field wireless charging pad, using resonant inductive coupling, which will allow for
flexibility in the positioning of the phone and will maximize the power transfer in the system.

II. System Analysis and Design
The idea behind near field wireless power transmission is the use of electrostatic induction. The technology that will be
applied in this project is known as resonant inductive coupling. Research has shown this technology to be more reliable and
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has a better efficiency than pure inductance methods. Both coils will need to be tuned to the same frequency in order for
them to resonate efficiently.
A. Research/Analysis
At the resonant frequency the reactive components of the circuit, both inductive and capacitive, cancel, resulting in a
purely real power vector, a condition of maximum efficiency. After all as the inductance of the coil grows, a smaller added
capacitance is required to tune it to the resonant frequency.
The quality factor or Q of an inductor is the ratio of the power stored in the magnetic field versus the power lost by the
inductor at a particular frequency.[1] Therefore, in this project we require Q for each coil to be greater than approximately
100 for each coil in order to have sufficient and efficient power transfer. The resistance term is parasitic in nature, and comes
from losses in the wire as a result of heating.
Skin effect is the tendency of an AC current to become distributed within a conductor such that the current density is
largest near the surface.[2] Consequently, the resistance of the material to current flow rises as frequency increases. The
relative resistivity can be found by the ratio of original cross sectional area with the effective cross-sectional area. The skin
effect from the high frequency of the ISM band 6.78MHz increases the resistivity of copper by a factor of 2.7 over the DC
resistivity for 18-Gauge wire with a skin depth of 25µm.
The proximity effect occurs between two parallel wires carrying alternating currents. Magnetic fields between wires
produce eddy currents, and therefore increase the overall resistance of the wire.[6] This effect increases with a higher
frequency, but is difficult to calculate precisely. Consequently the precise value of the quality factor cannot be known before
constructing the inductor, because the resistance cannot be known. This is why in planning we must assume that the actual Q
will be much lower than the ideal Q.
A comparison between different spiral layouts from the source circuit with inductors revealed that having the highest Q
factors relies on the number of loops in the largest enclosed area. However, loops close to the outer edge of the coil
contributed to the inductance at a higher rate rather than contributing to resistance. Therefore, this results in more potential
energy loss. Parasitic capacitance refers to the extra effect of conductors that act as plates between a dielectric, which is
usually air. It becomes a problem with higher frequencies because the very small distributed capacitances that exist will have
lower impedances at these frequencies. Due to this effect, there is a voltage difference between each loop of wire in a coil,
forming what is effectively a capacitor. This means that each coil cannot be approximated as an RL circuit, but must be
modeled as an entire RLC circuit.
The inductance of a planar air-core spiral inductor can be approximated by
[2], where r is the average radius of
the coil’s turns and d is the distance between the inner radius and outer radius, all in inches. N is the number of turns in the
coil, and L is given in µH. This results in a trend where increasing the average radius increases the inductance, while
increasing the depth of the coil decreases the inductance, but not as much as adding extra turns increases the inductance.
If the receiver coil is at a certain distance to the transmitter coil, only a fraction of the magnetic flux, which is generated by
the transmitter coil, penetrates the receiver coil and contributes to the power transmission. The more flux reaches the
receiver; the better the coils are coupled. The grade of coupling is expressed by the coupling factor k. The coupling factor k is
a relative measure of the amount of mutual inductance exhibited relative to the inductors which are coupling. K is given by
the mutual inductance M divided by the geometric average inductance of the two inductors.
Maximum coil efficiency is a function of the Q of each coil, and k, the coupling between them. As distance is increased
between two coils, the efficiency will drop once it goes past a particular critical point. Prior to that, the frequency can be
adjusted to maintain maximum efficiency. This forms a “window” of efficiency at close distances, but does require frequency
tuning to maintain persistently high efficiency with flexible positioning. See Figure 1 for visual details.

Figure 1: Voltage Ratios of Coils, Frequency splitting effect [7]
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B. Design
Based on our research into the theory behind wireless energy transfer, we decided on a coil system which ended up being
fairly simple. Our goal was to create a set of coils that would have a high Q factor and would allow for the best power transfer
efficiency. Our coils would be made of a low-resistance, 18-gauge wire. They have wide spacing, equivalent to 1 turn of 18gauge wire, between each turn of the wire, in order to keep the proximity effect to a minimum, and ensuring that the
parasitic capacitance does not prevent us from tuning each coil to our ISM frequency. Unfortunately, due to the restrictions
of the ISM band, we are unable to implement frequency tuning, in order to ensure maximum transmission at all distances.
However, we still achieve maximal power efficiency at zero distance, and moderate power efficiency at distances of less than
2 inches.
The design of the system uses an Alternating Current signal (AC) to create a magnetic field in order to transfer energy
between the two inductive coils.
The system is modeled with the transmitter circuit and a receiver circuit. The transmitter circuitry includes a DC power
supply, power relay, micro-controller, oscillator, amplifier(s), load sensor, and transmitter coil. The transmitter circuitry uses
the sinusoidal oscillator, a driver amplifier, a RF amplifier and an inductive coil to create electromagnetic waves at our desired
frequency. The micro-controller in the transmitter circuitry controls the drivers and the oscillators. The receiver circuitry has a
matched inductive coil that will feed the signal to a full wave rectifier and the voltage regulator will then transform the signal
to supply the power necessary to charge the cell phone. A Butterworth Low-Pass filter is added to attenuate any remaining
RF hum. The coils are aligned close to each other and frequency is tuned to achieve strong coupling. A high-level
representation of the design is described in Figure 2.

Figure 2: High-Level Layout Wireless Power Transmission System

The user interface with the system includes the pressure sensor on the pad which will detect the cell phone and will then
send the information to the Arduino. The Arduino will turn on the system with power relays. One of these functions is to turn
the LED light on and off in order to let the user know if the cell phone is charging or not charging. The user interface flowchart
is described in Figure 3.

Figure 3: User Interface Flowchart

As described above, the Arduino Uno R3 controls the functionality of the system. The Arduino receives communication
from the pressure sensor in order to tell if the system should be on or off. When the pressure sensor detects a source
present, the Arduino will send control signals to the power relays which in turn control the system. The system on and off
indication LEDs are also controlled by the power relay switches. In Figure 4 the Control Interface is described in a flow chart.
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Figure 4: Software Interface Flowchart

III. Implementation of the System
The system is composed of two superstructures, the transmitter pad and the receiver package. The transmitter pad
receives power from the wall, controls and conditions the power to provide AC power to the transmitter coil. The receiver
coil picks up the AC power from the transmitter coil, and then converts it into DC power at the voltage necessary to maintain
a charge for a lithium ion cell phone battery.
A. Top-Level Design

Figure 5: Schematic of the Transmitter Circuitry

Transmitter circuitry figure (Figure 5) shown above is composed of micro-controller, oscillator, RF amplifier, power relay,
pressure sensor, Driver Amplifier, QRP RF Amplifier, and Transmitter coil. Power to the circuit comes from the wall to the
microcontroller and then from the microcontroller circuitry to the rest of the transmitter. The microcontroller is controlling
three components; two LEDs, a Yellow LED to show the charging state and a Red LED to show it’s in on/off state mode, and
the Load Sensor. The Load sensor is used to sense whether the phone has been placed on the pad or not. The Sinusoidal
Waveform Generator is used to meet our ISM Band Frequency of 6.78 MHz. The QRP RF Amplifier then amplifies the power
up to 10 W to transmitter coil which provides sufficient power on the receiver side.

Figure 6: Schematic of Receiver Circuitry

The Receiver circuitry is composed of receiver coil, a voltage rectifier and voltage regulator. Once the receiver coil receives
the power it then converts the AC signal to DC voltage using the Full Wave Rectifier. The voltage regulator takes the DC signal
and limits the signal to a max of 5 volts which is then fed into the Cell Phone leads. In order to improve the output efficiency a
LDO (Low Drop Out) voltage regulator is used.
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The user’s only interaction with the device is the placing or the removing of the phone with the receiver package on the
transmission pad. A yellow indicator LED is used to alert the user that power is being transmitted by the coil, and a red LED is
used to indicate that the device is in the off mode but ready to charge.
B. Subsystem Design
The transmission/receiver coils are a combination of intrinsic resistance, inductance and self-capacitance. These coils are
configured with matching characteristics so that they will resonate at 6.78MHz. The coils are composed of 7 turns, single
layer, spiraled copper wire with an outer diameter of 2 inches, and 0.5 inch inner diameter in order to be smaller than the
size of a cell phone. The coils are composed of 18-Gauge copper wire. There are some capacitors that are added in parallel
with the coils in order to achieve matched resonance. The precise value of the capacitors added depends on the parasitic
capacitance originating from the minor voltage differences between individual turns of the wires. The total capacitance
needed is a function of the resonant frequency and the inductance,
. [5]
The transmitter coil and the receiver coil are constructed using copper wire set in a circular manner. The functions of these
coils are the primary focus of this project, the wireless transmission of energy. The coils will be placed on a single axis using a
mounting method, where the two coils will be glued to two vertical Styrene boards. The boards are fixed in two dimensions
where the distance can be adjusted in order to move the coils closer or farther away from each other.
The transmitter circuit subsystem includes a waveform Generator (MAX038), Driver Op-Amplifier (THS4001), and the RF
QRP Amplifier (PennyWhistle).
The Sinusoidal Waveform Generator is flexible and precise with high-frequencies and outputs an AC wave signal. The
generator operates with the ISM band of 6.78 MHz and outputs 2 V P-P signal, requiring further amplification.
The MAX038 is a precision function generator which can produce an accurate high frequency triangle, sine, square and
pulse waveforms. The output frequency is controlled by a 10k ohm potentiometer that has a frequency range of .1Hz to
20MHz. The main purpose of using this waveform generator is to operate at the ISM band frequency at 6.78MHz.
The Driver Operational Amplifier (THS4001) is operated within the linear region. It is used to amplify the signal coming from
the waveform generator to a higher voltage (±12V Rails allow for max of 18V P-P Amplification within the linear region)
This driver amplifier can operate within the scope of our design, at a max 9Vp-p output and at 6.78MHz. This particular part
also outputs a maximum of 100 mA, insufficient on its own to power the cell phone, but improving the signal quality to supply
enough power for the RF amplifier’s input.
The RF QRP PennyWhistle power amplifier is able to produce a signal with up to 20 W of power. This allows for some
power loss in the transfer process and the voltage regulation at the receiver side of the design.

Figure 9: RF QRP PennyWhistle Amplifier

The RF QRP PennyWhistle Amplifier has a frequency range between 1 and 500 MHz, and a gain of 19dB, and supporting
signal sizes as small as 0dBm, it can amplify the signal coming from the driver amplifier up to 20W of power, in our case we
need to have 10 Watts which would be sufficient enough to provide 5W of power on the receiver side with as little as 50%
efficiency.
The Controller Subsystem design includes the Arduino Uno R3, Pressure Sensor (FlexForce), and a set of Power Relays. This
sub-system controls the ‘idle’ state of the system, helping the team meet one of the requirements.

5

Figure 10: Arduino Uno R3

Arduino Uno R3, Figure 10, is used to control the driver amplifying transmitting signal, the load sensor, and then the user
interface (use of LED lights). The Arduino Uno R3 microcontroller consists of an ATmega328 microcontroller with an operating
voltage of 5V. This particular board has 14 Digital I/O pins, of which 6 provide PWM output, and a clock speed of 16 MHz. This
product serves as a functional logic base for using the relays with the sensors.
The load sensor reads current at a high sample rate through the coils, and feeds resultant data to the microcontroller. This
allows the transmitter coil to detect whether a receiving load is present; allowing the controller to shut off power when
nothing is present. The load sensor is also used for functionality testing in frequency range and testing of the pressure sensor.

Figure 11: Force Sensitive Resistor Sensor

Force Sensitive Resistor (FSR) sensor will be used in this design to detect the phone placement. This FSR will vary its
resistance depending on how much pressure is being applied to the sensing area. When no pressure is being applied to the
FSR, system will be in off mode state. This part will perform the job of detecting when the phone is placed on the pad. The
Arduino will control the main functionality of this part and read/interpret the data from the chip.
The power relay is used to toggle between a full-power mode and a no-power state. These control the power available to
the oscillator, the driver amplifier and the RF amplifier. They require more current than can be supplied through an Arduino
pin, so their drive power is sourced from the Arduino’s 5V power supply, using 2N2222 BJT transistors. A 1N4148 diode is
applied in reverse bias across the relay’s power source, to prevent fly-back current from when the relay switches off.
The power relay used in this design is the JZC-11F. This power relay will allow for switching voltages in the receiver
circuitry. It controls the power available to the wave form generator. It also controls the input Power for Power Amplifier and
power for the Arduino. This part is used because power relays that are already built into the cell phone are not sufficient.
The receiver circuitry subsystem includes a Full-Wave Rectifier (CDBH220L-HF), and a Voltage Regulator (LP38690DT-5V) in
series which will in turn supply the power necessary to charge the cell phone.
The Schotkey bridge rectifier takes the AC voltage input and converts it into a single-direction voltage output. An
electrolytic capacitor connected to the output and ground charges up to the maximum voltage output from the rectifier, and
subsequently helps smooth the ripple out to the amount the capacitor discharges in the span of a single period.
The almost DC power is fed into a linear voltage regulator to bring the voltage down to a constant 5V at up to 1A of
current; a form which can be accepted by the voltage input to the cell phone. The linear regulator has a feedback loop to
ensure it keeps its output constant, and a final resistor is added to avoid any chance of current overloading the cell phone.
The voltage regulator that is used in the design of the receiver circuitry is the LP38690DT-5V/NOPB.
The power characteristics required to charge a battery drop over time. Peak power is only required when the battery is
completely discharged, and the battery’s voltage is low. Modeling a battery as circuit components can be complex, but a valid
way to model it is as a resistive load which varies with time. As a result of this, by supplying a constant voltage power supply
2
to the load allows the load to self-select its own power-draw. Pload=Vload /Rload, and as Rload increases during the battery
charge, the power draw will decrease proportionally.
The combination of these subsystems is the core of the project. Each of these subsystems is dependent of each other and
once connected together properly, they form our near field wireless power transfer system.
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C. Functions of Each Subsystem
The transmitter circuitry includes the Arduino, load sensor, AC Signal waveform generator, the driver amplifier, RF amplifier
and the transmitter coil. The AC Signal generator outputs 12 mW, which then feeds the signal into the Driver Op-Amp. The
driver amplifier then amplifies the 12 mW signal into a 250 mW signal that will be the input into the RF Amplifier. The RF
Amplifier then amplifies the 250 mW signal into approximately an 8 W signal. Finally, the transmitter circuit has the
transmitter coil which transmits power through the air into the receiver coil. This transmitter circuitry sends the AC power
signal to the receiver coil.
The main function of the load sensor is to find out when the user places his/her cell phone onto the wireless charging pad.
The load sensor that has been chosen connects to the circuitry of the transmitter coil and is controlled by the Arduino. The
Arduino is programmed to read the load sensor and distinguish when the cell phone is in range for charging. Once the phone
has been placed on the wireless charging pad, the Arduino will receive the data from the load sensor and will then turn on
indication LED lights so that the user will know the phone is charging. The Arduino will also turn on a separate indication LED
light to notify the user that the phone has been successfully charged.
The receiver circuit receives the transmitted power from the transmitter coil. Then, it transforms this AC power signal into
a DC power source with the voltage regulator. The DC signal will then be filtered through a voltage rectifier to get a maximum
5 Volt signal on the output. Both the transmitter and Receiver circuits have inductive coils with series capacitance of 500 pF
for Self-resonance at 6.78MHz.

Figure 15: Receiver Circuitry and Transmitter Circuitry

IV. Testing of the System
The team tested each of our coil designs with an Impedance Analyzer, which gave us the impedance (Z) of our coil in terms
of its resistance (R) and reactance (X), at frequencies we were able to select. We used this information to provide frequency
sweeping plots (1 kHz - 10 MHz) of the Q of the coils. We encountered significant drop-off in the rate the Q increased with
frequency, which should have been more or less linear. The resistance of the coils turns out to increase dramatically with
frequency when the turns are spaced closely. In the end, we discovered that a relatively low inductance was necessary to
achieve a high Q value, so long as the resistance was low enough. This is how we were led to our ultimate coil design, the 7turn 18-gauge 2-inch diameter winding.
Once the coils were constructed, and we had their inductance value measured by the impedance meter, we had to
resonantly tune them together. We had the proper inductance values of the coils, however we did not know their precise
parasitic capacitance, which meant that in order to find the resonant coupling point, and we had to use trial and error with a
Vector Network Analyzer (VNA). Using the VNA to measure transmission across the coils, we were able to use set capacitors
of 470pF to get close to the expected values of capacitance, in parallel with a variable trimmer capacitor with values between
5 and 30 pf, which we individually tuned to achieve a maximum transmission efficiency of -0.08dB, which is over 98%
efficient, as seen in Figure 16.

Figure 16: Vector Network Analyzer Results
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The waveform generator was set up according to its datasheet specifications for operating a sinusoidal output. The only
substitution we made was to replace a 20kΩ potentiometer which controls the frequency of the output, with a 10kΩ
potentiometer, which allowed us to more finely tune its operative frequency. With +5V supplied from the Arduino board, and
the -5V from a voltage regulator, the waveform generator outputted a 2Vp-p AC signal at 6.78MHz, as determined by an
Oscilloscope 10-to-1 probe. Using a digital multimeter as an ammeter, we found that its resultant current was about 9mA,
which meant that it output 12.5mW of power.
The driver operational amplifier was tested under many different conditions, using the function generator as a source. We
originally determined that at our frequency of 6.78MHz, the maximum slew rate that the op-amp could support limited us to
a gain of 9. Consequently, we used the driver op-amp in an inverting amplifier configuration with a 50Ω and a 450Ω resistor
to provide the gain ratio. We used the 50Ω resistor rather than a larger value, because the output of the waveform generator
expected a 50Ω load. This however ended up overstraining the op-amp. We changed the rails up to ±12V, which eliminated
the clipping that was happening, but we still were having problems with the voltage dipping significantly under load. We
learned via various tests and with the help of several technical experts that with numerous resistances that the output
current was strictly limited to 100mA, which meant that the voltage would suffer if the resistance was low enough that the
current demand increased beyond 100mA.
Our final configuration of the driver amplifier involved a much smaller gain of 4, with a resistance ratio of 100Ω to 400Ω in
the inverting amplifier configuration. This allowed it to output an 8Vp-p signal with its maximum current draw of 100mA,
producing a signal of approximately 0.3W.

Figure 17: Voltage Output of 50Ohm loaded Driver Amp

The purpose of the RF QRP Amplifier is to take in the 8 V peak-to-peak signal from the Driver Amplifier and then amplify that
signal to an 80 V peak-to-peak signal. The RF Amplifier has a 19 db gain when the input signal meets the ideal input power,
1/4W. In the initial testing of the amplifier a 10 ohm power resistor was used. We found that when we connected the output
of the amplifier into the rest of the transmitter circuitry that it was amplifying an 8 Vp-p signal into a 50 Vp-p signal. This is a
little less than what was expected but we concluded that the power loss was due to some of the components in the
transmitter circuitry and that the driver amplifier wasn’t providing 1/4W of power. With the input from the driver amplifier
being a little less than 1/4W, we saw that the amplifier had only a 12 db gain. This is still within our operation range so we
were fine with the results of the amplifier.
The full-wave rectifier testing was done primarily with a function generator and an oscilloscope probe. The initial tests
were done with the rectifier unloaded. We found a significant DC offset, however even these extremely high-frequency
rectifiers used couldn’t quite handle the 6.78 MHz frequency. We filtered the signal with a 1000µF capacitor across the
output of the Schottkey bridge rectifier. This filtering helped to smooth the signal into more of a DC source.
The Voltage Regulator testing allowed the team to discover that in order to get a constant 5 Vdc out, an input signal of 5.8
Vdc was required. When the regulator was placed in the circuit after the rectifier, the regulator was able to transform the
higher voltage signal into a constant 5 Vdc. It was also found that when the rectifier didn’t smooth the AC signal, the voltage
regulator would not function correctly. Two 1µf Mylar capacitors were placed in between the ground and Vin, and between
ground and Vout to help smooth the input and output signals. When testing for longevity we found that the voltage regulator
heated up. Precautions were taken to ensure the voltage regulator would operate for longer periods of time; heat sinks were
placed to help dissipate some of this heat.
The Arduino Uno R3 is the microcontroller used to provide the system with a simple method to use logic to control the
power state of the system. We connected it to the USB port of a computer in order to program it using the open-source
Arduino suite. We set the board to control several digital-out pins to control LEDs and Relays. We set it to read in the sensor
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voltage on a 10-bit ADC pin. Testing was performed using a multimeter on those pins, in order to ensure that they were
switching properly. Most coding changes involved were due to changing thresholds and modifying the control pins.
The FlexForce pressure sensor is used to detect when the user places the phone on the pad to be charged. This sensor acts
like a variable resistor that changes based on the force on the sensor. Using this variable resistance the Arduino interprets it
as being loaded or not. The testing of this component dealt mainly with the software coding of the project. Using the
specifications sheet for the FlexForce pressure sensor, our team was able to test the sensor and calibrate the settings. In
order to limit the bouncing that was happening with the initial tests on the sensor, the team created some de-bouncing
techniques within the code. This technique included creating thresholds for the sensor. The tuning process took some time
and in the end the threshold was set at 150 out of 1023. This allowed for the sensor to detect the force with ±150 from 500.
The power relays used in our system are controlled by the Arduino and allow for the idle (on/off) state of the system. The
power relays act as a switch, when no power is applied to the inductor coil in the power relay then the switch remains in the
default stage, normally closed. The majority of the default stages in the design are a connection to ground. When power, in
this case 5 Vdc, is applied to the inductor coil, the coil acts like a magnet and pulls the switch into the normally opened stage.
This action is what ‘switches’ the wireless power transmission system on and off. In our system these power relays control
the +12Vdc, -12Vdc, and the on/off grounding of the RF amplifier. Fly-back diodes are used in the circuitry of the power relay
to limit the current from coming back into the rest of the circuit when it was sent into the inductor coil. Testing was
completed by simply probing the circuits with a digital multimeter to ensure that the power relays were working correctly.
Once the individual components were tested and analyzed the subsystems were constructed. These sub-systems
composed of the inductive coils, the transmitter circuitry, the receiver circuitry, and the load sensing circuitry. Once these
sub-systems were connected together with the smaller components, rigorous testing was implemented in order to fine tune
the circuit.

Figure 19: Voltage Output Signal on Rx Coil at 1cm distance

V. Final Product Successes and Failures
Our project successfully charged a cell phone, which was in fact one of the primary goal when starting this project. We
created a signal of the correct frequency with our system. And then we amplified that signal to several Watts of power. The
transmission had high transfer efficiency across our coils, which were resonantly connected, as proven by the Vector Network
Analyzer. However, we suffered significant power loss in the rectification stage, and further power loss in the regulation
stage. Consequently, we did not produce the 5 Watts of peak power that a modern smart phone requires to charge at peak
draw. However with some more research into high-efficiency rectification, this system would indeed provide the power
needed to charge a cell phone at peak strength, as the majority of the losses take place in the rectification stage. The receiver
coil is capable of receiving a large amount of power, but turning it into useable power ended up being more of a challenge
than what was originally expected. At the end, we accomplished the majority of what we set out to do, with a charging
system for a small electronic device. We achieved a maximum DC power output of 1.2 watts, sufficient to slowly charge a
device.
A. Assessed Risks and Challenges
Some of our assessed risks turned into problems during the course of the project. One of the biggest concerns we had was
with getting a working RF Amplifier, which we originally rated as a low risk, but high severity. We found that there were
several kits for RF amplifiers that should have worked for our system, but kits require construction time, and we had already
fallen a bit behind schedule. The first kit that was constructed failed to provide any amplification, forcing us to purchase and
construct a second kit in a very limited time span.
Low flexibility of positioning ended up being a concern, which we accepted and dealt with by fixing the coils on a single axis
in an apparatus constructed by John Manos, so that we could ensure and test for a moderate amount of power transfer.
The current load sensor did turn out to be a major source of difficulty as well. This was properly assessed as a severe risk.
After trying multiple different ways to read in current at our high frequency and feed information back to the Arduino, we
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settled on a pressure sensor, ignoring current-sensing capabilities altogether. Future improvements could focus on this part
of the transmission circuitry, mainly to create a more reliable system for detecting the need to start charging the cell phone.
In many cases, expert knowledge was required for testing. When this happened, the team would look to other sources such
as the companies that provided the devices parts and other technical personnel. Our output power did end up being lower
than what was expected in the project. We were still able to alter it to fulfill the goal of charging a cell phone; however it will
not charge at the same rate as a typical AC-to-USB charger.
In order for our prototype to make it into a marketable form, cost-saving measures could be implemented by integrating
most of the transmitter and receiver circuitry on individual printed circuit boards. Space-saving measures are important for
the receiver circuit, as it should fit inside of a small electronic device. In our prototype we only worried about the coil size as
our primary concern, as they serve as the power bus. Future improvements could take this into consideration and improve
the design for a more marketable design.
We also recommend choosing the operational frequency after doing some research into the availability of parts that can
handle that frequency. Our bandwidth we chose ended up severely limiting our options, forcing us to spend significant
amounts of time sourcing new parts, whenever we found a component did not perform as we expected. Ideally this system
would be built from parts that work within variable frequencies as to allow for frequency tuning as the distance in the coils
changes.

VI. Conclusions
We achieved a system for low-power transfer across a small distance using a coil interface capable of being integrated into
a cell phone. The power resulting at the end does not match that of a wall-socket AC-USB inverter; however it does provide
power enough to charge a cell phone. The result is a system which will charge a cell phone, albeit at a lower rate than if
plugged in directly. We achieved resonant coupling between coils at the ISM band 6.78MHz. In the end, we achieved
extremely high transmission efficiency of -0.08dB at close range across the coils. The system successfully transferred power
through the Near Field between resonant inductive coils, and conditioned the power output to be suitable for consumer
electronics. With power output characteristics similar to that found in most mobile phone chargers, we’ve demonstrated the
viability of this technology in providing power to small electronics.
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THEORY AND DEVELOPMENT OF A DYNAMIC HITL
AUTOTRACK EVALUATION SYSTEM
Nathan King and Steve Davis
Air Force Test Center, 96th Test Wing, Eglin AFB, FL

ABSTRACT
Telemetry ground antenna tracking performance evaluation and measurement was previously
performed by evaluating only the antenna drive system. The integrated nature of software
controlled antenna systems has prompted a need to evaluate the entire tracking antenna system,
as a whole. Particularly, the ability of an antenna to remain “locked” on a dynamic target must
be able to be evaluated and quantified. This paper presents one method for evaluating the
tracking ability of a telemetry antenna system and discusses a likely set of metrics to be used as
figures of merit for antenna system tracking performance.
KEY WORDS
Telemetry Autotrack Simulator Antenna Tracking
INTRODUCTION
This paper will present the current state of telemetry system test procedures and the ability of
these procedures to accurately determine system level capabilities. A discussion of a potential
change to this methodology will be presented. This discussion will be followed by a technical
description of a system designed to perform hardware in the loop simulation, providing
quantifiable, deterministic results. Finally, potential future development efforts for this system
will be presented.
Historically, ground station telemetry antennas are parabolic reflector antennas. The reflector of
the antenna focuses the radio frequency (RF) energy at a central location where an RF antenna
(feed) is placed. Additionally, the feed creates a tracking signal that is usually modulated on the
RF signal. The receiver receives the RF signal from the feed and sends a filtered version of the
tracking signal to the Antenna Control Unit (ACU). The ACU interprets the tracking signal and
moves the antenna.
Previous generations of antennas performed these tasks using analog circuitry. Modern day
antenna designs rely heavily on processor based digital control systems and embedded firmware.
This software/firmware determines the drive parameters of the antenna and initiates movement.
The analog versions of telemetry antenna systems were fairly easily tested at the component
level. Each component could be isolated and stimulated while measuring the response to
determine the effectiveness of that particular component. Reasonably accurate assumptions
1
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could be made about the ability of the antenna to track a target by making various sub-system or
component level measurements. The telemetry antenna as a whole was rarely tested to
determine specification compliance or mission acceptability. Recent integration of computing
technology into the antenna control loops make isolating components extremely difficult. Also,
the previously straightforward assumptions that were made about the effect of component on the
entire system are no longer valid, because the newly added software component can apply
corrections and alterations at a point after the component function. A significant error or nonlinearity in one component potentially could be corrected in the software of the antenna.
Additionally, the software itself could cause issues that are only able to be shown by the software
developer. As a result of this increase in integration and the addition of computer technology,
telemetry antennas must now be tested at a system level to determine mission suitability. This
new system level test requirement will create a need for new system level standards, test
methods, and hardware.
Previously, the only method of performing a system level operational test was to present the
system with an airborne target and have the antenna track a target with the GPS position of the
test article and the pointing angle of the antenna (as measured by the antenna) being recorded.
Once these two measurements were correlated, a determination of the angle off boresight
(antenna pointing error) could be made. This particular test method is very resource intensive
and requires access to an instrumented, airborne, test article. Furthermore, the ability of the test
to accurately reflect real mission performance is limited by the flight envelope of the
representative test article, in relation to the actual mission test article. If, from the viewpoint of
the antenna, these do not exhibit similar motion characteristics, a conclusion about the ability of
the antenna to track a mission test article can be difficult to reach. In addition to being resource
intensive and somewhat limiting in test accuracy, it is very difficult to repeat test points. These
limitations make it highly unlikely that flight testing can be used as a long term solution for
system level antenna tracking performance measurement, especially when constrained by current
budget limitations.
The following sections of this paper present the technical theory and specific hardware used to
create hardware in the loop antenna simulation tool that can be used to present repeatable,
dynamic tracking scenarios to the antenna at the system level and produce quantifiable
measurements of antenna dynamic tracking performance.
SOLUTION THEORY
FIGURE 1 depicts the main component block diagram of a notional telemetry tracking antenna
system for this discussion. This antenna system could be a monopulse, e-scan, or conical scan
system. All have the same main components shown; an RF feed with reflector, an RF front end
and frequency down-convert chain, a receiver to recover a baseband signal, an ACU that takes
user commands and/or closes the autonomous antenna pointing loop, and an EL/AZ pedestal
servo system to mechanically point the RF reflector with feed.
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FIGURE 1. Notional Tracking Antenna System
A minimally invasive solution to the problem statement is desirable. The test solution must
include as much of the antenna system as possible in order to get an idea of overall tracking
performance. The solution approach taken involves attaching an accurate, very low drift and low
noise, inertial measurement unit (IMU) to an antenna yoke arm for attitude and attitude rate
truth. During actual testing, the boresight camera mount location was used to attach the IMU.
The idea is to feed the antenna system a reference trajectory and compare the differe nce between
the commanded trajectory and inertial truth. This difference is used to create a quantifiable
tracking error profile, for the given trajectory. Certain conclusions can be made from the
collected test data. For example, if the tracking error exceeds the antenna beamwidth, a loss of
track would be inferred. This may indicate a shortcoming in the dynamic tracking performance
of the antenna system.
One of the concepts that make this approach so attractive is the use of the “stick on” IMU fo r
independent sensing of position and velocity in azimuth and elevation as depicted in F IGURE 2.
More will be discussed about the IMU in a later section. For now, recognize it as a sensed
motion truth source that can be used on any system whether monopulse, e-scan, or conical scan.

FIGURE 2. Inertial Measurement Unit Mounted in Camera Location
The task at hand is to present a repeatable known target flight trajectory to the tracking system.
Having an aircraft, instrumented with the appropriate GPS receiver equipment, fly a
predetermined flight path or a series of trajectories may be one way to stimulate the whole
system. However, achieving this in a truly deterministic and repeatable way might be precluded
due to various technical and logistical reasons, some of which are discussed in the previous
section of this paper. Stimulating the antenna RF feed or RF front end with a controlled and
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synchronized RF signal would be another approach; however, interfacing with the actual antenna
reflector-feed interaction to simulate and produce an electrical signal representative and suitable
for tracking would be a very challenging task. Potentially, this RF generation simulation method
could be a follow on to the research presented in this paper.
For the research presented here, it was deemed more feasible to emulate the baseband signal
from the receiver that is input to the ACU. Determining the tracking performance of a conical
scan telemetry tracking antenna system was the focus of our effort. The trajectory used for the
simulated target can be loaded from a file or real-time trajectory generation equations can be
used while the command and control program is running. The output of the custom developed
control instrumentation is converted into an analog signal and fed into the ACU as a conical scan
signal.
The majority of the actual testing using the Antenna Track Assessment System (A-TAS) system
was performed on a conical scan, autotracking reflector telemetry antenna. To fully understand
the A-TAS system implementation and the representative results presented, it is important to
have a general understand how a conical scan tracking antenna functions. A sufficiently detailed
overview of the conical scan function and error signal is beyond the scope of this document. A
good explanation of the conical scan theory, as applied to tracking, is given by Skolnik1. The
basis of the A-TAS system is that it presents an error and top dead center signal, or aligns an
error signal to a top dead center signal, so the unit can stimulate the entire antenna control system
as if it were the native antenna feed tracking an actual target.
SOLUTION SPECIFICS
The equipment that was developed for the purpose of assessing and characterizing the
performance of our telemetry tracking antenna systems is named the Antenna Tracking
Assessment System (A-TAS). The main components are a commercially purchased IMU, for
determination of inertial angles and angle rates, and a custom developed system control unit
housing a National Instrument reconfigurable input/output (cRIO) controller.
Two notable elements stand out that make this approach attractive; the use of a versatile and
repeatable digital command track and the use of the “stick on” inertial measurement unit as an
external, non-intrusive, truth source. Any desired flight trajectory can be generated to test the
dynamic tracking ability of the system. The exact same trajectory can be run any number of
times. Alternatively, the antenna pointing angles and angle rates could be taken from the
pedestal’s position and velocity sensors, but those are usually not readily available or easily
accessible for testing purposes. The external truth source is more attractive since it is an
independent truth source. The pedestal’s sensors could, in fact, be part of any performance or
tracking issue that may be in question.
Additionally, having the truth source referenced to an earth based reference frame allows for the
effects of antenna mount movement (tower sway, vessel movement) to be included in the
solution. If the antenna is viewing a distant target, located at the center of the antenna beam
(boresight location), and the antenna mount moves; it will appear to the antenna, that the target
had moved. A simulator system based on antenna pointing angle sensor feedback would not
detect this change, because the antenna has not moved when referenced to itself. The IMU is a
4
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truth source that is not referenced to the antenna. It is referenced to an external reference frame.
Meaning, when the tower or mount moves, the IMU will detect this movement and generate the
appropriate error signal to stimulate the antenna, identical to if the antenna were actually tracking
a target.
COMPONENT SELECTION
The inertial measurement unit used for our purpose was actually an inertial navigation unit (INU)
from Honeywell Aerospace, the Tactical Advanced Land Inertial Navigator (TALIN TM) 5000.
After GPS aided gyro compass alignment at power up, this ring laser gyro (RLG) unit has an
attitude pointing accuracy of less than 0.02⁰, an in-run stability of less than 0.0084 ⁰/hour. The
angular rate dynamic range is given as ±200 °/second.
The reconfigurable flexibility of the cRIO comes from the various input/output modules (analog
and digital) that can be easily used in the cRIO chassis. Embedded in the backplane of the
chassis is a large field programmable gate array (FPGA) that interfaces with input/output
modules to give additional computational and digital logic flexibility. The chassis is mated to a
real-time controller having floating point math capability. The cRIO runs in-house developed
command and control software written in LabVIEW for the FPGA and real-time controller.
LabVIEW is a visual programming language also from National Instruments that is used widely
in data acquisition and industrial control applications.
FIGURE 3 shows the block diagram with the A-TAS equipment in place, in the test
configuration. The standard communication interface of the TALIN TM is selectable between
Mil-Std-1553, RS-422, or RS-232 with output sample/packet rates up to 200 per second. A
sample/packet rate of 50 per second (50Hz) was used in our tests to date. A rate of 100 per
second will be employed in our final characterization equipment.

FIGURE 3. A-TAS Equipment in Closed Loop with a Conical Scan ACU
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The INU data was sent through an existing RF line through the pedestal rotary joint and down to
the antenna control room, where the ACU and custom A-TAS instrumentation were located. RS232 data format used was used and a high bandwidth 50 Ohm line driver was employed at the
INU with very good results. The RS-232 signal looked “textbook” at its destination even after
having been pushed over 150 feet down the RF path. The cRIO read and processed the RS -232
INU data in real-time at the stated 50Hz rate.
Once the amplitude and phase of the AM Error Signal are calculated, the parameters were input
to a cosine wave generator running in the cRIO chassis backplane FPGA. The output cosine
wave generator is, in essence, a numerically controlled oscillator, and was calculated using 32-bit
fixed point arithmetic, at an output update rate of 10k samples/second. The cosine wave
frequency is the emulated conical scan frequency and could vary from 10Hz to 60Hz as a fixe d
user input parameter or synchronized to the input TDC pulse.
The A-TAS controller is at the center of the A-TAS equipment. The INU data is input to the
cRIO along with the actual feed generated TDC pulse, if needed. The A -TAS controller can
generate its own TDC or synchronize to the TDC of the tracking antenna system under test. A
computer or laptop PC runs the graphical user interface of the A-TAS controller and
communicates via a standard Ethernet connection to the cRIO. The outputs to the ACU are the
analog AM Error Signal along with the TDC and an adjustable analog receiver AGC voltage.
FIGURE 4 shows how the loop was closed with the INU data.

FIGURE 4. Closing the Loop with the INU
ERROR SIGNAL GENERATION AND CALIBRATION
For proper function, the test flight trajectory needs to be decomposed into the local level antenna
reference frame azimuth and elevation components to compare with the sensed attitude angles
from the inertial navigation unit (INU). The INU mounted on the antenna yoke arm outputs
6
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heading, pitch, and roll attitude angles for rates of up to ±200°/sec. An azimuth angle of 0°
corresponds to a heading of 0° while an elevation angle of 0° corresponds to a pitch angle of 0°.
Azimuth and heading are positive in the same direction, clockwise. Elevation and pitch are
positive in the same direction, up from the horizon.
(1)
The error signal, in azimuth and elevation components, was converted to a corresponding AM
Error Signal (with phase) by first using a simple rectangular-to-polar conversion. However, the
elevation value has to be input as the “X” component and the azimuth value as the “Y”
component. This is due to the “zero angle” defined in the standard conversion as being aligned
to the X-direction. In conical scan, the zero reference angle is defined in the positive pitch
direction that is in the Y-direction graphically speaking. Once the amplitude and phase are found
they are used in the simple cosine signal function (Equation 1). The process is given graphically
in FIGURE 5.

FIGURE 5. AZ EL Conversion to Conical Scan Reference Frame
As mentioned earlier, the peak-to-peak amplitude, App, is more intuitive for the vector amplitude
parameter since the AM Error Signal is physically created by the difference in received signal
strength (Vmax - Vmin). Substituting App for A in Equation 1 yields a more appropriate
expression for the error signal presented to the ACU. Also, notice from FIGURE 6, that
independent AZ and EL gain adjustments, along with a scan angle trim adjustment, was
incorporated into the closed loop strategy. These adjustment points were used to cali brate and
align the A-TAS equipment with the antenna system under test.
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An alignment and calibration was accomplished to confirm that the amplitude (peak-to-peak) and
phase (relative to the TDC pulse) the A-TAS controller was outputting, was perceived correctly
by the ACU. Basically, while in TRACK mode with servos in STAND-BY, the A-TAS
controller error signal was adjusted and trimmed so that a 1⁰ angle off boresight in AZ and/or EL
agreed with a 1⁰ angle off boresight in the same direction as perceived by the ACU.
Once calibrated and aligned, a small stimulus signal from the A-TAS controller was presented to
the ACU while in TRACK with SERVOS ON to verify the correct phasing of the drive. This
was performed with the INU feedback forced to (AZ=0⁰, EL=0⁰) in software at the error
summing junction so a closed-loop positive feedback could not exist if the phasing happened to
be out 180⁰.
As previously stated, the commanded trajectory ultimately has to be in the local level antenna
AZ and EL frame to be compared to the heading (AZ) and pitch (EL) from the INU. The
trajectory to be tracked should be generated or sampled with the same sample rate as that of the
INU. Using the appropriate rotation sequence, a trajectory can be generated or converted from
the (latitude, longitude, altitude) reference frame to the antenna’s local level frame, and then
decomposed into (AZ, EL, range), in the antenna frame. To obtain quick and intuitive results in
the initial effort, the command trajectory used, was generated in the local level AZ and EL frame
of the antenna, using simple geometry. The trajectory was straight and level simulating an
aircraft flyby at 270 m/sec with a trajectory heading of -90°, flying from east to west. The
antenna track started with a northeast pointing angle, tracked through AZ = Heading = 0 °. This
was primarily done to make the trajectory easy to generate and have the error plots centered
about 0° on the X-axis. The simulated trajectory could have taken any azimuth trajectory
desired. FIGURE 7 depicts the command trajectory just described.

FIGURE 6. Straight and Level Simulated Trajectory
TEST RESULTS
The commanded trajectory based on the straight and level geometry depicted above in Figure 6,
is shown in graphical form in FIGURE 7. The trajectory was from east to west passing through
AZ = 0° with an altitude of 10,500 ft. The maximum azimuth angular rate was 4.8 °/sec and was
8
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reached at the ground projected distance of two statute miles with an elevation pointing angle of
45°.

FIGURE 7. Commanded Trajectory for 4.8 (°/sec) in Azimuth Flyby
FIGURE 8 shows a filtered and normalized antenna system pointing error profile over the
commanded trajectory for a representative antenna system being assessed. The data shows that
the largest error for this simple flyby flight path occurred at the points, in the trajectory, where
the angular rates were the greatest. For the azimuth error, this occurred at the closest point of the
trajectory relative to the antenna, AZ = 0° north, for this geometry. This analysis data can give
insight into the tracking performance of the system. For example, if the actual tracking attitude
error is larger than the antenna beamwidth, one would deduce that a loss of track would result
and telemetry data would be lost. The A-TAS instrumentation can be used to assess system
tracking performance of the entire antenna system to verify specified dynamic performance
stated from the antenna system manufacturer.

FIGURE 8. Filtered and Normalized Attitude Error for 4.8 (°/sec) in Azimuth Flyby
CONCLUSION
Testing of telemetry systems and the standard measurements associated with those test methods
have become largely obsolete. This is primarily because of the complexity added by the
inclusion of discrete sensors and digital software in modern telemetry ant ennas. The inclusion of
9
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these components require the majority of testing to be focused on the entire system, specifically
focusing on the effectiveness of the integration of mechanical parts with the antenna drive and
sensor network, rather than on the performance of each of these individual sub-systems.
For system level tests to be repeatable, standardized, and cost effective, simulators are needed
that can stimulate the entire antenna system as if it is tracking a target, while monitoring the
antenna motion response. These systems should be able to mimic moving platforms (ship/air
borne mount) or detect the resonance and deflection of a tower. Having access to these
additional test systems will greatly improve current antenna development tuning and operational
calibration. Additionally, these systems can be used to definitively determine what flight
profiles pose the greatest probability for the antenna to lose track. These simulators will increase
knowledge about the antenna system capability the development and operational environments.
The A-TAS system, as described in the previous sections, has proven to be a very reliable,
somewhat easily adapted and very accurate test system. This system and ones like it are prime
candidates to fulfill the long term system level test needs presented by the modern telemetry
community. These systems could be used to measure system baseline performance and allow
maintainers to make informed decisions about overhaul and depot level maintenance timeframes.
A system such as A-TAS could be used to determine the suitability of an antenna, or an antenna
mount, for migration to an alternate frequency range, such as C-band. Most importantly,
simulation/emulation systems can provide a cost effective measurement of antenna performance
for specific mission flight scenarios. This quantifiable measurement could lead to more
representative specification development and additional test methods and standards required to
support the needs of the telemetry community in the new frequency agile environment.
Frequency migration has recently become a major concern for the telemetry community.
Particularly, there are several concerns about how well legacy telemetry systems or current
iterations of C-band dedicated systems will perform from a tracking/antenna pointing standpoint.
Systems such as the A-TAS would be able to aid in assessments of these systems and predict
performance at alternate frequency bands. These assessments and predictions could be done long
before any expense is spent on modifying the antenna to receive these frequencies.
With growing pressure for the antennas to perform autonomously and the threat of having to
track at higher frequencies a better understanding of the telemetry system dynamic tracking
performance is a premium concern. Without these necessary tools the telemetry community will
continue to incur increased expense and development delays associated with navigating the
upcoming technical challenges. The A-TAS system and similar systems can be very powerful
tools that the telemetry community can use to produce systems that will meet the challenges
posed by current migration efforts and modern telemetry system design. These simulation
systems will provide a much needed characterization of current capability and have limitless
potential to improve the capability of both current and future antenna system designs.
REFRENCES
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ABSTRACT
A substantial amount of the energy usage in developed countries is consumed by climate control
of residential and commercial structures. Collecting information on the usage patterns of
heating, ventilation and air conditioning (HVAC) systems can allow a consumer to better
understand the cost and effectiveness of these systems, and allow landlords and others to monitor
their use. This paper describes a system which can easily be retrofitted onto legacy HVAC
systems to monitor their activity, and then transmit the information over a wireless radio network
for archiving and analysis
Keywords: Remote Sensing, Ad-Hoc Networks, Energy Efficiency

INTRODUCTION
A significant portion of the energy consumed in residential and commercial structures is from
space heating, ventilation and air conditioning (HVAC). Recently constructed and large
structures often use computer controlled devices which monitor and control the HVAC system.
However there are over 100 million residential structures [1] in the US, and far more worldwide,
which use HVAC systems which lack such computerized controls.
There is nothing wrong with a simple sensing and feedback system if the only goal of the HVAC
system is to maintain a constant temperature, and the system is operating normally. However as
energy prices escalate, and there is continuing pressure to reduce fossil fuel consumption, there is
an increasingly good reason to use more sophisticated algorithms to monitor and control HVAC
systems. Even without these economic and social/political pressures, there is a good reason to
monitor currently installed systems for abnormal behavior.
This paper describes a system that can be easily retrofitted into existing HVAC systems to
monitor their use, and send the information over cellular radio networks to a smart phone
application.

1

SYSTEM DESIGN
Most HVAC systems are designed to move heat into, or out of, the structure at a constant rate. It
is often difficult to change, or modulate, this rate because it would impact a number of physical
systems which have been optimized for a particular heating / cooling rate. In the case of heating
elements, there may be gas or oil fired burners which cannot easily change their burn rate. Fans
used to circulate air may be difficult to slow down or speed up, and may work inefficiently at
these higher or lower speeds. Air conditioning systems typically use compressors which again
may not work well if their speed or load is changed.
Since the heating and cooling load fluctuates with time, most HVAC systems maintain a fixed
structure temperature by cycling on and off. A properly sized system will never remain on
continuously, since that would indicate that it has too low of a capacity to keep up with the
heating or cooling load of the structure where it is installed. If one knows the temperature
differential between inside and outside of the structure, they can estimate the duty cycle of the
HVAC system. This may be affected by other sources of heat, such as equipment or personnel in
the building that generate heat. However even this can be estimated by monitoring room use, or
energy consumption in the building.
Many buildings have reconfigurable devices, perhaps as simple as doors and windows, that can
substantially alter energy use. A window that is opened when the temperature differential
between indoors and outdoors is small, may be left open even once the HVAC system starts
operating. In an extreme case, the HVAC system may run constantly trying to maintain building
temperature. However even in less extreme cases, the HVAC system may have a longer duty
cycle than necessary for the temperature differential. The users of the structure may be unaware
of the problem because they either are not present, or they don’t notice they are losing/gaining
heat through an open window. There are also cases where the occupants may not be financially
responsible for the energy consumption, so they are not motivated to detect and correct these
conditions.
It is economically impractical in most cases to build a device which can monitor and correct
errors such as a window which has been left open. However it is economically practical to build
a device which can monitor the duty cycle of the HVAC system, and alert the building manager
when it falls outside of the expected range.
We expect that in many cases the building manager will not be physically present when the
HVAC system is experiencing unusual behavior. This means that a simple display or alarm on
site will be ineffective at alerting them that a problem has been detected. Since smart phone
technology is now in widespread use, we elected to alert them using a text message which can be
viewed on a conventional cellular or smart phone.
MONOTORING SYSTEM
There are a wide range of HVAC systems in use today. In the case of heating systems, the
common types burn natural gas, fuel oil or propane, use resistance heating elements, or a heat
pump. In the case of cooling or air conditioning, nearly all systems use a heat pump to cool the
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structure. Many of these systems use a substantial amount of electrical power, to either directly
supply heat, or to run compressors, fans, blowers or pumps. Even systems that lack these
elements often use an electrically controlled valve to turn the fuel supply on an off. This means
it is possible to determine if a system is running by monitoring its current draw. Also, most of
these systems are driven by AC power mains, making passive measurement of current draw easy
to accomplish. We use a low cost transformer/current sensor, which can be installed in the
system with minimal rewiring of the existing HVAC system. All that will be necessary is to
disconnect on conductor, pass it through a magnetic core, and reattach it to the original
connection. The magnetic core will provide a very small inductance, and draw a very small
amount of power from the conductor. However both of these values will be so small that they
will not affect system operation.
The current sensor output will need to be monitored continuously, to measure the HVAC duty
cycle. It is not practical to rapidly send this data over a cell phone network, since there is
substantial latency involved, and because the system is not designed for high data rates. Because
of this, it will be necessary to have a processor located on-site, which can monitor the current
sensor. There are a wide range of processors available for this application. We chose to use a
Raspberry Pi device [2]. The cost of this processor is orders of magnitude less than the cost of
the HVAC system. Another nice advantage to the Raspberry Pi is that it is an open source
design, which is available from multiple sources. It can be programmed using the C
programming language, which means there are many already written routines for it, and it will be
easy to modify the code.
Once the processor has decided it needs to alert the user, it will send a SMS text message using a
GSM modem. The processor communicated with the modem over a conventional universal
serial bus (USB) connection.
DETAILED DESIGN
The functional goal of the current sensor was to indicate how much current goes through the
sensor’s transformer core. This was done in two stages: an induction sensor to output voltage
based on the current flowing through a transformer core, and a filter circuit that translates the
output of the induction sensor into a safe voltage for the rest of the project. The induction sensor
was designed using a ferrite core, the conductor driving the HVAC system, and small gauge
motor wire for the secondary winding. We designed a transformer by wrapping 80 turns of
motor wire around one side of the core, and wrapping two turns of the mains wire around the
other side of the cord. The completed prototype of this design can be found in Figure 1.
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Figure 1. Current Sensor
We designed the filter circuit using a comparator, an operational amplifier, a 10V zener diode, a
capacitor and various resistors. Because the voltage output from the induction sensor can greatly
vary with the machines being monitored, we had to continually revise the design of this circuit
with special consideration to what limits our components were rated for. The op-amps and
comparator used in this circuit all shared power rails of 12V and -12V. The output of this circuit
was designed to be no higher than 2.3V, due to the Raspberry Pi’s input limit to the GPIOs of
3.3V.
Throughout our continual revision of the filter circuit design, we used three different designs.
Our initial design for the filter circuit contained a ferrite core, a resistor, a diode, and a capacitor
arranged as an envelope detector as shown in Figure 2. This design was intended to output an
analog voltage signal which could be fed into an A/D converter for use by the Raspberry Pi.
This device worked well when there was a very high current draw from the HVAC system.
However for systems that did not use electrical heating elements or high current motors, the
secondary winding of T1 did not produce a sufficiently high voltage to forward bias D1.

Figure 2. Initial Current Sensor Design

Our second design for the filter circuit, which can be found in Figure 3, was the same design as
initially with the exception of an additional operational amplifiers in the circuit. The first
amplifier reduced the amount of current drawn from the sensor to a very low level. This reduced
loading substantially increased the voltage available at the current sensor output. To further
4

increase the voltage an inverting op-amp with a voltage gain of 10 was added. Testing of this
design showed that while the diode would now reliably conduct, we often saturated the op-amps,
and at times had false positive indications. This being when the sensor indicated the HVAC
system was operating when in fact it was simply noise that was being detected in the system.

Figure 3. Revised Current Sensor Design
Another disadvantage to the circuit of Figure 3, is that the output (across resistor R5) is an analog
voltage. It needs to be sampled by an analog to digital converter before it can be changed into a
logic level. We prefer a solution that does not require we use an A/D on our processor board.
This led to our third and final design for the filter circuit can be found in Figure 4. This design
uses a zener diode to limit the voltage across the current sensor to avoid damaging the first opamp, and to avoid driving it into saturation. This also provides some overload protection against
unusual voltage spikes caused by lightning or other sources. A comparator was added so that the
output would be a digital signal that could be fed into a general purpose input/output port on our
Raspberry Pi processor, or other similar device.

Figure 4. Final Current Sensor Design
For the processing unit of the project, we decided to use the Raspberry Pi Model B development
board. This is an ARM11-based board that utilizes 2 USB ports, a LAN port, HDMI out,
composite video out, audio out, 24-pin general purpose input/output, 512 MB RAM and a
Broadcom BCM2835 video processor. We chose to use the Raspberry Pi for this project because
it’s an extremely powerful and cost-effective machine.
This would allow for easy
implementation of additional functionality. Also, since this development board functions as a
small desktop computer utilizing an open-source operating system, the Raspberry Pi allowed us
to use higher-level programming tools and modules to implement the required system
functionality.
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Since the Raspberry Pi development board is a pre-built unit, very little effort was required to
integrate it with the rest of the project. The only hardware required to utilize the Pi was a 5V
microUSB power supply, jumper cables to connect the GPIO pins to the current sensor, and a
USB-to-miniUSB cord to connect the GSM module to the Pi.
The bulk of the work required for the Raspberry Pi was in programming and configuring the
software on the board itself. We chose to use Arch Linux ARM [3], an open-source Linux
distribution specifically built for use on ARM-based development boards. The reason we chose
Arch Linux over other ARM-based distributions was due to its minimalistic nature. Arch Linux
installs the bare minimum of programs needed to run the full operating system, with the user
downloading exactly what modules are needed for the machine and ignoring unused software
modules. This allowed for us to know exactly what was being used in our project, as well as
allowing us additional memory to be saved in anticipation of future implementations of
additional functionality.
The program design for this system was made to have two stages. The first stage tracked
average runtimes of the HVAC system. An alert was triggered when the current runtime of the
system exceeded the average runtime, letting the user know that the system was potentially
behaving erratically. The second stage monitored total system runtime between downtimes, to
make sure the machine didn’t run long enough to cause itself harm. An alert was triggered if this
absolute limit was exceeded, letting the user know that the machine was malfunctioning. A flow
chart of this program functionality is shown in figure 5.
Lastly, the GSM modem played an important role in fulfilling the project functionality. A GSM
modem is a device that replicates, to a certain extent, the functionality of the cell phone. Like a
cell phone, a GSM modem requires a Subscriber Identification Module (SIM) card in order to
function and access the GSM network. This modem had to fit three main design requirements.
The first requirement was that the device could be controlled through AT commands. This would
allow the modem to be controlled directly through serial communication. The second
requirement was that the GSM could be controlled from a Universal Serial Bus (USB) port, in
order to utilize the Raspberry Pi’s built-in USB functionality. A secondary reason for this
requirement was that the modem could be powered over the USB connection, reducing the
external power requirements of the overall system. The third major requirement was that the
GSM could support the Short Message System (SMS) feature of cell phones. This allowed us to
alert the owner of the home utilizing this device through a detailed text message.
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Figure 5. Program Flow Diagram

Due to the Raspberry Pi’s support of Linux operating systems, we had a lot of freedom
concerning how to send data over the USB connection to the modem. Our original design was to
send AT commands through the USB directly through the use of the LIBUSB and HIDAPI
modules common to Linux, because of its similarity to communicating over a regular serial port.
However, we revised this aspect of the project design throughout the semester due to our
increased understanding of the Raspberry Pi’s capabilities, and the discovery of more advanced
programming tools that would fit our requirements. The design we ended up using was a
program called Gammu, another Linux module. This software offered a more user-friendly
communication with a GSM module over a USB connection. Rather than use AT commands in a
serial environment, Gammu allowed the use of system calls directly to the operating system of
the Pi, allowing for a shorter and more effective texting experience. This program was chosen
because of its versatility and ease of use.

TESTING AND EVALUATION
The current sensor circuit was first tested using laboratory power sources, and then tested using a
resistance space heater, and air conditioner, along with a variety of other electrical loads. In all
cases the circuit correctly detected when current was being drawn, and when the device was
turned off.
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The first experimental step with the Raspberry Pi was installing Arch Linux ARM on the
system’s SD card. We verified that the operating system was functioning as expected by
utilizing an external monitor and keyboard plugged directly into the Pi. Upon system
verification, we enabled SSH communication between a laptop and the Raspberry Pi to eliminate
the required usage of the peripheral machines. Upon the verification of the operating system, we
proceeded to install the Broadcom BCM2835 c-code library to the Pi, in order to enable I/O
functionality with the built-in GPIO pins. This functionality was verified using a basic blink
program.
Once the input functionality to the board was established, the next steps taken were to begin the
creation of a basic logic program that would dictate how the entire system would respond to the
input received from the current sensor. This logic evolved throughout the project. While this
code began as a simple design, outputting “HIGH” to the terminal screen when the input sampled
was a logical 1 and outputting “LOW” otherwise, the code evolved into a multi-tiered logic
program. Using a weighted average, we developed a code that would shift an average amount of
time up and down, depending on how long the HVAC system operated. When the system
runtime exceeded this average runtime, a warning was sent to the user to alert them that their
HVAC system was beginning to run longer than normal. Additionally, whenever the system ran
for a pre-determined critical length of time, another alert was sent to the user.
The earliest testing done on the GSM was done in the Windows 7 environment. This
environment was dropped in favor of Ubuntu 12.10 because of the unnecessary overhead and
differences between Windows 7 and the operating system used on the Raspberry Pi. While some
testing was done in Ubuntu’s environment, Ubuntu was quickly dropped in favor of a different
Linux distribution due to difficulties with the installation of modules. Consequently, the vast
majority of the testing done separate of the Raspberry Pi was done using the openSUSE
distribution for Linux. This distribution was chosen because of its architectural similarity to
ArchLinux, the distribution used by the Raspberry Pi and, unlike Ubuntu, the package
installations installed in the correct directories.
The GSM used in the final design is a Motorola Razr cell phone connected over USB. Once a
working GSM was secured and the software was installed there where almost no problems with
communications part of the circuit. The only problem encountered was that, due to hardware
limitations, a gap of about thirty seconds must be present between text messages in order for the
GSM to be able to successfully communicate with the network.
Once the functionality of the GSM modem was established, the code for the Raspberry Pi was
further modified in order to utilize the ability to alert the user as per our project requirements.
System calls through the Gammu program were inserted into the logic program, allowing a text
message to be sent each time that a unit malfunctioned. Upon the implementation of this logic,
the entire system was assembled, with the sensor plugging directly into the Raspberry Pi’s GPIO
ports. System testing verified the overall functionality by utilizing both the function generator
and an air conditioning unit for various lengths of time, and sending the resulting text messages
to our personal cell phones to verify the overall functionality of the project. The final setup of
the prototype system can be seen in figure 6.
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Figure 6. Final Prototype
CONCLUSION
We successfully designed and fabricated a prototype system that can passively monitor the
on/off cycling of a typical HVAC system. The system is low cost, and can easily be retrofitted
into a wide range of commercial and residential HVAC applications. The device has a general
purpose processor, which can be coded to watch for any of a wide range of anomalous behavior.
When the processor detects that it must alert a user to the HVAC system activity, it can send an
SMS text message over conventional wireless cellular telephone networks.
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ABSTRACT
This paper describes the architecture, design, and performance of a dancing outfit equipped with
LEDs and controlled by radio. The lights perform a “choreography” in synchronism with the
music. The outfits were worn by a BYU dancing team (the “Cougarettes”) for one of their dance
routines.

INTRODUCTION
The Dancers Multiple dance teams at Brigham Young University, namely the Cougarettes, the
Ballroom Dance Team, and the Contemporary Dance Theater, worked in collaboration with the
Electrical and Computer Engineering Department of BYU to produce dance outfits that were controlled by radio with variable-color LEDs. It was desired that the lights would change in time with
the music, adding a new element to the choreography and presentation of the dance.
The dance team the author worked with was the Cougarettes. Perhaps best known for cheerleading
and performing halftime shows during BYU sporting events, the Cougarettes also hold several
world championship titles in hip-hop dancing. They continue to perform in national competitions
in the U.S., as well as in international competitions across the globe. The challenge given was
to develop and produce a suit for the Cougarettes that could be used reliably during their hip-hop
routines. Eighteen of these suits were built for the dancers and used in the Spring ‘Cougarettes In
Concert’ show over three days at the Covey Center for the Arts in Provo, UT.
Suit Construction Overview The intial suit design for the Cougarettes (illustrated in Figure 1)
consisted of a black top, on which LED strips were to be placed along the shoulders and arms.
A custom-built harness was made with 22 AWG wire connecting individual components. There
were four wires between all connections: +5V, GND, DATA, and CLK. Connector PCBs with a T
shape were used across the shoulders and at the battery joint, where the 90 degree angle bend was
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needed. The arms used two LED strips - one on the upper arm and one on the forearm. At the
elbow joint short connector PCBs were soldered to the LED strips, and the PCBs were connected
by a stretch of wire. This was done primarily to decrease the amount of flexing and bending an
LED strip would have to sustain in that area.

Figure 1: Design of the Cougarette light suit top, showing the wiring harness
To control the LED suits, two different custom-designed and custom-built circuit boards were
used. The first, called ‘driver boards’, drove the actual LED strips. Each LED strip required
one of these boards to be attached. The second board, dubbed the ‘controller boards’, were the
brains of the suits, which controlled an XBee radio and stored the timing and control information
for the choreography. The controller board sent communications to the driver boards through
the DATA and CLK lines of the harness using the I2 C bus protocol. When the radio received
a ‘start’ command, the controller’s onboard timer would march through the stored choreography
information, sending commands to the driver boards as directed.
Powering the suit was a 5V, 2A battery with USB connectors. The +5V and GND lines of the
whole harness were tied to this USB connector, thus only a single battery was necessary for the
whole suit and all of the LED strips attached.
Light Choreography Overview In order to implement the light portion of the choreography, a
standard was built that specifies how the hardware is to store and ‘play’ the choreography in time
with the music. This consists of several parts:
Pattern A ‘pattern’ is 32 LEDs worth of color information with one byte per color, for
a total of 96 bytes of data. There are 32 LEDs per meter on the LED strips, and it was
determined that this would be the longest size of any individual strip used on the suits.
Effect An ‘effect’ is a dynamic change applied to the color. For example, an effect could
blink LEDs on and off randomly. The code for the effects is stored in the firmware on the
driver board, and each effect is assigned a unique index number. In the choreography information block, this number is what is used, which the firmware uses to call the appropriate
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effect code. Following this index, 31 bytes of parameters are available afterwards if the effect
has need of them. If not, garbage bytes are written here instead.
Control Information This consists of a two byte address that point to a specific pattern and
effect pair. In essence, this is how the choreography ‘action’, or changes, are stored. There
are then five bytes of parameters: a special flag byte (for the driver firmware), three bytes of
color information (normally used as a default color for the effect), and a single byte timing
parameter used by the effect. This information is sent to the driver when the controller sends
the ‘play’ command.
Timing Information In order for the light suit to track the music, timing markers are stored
in memory in absolute number of milliseconds from the time the song begins. This marker
is tied to a set of control information. When the suit receives the ‘start’ command via the
XBee radio, the controller’s onboard timer begins to increment. When the counter reaches
the timing marker value, the controller will send the linked control information to the driver
boards, causing the suit to play the next step of the choreography.
The Pattern and Effect information (a total of 128 bytes per combination) is stored in the driver
board’s memory. The Control and Timing information sections are stored in the controller’s memory. All of this information is loaded into the suit before the ‘start’ command is given and playing
begins. This minimizes the amount of control the base station has to exert, and reduces the risk of
suits reading bad information during a performance that would disrupt the choreography.

ARCHITECTURE

Figure 2: A section of the LED strips used

LED Strips The LED strips used in suit construction used 16 million color LEDs. Two of the
LEDs are controlled by a single LPD8806 microchip, which contains six 8-bit shift registers. RGB
color data for the LEDs are stored in these registers as a 7-bit PWM value for each color. When
another input bit causes the shift registers to overflow, the output of the last shift register is sent
down the LED strip to the next LPD8806 chip. The strips were arranged such that each section of
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2 LEDs could be cut and used separately, making it necessary to have an even number of LEDs on
any strip for the suit.
The LED strips have four input traces that match the wires in the harness: +5V, GND, DATA, and
CLK. (See Figure 2)
To help protect against shorts either from contact, or from sweat, the LED strips are cased in a
protective silicone sheath. Both ends of the LED strip were sealed with injected silicone to make
this seal as effective as possible.

Figure 3: A 3D model of the LED Driver board

Figure 4: Diagram of how the Driver board was interfaced with the LED strip
Driver Board The driver board serves to send power and data signals to the LED strips. Onboard
is a PIC18 microcontroller, which runs custom firmware (written in C) enabling various light effects, such as blinks, and stripes that run down the LEDs. It receives commands and data from
the controller board via the DATA and CLK lines, which tie into the Molex DuraClick connector
(the gray connector on the right side of the board, as shown in Figure 3). Each driver is assigned a
unique address on the I2 C bus, so that individual light strips can play different patterns and effects
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at the same time. The driver board stores the actual RGB pattern information, as well as a few bytes
of control information that the effects code uses to run (for example, the length of the stripe, the
color of the stripe, the direction the stripe travels, etc). When the driver receives a ‘play’ command
from the controller board via the I2 C bus, the effect and pattern specified by the controller are sent
to the LED strip.
New effects can be loaded onto the board (as new versions of the firmware) via the PIC programming port (the blue connector in Figure 3). The advantage of building the system this way was
that new dynamic effects could be created and tested without needing new, specialized hardware
each time. The PIC18 had a limited processor speed, but it was found that even fairly complicated
effect code could initialize and run without any noticable delay relative to the music.
The driver board was connected to the LED strips as shown in Figure 4. 90 degree header pins
were soldered onto the four input traces on the LED strip itself.

Figure 5: The controller board outside of its housing. Note the ports for the XBee radio.

Figure 6: A picture of the controller board inside its housing, with the XBee radio mounted.
Controller Board and XBee Radio Like the driver board, the controller board (shown in Figure 5) also has a PIC18 microcontroller, and onboard EEPROM memory. It resides in a custom
housing to protect the components, as shown in Figure 6. The controller board is responsible
for the major functions of the suit: controlling the XBee radio, storing choreography timing and
control information, and sending that information out when playing the choreography.
The XBee radios are Digi International’s XBee 802.15.4 series models operating at 2.4 GHz.
Through the XBee radio, the controller receives commands and data information from the base
station. The major use of this is in downloading an entire choreography to the suit. During this
download, all of the choreography data is fed through the XBee. The controller stores timing and
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command information in its own onboard memory, and sends the pattern data through the I2 C bus
to the drivers as it receives them.
Initially, the firmware on the controller board ran the XBee radio in its transparent mode. Later
updates implemented packetization and allowed the use of the XBee API mode. This dramatically
improved choreography download time, and resulted in fewer garbage commands accidentally
being received and processed by the controller.

SOFTWARE PACKAGES
To program the suits, four software packages were developed. These gave the user the ability to
choreograph the lights to the music with a substantial amount of control, without requiring the user
to generate large, cumbersome binary files by hand. The programs were developed in Java, and
employed the JDOM libraries for XML input/output, and VLC Media Player libraries for MP3
control.
The output of the first three programs was the specially formatted binary file that contained all of
the choreography information, which could be downloaded to the controller board of a suit.
Timing Tool The first tool developed was a small utility that allowed a user to load an MP3
song and place timing markers throughout. These markers were simply called ‘beats’. Beats were
created by playing the MP3, and while listening clicking an on-screen button. The tool would
record the number of frames that had occurred since the beginning of the song, and convert this
number to milliseconds.
The beats were shown in a list chronologically, and the user could name the beat to provide helpful
information while creating the choreography. Once completed, the list of beats could be saved as
a specially formatted XML file.
Choreography GUI The GUI’s main purpose was to allow the user to define the entirety of the
light choreography in one simple program. The workflow was broken down as follows:
1. The user would import the XML file produced by the timing tool, which contained all of the
song information, the beat list, and beat times.
2. The user would then define the suits to be used by the dancers. This included creating a
separate entry for each suit, giving it a name, and listing how many light strips were on the
suit. The number of LEDs on each of these light suits was also input.
3. Pattern and effect pairings were created. Patterns could be created by selecting a colorselection widget, which was then used to fill in any of 32 special blocks corresponding to
the 32 LEDs any light strip could possibly have. Once these selections had been made, the
31 parameter bytes for the effect could be named and assigned in another specially created
window.
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4. The final step was to match the beats loaded from the timing tool with the pattern and effect
pairings generated in step 3. These were called ‘actions’. The user was allowed to choose if
an action was applied to all of the suits or only particular ones. In addition, lightstrips were
allowed to change actions independently, allowing for a wider range of effects.
Table 1: All of the timing variables available for defining when a choreography change should
occur
Parameter
Definition
Beat
The absolute time of the beat from the beginning of the song.
Fraction Time A fraction of the time between actions tied to a suit
Suit Offset
Specified in milliseconds. Applied to all timing markers
Suit Scalar
Number between 0-1. Applied to all timing markers for that
suit.
Action Offset Specified in milliseconds. Applied at the very end for manual timing correction.
To accomodate very precise timings, additional timing constraints could be added (see Table 1). These included a fractional value, which was interpreted to mean an amount of time
between suit actions. For example, if a suit had a listed action at beat number five at absolute
time 2.0 seconds into the song, and another action at beat number six at 4.0 seconds, using a
fraction of 0.4 would mean that the action would not occur until 2.8 seconds into the song.
The primary use for this was in so-called ‘group effects’, such as a spiral in which each suit
in turn would change to a particular color.
Other timing constraints were an absolute time offset (in milliseconds) that was simply added
to the calculated absolute time of the action. This could be either positive or negative. For
example, adding a 20 millisecond offset to the example with the fraction above, the action
would not occur until 2.82 seconds. This offset was developed primarily to account for some
imprecision in the way the timing tool worked – human ears and reaction times could lag
behind the actual music beat by tens to hundreds of milliseconds. Also, it was discovered
that the activation time of the LEDs required that the action be issued by the controller to the
driver boards about 10-20 milliseconds before the change in color/pattern/etc was visible.
While this was a small amount of time, for fast songs requiring rapid changes in the lights it
was noticable on a surprising number of occasions. The offset was used to effectively correct
this problem.
The final absolute time of the action was calculated by the formula:
actionTime = ((Beat + FractionTime + Suit Offset) × Suit Scalar) + Action Offset (1)
Once all of these steps had been completed, the information was saved to XML.
Compiler The compiler’s function was to take the XML from the GUI, and convert it into the
binary file that the Downloader program would send to the controller board on the suit. In early
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versions, it used Equation 1 to generate absolute timing information, and then subtracted to get
timing deltas. The timing deltas were written to the binary file because this was what the controller
board timing firmware expected. Later updates to the firmware required that the timing markers be
written in absolute time, so the deltas were phased out.
Downloader The downloader’s function was to take the binary file from the compiler, and send it
to the suit via the XBee base station radio. The program used a simple COM port serial connection
to communicate with the base station radio, which then broadcasted the data in its transparent
mode as simple ascii characters.
In the future, all four packages will be integrated into the Choreography GUI.

PERFORMANCE
LED Strip Reliability Issues During development of the suits, a large portion of the effort went
to ensuring that the LED strips remained intact. It became apparent that the dancers were capable
of subjecting the LED strips to stresses that they were never designed to take. Torquing motions
would cause the traces on the flexible PCB of the strip to crimp and eventually fail. Any lights
further down the chain from these creases would behave erratically, or simply fail altogether. In
extreme cases the surface mount components were breaking from the PCB itself, causing the same
unpredicable behavior. It was necessary to find some way to reinforce the strips.
To this end, several designs were tested to improve the strips’ durability. The first idea was to use
zip-ties to attach a short strip of bakelite to the underside of the light strips along the region where
the major IC components were attached. The joints that could be cut (see the edges of Figure 2)
were left unstrengthened, as these were the points assumed to have the most flexibility, and the
smallest chance of fatal failure. Unfortunately, while this kept more of the IC components in place,
the flexible PCB itself was still being torqued to the breaking point, and multiple strips were being
broken every practice session.
Worst of all were the areas around the shoulders; when the dancers would lift their arms, the light
strip would bubble up from the shoulder surface, causing sharp bends that broke multiple strips.
Instead of having the bend applied across the entire section of the PCB near the shoulder, all of
the bending was coming from the cutting joints, which failed regularly. Eventually, it was decided
to shorten the portion of the light strip attached to the dancer’s upper arm to remove the danger
completely.

Figure 7: The top and bottom of the light strip, with bakelight attached underneath.
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The second design iteration was to attach a strip of bakelite underneath the entirety of the light
strip. This is shown in Figure 7. While this reduced the flexibility of the suit somewhat, it proved
to be the better choice, as strips failed much less frequently.
The third design was an improvement on the second, and addressed a failure issue at the elbow
joint. The initial batch of light strips constructed had wires about a half-inch long connecting the
upper-arm and forearm strips. This was determined to be too short – the stresses on the joint were
breaking the solder connections of the wire straight from the light strip itself, despite the fact that
the wires were also held to the board by means of a strong zip-tie. When the wires were lengthened
to about an inch and a half, the failures in the elbow stopped almost completely.
Connector Issues The Molex DuraClick connectors used to attach the bus wires of the harness
to the controller and driver boards also exhibited durability issues. The harness wires used crimp
pins to attach to the male connector head, and because of the repeated bending and torquing these
crimp connections were often failing. The wires would disconnect completely from the crimp pin,
which remained stuck in the DuraClick connector head. The solution tested was to apply epoxy to
the header once all four of the wires had been attached. This prevented much of the bending at the
crimp pin, and resulted in far fewer wires disconnecting in this fashion.
Another problem discovered was that even when properly connected, the male connector could
twist a small degree due to the movement of the dancers, and the connection on one or more of the
lines would short out for a brief moment. The light strip would then display unpredicable color
anomalies that were extremely difficult to reproduce. To solve this problem, a short strip of tape
was applied around the male connector, which provided a much tighter seal.
Radio Issues A communication problem was found early in testing with radio configuration.
When the base station sent a start signal, a portion of the eighteen suits would begin playing the
choreography, while the others would react as if they had never received the start signal at all.
Eventually, the cause was found to stem from two sources. The controller board firmware on the
suit was programmed to respond with a basic string when it received a command from the base
station. This was received by the base station and displayed for debug purposes. In addition, the
XBee target addresses were not set on any of the radios, meaning that the radios would listen to
packets coming from any source.
The combination resulted in the condition that when the start command was sent, the suits radios
were all responding with the predefined message, and some radios were listening to this response,
causing their suits to not hear the start command at all. To solve this issue, the XBee radios on the
suits were configured to listen only to the base station radio, and the response signal was cut from
the firmware. In addition, the base station was programmed to send the start signal multiple times
in succession. The delay from one suit to another, if the suits received and responded to the start
signal at different times, was too short to notice.
Another problem resulted from a firmware issue on the controller. There is a UART port on the
board that has an input buffer. A programming mistake resulted in the UART being disabled from
further input, but the input buffer was not cleared; the board would still process whatever garbage
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happened to be in memory at startup. Occasionally, this garbage happened to concide with several
command opcodes, resulting in a memclear operation. A fix in the firmware resolved the issue.
In Concert The Cougarettes used the eighteen suits in a performance that was hoped would lead
to a slot on the ‘America’s Got Talent’ TV program. Due to competition regulations of the show,
the dance routine was limited to 90 seconds, and was set to the song “Queen of Wonderland”
by the band J*Davey. For an audition, the Cougarettes were required to send in a demo tape of
the performance to the America’s Got Talent production team. Sadly, the Cougarettes were not
accepted onto the show.
The suits and routine were also displayed at the ‘Cougarettes in Concert’ show (a yearly showcase
performance) in late February of 2013. The suits were used in four different shows performed over
three days.
While several light strips had to be replaced after the shows, during the performances the suits
performed flawlessly.

CONCLUSIONS
The suits were a success for the Cougarettes’ performances. Although they were unable to enter the
‘America’s Got Talent’ competition, the routine was well received at the ‘Cougarettes in Concert’
performances. The dance team itself was satisfied with the end product, and post-concert many
improvements to the choreography – both dance and light – were discussed, implemented, and
practiced. In addition, a pair of pants was actually designed, intended to be used during a second
round performance on the TV show. Choreography was never implemented for the top with the
pants as a complete whole, but the Cougarettes are excited to be able to use both for shows in the
future.
The other dance teams – the Contemporary Dance Theater ensemble and the Ballroom Dance
team – built suits of similar design. The same light strips, driver boards, and controller boards
were used, although the harness designs were different to accomodate the different costumes. The
Contemporary Dance Theater costume was built around a set of pants, with a long strip going
down the length of one leg, and rings of lights around the other. This was used for an interesting
performance based on a Dr. Seuss book.
The Ballroom Dance Team built skirts with long strips of LEDs going down the side, attached to
a central belt for a harness. The costumes were used in the British Open Championships in Blackpool, England at the end of May of this year, where the dancers won first place in the formation
category. In addition, the team set a record for being the first formation category team to receive a
standing ovation in the competition’s 93 year history.
Many avenues remain for future work on the suits for potential performances. It remains to be seen
how future dance routines will be able to employ the dance suits, integrating light choreography
with dance choreography in new and fascinating ways.
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ABSTRACT
Relay selection for optimal communication as well as multiple source localization is studied. We
consider the use of dual-role nodes that can work both as relays and also as anchors. The dual-role
nodes and multiple sources are placed at fixed locations in a two-dimensional space. Each dualrole node estimates its distance to all the sources within its radius of action. Dual-role selection is
then obtained considering all the measured distances and the total SNR of all sources-to-destination
channels for optimal communication and multiple source localization. Bit error rate performance as
well as mean squared error of the proposed optimal dual-role node selection scheme are presented.
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Fisher information matrix, amplify-and-forward, wireless sensor network, source localization.
INTRODUCTION
A source communicating with a distant destination with the help of relay nodes in a wireless sensor
network (WSN) is a topic of great interest in the literature [1], [2], [3]. Recently, in [4], [5] dual-role
nodes (DRNs) have been proposed, where each node is not only able to transmit data but also to
estimate the distance from the source to the DRN. Selection of DRN for optimal communications
and source localization have been studied. However, [4], [5] only consider a single source present in
the WSN. When several sources are present in the WSN, the question is: how to select the multiple
DRNs?
For communication purposes, it is well known that relay nodes can provide significant performance
improvement by exploiting multipath diversity [3], [6]. In a WSN, they can provide the link communication from a source to a remote destination node [1], [3], [6], [7], [8]. In [9], a two-phase
repetition-based relaying scheme is proposed. The proposed scheme divides data transmission into
two phases. In the first phase, multiple sources transmit data to all the relay nodes. The relay nodes
within the transmission range of the multiple sources receive a noisy and attenuated version of the
transmitted signal. In the second phase, a subset of relay nodes is selected and they send the data to
multiple destination nodes.
In WSNs with known relays positions, source location can be estimated at the destination node
by measuring the distance between the selected relay (or sensor) nodes and the source. When
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the sensor nodes are placed at fixed locations, their optimal selection is needed so that the source
location estimation is optimal at the destination node. A relaxed convex formulation of this problem
is proposed in [10], where the subset of sensor nodes with the highest Fisher information matrix
(FIM) determinant is chosen for transmission. An optimal sensor placement analysis for source
localization using time-of-arrival (TOA) range measurements is given in [11]. In [12], a source
location is estimated by selecting a subset of sensors randomly deployed in a two-dimensional (2D)
space. An expression for the source location estimate is derived using received radio-signal-strength
(RSS) values, and an algorithm for sensor selection is proposed. The algorithm divides the search
space into five equi-angular regions around the source and selects only one from each region. This
algorithm offers much better mean squared error (MSE) performance when compared to a scheme
that uses five sensors with the highest RSS. Please note that these research activities only focus
on source localization, and there is no effort to study the effects when these sensors also act as
communication relays.
In this paper, we study the selection of DRN for optimal multiple-source communications and
localizations. We use a two-phase amplify and forward scheme, and we consider both sources and
DRNs to use orthogonal channels for transmission. A maxmin problem formulation is proposed,
where we select DRNs so the minimum i-th-source-to-destination signal-to-noise ratio (SNR) is
maximized under a multiple-source location estimation target MSE constraint. Numerical results
show the effectiveness of the proposed scheme when compared with a scheme where the closest
DRNs to the source are selected.
SYSTEM DESCRIPTION
Consider a WSN with N identical DRNs randomly spread over a two-dimensional (2D) geographical area, M sources and a distant destination node. The source locations are given by xi = [xi , yi ]T ,
1 ≤ i ≤ M , and the DRNs are placed at fixed locations vj = [x0j , yj0 ]T , 1 ≤ j ≤ N . The location of
the DRNs are known at the destination node f . The distance between the i-th source and the j-th
DRN is given by di,j = [(xi − x0j )2 + (yi − yj0 )2 ]1/2 .
The sources communicate to the destination node with the help of the DRNs using a two-phase
amplify-and-forward protocol. In the first phase, the sources send data to the DRNs using orthogonal transmissions (e.g. using different frequency bands) [9]. The received signal at the j-th DRN
from the i-th source is given by
p
ri,j = P0 hi,j [di,j ]−α/2 ai + wi,j ,
(1)
where ai is the unit energy transmitted symbol from the i-th source, α is the path-loss exponent,
hi,j is the i-th-source-to-j-th-DRN channel gain, and wi,j is AWGN at the j-th DRN with normal
distribution CN (0, σn2 ). We assume in this paper that all the sources transmit with the same power
P0 . In the second phase, K DRNs out of N are selected, and the received data from the different
sources are normalized, amplified-and-forwarded to the destination node. Channel coefficients hi,j
as well as distance estimates from the j-th DRN to the i-th source are sent to the destination node
as assumed in [5]. The received signal at the destination node sent from the i-th source and relayed
from the j-th DRN is given by given by
p
Pj hj,f D−α/2
(i)
ri,j + wf ,
(2)
qj,f = p
P0 khi,j k2 [di,j ]−α + σn2
2

where Pj is the transmitted power from the j-th DRN, D is the distance between any DRN and the
destination node (assuming the maximum distance between any source and any DRN dmax
P << D),
and hj,f is the j-th-DRN-to-destination node channel gain. The total power is PT = N
j=1 Pj +
2
M P0 . Each channel gain coefficient has a Ricean distribution and E[khi,j k ] = E[khj,f k2 ] =
1, where E[·] is the average operator. We consider Rice factors of source-to-DRN and DRN-todestination links to be Hij and Hjf respectively. We assume the destination knows the channel
coefficients hi,j , hj,f , the distance D and the locations of all DRNs.
We use maximal ratio combining (MRC) to estimate the transmitted symbol ai at the destination
node. Combining the received signals from the selected j-th DRN corresponding to the i-th source
transmission, the soft estimate âi of ai is given by
p
X P0 Pj h∗i,j h∗j,f [di,j ]− α2 D− α2 (i)
p
âi =
q
(3)
2
2 [d ]−α + σ 2 j,f
σ̃
P
kh
k
0
i,j
i,j
n
j,f
j∈Γ
where
2
σ̃j,f
=

Pj khj,f k2 D−α σn2
+ σf2 .
P0 khi,j k2 [di,j ]−α + σn2

(4)

and Γ is the set containing the indices of the K selected DRNs.
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Fig. 1. Multiple source telemetry data collection using a two phase amplify-and-forward relay network

OPTIMAL DUAL-ROLE NODE SELECTION
The problem of relay selection for optimal communication have been recently studied in different
case scenarios [2], [3], [6]. Similar to this problem is the relay selection for optimal source localization [13], [14], [15]. Recently, in [4], [5], DRNs have been proposed, and different solutions for
DRN selection for optimal communication and localization of a single source have been studied.
To find the optimal DRN selection, we choose to maximize the minimum SNR corresponding to the
i-source communication channel under a localization constraint. To illustrate this concept, consider
Fig. 1. Suppose we need to select K = 3 DRNs, and let σt,i , i = 1, 2, be the maximum allowed
3

2
2
i-th source localization MSE. Different DRN selections will occur depending on σt,i
. For high σt,i
,
2
2
DRNs 1, 4 and 5 would be selected. However, for high σt,1 and low σt,2 , DRNs 3, 2, and 5 would be
selected. This selection significantly improves the source 2 location estimation MSE while keeping
good communications performance for both sources 1 and 2. In the following, we describe the
problem formulation for optimal DRN selection.
Consider the SNR at the destination node for the i-th source communication channel as given by

X Pj P0 khi,j k2 khj,f k2 [di,j ]−α D−α /(σn2 σf2 )
γi (c, p) =
ci
P kh k2 D−α
P kh k2 [d ]−α
1 + j j,fσ2
+ 0 i,j σ2 i,j
j∈Γ

(5)

n

f

To introduce a localization performance constraint in our problem formulation, we follow the approach in [5]. Let us consider the distances between the source and the DRNs be obtained through
ranging techniques, such as RSS or TOA based measurements. At the j-th DRN, the distance
estimate is
gi,j = bi,j + ηdi,j + wg,i,j

(6)

where wg,i,j is the measurement noise with distribution N (0, σg2 ), and bi,j is the distance bias corresponding to the i-th-source-to-j-th-DRN. We assume η = 1 for simplicity, and the bias known at
the destination node. Now consider x̂i to be an unbiased estimation of the i-th source location xi .
By the Cramer-Rao lower bound (CRLB), the covariance matrix Mi of x̂i is lower bounded by [16]
Mi = E[(x̂i − xi )(x̂i − xi )T ]  [I(xi )]−1

(7)

where Mi  [I(xi )]−1 means Mi − [I(xi )]−1 is positive semi-definite, and I(xi ) is the FIM defined
as
h
T
i
I(xi ) = E ∇i ln p(gi ; di , c) ∇i ln p(gi ; di , c)
(8)
where gi = (gi,1 , ..., gi,N )T , di = (di,1 , ..., di,N )T , ∇i = ( ∂x∂ i , ∂y∂ i ), c = (c1 , ..., cN )T , ci ∈ {0, 1},
i = 1, 2, ..., N , is a variable denoting the selection of the i-th DRN for transmission in the second
phase (with the node being selected when ci = 1), p(gi ; bi , di , c) is the probability density function
2
of gi , and E[·] denotes the expectation over gi . Remembering that σt,i
is the maximum allowed i-th
−1
2
source localization MSE, from (7) we know that σt,i ≥ tr([I(xi )] ), where tr(·) is the trace of a
matrix. From [5] it can be shown that
tr([I(xi )]−1 ) =

K
σg2 det(I(xi ))

2
≤ σt,i

(9)

Using (5) and (9), the DRN selection for optimal communication and source localization can be
obtained by solving
max min

γi (c, p)

subject to

det(I(xi )) ≥

p∈<+ ,c∈{0,1}N

N
X

(10)
K
; i = 1, 2, ..., M
2
σg2 σt,i

Pj = PT − M P 0 ;

j=1

N
X

cj = K

(11)
(12)

j=1

0 ≤ Pj ≤ Pmax j = 1, 2, ..., N
4

(13)

To solve (10) we relax the condition c ∈ {0, 1} with c ∈ [0, 1] and we use the convex approximations proposed in [5] for (5). Note that (11) is not concave. We substitute det(I(xi )) by
(det(I(xi )))1/2 since the latter expression is concave and share the same maximizers as the former.
NUMERICAL RESULTS
We show the bit error rate (BER) and MSE performance of the proposed DRN selection. In addition,
we compare our results with an SNR-based DRN selection technique. In SNR-based selection, the
sum of the SNRs between the j-th DRN and all sources is found for each j, and K DRNs with
the highest sum SNR are selected. To find the transmitted DRN power Pj , (10) is solved removing
constraint (11), with fixed c.
We consider two sources deployed in a WSN of size 100 m × 100 m, and N = 13 nodes are
randomly deployed as shown in Fig. 2. We use α = 2.1, P0 = 30 mW, PT = 120 mW, σs2 =
2
2.25 × 10−4 , σg2 = 0.01, and σt,i
= 0.04, i = 1, 2. We assume 10 log((PT − P0 )/(Dα σf2 )) = 26.5
dB at the destination node with D = 1000 m. LOS between the DRNs and the destination is
assumed with Hj,f = 20 dB, and Hi,j = 5 dB.
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Fig. 2. Positions of the two sources and the DRNs on the 2-D xy-plane

In Figs. 3 and 4, we show the BER and source localization MSE respectively for different values
of K. Note that the source 1 BER shows worse performance than source 2 for K < 7. This is
because DRNs surrounding source 1 have poor spatial diversity. As a consequence, DRNs located
at longer distances get selected to increase the spatial diversity thus satisfiying (11). When K ≥ 7,
the DRNs closest to source 1 are selected. Now, source 1 BER performance is better than source
2 since the latter has less DRNs in its close vicinity. In Fig. 4, we can observe that for K < 5,
source 1 has a better source localization MSE performance. The selected DRNs have better spatial
diversity for source 1 than for source 2. However, when K ≥ 5 this situation is reversed and now
the selected DRNs have better spatial diversity for source 2 than for source 1. Finally, note that
5

in both the BER and MSE results, the proposed DRN selection always outperforms the combined
SNR based selection.
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Fig. 3. BER performance comparison of the proposed DRN selection and combined SNR-based DRN selection for
different values of K.
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Fig. 4. MSE performance comparison of the proposed DRN selection and combined SNR-based DRN selection for
different values of K.

6

CONCLUSIONS
In this paper, we propose a novel formulation for DRN selection for optimal multiple source communications and localizations. We maximize the minimum i-th-source-to-destination SNR, limiting the maximum MSE in each source location estimation. We show BER and source localization
MSE numerical results of the proposed solution, and compare them with a scheme where the DRNs
with the highest combined SNR are selected. Results show that proposed DRN selection always
outperforms the combined SNR-based DRN selection in both BER and source localization MSE
sense.
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ABSTRACT
This paper presents the development of a signal processing system that responds automatically to an
audio trigger event. The audio trigger event, for example, can be a gun shot, and the system’s response
is to fire back at the source. The proposed system uses microcontrollers to digitally process audio
signals coming from the audio trigger. Once the event is detected, the location of that source relative
to the base location is estimated and retaliatory measures are automatically activated by the system. In
our study, gunshot sounds are replaced by recorded audio tones and the retaliatory mechanism consists
of a Nerf dart being fired toward the sound source. Sound localization is achieved via time stamping
the digitized microphone signals. With an array of microphones, angular components as well as radial
components can be determined. Servo motors are used to control the turret type mechanism for firing
back Nerf darts to the source. The project has potentials for both lethal and non-lethal responses to a
firearm discharge. The work is based on a 2013 senior undergraduate capstone project.
INTRODUCTION
In our turbulent times, there are many instances in which a solitary gunman strikes causing grievous
loss of life. There are many political discussions about how to deter such actions. The motivation for
this project stems from the desire to develop a deterrent system against any potential gunman wishing
to harm innocent people. Throughout history, there have been many attempts to aid in the cessation of
these violent acts. In World War I, sound localization was used to determine the presence and location
of enemy aircraft [1]. Techniques such as megaphones or parabolic reflectors were used to amplify
the sound of the surrounding environment. By listening to the amplified ambient noise, soldiers could
determine if a plane was in a specific direction. However, this method could only provide the general
location of a plane. In World War II, radar systems were developed, resulting in acoustic localization
techniques becoming obsolete. It is important to note that radar may be useful in determining the
distance and location of an object relative to the emitter, but it cannot locate an audio source.
Our system can provide a deterrent to a gunman by instantly returning lethal or non-lethal response
before the perpetrator causes significant damage. The core of this system is sound localization, which
is the process of determining the location of the origin of a sound. The system can be implemented
with a non-lethal weapon system and placed in public places like schools, malls and movie theaters to
mitigate tragedies such as the Colorado Movie Theater Massacre. Not only would victims escape the
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line of fire, but also policemen would be able to subdue the perpetrator in a timely manner.
The proposed system consists of several components. One key component is the environmental sound
collection and analysis system. Multiple microphones must be used in tandem to adequately perform
this task. Each microphone receives an incoming signal, which is passed to an individual microcontroller. These microcontrollers are used to digitize and process the ambient environmental sound. A
matched filter or correlation algorithm is used to determine if the collected sound matches the stored
sound. In this case, the stored sample corresponds to the sound that is of interest, such as a gunshot.
Another subsystem calculates the relative location of the sound. This is done by solving a non-linear
system of equations [2]. After calculation of the sound location, two servomotors accurately aim the
dart firing mechanism. After all these processes, a Nerf-dart will fire, successfully hitting the sound
source.

SYSTEM DESCRIPTION
A top level overview of this system is best described with a scenario. The system containing multiple
microphones is quietly listening to the surrounding environment while reading environmental data.
At a location some distance away, a threatening sound is made. Each of the detection microphones
hears the sound and notes the time it was received. An additional identification microphone performs
a correlation test on a sample of the threatening sound, confirming it is a threat. The time of arrival
at each of the detection microphones is compared and used to compute the location of the sound
origin. The system responds by pointing a retaliatory device at the origin of the sound and fires. The
environmental readings are used throughout the process to improve the accuracy. The system is divided
into 5 subsystems: sound processing, fire control, environmental sensors, turret mechanism and power
as shown in Figure 1.

Fig. 1. Block Diagram of the Proposed System

The sound processing subsystem performs two functions: sound detection and sound identification.
The sound detection is performed by N identical units, each consisting of a microphone, a preamplifier, and a microcontroller. Sound enters the microphone and is amplified by the preamp. The
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microcontroller reads this sound signal through its on-board analog to digital converter. Once a valid
sound is detected, the time from a synchronized counter is recorded. A flag bit is also set to inform the
master controller that a sound has been received. Although there are enough analog inputs to sample
the microphones on a single microcontroller, we decided to process the sound in parallel to reduce
the possible error caused by the delay from serial sampling. The second function is sound identification. This function is also performed on hardware that is similar to one of the sound detection units.
When the first sound processor sets its flag bit indicating it has a valid sound, the sound identification
unit records a short sample of sound and then uses a correlation algorithm, which is a matched filter.
The matched filter is used to determine how alike incoming waveform is to a stored waveform [3].
Therefore, it is used to determine if the sound is a legitimate target for retaliatory action.

Fig. 2. Parallel Sound Input with Time Stamping

The ”sensors” block in Figure 1 represents a simplified weather station. The environmental sensors
increase overall system accuracy. The sound processing subsystem requires the knowledge of the
speed of sound. If this system were to be used in a real-life scenario, fluctuations in environmental
temperature would occur. Basically, implementation of a temperature sensor maintains accuracy of
calculations, regardless of environment. Additionally, the combination of wind speed and direction
can be used to adjust the firing solution. It could also be used to detect extreme weather conditions,
which hinders accuracy.
A turret mechanism, shown in Figure 1, is needed for the retaliatory task.Two servomotors attached by
a bracket, create a pan and tilt mechanism. The servomotors will receive angular information provided
by the fire control microcontroller. The servomotors turn the turret to the location provided. With the
Nerf gun in place, the final instruction is to fire the Nerf dart. In a commercialized implementation,
this portion of the turret subsystem would be replaced with a lethal or non-lethal response.
Fire control is the backbone of our system. All other microcontrollers are slaves on a common I2C
bus, with the fire control system as the master. This device polls the weather station for information.
It also requests time delay information from the sound processing units when their flags have been
set. With this data, the master will calculate a firing solution while the sound identification system is
performing its match filter. Once the sound has been identified and the firing solution is calculated,
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then this controller will drive the servos to point and fire the Nerf gun. Finally, the master controller
will periodically send an interrupt to the sound processors to synchronize their timers.
One crucial aspect of this project is the proper implementation of sound localization. Recall that sound
source localization is a very challenging task. It is important to note that human beings have natural
algorithms of sound localization. The spacing between the ears allows for a delay in sound arrival
with nominal spacing between the ears. Additionally, the human body also has other body parts to aid
in the process of sound localization. For example, humans commonly use sight in parallel with the
time delay in arrival between ears. In terms of fabricated mechanisms of sound localization, the device
does not always have visual aid. Instead, more accurate and involved calculation has to be performed
in order to determine the source of the sound. The proposed system will be using several algorithms
to determine the exact location of the sound source.
Each of the microcontrollers has an on-board voltage regulator. Additionally, there is an added voltage
regulator to power the servos and the Nerf gun. All of the regulators receive power from a small, sealed
lead acid battery.

SOUND PROCESSING ALGORITHMS AND RESPONSE TO THE AUDIO TRIGGER
Two independent sound processing tasks are performed. The first task relies on finite sound wave
propagation speed, and exploits the Time Difference of Arrival. The second task is the implementation
of the matched filter used to discriminate against non-threatening sounds.
Time Difference of Arrival is implemented in each sound detection unit, and it notes the time when it
receives a possibly threatening sound. These times are then compared to each other to get the difference
in time arrival between each pair of microphones. Combining the speed of sound with 3-dimensional
vector analysis produces an equation with three unknowns for each microphone difference. Using at
least three time delays, a system of non linear equations can be used to determine the three unknown
variables, which are the (x,y,z) coordinates of the sound origin.
Let the position of the i-th microphone be (xi , yi , zi ) for i = 1, 2, · · · , the position of the source be
(x, y, z), and the nerf gun position be (x0 , y0 , z0 ). Let there
pbe N = 5 microphones. The distance
of the target from the i-th microphone is obtained as di = (x − xi )2 + (y − yi )2 + (z − zi )2 . The
time to reach the i-th microphone is ti = di /c, where c is the speed of sound taken as c = 340m/s.
One of the microphones will be the standard reference for all microphones. Microphone 1 will be
declared as (x1 , y1 , z1 ) and have coordinates of (0, 0, 0). All microphones will have coordinates based
upon the reference microphone. To determine the time difference between 2 microphones, we subtract
the arrival from 1 microphone from the other. After determining the time difference, the following
equation can be applied:
p
p
t2 − t1 = dt21 = ( (x − x2 )2 + (y − y2 )2 + (z − z2 )2 − (x − x1 )2 + (y − y1 )2 + (z − z1 )2 )/c
(1)
Following the same approach we obtain the equations given below
p
p
t3 − t1 = dt31 = ( (x − x3 )2 + (y − y3 )2 + (z − z3 )2 − (x − x1 )2 + (y − y1 )2 + (z − z1 )2 )/c
(2)
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p
p
t4 − t1 = dt41 = ( (x − x4 )2 + (y − y4 )2 + (z − z4 )2 − (x − x1 )2 + (y − y1 )2 + (z − z1 )2 )/c
(3)
p
p
t5 − t1 = dt51 = ( (x − x5 )2 + (y − y5 )2 + (z − z5 )2 − (x − x1 )2 + (y − y1 )2 + (z − z1 )2 )/c
(4)
Thus, equations (1)-(4) have to be solved for (x, y, z). These equations are non-linear. Several iterative techniques are available in the literature to solve a set of non-linear equations. They include the
Newton-Raphson and the Gauss-Newton methods [2]. In our system, the equations are solved using
the fsolve function in Matlab.
The above equations require knowledge of the speed of sound, which depends on temperature. The
temperature dependence of sound can be accurately represented with a Taylor expansion. However, for
the range of temperatures that we are likely to encounter, it is nearly linear and can be approximated
by the formula c = 331.3 + 0.606 ∗ Tc where Tc is the temperature in degree Celsius.
It is important to keep in mind that a minimum of four microphones is necessary to accurately implement the process of sound localization. However, increasing the number of microphones improves
the accuracy and robustness of the system. The placement of the microphones is highly critical to the
success of the system, since the resolution of time delay depends on the spacing of the microphones.
If the microphone spacing is too small, the difference between sound wave arrival and the sampling
error will be of greater proportion compared to the total measurement.
The second sound processing task discriminates different harmless sounds against certain specific
types of sounds of interest. In this case, the specific sound is described as a gunshot. The sound is
captured as an integer vector via digital sampling. The gun shot is also digitized in the same fashion.
Captured sounds can simply be compared through a correlation algorithm.
Z=

M
X

x(i) ∗ y(i)

(5)

i=1

where y(i) represents the received sounds samples and x(i) is the sound of interest. M denotes the
total number of samples used in the correlation operation.If the correlation exceeds a specified threshold, the sound is categorized as a match, resulting in permission to fire.
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RESULTS AND DISCUSSION
Figures 3 and 4 show the retrofit of a Nerf gun and has been modified to fire autonomously. Figure 3
shows the inner components of a Nerf gun including the firing mechanism as well as the ammunition
clip. Servo motors are attached to the side of the Nerf gun as seen in Figure 4.

Fig. 3. Inside Nerf Gun

Fig. 4. Side View of Nerf Gun

Testing of our Nerf gun shows that the darts can go up to a distance of about 60 feet. However,
we have limited our testing to half the maximum distance, that is about 30 feet, due to the inherent
inconsistency in the Nerf gun shots. Our results show that 10 out of 11 shots were in the range of no
more than 15 inches shown in Figure 5. The test was performed indoors where wind was not a factor.
After performing multiple tests, we concluded that shooting the Nerf darts occasionally damages them,
hindering the accuracy in future tests. The deformation of darts has also caused the nerf gun to jam
multiple times. By applying this knowledge, it has been concluded that new Nerf darts must be used,
in order to have a successful test.
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Fig. 5. System Results

Since proper acquisition of time delay information is a critical step in obtaining knowledge of a triggered sound, we performed a test to ensure that it could be done. Basically, two microphones were
sampled to test the ability to gather the time delay information. The microphones were spaced 3 meters apart. The two microphones were connected to a common microprocessor. The microprocessor’s
program was written to continuously listen until a sound exceeded a threshold. The time that the excessive noise reached each microphone was recorded. We stood approximately 4 meters away from
microphone 1 and 7 meters away from microphone 2. We then generated a loud sound to ensure that
the threshold was exceeded. Subtraction of the two time stamps yields the delay of arrival. Microphone 1 was triggered first and the corresponding waveform is displayed as the upper curve in Figure
6. The lower curve in Figure 6 shows the delayed waveform received by microphone 2.

Fig. 6. Time Delay w/ Oscilloscope

We next test the performance of our iterative approach for solving the system of non-linear equations.
For this purpose, sound locations were randomly generated and the associated time delay was determined. Figure 7 shows a scatter plot of these errors with no noise assumed in the microphone time
delay measurements. In Figure 7, the scale is 10−14 which alludes to the fact that any calculation error
7

is negligible. Figure 8 shows that noisy measurements create inaccuracy in the firing solution.

Fig. 7. Scatter Plot of the Source Location Estimation Error
with Accurate Sound Delay Measurements

Fig. 8. Scatter Plot Source Location Estimation Error with
Noisy Sound Delay Measurements

CONCLUSION
This paper proposes and describes a system that localizes an audio source and responds autonomously.
The hardware system description was presented. Results show that the proposed system can successfully detect an audio source. The measurements of time of arrival delay with the microphones were
8

successfully tested. Simulation results on localization performance using delay measurements show
reasonable level of accuracy even in the presence of noise in the measurements. It is evident that
an autonomous response system, such as a Nerf gun modified to fire autonomously, can achieve a
reasonable accuracy.
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ABSTRACT
Multipath interference continues to be the dominant cause of telemetry link outages in lowelevation angle reception scenarios. The most reliable and universally applicable solution to this
problem is in the form of equalization. Previous work in this area has considered the Constant
modulus algorithm (CMA) equalizer operating in a blind adaptive mode. To the extent that
knowledge of the multipath channel improves the performance of CMA and related equalizers
and permits the use of other equalization techniques, data aided equalizers are of interest.
Channel knowledge is obtained by comparing the received samples with the samples
corresponding to a known bit pattern (called a pilot block) periodically inserted in the telemetry
data stream. The main objective of this research is to evaluate the performance of a modified CMA
equalization algorithm, which has the property of automatically resolving the phase of the QPSK
modulated symbol, and to determine its suitability for use with SOQPSK-TG by taking into account
the capability of exploiting the presence of a periodically inserted pilot block. As an initial effort in
that direction, this paper provides simulation results of the error performance of the blind linear
combination of CMA and alphabet matched algorithm (AMA) equalizer as compared to that of
pilot assisted equalization with SOQPSK modulation over aeronautical channel.
Key Words: iNET, blind equalizers, pilot-aided equalizers, SOQPSK modulation, Aeronautical
Channels
INTRODUCTION
The INET project was launched by both Director of the Central Test and Evaluation Investment
Program (CTEIP) with the primary objective of advancing networking and telemetry technology.
The proposed system aims to increase and enhance data transfer and communication between
aircraft and ground stations and between the aircraft themselves over an aeronautical channel.
For data transmission in the presence of multipath, equalization is the process of reversing the
channel effects to recover the transmitted signal. Blind equalizers are preferable since they can
operate without the overhead of sending known training signals. But data packets structured
using the INET standard do contain fields with known data in the form of preamble and ASM
symbols. This paper considers how the known data in the INET packets can be used to aid and
improve the equalization process. In particular we investigate how a modified version of the

blind CMA equalizer can be applied to recover an SOQPSK modulated data block, which has
been transmitted over an aeronautical channel using the INET packet structure (including known
preamble and ASM symbols), and we consider possible methods for enhancing equalizer
performance by making use of the known data symbols in the INET data packets. The channel
models used in this work are a set of multipath FIR channels which represent examples of a real
aeronautical channel in steady state, as modeled by M. Rice [ref]. Doppler effects are also
included in our simulation models.
Preamble-Assisted Equalization (PAQ)
In this project Brigham Young University (BYU) is collaborating with Morgan State University,
Kansas University and the University of Texas, Dallas on the PAQ project, in an effort to develop
a real-time platform for testing the effectiveness of equalization algorithms for SOQPSK modulated
signals sent over telemetry radio links.
INET Packet Data Transmission
The aim of this effort is apply a blind modified CMA equalization technique in order to recover
data which has been transmitted over an aeronautical channel using Shaped offset quarature
phase shift keying (SOQPSK) modulated data symbols in an INET packet structure, as shown in
figure 1. The preamble consists of 64 known symbols, the ASM is 32 symbols in length and the
actual data is 3072 symbols. SOQPSK is a special type of QPSK with the addition of continuous
phase modulation (CPM) and constant envelope modulation. Thus a precoder is used to produce
an output stream consisting of {-1, 0, +1} from the binary input stream.

Figure 1: INET Packet structure
Signal transmission based on SOQPSK-TG requires the use of a pulse shaped filter, which is a
square root raised cosine filter thus it first requires upsampling of the data at the transmitter as
indicated in figure 2. The upsampling is done by inserting zeros between the actual data symbols
and this is then transmitted over the channel. In this work, initial testing is done by transmitting
INET structured data packets of QPSK modulated symbols, which have first been upsampled by
a factor of four then the pulse shaped filter is applied at the transmitter. A number of different
aeronautical channels have been modeled by a set of FIR filters, and at the receiver a blind
CMA+AMA equalizer is applied to recover the transmitted data. Since AMA is an equalizer
which minimizes a constellation matched error term, it is desirable that the received data
symbols which are fed into the equalizer are those corresponding to the original QPSK
modulated data - without the added zeros. So at the transmitter the received data is first
downsampled to remove those symbols which correspond to the transmitted zeros before it is put
through the blind equalizer. Note that this causes the perceived channel (which is equalized) to

be degraded and different from the actual channel, since the two operations of downsampling
and convolution by the filter are not commutative. But this does improve the speed of
convergence in the adaptation of the equalizer. Twelve channels (numbered 0 - 11) were tested,
and this approach was found to work well and produce zero symbol errors for six out of the
twelve channels. One major challenge has been to determine the correct sample set which
corresponds to the original data symbols for use in the equalizer, and also choice of the correct
downsampled set for input to the matched filter.

Figure 2: Flow Chart for Data Transmission
It is important to note that without the upsampling and addition of the pulse-shaped filter there is
a success rate of eight out of the twelve channels being properly equalized at 30 dB signal to
noise ratio (SNR). The relative difficulty of a subset of the different channels is indicated by the
error curves shown in the results section.

METHODOLOGY
Blind CMA+AMA Equalization
The CMA+AMA cost function is used to specify a blind equalizer which is used the source
signal, s[n] . The generalized form of the cost function for our equalization scheme given by

J ( y)  J CMA ( y)  J AMA ( y)
(1)
where JCMA is the CMA cost function and JAMA is the AMA cost function given respectively by
J CMA ( y)  E
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where
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and c(i) are the known QPSK constellation points, for 1 ≤ i ≤ 4.

=0.5381 is the parameter used to control the width of the nulls around each constellation
point, and is chosen such that these nulls do not overlap. The notation E{.} denotes the expected
value taken over the block of transmitted data symbols. CMA is a well known and widely used
blind equalizer while the AMA allows the phase of the equalized signal to be resolved up to a
multiple of pi/2, and it requires good initialization which is provided here by CMA.
The surface of the combined cost function (1) to be minimized is shown in figure 3 below.

Figure 3: Contour Plot of CMA+AMA cost function for QPSK
The equalizer weight vector, w(n) is updated according to a gradient descent rule:

w(n  1)  w(n)   n  w J ( y)

(4)

where µn is a step-size,  = 0.4 and is chosen to ensure convergence of this update equation.
Details are provided in [1]. and the gradient of the combined cost function is given by

 w J ( y)   w J CMA ( y)   w J AMA ( y)
The gradients of the CMA and AMA cost functions are specified below:

(5)
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Note that superscripts: * and T representing the conjugate and transpose operations respectively.
RESULTS AND DISCUSSION
A. Blind Equalization – Data transmitted with no Pulse Shaping
Monte Carlo simulations were run to evaluate the relative difficulty of the different channels, and
test the performance of the blind equalizer on these channels with no upsampling or pulse
filtering added. A data block of 3072 symbols was transmitted over 1200 Monte Carlo runs, with
a maximum of 400 iterations for convergence. Performance was measured by determining the
number of symbols received in error (SER), and also by using a measure the quality of the
equalized composite channel in the mean square error (MSE).

Figure 4: Average SER vs. SNR

Figure 5: Average MSE vs. SNR

Figures 4 and 5 are plots of the average symbol error rate (SER) and average mean square error
(MSE) over varying SNR (dB) values. Note that channel 0 is the AWGN channel, so zero SER
was recorded at SNRs of 15 dB and above, and it provides a baseline best performance among
this set of channels.
The various symbol error rates for the set of twelve channels is provided in table I based on 1200
Monte Carlo simulation runs at 30 dB, and the corresponding SER and MSE values are plotted in
figures 6 (a) and (b). It is noted that eight out of these twelve channels gave zero symbol errors
for a data block containing 3072 symbols.
Table I
Channel #
No. of Taps
SER

0
1
0

1
9
4.637e-2

2
20
1.674e-2

3
24
0

4
19
0

5
3
0

6
4
0

7
5
9.022e-6

8
6
0

9
3
0

10
6
0

11
6
1.350e-4

(a)
(b)
Figure 6: (a) Symbol Error Rates and (b) Mean Square Errors for different channels
B. Blind Equalization – Data up-/down-sampled with pulse-shaped filtering
Monte Carlo simulations were run to test the effectiveness of the proposed blind equalization
method on the twelve channels, with the introduction of upsampling and pulse-shaped filtering at
the transmitter. The set of channels which gave zero errors based on our numbering scheme was
{0,3,5,6,8,9}. The results from the CMA+AMA equalizer are provided for channel 5.
Equalizer output
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Figure 7: Equalizer output - (a) Calculated and (b) Actual

The equalized output is shown in figure 7(a) is based on the sampled input data only, and the
actual downsampled output of the equalizer is shown in figure 7(b).
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Figure 8: (a) Equalizer Convergence Curve and (b) Composite Channel
A plot of the composite equalized channel is shown in figure 8 and the convergence curve for the
equalizer. We note that the composite channel of figure 8(b) indicates that intersymbol
interference (ISI) has not been completely removed by equalization, as observed in figure 7 (b).

CONCLUSIONS
In this work we have provided a methodology for applying a blind modified CMA equalizer to
data which has been transmitted over an aeronautical channel using the INET data structure, with
a pulse shape filter based on SOQPSK modulation. Initial results for this blind equalization
scheme have shown the feasibility of using the CMA+AMA equalizer on this transmitted
structured data. The next step of our investigation is to analyze how the success rate of the blind
equalizer can be improved for our tested channels. We will investigate how the use of the known
data symbols of the preamble and ASM can be leveraged to achieve successful adaptive
equalization this given set of channels.
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SOQPSK WITH LDPC:
SPENDING BANDWIDTH TO BUY LINK MARGIN
Terry Hill, Jim Uetrecht
Quasonix, West Chester, OH
Abstract: Over the past decade, SOQPSK has been widely adopted by the flight test community,
and the low density parity check (LDPC) codes are now in widespread use in many applictions.
This paper defines the waveform and presents the bit error rate (BER) performance of SOQPSK
coupled with a rate 2/3 LDPC code. The scheme described here expands the transmission
bandwidth by approximately 56% (which is still 22% less than the legacy PCM/FM modulation),
for the benefit of improving link margin by over 10 dB at BER = 10-6.
Keywords: SOQPSK, Shaped Offset QPSK, LDPC, ARTM Tier I, Forward Error Correction

1. INTRODUCTION
Introduced in 2000 [1], Shaped Offset QPSK (SOQPSK) occupies half the bandwidth of the
legacy PCM/FM modulation, with little or no penalty in detection efficiency. After its
incorporation into IRIG-106 in 2004, the adoption of SOQPSK began to accelerate. The
majority of the telemetry transmitters and receivers delivered in the past few years have included
SOQPSK capability. In fact, most new flight test programs are using SOQPSK as the baseline
modulation, because of its superior bandwidth efficiency. For telemetry links that are powerlimited, however, some of the bandwidth efficiency obtained by using SOQPSK can be
exchanged for superior detection efficiency. This paper describes one scheme for doing so,
trading a 56% increase in bandwidth for a 10 dB improvement in link margin.
2. PRIOR RESULTS
The two fundamental components of the proposed scheme are SOQPSK modulation, and LDPC
error correction, so we will start with a brief review of the prior work upon which the present
paper is based.
2.1 SOQPSK
SOQPSK is a form of continuous phase modulation (CPM), described in [1] and subsequently
defined in IRIG 106 as the Advanced Range Telemetry (ARTM) Tier I waveform, using the
values ρ = 0.70, B = 1.25, T1 = 1.5, and T2 = 0.50. With these four specific parameters, the
waveform is known as ARTM Tier I or SOQPSK-TG, where the “TG” stands for Telemetry
Group.
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It is important to note that SOQPSK is a constant envelope modulation, so the linearity of the
power amplifier in the transmitter is unimportant. This makes the waveform ideal for use in
applications that require compact, high efficiency transmitters.
The shaping applied to the phase trajectory of the underlying Offset QPSK (OQPSK) signal
results in a substantial bandwidth reduction from OQPSK, as shown in Figure 1 and Figure 2.
Unfiltered (or unshaped) OQPSK is rarely used for telemetry, due to its poor bandwidth
utilization. A more relevant basis of comparison is the legacy PCM/FM modulation used for
telemetry since the 1960s. The often-cited bandwidth ratio of 2-to-1, comparing PCM/FM (also
referred to as ARTM Tier 0) to SOQPSK, is based on the 99.9% power bandwidth as shown in
Figure 2.

Figure 1: PSD of SOQPSK (Tier I), QPSK and PCM/FM (Tier 0)

Figure 2: Fractional out-of-band power of SOQPSK, QPSK and PCM/FM
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At the time of its introduction, SOQPSK not only occupied half the bandwidth of legacy
PCM/FM, but its bit error rate (BER) performance was about 0.7 dB better as well. Later, the
introduction of trellis demodulators improved the detection of PCM/FM about 3.5 dB over the
best single-symbol PCM/FM demodulators. Therefore, uncoded SOQPSK today operates at
about a 2.8 dB disadvantage to the best PCM/FM trellis demodulators. See Figure 3.

Figure 3: BER of SOQPSK and PCM/FM with both single-symbol and trellis demodulators
2.2 Low Density Parity Check (LDPC) Codes
The LDPC codes are linear block codes, first developed by Robert G. Gallager at M.I.T. in 1960,
and published by the M.I.T Press as a monograph in 1963 [2]. Because of their high
computational complexity, there were no practical implementations at that time.
The LDPC codes were re-discovered by David J.C. MacKay in 1996 [3], and with the
availability of large Field Programmable Gate Arrays (FPGAs), compact implementations
became possible. For a given bandwidth expansion, the LDPC codes provide more coding gain
than previous codes. For this reason, LDPC codes began displacing turbo codes in the late
1990s, and are now widely deployed in applications demanding high performance:
•
•
•
•
•
•

2003: DVB-S2 standard for the satellite digital TV
2006: 10GBase-T Ethernet (10 Gbps over twisted-pair)
2007: CCSDS as an “Orange Book”
2008: ITU-T G.hn standard
2009: Wi-Fi 802.11 High Throughput PHY
2012: integrated Network Enhanced Telemetry (iNET)
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3. PROPOSED SOQPSK/LDPC SCHEME
3.1 Encoder
The Consultative Committee for Space Data Systems (CCSDS) has published an “Orange Book”
[4] defining nine different LDPC codes of various code rates and block sizes, as tabulated below.

The integrated Network Enhanced Telemetry (iNET) standard specifies the rate 2/3 (6144, 4096)
code, and we propose to utilize this same code in the present work. The encoder for this code is
depicted in Figure 4, where M = 1024, m = 256, and K = 4.

Figure 4: Encoder for proposed LDPC code
3.2 Synchronization
Since the LDPC codes are block codes, the decoder must know where the code word starts. In
order to provide this information reliably, even at very low Eb/N0, it is necessary to include
known synchronization words in the transmitted signal. This is accomplished by prepending a
256-bit synchronization word to every LDPC code word. The steps in assembling a transmit
packet are as follows:
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1. Input 4096 data bits (randomize prior to encoding, if necessary)
2. Compute and append 2048 parity bits
3. Prepend 256-bit attached sync marker (ASM). The ASM is constructed as A, A, Ā, A,
where
A = FCB88938D8D76A4F (hex)
Ā = 034776C7272895B0 (hex)
The completed packet, comprising 6400 bits, is shown in Figure 5. The packet is transmitted
leftmost bits first. The first few bits are 1111110010111000...

Figure 5: Packet assembly
Building the ASM from 64-bit sub-words allows for future applications where the four 64-bit
sub-words can be used as a heavily coded four-bit preamble (to select other codes, for example).
The synchronizer for the proposed scheme is implemented as a 256-bit hard-decision correlator,
with a correlation threshold of 192. As shown in Figure 6, a correlation threshold of 192 yields
reliable LDPC word sync at least 3 to 4 dB below the code’s useful threshold, and provides a
negligible false alarm rate.
It is important to note that the proposed packet structure contains all the information necessary
for code word synchronization with each and every code word. The inclusion of the ASM with
every code word yields a fresh opportunity to synchronize every 4096 payload data bits, with
only 4% overhead.

Figure 6: Probability of Detecting Initial ASM
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The effectiveness of this synchronization scheme is demonstrated in Figure 7, which shows the
receiver IF output at three values of Eb/N0: +35 dB, +3 dB, and -6 dB. Even at -6 dB, the
correlator provides consistent synchronization pulses.

Figure 7: Receiver IF Output During 7 Mb/s LDPC Operation
Once the receiver has synchronized to a single ASM, it continues to develop a stronger
correlation estimate by averaging correlations over a small sliding window. This further extends
the range below the code’s useful threshold, below which block synchronization can be
maintained, without significantly extending the time required to detect loss of sync. In the
present implementation, the ASM averaging window is 4 code blocks, which yields the
approximate probability of maintaining block synchronization shown in Figure 8.

Figure 8: Probability of Maintaining Block Sync, 4 Block Average
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3.3 Decoding
Decoding the LDPC code word requires demodulating the SOQPSK waveform with soft
decisions. Iterative decoders generally work best with high-resolution soft decisions, so the
system was built and tested using 8-bit soft decisions. The decoder also requires an estimate of
the Eb/N0 for soft decision scaling.
While the decoder uses soft decisions, the ASM correlator uses hard decisions. Its purpose is
two-fold: to identify the start of the LDPC code word, and to resolve the 4-ary phase ambiguity
in SOQPSK.
In the proposed scheme, there are no gaps in the transmitted signal, so the decoder can only
execute decode iterations until next code word arrives. For this reason, the coding gain varies
with bit rate, as shown later.
4. IMPLEMENTATION
4.1 Encoder
The encoder is implemented in an Altera Cyclone III FPGA. It utilizes approximately 4800 logic
cells and 3 M9K RAM blocks, which includes all the resources necessary to perform data
buffering, ASM insertion, encoding, and 25/16ths input-to-output rate synthesis. The encoder is
capable of running at a rate exceeding the transmitter’s output bandwidth, that is, in excess of 80
Mb/s.
4.2 Decoder
The decoder is implemented in an Altera Stratix IV FPGA. It utilizes approximately 33,000
ALUTs, 125 M9K RAM blocks, and 1 M144K RAM block, which includes all the resources
necessary to perform soft decision scaling, data buffering, ASM detection and removal,
decoding, and 16/25ths input-to-output rate synthesis. The decoder is capable of running at the
receiver’s maximum bit rate of 46 Mb/s. However, the number of decoding iterations scales
inversely (and automatically) with bit rate, such that only about 30 iterations can generally be
attempted at the highest bit rate.
5. LABORATORY PERFORMANCE RESULTS
5.1 Spectral Characterization
The 2048 parity bits and 256 bits of ASM result in a transmitted packet of 6400 bits, which
carries 4096 payload data bits. This results in a bandwidth expansion of 6400/4096, or 25/16.
Measured results for the power spectral density and fractional out-of-band power are shown in
Figure 9 and Figure 10, respectively.
Referring to the 99.9% bandwidth in Figure 10, it’s easy to see that the bandwidth expansion of
25/16 is exactly as expected. It is also worth noting that this bandwidth is still 22% less
bandwidth than the legacy PCM/FM waveform at the same payload data rate.
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Figure 9: Power spectral density, with coding

Figure 10: Fractional out-of-band power, with coding
5.2 Bit Error Rate Performance
The whole point of adding forward error correction to any communications system is to operate
at lower Eb/N0. The proposed SOQPSK/LDPC readily achieves this objective, offering a coding
gain of approximately 10 dB at BER = 10-6, as shown in Figure 11. The actual coding gain
depends on the number of iterations the decoder can complete in the available time, so the
coding gain is somewhat higher at lower bit rates.
8

Figure 11: Measured bit error rate performance
The proposed decoder was implemented in an Altera Stratix IV FPGA, where the decoder could
run 200 iterations at a 7 Mbps payload data rate. As shown in Figure 12, comparison of the
measured BER results for this case (solid red curve) with previously published results (solid blue
curve) for this same code at 200 iterations, shows virtually perfect agreement with previous
results.

Figure 12: Measured BER performance (red curve), compared with previous results (solid
blue curve)
5.1 ASM Detection Results
The effectiveness of the sliding window average for ASM synchronization was verified by
setting the input signal 3 dB below the 10-5 BER threshold level, measuring raw error rate at the
9

input to the ASM detector (approximately 15%), and then measuring the duty cycle of the ASM
detect signal. This measurement was performed using an oscilloscope that accumulates statistics
across multiple untriggered sweeps, and taking the duty cycle as (Vavg – Vdet) / (Vloss – Vdet),
where Vavg is the average voltage, Vdet is the voltage when ASM is detected (approximately 0
VDC), and Vloss is the voltage when ASM is lost (approximately 5 VDC).
In order to generate measurable drop rates, the ASM detect threshold had to be artificially raised.
Values used were 208, 210, 212, and 214. With these thresholds, the following results were
recorded:
Threshold
208
210
212
214

Expected	
  Duty	
  Cycle
0.09%
0.69%
3.65%
13.21%

Measured	
  Duty	
  Cycle
0.19%
0.85%
3.40%
10.10%

These results confirm that ASM synchronization is maintained under conditions of extremely
high BEP, as long as the demodulator can maintain carrier phase and bit timing synchronization.
Achieving carrier phase and bit timing lock at the low Eb/N0 supported by this LDPC code is not
a trivial task for the demodulator, and we have only preliminary results in this area. Two
different demodulators were evaluated for the SOQPSK / LDPC configuration, and the
synchronization performance of those two demodulators will be the subject of a separate
publication. Suffice it to say that the results presented here are based on a fully coherent
SOQPSK demodulator, which exhibits highly variable carrier phase synchronization times,
particularly at low Eb/N0. Preliminary results with a “limited coherence” demodulator show
much faster carrier phase acquisition (on the order of 2 to 3 LDPC code blocks), but this
demodulator exhibits a significant phase slip rate at low SNR, which the present decoder does
not tolerate. Further research is under way in this area.
6. FIELD PERFORMANCE RESULTS
The system described in this paper has been delivered to multiple DoD test ranges, and the field
measurements have demonstrated that the predicted link margin improvement is indeed realized
in the field. Additional tests are underway at both Edwards AFB and Eglin AFB, and results will
be reported when they become available.
7. CONCLUSIONS
The bandwidth efficiency versus detection efficiency of the proposed SOQPSK/LDPC scheme is
shown in Figure 13, along with several other modulations of interest to the telemetry community.
All the modulations shown are constant envelope modulations, which maintain their performance
even when amplified with nonlinear amplifiers.
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PCM/FM with single-symbol detection has been the standard scheme in aeronautical telemetry
since the 1960s, and many flight test programs continue to use it even today. The proposed
SOQPSK/LDPC scheme uses 22% less bandwidth than this legacy approach (measured at the
99.9% bandwidth), while providing approximately 10 dB more link margin.

Figure 13: Bandwidth and detection efficiency of several constant-envelope modulations
Summarizing the key points of this paper, we have shown the following:
•

The proposed rate 2/3 LDPC code with SOQPSK yields approximately 10 dB of coding
gain at BER = 10-6, relative to uncoded SOQPSK.

•

Coding gain varies approximately ±0.5 dB, depending on data rate.

•

Coding gain is maintained, even when the signal is amplified with nonlinear amplifiers,
because the SOQPSK modulation is constant envelope.

•

The 256-bit ASM provides reliable, fast code block synchronization at Eb/N0 below the
code’s useful operating threshold.

•

With a fully coherent SOQPSK demodulator, carrier phase synchronization proves to be
the limiting factor in initial acquisition. Further research is required in this area.

•

The bandwidth expansion of the proposed scheme is 25/16, which is still 22% less
bandwidth than legacy PCM/FM at the same payload data rate.

•

Implementation complexity is reasonable for today’s FPGAs.

•

For power-limited channels, SOQPSK with LDPC offers an attractive trade of spectral
efficiency for a significant gain in detection efficiency.
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ARTM CPM RECEIVER/DEMODULATOR PERFORMANCE
AN UPDATE

Kip Temple
Air Force Test Center, Edwards AFB CA

ABSTRACT
Since the waveform was first developed by the Advanced Range Telemetry Program (ARTM)
and adopted by the Range Commanders Council Telemetry Group (RCC/TG),
receiver/demodulators for the ARTM Continuous Phase Modulation (CPM) waveform have
undergone continued development by several hardware vendors to boost performance in terms of
phase noise, detection performance, and resynchronization time. These same results were
initially presented at the International Telemetry Conference (ITC) 2003 when hardware first
became available supporting this waveform, at the time called ARTM Tier II. This paper reexamines the current state of the art performance of ARTM CPM receiver/demodulators
available in the marketplace today.
KEY WORDS
Resynchronization, ARTM CPM, ARTM Tier II, bit error probability, Eb/No, phase noise,
IRIG-106
INTRODUCTION
ARTM CPM, along with PCM/FM and SOQPSK-TG/FQPSK, is one of three modulation
schemes standardized within IRIG-106 [1]. The legacy waveform, PCM/FM, is still widely used
today though given the ongoing spectrum battles and increasing platform data rate requirements,
the migration to SOQPSK/FQPSK has started. The more spectrally efficient SOQPSK/FQPSK
systems are now supporting flight testing all over the world, though ARTM CPM has yet to find

acceptance as another viable modulation scheme for aeronautical mobile telemetry (AMT). A
quick market survey showed that only 8-10% of transmitters sold in the last two years had
ARTM CPM as an option for a modulation choice.
Of the three modulation schemes defined within IRIG-106, ARTM CPM is the most spectrally
efficient with a 99% Occupied Bandwidth of 0.56 times the bit rate, making it the best choice for
bandwidth constrained telemetry applications. As with any design trade-off, the superior spectral
efficiency offered by the use of ARTM CPM has historically been offset by susceptibility to
system phase noise, complex demodulation leading to larger resynchronization times after a
signal loss (due to severe multipath, antenna pattern nulls, ground station antenna pointing errors,
etc.), and less detection efficiency when compared to SOQPSK/FQPSK.
The work previously documented [2] characterized the performance of ARTM CPM hardware
and compared that to the performance of existing SOQPSK telemetry hardware. The testing was
not only laboratory-based but also included actual flight testing of the waveforms. While not as
encompassing as the original work, the focus of this paper will be to characterize system level
performance in terms of bit error probability (BEP) versus bit energy to noise density ratio
(Eb/No), measure phase noise (a system-level error contributor to a telemetry system), and
determine resynchronization time, a major contributor to degraded Link Availability in a
telemetry system [3].
ARTM CPM TELEMETRY RECEIVERS
Telemetry hardware vendors were queried about the availability of existing receivers and standalone demodulators supporting ARTM CPM and if these units were available for lab testing.
Telemetry receivers were ultimately supplied by Quasonix, SEMCO, and Zodiac Data Systems.
The exact units tested are listed in Table 1.
Telemetry Vendor
Part Number
Quasonix
QSX-RDMS-RM1-1111
SEMCO
RC200-2
Zodiac
Cortex RTR IS00316
Table 1 – Telemetry Receivers

Serial Number
1083
120331-0001
090521

In order to provide a baseline for the testing, a wideband Microdyne M700 receiver was coupled
to a Nova Engineering MMD44 demodulator. Not only is this legacy configuration a viable
baseline, it is the exact hardware configuration used in the previous testing. Table 2 shows the
exact units used as the ARTM CPM baseline.

Telemetry Vendor
Microdyne
Nova Engineering

Baseline System
Item
Part Number
Receiver
M700WB 108-530-01
Demodulator
HM-MMD44-R-70-1-T
Table 2 – Baseline System

Serial Number
190
1005

A multitude of settings are available in the receivers tested so where possible, a common set up
between receivers was attempted. All receivers were set to an AGC time constant of 0.1ms,
intermediate frequency bandwidth (IFBW) was automatically set by the receivers given the data
rate, and single channel operation (no diversity combining) were selected.
LABORATORY TESTING – PHASE NOISE
Phase noise of each of the receivers was tested at center frequencies in L-Band and S-Band as
these are the common AMT bands in use today. Figure 1 shows the test set up used to measure
the phase noise of each receiver.

Figure 1 - Block Diagram of Phase Noise and Eb/No vs. BEP Test Set-Up
A low phase noise reference oscillator (Anritsu MG3633A) was used to excite the down
conversion chain in each receiver. An Agilent Signal Analyzer E5052B was used to measure the
additive phase noise at frequency offsets of 10Hz-1MHz from the carrier. At each measurement
point, 5 averages were taken. Each plot shows the phase noise of the reference oscillator (lower
than the receiver phase noise in all cases), the phase noise mask as defined in IRIG-106, and the
receiver additive phase noise when tuned to various center frequencies in L-Band and S-Band.

Figure 2 – Phase Noise - Microdyne and Quasonix Receiver

Figure 3 – Phase Noise - SEMCO and Zodiac Receiver
Looking over the resulting phase noise plots (Figures 2 and 3) we see different noise profiles and
discrete components at different frequency offsets between each of the receivers tested. While
the architectures of the receivers are not known it is evident from the general shapes of the
curves that different oscillators are used by the manufactures. It is difficult to assess the exact
effect of excessive additive phase noise on a telemetry system but certainly lower data rates
could be adversely affected. Past testing has shown degraded Eb/No vs. BEP and increased
resynchronization times with receivers or receiver/demodulator combinations that had phase
noise far in excess of the mask defined in IRIG-106. Any effect excessive phase noise has in
these tests will be imbedded within the results for each test.
LABORATORY TESTING – Eb/No vs. BEP
Figure 1 shows the block diagram of the equipment configuration used to evaluate Eb/No vs.
BEP performance. The “reference” ARTM CPM waveform was generated using a laboratory
reference transmitter consisting of the combination of a RF Networks SK10155-2 I/Q-source
driving an Agilent MXG-series N5182A vector generator. The I/Q modulator within the vector
generator was manually balanced for I/Q offset, I/Q Gain, and quadrature error in order to ensure
optimum performance of the reference transmitter. The signal from the reference transmitter was
sent to a FastBit FB2000 Noise and Interference Test Set (NITS) that precisely set a range of
Eb/No given the data rate of the input signal. The resulting signal + noise was then sent to the
receiver under test. The resulting bit error rate was recorded for each setting of Eb/No.

A setting that can affect Eb/No vs. BEP performance is the filter selection prior to demodulation.
The IFBW setting for the M700 receiver was manually configured based upon the data rate. All
other IFBW settings were set automatically by the receivers by selecting the data rate once in
ARTM CPM mode.

Figure 4 – Eb/No vs. BEP - Baseline System and Quasonix Receiver

Figure 5 – Eb/No vs. BEP – SEMCO Receiver and Zodiac Receiver
A cursory examination of the resulting data (Figures 4 and 5) reveals that each receiver was at or
near the detection performance criteria used in most receiver specifications. Some maintained
synchronization at lower values of Eb/No and the general shape of the curves varied based upon
the detection algorithm used in each receiver’s demodulator. Instead of comparing detection
curves some procurement specifications use a single point comparison. A common BEP chosen
for comparison is 1.0e-5 (or 1 error in every 100000 bits). Table 3 summarizes the performance
of each of the receivers at this BEP point.
Receiver
Eb/No for BEP=1.0e-5
Baseline
13.5dB
Quasonix
13.5dB
SEMCO
14.5dB
Zodiac
12dB
Table 3 – Detection Efficiency Comparison
RESYNCHRONIZATION TIME
The resynchronization time test is designed to mimic two cases of real world fade events, a flat
fade event and an initial acquisition event. These tests are described in [4] but will be explained
here also for clarity. The flat fade event is characterized by a short term signal loss caused by
some mechanism (multipath, aircraft antenna pattern nulls, or other mechanism). Typically in

this short amount of time antenna tracking is not lost and the aircraft has not moved very far in
space. The initial acquisition event is intended to simulate a long term signal loss where any
prior information about the signal is lost forcing the receiver to acquire the signal in the blind.
This can either occur during initial signal acquisition, after an antenna tracking error of
significant duration, or from a signal fade from a fast moving target. Figure 6 shows a block
diagram of the set-up for receiver/demodulator resynchronization testing.

Figure 6 – Block Diagram of Resynchronization Testing Test Set-Up
For both flat fade recovery and initial acquisition test setups, the reference transmitter is sent a
pattern of continuous 1’s then randomized per IRIG-106 prior to modulation and transmission.
The I/Q generator constructs ARTM CPM in I and Q form from the randomized 1’s pattern
which is then connected to the vector generator. The vector generator is set to the appropriate
center frequency within one of the telemetry bands at an appropriate level for the Noise and
Interference Test Set (NITS). The NITS is configured either for pass-thru (high SNR) or is used
to set a value of Eb/No for the ARTM CPM waveform that result in a BER of approximately
1.0e-5 for the receiver being tested. The resulting signal is then sent to a switch which switches
between the signal and noise. The level, bandwidth, and center frequency of the noise is set by
the combination of the NoiseCom UFX7107 noise source and custom Miteq up-converter. Level
of the noise is set consistent with the signal to minimize automatic gain control (AGC) action of
the receiver under test. A function generator is used to drive the switch, for this testing switch
rate is set to 240mHz. The receiver under test is presented with the switched signal which then
must acquire, demodulate, and de-randomize the signal. Output data pattern of the receiver will
be all 1’s when synchronization is achieved. Resynchronization time is determined by measuring
the time between when the switch was switched to signal (from noise) to the time all 1’s are
present in the output of the receiver. For each test 25 resynchronization times were recorded and
an 80th percentile rank of that set was used to establish one number for each resynchronization
test. This was then repeated twice more with the results being compared for consistency.

Both flat fade recovery and initial acquisition tests are conducted with high SNRs and with
additive calibrated noise. Noise is added to the signal to assess the effect of acquisition in the
presence of noise. The difference between the tests is whether or not the carrier is swept
continuously throughout the testing. For the flat fade test, the carrier frequency is static, i.e.
there is no Doppler effect or signal drift present on the signal. For the initial acquisition test, the
receiver is required to acquire with no prior knowledge of the signal so the carrier frequency is
deviated every switch cycle. Figure 4 shows the waveform used to sweep the carrier resulting in
a carrier sweep rate of 4kHz/s. It should be noted that care was taken no ensure no periodicity
between the switching frequency (240mHz) and the carrier sweep rate (4kHz/s). A periodic rate
between the two could bias the results. Table 4 shows the reacquisition tests that were run for
each receiver.

Receiver
Baseline
Baseline
Baseline
Baseline
Quasonix
Quasonix
Quasonix
Quasonix
SEMCO
SEMCO
SEMCO
SEMCO
Zodiac
Zodiac
Zodiac
Zodiac

Resynchronization Test Matrix
Test
Eb/No
Flat Fade
∞
Flat Fade
13dB (BER~1e-5)
Initial Acquisition
∞
Initial Acquisition
13dB (BER~1e-5)
Flat Fade
∞
Flat Fade
13dB (BER~1e-5)
Initial Acquisition
∞
Initial Acquisition
13dB (BER~1e-5)
Flat Fade
∞
Flat Fade
14dB (BER~1e-5)
Initial Acquisition
∞
Initial Acquisition
14dB (BER~1e-5)
Flat Fade
∞
Flat Fade
12dB (BER~1e-5)
Initial Acquisition
∞
Initial Acquisition
12dB (BER~1e-5)
Table 4 – Resynchronization Tests

Bit rates for each test varied between 5Mbps, the recommended minimum date rate for ARTM
CPM in IRIG-106, and the maximum data rate each receiver offered. The baseline system range
was 5-20Mbps, the Quasonix receiver had a range of 5-46Mbps, the SEMCO receiver was 530Mbps, and the Zodiac receiver was 5-24.5Mbps.
Some receiver settings have a large impact on resynchronization time such as AGC time constant
(set to 0.1ms) and carrier acquisition range. Some of the receivers the acquisition range was a
selectable parameter with the others setting this range based upon bit rate. Table 5 summarizes
carrier acquisition ranges for each of the receivers and bit rates tested.

Receiver
Carrier Acquisition Range
Baseline (demodulator)
+100kHz
Quasonix
+0.5*IFBW
Semco
+0.35*(bit rate)
Zodiac
+0.5% of bit rate
Table 5 – Resynchronization Tests

Figure 7 – Resynchronization Results, Flat Fade Recovery

Figure 8 – Resynchronization Results, Initial Acquisition
For 2 of the 3 manufactures the resynchronization times are much improved over the
baseline/legacy system initially tested. The third receiver, from SEMCO, is undergoing further
ARTM CPM demodulator development so retesting this unit will be in order.
Given these new results, an interesting comparison should now be done comparing legacy
SOQPSK-TG resynchronization times with those of the new generation ARTM CPM receivers.
When SOQPSK-TG was first developed a major decision point for fielding this waveform was
how the resynchronization performance compared to legacy PCM/FM systems. Fortunately the
baseline system used in this paper, reconfigured for SOQPSK-TG detection was the system
initially compared to PCM/FM systems in terms of resynchronization. Figures 9 and 10 illustrate
this comparison.

Figure 9 – Resynchronization Results, Flat Fade Recovery

Figure 10 – Resynchronization Results, Initial Acquisition
As can be seen, current receivers available in the marketplace today offer resynchronization
times of ARTM CPM which compare very favorably to the initial SOQPSK-TG baseline system.
While the performance is not exact, the gap between resynchronization times has certainly been
narrowed. This begs the question, “If the resynchronization times of SOQPSK-TG were deemed
fast enough to justify a migration to SOQPSK-TG then; shouldn’t similar numbers also justify
the use of ARTM CPM now?
CONCLUSIONS







For the receivers tested, phase noise is well controlled and meets the IRIG-106 phase noise
mask
Detection performance, while not exact between manufactures, was consistent with
established specification limits
Synchronization threshold has been improved upon since the baseline system was designed
and fielded
While there was a wide variation in resynchronization times between the three receivers
tested for both Flat Fade and Initial Acquisition, in general the times have been much
improved
If Doppler shifts and carrier frequency errors are characterized, narrowing carrier acquisition
range can greatly reduce resynchronization time
Current ARTM CPM receiver/demodulators resynchronize on par with the first generation
SOQPSK/FQPSK receiver/demodulators

 Given the measured performance of current generation ARTM CPM receiver/demodulators,
this modulation scheme should be considered a viable modulation scheme for AMT
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ABSTRACT
Systems using single carrier modulations for flight test transmissions perfectly fit noisy and
time selective channels. However, the densification of the airport environment now makes the
aero channel also frequency selective due to multiple reflections on surrounding buildings,
especially while taxiing and taking off. Obviously, this has a direct consequence on hardware
resources and user data rates. In such a context, COFDM represents an appealing solution
thanks to its inherent robustness to multipath fading channels. But a direct application of an
off-the-shelf COFDM standard is not straightforward as these standards are designed for
specific channels whose characteristics are quite different from the aero one. That is why we
made an experiment at Toulouse-Blagnac airport to jointly sound the channel and qualify a
COFDM waveform. This paper then describes the construction of the waveform and the
results of the channel sounding. From this, different standard paradigms are compared.
Keywords: COFDM, doubly selective aeronautic channel, channel sounding, C-band, ICI, BER.

INTRODUCTION
The new programs of aircrafts require from the telemetry systems higher data rates
with an ever demanding quality of transmission in a constrained spectrum. From parking to
far-flight, the transmission must be quasi-error-free. The telemetry systems must be versatile
and must overcome multipath time-frequency dispersive channels as well as Gaussian
channels at low values of Signal-to-Noise Ratio (SNR).
Single carrier modulations like PCM/FM perfectly fit Gaussian channels but are not
inherently robust to multipath frequency dispersive channel and require complex equalization
to mitigate its effects. Thus, multicarrier modulations such as Coded Orthogonal Frequency
Division Multiplexing (COFDM) represent an attractive alternative as they are inherently
robust to frequency dispersion. COFDM is, for this reason, now part of many
telecommunication standards such as DAB, DVB-T(2) ,Wi-Fi, Wimax or LTE.
However, using those standards for Flight Test Instrumentation (FTI) is not
straightforward as all of them have been built and tested on standardized channels sometimes
far from the FTI perspective. The take-off channel is a doubly selective multipath one, so
COFDM inherently mitigates frequency selectivity, but not its time selectivity. The COFDM

parameters have to be carefully chosen to avoid a complex equalization to mitigate the InterCarrier Interference (ICI).
This article first presents C-band experiments that provided the characterization of the
aero telemetry channel, from parking to far-flight as well as simulation materials for the
waveform validation. Then, after a short review of the available standards, it exhibits the set
of paradigms a COFDM waveform should comply to have the ability to mitigate those
channels, along with a capacity above 2bps/Hz. Last, it shows performance results, including
the worst cases of the encountered real channel.
CHARACTERIZATION OF THE C-BAND AERO CHANNEL
In order to derive the main characteristics of the C-Band aero channel like the delay
profile or the Doppler spectrum, a test bench has been prepared and set up at the Airbus’ test
airport at Toulouse-Blagnac. Parallel to this, the goal of this experimentation is also to
estimate the performance of the COFDM waveform in real conditions.
1. COFDM waveform
Using OFDM to sound a channel requires some a priori information such as the
maximum delay
and the maximum Doppler spread
in order to properly set the
guard time
and carrier spacing . As the parameter estimation is based on pilot and
considering that all subcarrier is bearing pilot, the sampling theorem imposes a carrier spacing
upper bound < 1/
, and
>
to prevent ISI (Intersymbol Interference). On the
other hand, the carrier spacing is lower bounded by the Doppler spread and from [1], the
proper estimation of time varying channels requires
≪ . Based on Airbus operational
experience in S-band, the worst case scenario has been portended at
= 15 μ and
= 1600 , thus 1.6
< < 66
.
The second goal of this experiment is to select the best waveform under a constraint of
spectral efficiency, e.g. trying to reach 20Mbps in an 8MHz bandwidth. To do so, simulations
have been performed for different carrier spacing with a constant bit rate, which means
founding for each carrier spacing the best set
,
!" [2]& fitting a worst case channel
scenario. This scenario is constructed by considering that
= 1600
and an exponent
path loss of 3 representative of an in-between semi-urban environment. Consequently,
simulations have been performed on the channel described in Table 1.
Table 1: Power delay profile for the simulated take off channel.
Delay (µs)
0
1
1.5
2
3
4
10
15

Relative Power (dB)
0
-3
-8
-12
-15
-18
-33
-40

Rician K factor
1
1
0
0
0
0
0
0

The following graph is obtained by running the channel on each carrier spacing
set ' ,

,

!" &

()*
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Figure 1: BER vs. intercarrier spacing in the worst case scenario with the target data rate – no coding.

Consequently, the best candidate for experimentation is 20 kHz. Below this value, the
channel estimation MSE (Mean Square Error) is too large due to the ICI. Above, the carrier
spacing is too wide to meet both sampling theorem on frequency pilot spacing for carriers
,-

.
/

and bit rate constraint. From this initial analysis, an adapted experimental

COFDM waveform has been constructed. Its bandwidth is then equal to 8 MHz, the
intercarrier spacing is set to 20 kHz and the FFT size is 512. The binary data is first encoded
with an iterative FEC of rate ½ and then modulated with a QPSK constellation. The Guard
Interval is a cyclic prefix of maximal duration 16µs.

Figure 2: typical block diagram for COFDM signal generation.

2. Test bench synoptic
The COFDM waveform is generated from a PN23 binary sequence. The COFDM
signal is firstly synthesized by software and then transposed in the C-band (with a central
frequency equal to 5.135 GHz) with a SMBV 100 A from Rohde & Schwarz, which is a RF
signal generator. This device is set up in the aircraft and the RF signal is transmitted from
both nose and tail antennae. Two transmission antennae are used to ensure that the data link is
always available, then to avoid some masking effects. A delay equal to 0.4 µs is introduced
between both antennae in order to avoid the flat fading, due to the destructive recombination
of the sum of the nose and tail signals.

The ground antenna then receives the signal, corrupted by the propagation channel and
additive noise. The received signal enters the RTR (Radio Telemetry Receiver), which is a
specific telemetry receiver designed by Zodiac Data Systems. In this particular test bench, the
RTR transposes the received signal from the C-Band to the Intermediate Frequency (IF) equal
to 70 MHz. This transposed signal is finally recorded with a RSR (Radio Signal Recorder).
This device records I and Q samples of an IF input signal. These recorded samples are finally
post-processed by a dedicated analysis software to extract the channel characteristics like the
delay profile and the Doppler spectrum in one hand and the waveform performance in terms
of BER in the other hand. The full synoptic of the test bench is then displayed on Fig. 3.

Figure 3: description of the test bench for the channel sounding experimentation.

3. Exploitation of the RSR recordings
Sessions of recordings have been scheduled from September to December 2012. From
these sessions, almost 15 hours of flight have been recorded. From these recordings and the
follow-ups of these different flights made by Airbus, it is then possible to extract the signal,
and consequently the channel, in some specific aircraft scenarios like parking, taxiing, takeoff, landing and far flight. We here propose worst cases for delay profiles and Doppler
spectrums, extracted from the Airbus’ recordings, for all the aforementioned scenarios.
a) Parking
In a parking scenario, a large part of the recordings gives the expected channel delay
profile i.e. a superposition of two LOS (Line Of Sight) channels, each corresponding to the
LOS propagation from the nose or the tail antenna to the ground antenna. However, it is
interesting to observe that, in some cases, the channel seems to vanish during a very short
while, as seen on Fig. 4.

Figure 4: time evolution of the delay profile – parking scenario.

By exploiting the evolutions of the AGCs (Automatic Gain Control), also recorded by
the RSR, it is confirmed that these notches in the channel evolution are vanishings. This
phenomenon is not clearly explained but it may come from an antenna misalignment. We also
observe during very short periods some reflected paths with a maximal delay equal to 2 µs. In
addition, one of the antennae is here masked by a building, which explains the presence of
one LOS path only. Furthermore, in this parking scenario, the Doppler spectrums are very
close to a Dirac peak, as expected.
b) Taxiing
Due to the configuration of the Airbus’ test airport, it is possible to observe long
echoes in the delay profile, due to the signal reflections on distant buildings. This is verified
by the post-processing of the recordings as seen on Fig. 5.

Figure 5: time evolution of the delay profile – taxiing scenario.

We observe between t=170 s and t=172 s that both nose and tail antennae are visible
by the ground antenna (the discontinuity at t=172 is a software artefact of LOS centring). We
also see multiple signal reflexions in this case, with a long but low-powered maximal delay
(18 µs with power around 20 dB below the LOS). Moreover, the maximal observed Doppler
spread is 400 Hz.
c) Take-off and landing
This is the most demanding scenario as it concurrently holds multipath effects that are
due to surrounding buildings and Doppler effects due the take-off speed of the aircraft. This
can be verified by the delay profile in Fig. 6.

Figure 6: time evolution of the delay profile – take-off scenario.

We clearly observe the presence of numerous but low-powered reflected paths. The
maximal delayed path may reach 19 µs. The slope of these reflected paths are due to the
aircraft shifting and consequently, it is possible to estimate the aircraft speed while taking off
(here around 80m.s-1). We also remark some short time signal maskings from t=97 s and
t=100 s, which can be explained by the presence of numerous buildings between the ground
antenna and the runway. Parallel to this, the observed Doppler spread in a general case is
around 600 Hz. Delay profiles in the landing case are quite comparable to the take-off case
but the reflected paths are more powerful. Consequently, we observe an enlargement of the
Doppler spectrum to 1.2 kHz during very briefs periods, corresponding to long and high
powered echoes.
d) Far Flight
In a far flight context, corresponding to a distance of 100 km from the ground antenna,
we observe the delay profile presented in Fig. 7. This figure clearly shows the presence of
only two LOS paths (due to both transmitting antennae in the aircraft). As expected, the far
flight channel may be assimilated to a Gaussian channel.

Figure 7: time evolution of the delay profile – far flight scenario.

PERFORMANCE COMPARISON OF DIFFERENT WIRELESS STANDARDS ON
REAL CHANNELS
The first goal of the experimental COFDM waveform has been reached and the key
parameters obtained from the experiment enable the reconstruction of a synthetic channel
representative of the real one. We then compare different paradigms from different standards
by running them on the channel described in Table 2, exploiting the results obtained in Fig. 6.
Table 2: real take-off channel @ 80m/s - Dmax = 1200Hz and SNR 30dB.
Delay (µs)
0
0.8
4
10
14
18

Relative Power (dB)
0
-3
-18
-33
-38
-38

Rician K factor
1
1
0
0
0
0

We selected four COFDM-based standards for performance comparisons on this takeoff channel. The values of the guard interval duration and the intercarrier spacing are listed in
Table 3 for each solution.
Table 3: considered wireless standards for performance comparisons.
Standard
ZDS solution
WIMAX 802.16e
LTE
DVB-T2
802.11a (iNet 0.7)

(µs)
6.25
11.43
4.7
31 (19 to 128)
0.8

(kHz)
20
10.94
15
4.47
312.5

Simulation
Yes
Yes
Yes
No
No

The iNet 0.7 solution (fully based on the IEEE 802.11a standard) has not been
simulated because it has been first designed for an indoor environment. Consequently, the
channel estimation is mainly done on block type pilot (preamble) with a few scattered pilots
(4 to 64), and [3], [4] prove that this standard is not adapted in a mobile outdoor environment.
Nevertheless, we checked by simulation its inability to make an error-free transmission at the
lowest required rate (6.4Mbps) on the take-off channel of Table 2.
DVB-T2 has not been simulated either because the ratio
/ is here equal to 0.26,
which is too high to ensure a good robustness to time selectivity. We then require at least a
decision feedback equalizer (DFE). This solution necessitates the channel state information in
the time domain to avoid an error floor at high SNRs [5]. However, the presence of significant
long echoes above /2 = 15.5µs cannot justify such an implementation and, as suggested by
Fig. 2, reducing ICI at ISI cost is more efficient in terms of BER and hardware resources. The
main asset of COFDM in flight test transmissions is its immunity to multipath channels, but at
Peak-to-Average Power Ratio (PAPR) cost. This cost can be justified as long as its
complexity is less than Single Carrier ISI equalization, which is inherently robust to ICI.
Other waveforms have been simulated on the take-off channel (see Fig. 8) in keeping
overhead for each standard constant and in selecting the best scattered pilots repartition and
guard time for each one. A standard LS equalization has been performed for each paradigm
with a 4/5 and 2/3 code rate FEC leading to a bit rate equal to 20 Mbps and 16.8 Mbps
respectively. The number of iteration is implementable in an up to date FPGA.
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Figure 8: BER performance for standard paradigms on take-off channel.

None of the waveform is error free at 20Mbps during the take-off. However, the
experimental waveform is the only one to be error free at 16Mbps. This was expected as the
experimental waveform is the one with the lowest
/ ratio. This is also the reason for
this waveform to have the greatest margin to mitigate the Doppler spread as shown by table 4.

Table 4: Waveform capacity vs. Doppler spread on the take-off channel.
Maximum rate
= 1200Hz
16.8 Mbps
8.4 Mbps
12.6 Mbps

Standard
ZDS solution
802.16e
3GPP

Maximum rate
= 2400Hz
12.6 Mbps
6.4 Mbps
10 Mbps

Maximum rate
= 3200Hz
10 Mbps
BER=0.01 @ 6.4 Mbps
6.4 Mbps

TESTS ON RECEIVER

BER

Our experimental waveform has been first implemented in a RTR receiver with a LS
equalizer. The obtained results are very similar to the simulations as shown in Fig. 9. The
same inflexion point, caused by the combination of the limited number of FEC iterations and
the power increase due to long echo flashes, can be noticed.
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Figure 9: Receiver first results on take-off channel.

First results in a far-flight scenario are also encouraging, as seen on Fig. 10, but should
be improved in a near future.
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Figure 10: Receiver first results vs. target performance on AWGN channel.
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CONCLUSION
In this paper, a COFDM waveform has been presented, enabling to jointly characterize the
aeronautical channel at Toulouse-Blagnac airport and qualify a waveform with a capacity of
2.1bps/Hz. Other standard paradigms have been tested on the sounded channel and have been
proved to be less performing in terms of BER. This result was expected as those standards
have been built to meet their target channel requirements, indoor channel for 802.11a,
vehicular-A channel model for full mobility for 802.16e e.g. 120km/h max [6] or 250km/h
typical in rural outdoor environment for LTE 3GPP (to be halved in C-band) [7].
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TELEMETRY NETWORK SYSTEM (TMNS)
LINK MANAGEMENT ALGORITHM VERIFICATION
Ray O’Connell
RoboComAI LLC
Cincinnati, Ohio USA

ABSTRACT
Telemetry Network System (TmNS) contains a centralized link manager which allows efficient
use of the frequency spectrum by dynamically allocating capacity to transmit based on need and
priority. To verify the accurate operation of the telemetry system link management algorithm
prior to system demonstration, a combination of novel techniques were leveraged in the areas of
modeling and simulation, and test bed verification. This paper will cover the process of
verifying the link management algorithm from the use of the OPNET iNET simulation to test
bed radio simulators along with the developed test bed tools used to capture the results.

KEYWORDS
Link Management, TDMA, TmNS, iNET, QoS
I. INTRODUCTION
This paper brief covers the design tools used in the development of Link Manager (LM)
Component of the iNET Telemetry Network System (TmNS) which is funded by the Central
T&E Investment Program (CTEIP). The LM plays a key role in the assignment of capacity to
networked telemetry radios sharing the same allocated frequency. During the development of
the Link Manager, two visualization methods were developed to support the development, use,
monitoring, testing, and maintenance of the application. The unique visualization methods that
were developed to verify the operation of the LM are the focus of this paper.

II. INET LINK MANAGER OPERATION OVERVIEW
The RF Link Management system optimizes the use of frequency allocations on the test range
through the use of a centralized link manager. Each allocated frequency is managed by a TDMA
channel access scheme which divides the time into epochs, where one or more transmit
opportunities (TxOPs) are allocated to each link. The TxOP messages are sent from the Link
Manager on the ground network to ground radios and to the test article radios through uplinks
from ground radios.
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The Link Manager is located on a high speed ground network and controls radios interconnected
by the ground network, as well as radios reachable by the ground network radios, as shown in
Figure 1. Queue load information for each of the traffic class based radios queues is sent to the
Link Manager each epoch. The Link Manager then uses local link prioritization rules which are
controlled by test mission Metadata Description Language (MDL) files and operator input to
compute the distribution of capacity in the network. The capacity assignments then are
distributed to the radios in the network for use in the next epoch of TDMA communications.

Figure 1 – Link Manager and Network of Ground and Airborne Test Article Radios

The allocation of capacity by the Link Manager is composed of a fixed minimum amount of
capacity required for operation along with a dynamic component that is based on current
demand. In the allocation process the Link Manager sorts through current active links and their
demand, mission priority and demand reported in queue status messages to generate the
allocation for the next epoch as shown in Figure 2.
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Figure 2 - Link Manager Network Capacity Allocation
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III. INET LINK MANAGER IMPLEMENTATION OVERVIEW

The Link Manager is run as a daemon process on the Linux desktop platform and is coded to
support the cross platforms of Linux, Windows and OPNET Simulation. The current main
development track for demonstration is Linux based. Linux has real-time processing advantages
which makes it a more attractive solution for higher performance scheduling. Architecturally,
the software is logically divided into four major functional areas: LM External Interface Layer,
Link Management Layer, LM Operating System (OS) Abstraction Layer, and LM Common
Services Layer. The architecture of the Link Manager software minimizes interdependencies
among components, increasing extensibility and reliability while providing a flexible framework
for deploying the Link Manager software onto heterogeneous platforms. A representative Link
Manager CSCI software architecture is depicted in Figure 3.

iNET Link Manager CSCI Software Architecture
LM Common
Services Layer

LM External Interface Layer
HTTP
Interface

Console
Interface

FTP
Interface

RbcNV
Interface

SM
Interface

RFNM-LM
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PTP Daemon
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LM-LM
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LM-LA
Interface

LM-QM
Interface

Link Management Layer
LM Process

Logging Service
Trace Logging

LM Secondary
Threads

Other Services

LM OS Abstraction Layer
Linux Adapter

Windows Adapter

OPNET Adapter

OS Layer

Figure 3 - Link Manager Software Architecture

The Link Manager utilizes both multithreading and multi-core approaches to exploit the
concurrency in its computational workload. To provide for 100% reliable scheduling, the Link
Manager platform benefits from performance tuning. Performance tuning of the Link Manager
platform consists of run time CPU shielding. This is a practice where on a multiprocessor system
or on a CPU(s) with multiple cores, real-time tasks can run on one CPU or core while non- realtime tasks run on others, and real time thread priorities for application threads are used with the
Linux scheduler. Changes are made runtime by the Link Manager based on thread priorities and
CPU cores available on the hardware platform. An example of the allocation of the Link
Manager daemon on a Quad Core process is shown in Figure 4.
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Figure 4 – Allocation of Link Manager Processes on a Linux Platform with a Quad Core CPU
The Link Manager utilizes the Intel Threading Building Blocks (TBB) [3] concurrency
collections in the implementation for creating table content which is concurrently accessed from
a thin client interface, secondary threads, and a custom binary messaging protocol to an upstream
controller. The TBB concurrency collections are non-locking thread safe collections (equivalent
to STL collections in APIs) but avoid locking and therefore multi-threaded concurrency issues
(priority inversions, deadlocks, livelocks, convoying, etc.). The TBB scheduler itself was not
used for the Link Manager as it does not currently support either real time thread priorities for
the worker threads in the pool, nor thread affinities for CPU pinning and isolation.
IV. INET LINK MANAGER TEST AND VERIFICATION SETUP
To test the Link Manager at the development site prior to integrations and demonstration the test
set up shown in Figure 5 is used. The test setup leverages a number test applications and
emulators to take the place of TmNS components during testing.

Figure 5 - Link Manager Platform Test Setup
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The platform test setup shown in Figure 5 is composed of the following key components:


Timing
o External Timing Master running as a PTP Master on the ground network. This sets the
timing for the radio simulators and LM



System Management
o Control of LM system state and verification of status values with SnmpB Application



RF Network Management
o Application to exercise of the LM external network management interface using RANs
format and SNMP control/status messages



Initialization
o MDL Test Document which is read in automatically and under user control to set the test
configuration. The MDL file can be loaded in using the thin client web based interface



User
o



The User interface is a thin client application which can be run on the LM computer
directly or remotely through a network connection.

Radio
o The radio simulators are applications developed to exercise the LM-to-radio interface. It
exchanges time sensitive LM formatted messages with the LM

The Radio Simulators run as applications on Linux computers connected to a ground network as
shown in Figure 6. The application receives messages from the LM and returns link and queue
status messages. Radio Simulator application has the ability to load in a CSV formatted file with
queue levels and link metrics for generation of known radio test patterns.

Figure 6 – Radio Simulator Application User Interface

5

The thin client interface used for test and evaluation is shown in Figure 7 and has a number of
status and configuration options to support test and verification. It is a first generation of the thin
client interface which will evolve over time to meet the needs of the demonstration of the LM
capability.

Figure 7 - Link Manager Thin Client Interface

V. INET LINK MANAGER VCD TEST FILE GENERATION
In order to capture the state of the Link Manager and the network allocation process both in
OPNET simulation and on the Linux platform, a novel approach was taken to leverage freely
available timing state viewers. Rather than save state data in a custom format and in line with
the development of the Link Manager for the test range community, the ability to log internal
state variables by the creation of Value Change Dump (VCD) [4] capture file was developed.
Internal state values including information content and time of arrival for protocol messages as
well as internal state information such as capacity allocation data are stored in the standard
format. The target hardware platform used the same tools and techniques that were applied in the
OPNET simulation to provide a common test framework. The core TDMA allocation algorithm
was common coded to provide increased fidelity to the simulation.
To provide the VCD capability the Link Manager is instrumented to generate runtime trace
information that is logged into acquisition memory, which is later converted into a VCD file for
graphical display of timing relationships. The information logged also includes thread duty
cycles to log thread efficiencies and timing. Figure 8 shows a sample capture of timing
relationships using the open source GTKWave VCD [5] viewer. When developing the trace
logger, RoboComAI was mindful of the observer effect [6], where the act of instrumented the
application for tracing has the potential for changing the behavior of the application itself. To
solve this issue, a custom non-locking non-waiting interface was developed to trace acquisition
memory to allow multiple threads to generate trace information in a thread safe manner void of
6

potential concurrency issues. This technology can be used with any application which requires
insight into thread timing and signal relationships.

Figure 8 - Link Manager VCD Output File Displayed in GTKWave Viewer

Waveform viewers are used in conjunction with the simulation of a digital or analog hardware
operation or integrated circuit design. The waveform viewers can support the use one of many
different file formats. The VCD format was selected for this application since it was the most
common among viewers and was supported by freeware viewers. Of the viewers that we used,
the GTKWave viewing tool proved to be reliable and most often used for analysis of the OPNET
simulation parameter output files. In order to isolate the time sensitive components of the Link
Manager code from the VCD state output process, an intermediate VCD Memory Store was used
to save state information until saved to a file as shown in Figure 9. For the OPNET simulation
the same base code used to capture VCD output during a simulation.

Figure 9 – Platform State Variable Capture to VCD File
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VI. SIMULATION AND PLATFORM NETWORK VISUALIZATION TOOL
To support viewing of live data, which is not supported by the VCD file viewing process, a client
application developed by RoboComAI in C# .NET is used as shown in Figure 10. The
application interfaces to the platform Link Manager or the OPNET simulator. Using the same
analysis tool for both provided a common way of viewing the results that was useful in analyzing
the Link Manager operation. The application receives a stream of UDP packets from the
platform or OPNET simulation.

Figure 10 – OPNET Simulation Output to Network Visualization
As different network scenarios were verified the parameters were streamed over an IP-UDP
connection to the charting application located on a remote computer. The charting application
displayed the selected simulation parameters and allowed the saving of the complete set of
streamed simulation parameters for later replay. When re-viewing the simulation data the
charting application allows the selection of parameters of interest each time the simulation output
is replayed. The interface to the network visualization is configurable by the thin client interface
to the Link Manager as shown in Figure 11. The settings in OPNET are through the simulation
attribute interface.

Figure 11 – LM Platform Setup for Network Visualization
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V. CONCLUSION
TBD.
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NETWORK-BASED DATA ACQUISITION SYSTEM FOR
FLIGHT TEST
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ABSTRACT
The Boeing Test and Evaluation flight test organization tests many airplanes each year. Most of
these tests involve 50 to 100 parameters and one or two flights. Airplane certifications may
require up to 250,000 parameters and last for months.
For the last 20 years we have wanted a modular system that would allow us to use the minimum
acquisition hardware required to do the job. At the same time we wanted to train the
Instrumentation engineers for a single system. We have achieved both goals with a networkbased data acquisition system.
We solved the lack of determinism with Ethernet by time-tagging all data in the Data Acquisition
Units (DAU) using IEEE Std 1588 Precision Time Protocol. The DAUs themselves are small
modules which allow us to install just the DAUs that we need for a given program. This has
allowed us to implement the full range of systems yet have all of them operate with the same
hardware and software. This paper discusses the architecture that we implemented and our
successes with this system.

DATA ACQUISITION & RECORDING SYSTEM GOALS
In the world of commercial transport flight testing we don’t use a platform that is devoted
exclusively for testing; rather we take an airplane off of the production line, use it for your tests,
remove the test hardware, refurbish the airplane and deliver it to an airline.
The other aspect of our testing is the range of the size of the tests. We test as many as 50
different airplanes a year. Most tests involve a few tens or hundreds of measurements and from
one to a few flights. However, the certification of a new airframe or major modification of an
existing model may require measuring a few thousand analog parameters and a few hundred
thousand parameters from digital avionics buses. This testing may go on for months.

These considerations led us to develop a highly modular system so that we could use as little
instrumentation as possible for a small test and as much as is required for a large test program.
The goal was to have one system that could be configured differently for different tests while
maintaining the same look and feel for the user regardless of the complexity of the system. We
also wanted to be able to add new hardware to the system without changing major portions of the
system.
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THE SYSTEM FROM A HIGH LEVEL
The system consists of a number of DAUs, a Time Code Generator, a Management Server, a
Telemetry Processor, one or two recorders and a real-time data processing system. All of these
elements are interconnected using an Ethernet network. All of the DAUs in the system transmit
their data using 100 Mbit Ethernet. The switches pass the data up to a central switch with both
100 Mbit and one Gbit ports. The receiving devices on the network, i.e., the recorders, the
telemetry processor and the real time data processing system, are all connected to the Gbit ports.
The user interfaces are either Microsoft Windows-based PCs or laptop computers running as X
Terminals.

DATA ACQUISITION UNITS
For the initial system we purchased eight different data acquisition units (DAUs). Each was
designed to accept data from a different source. Two of them accept data directly from analog
sources and the other six are used to acquire data from digital avionics buses. The list of DAUs
available in the system is given in Table 1.
Table 1 List of DAU Available in the System
Data Acquisition Unit
Analog DAU
Video DAU
ARINC-429 DAU
ARINC-629 DAU
ARINC-664 DAU

HFCI DAU
GPSI DAU
Ethernet DAU

Description
Acquires data from analog transducers & signals in production systems
Acquires data from video cameras & provides MPEG 2 compression
Acquires data from up to 32 production ARINC-429 avionics buses
Acquires data from a single production ARINC-629 avionics bus
Acquires data from a single production ARINC-664 avionics bus
Acquires data from a proprietary Honeywell Flight Controls Interface
(HFCI)bus
Acquires data from legacy devices using a proprietary General Purpose
Serial Interface (GPSI)
Acquires data from an Ethernet interface that transports data using the
UDP/IP protocol.

The most common DAU in most systems is the analog DAU. This is used to acquire analog data
from flight test-installed transducers or from analog signals within the production systems. It
packs the data into frames very similar to IRIG 106 Chapter 4 Pulse Code Modulation (PCM)
and transmits them over Ethernet. The other unit that accepts analog data is the Video DAU. It
accepts signals from a video camera, digitizes the signal, performs MPEG II compression and
outputs the data over Ethernet. The other six units are Ethernet DAUs that are used to acquire
data from within the Flight Controls Computers that does not appear on one of the avionics buses
but is needed for test purposes. This data is packed into Ethernet Frames and output over the
Data Acquisition & Recording (DAR) Ethernet. Three of the DAUs are designed to acquire data
from standard avionics buses. These are the ARINC-429 DAU, the ARINC-629 DAU and the

ARINC-664 DAU. Another DAU was designed to accept data from the Honeywell Flight
Controls Interface, which is a proprietary bus that is used in some Flight Controls systems. The
last DAU is what we call the General Purpose Serial Interface (GPSI) and it is used to acquire
data from legacy systems and from specialized instrumentation like the pressure belts that are
used to measure wing loading.

DAR PROTOCOLS
The data format within the Ethernet packets is unique to the DAR system. Beyond that point,
however, all of the protocols used in the system are industry standard protocols.
• The system is managed using the Simple Network Management Protocol (SNMP).
• The controls are designed for the system but the protocol used is standard SNMP.
• The File Transfer Protocol (FTP) and the Transport Control Protocol (TCP) over the Internet
Protocol (IP) are used to transport setup files around the system.
• The data output of the DAUs uses multicast User Datagram Protocol (UDP) over IP.
• The TCP is used where it is critical that the data be transported without any bit errors.
• The UDP, which is known as “unreliable” because it does not retransmit bad packets, is used
for the data transmission because it requires less network overhead. (As far as it being
unreliable, because we are on a dedicated network we typically acquire hundreds of
gigabytes of data without seeing any errors. By multicasting the UDP data we do not require
data to be transmitted more than once for it to be acquired by multiple receiving devices.)
• Each receiving device uses Internet Group Management Protocol (IGMP) to tell the switches
which messages should be routed to them.
• The final protocol that we need to consider is the IEEE Std 1588 Precision Time Protocol
(PTP). This is used to give all elements of the system a common sense of the time of day.
The DAUs maintain the Time of Day, which is synchronized with the Time Code Generator
within a microsecond. This time is used to time-stamp the data as they are received. This
allows the time that any data were received to be known despite the fact that they were
passed over the Ethernet which puts variable delays between the source and the receiver of
the data.

NETWORK SWITCHES
The Ethernet switches used in this system are basically standard managed Ethernet switches with
two major differences.
The first difference is that they support the Precision Time Protocol (PTP) in hardware. Any
switch will pass the PTP messages, but the delays incurred are not managed, so the precision of
PTP is degraded. The switches used in this system maintain the timing using a hardware
technique known as Transparency so that the precision of the PTP is not lost as it passes through
the switches.
The other difference with the switches used in this system is in their ability to handle hundreds of
multicast addresses. Most standard switches will handle a dozen or so multicast addresses and

that is totally inadequate for this system. The switches that we purchased for this system had to
be modified after we purchased them to keep them from dropping packets. The modification
involved rearranging the buffers to be more like a carrier Ethernet switch and less like an
enterprise switch. Once this change was made the problem of dropped packets disappeared.

MANAGEMENT SERVER
The Management Server is the controlling element in the system. It provides a number of
Graphical User Interfaces (GUIs) that allow the user to configure all of the other elements of the
system. It can define the topography of the system and report which devices are connected to
which ports on each switch.
It also has a GUI that reports on the status of each DAU in the system. To accomplish this it
periodically uses SNMP to poll each DAU and to read back status variables. For critical errors
the DAUs can send an SNMP Notification which acts like an interrupt to tell the Management
Server that something is going wrong. The Management Server uses the status that it acquires to
create log files that are copied to the data recorder at the end of a test and saved along with the
data. These are very useful when trying to troubleshoot problems with the system.
Once the system is set up and started it can run without the Management Server, but the GUIs
and the log files would not be available.
The Management Server is basically a set of software that can run on any of several computing
platforms. We have run it in a standalone chassis using Compact PCI cards, on a PC running
some of our real-time processing and on a laptop.

RECORDER
The system software is designed to allow up to four data recorders in one system. However the
typical system uses two, a primary and a backup. The recorders subscribe to all of the multicast
addresses that are being used to transmit data. They remove the parts of the message headers that
are just there to transport the data and then record the message payload.
We have two different types of recording media. One type used rotating disks in a RAID
configuration. The other media uses solid state memory. One lesson that we have learned is that
though rotating disks cost less initially they are not a durable as solid state and do not stand up
well in an airplane environment.
In addition to acquiring and recording the data, the recorder also checks the sequence number
associated with each multicast address for missing messages. It reports any missing messages to
the Management Server for display and logging.

TELEMETRY

Telemetry is generally not used in most of our testing. However, for Initial Flight Worthiness
testing and for flutter testing telemetry is required.
The difference with our systems is that they are not based on IRIG-106 Chapter 4 PCM, so using
a conventional system to transmit the data would require giving up many of the advantages of the
system. If we were only telemetering synchronous analog data, using Chapter 4 PCM would
make sense; but we are also telemetering avionics bus data and we would lose the timing
information if we forced it into a PCM frame.
What we actually transmit is technically PCM, but it is not in compliance with IRIG 106. We
still had to solve many of the same problems that IRIG 106 addresses. We need a continuous bit
stream and we need a way to obtain word and message synchronization on the received data. We
also need a way to detect when the synchronization is lost.
We faced a similar problem with our previous system and we solved it in much the same way. In
that case we were also dealing with data that were in packets. If one word from a packet was
requested then the entire packet was transmitted. That system completely filled all available
bandwidth. Since we were moving to a system with five times as much data we developed the
format described in Figure 3.
With this system we transmit only requested data, not the entire packet. Each packet is preceded
by a synchronization (sync) pattern. The sync pattern is followed by either another sync pattern
or a label. The receive system searches for the sync pattern to obtain word synchronization. Once
it is in word synchronization, it starts looking for a label. From the label, it looks up the expected
length of the message. It checks that after the expected number of words it finds another sync
pattern. After repeating this process a programmable number of times it declares that it has
message sync.
It then goes looking for time messages and, after finding two in a row that have the correct time
interval between them, it declares that the system is in lock. This system is not as fool-proof as
the system in IRIG 106 Chapter 4, but it has proven quite adequate for our needs.

TELEMETRY PROCESSOR
We use one set of hardware for either the Telemetry Transmit Processor or for the Telemetry
Receive Processor. A bit in the configuration file is used to cause the unit to boot up running the
appropriate software and with the FPGA loaded to perform the desired function. The hardware
for the Telemetry Processor consists of one Compact PCI processor board and an I/O board that
converts the Gbit Ethernet from fiber optics to electrical and an FPGA that handles the
transmission and reception of the data.
When configured as a Telemetry Transmit Processor, the unit subscribes to the requested
multicast addresses from the Gbit Ethernet port. It then examines the incoming messages to see if

they contain data that have been request to be telemetered. If one or more words in the message
have been requested for transmission, a Telemetry data frame is constructed and transmitted. If
there are no data available to transmit, sync patterns are transmitted to maintain a continuous bit
stream. Periodically the processor transmits a Major Time Message. The Major Time
transmission interval is programmable but is typically about ten times per second.
When configured as a Receive Processor, the unit first synchronizes to the incoming data stream.
Once in sync it examines each incoming message. From the message label it can look up in its
setup information the number of words in the original message and which words were requested
to be transmitted. With that information it attempts to reconstruct the original message.
Each transmitted message contains 24 bits with the four least significant bits of the seconds’ time
word and the nano-seconds time word divided by 1000 to produce microseconds. From this time
information and the most recent Major Time word, it reconstructs the time that was on the
original message. The only difference is that the original time word had nano-second resolution
and the reconstructed time word has only microsecond resolution.
For words that were not transmitted, it substitutes all zeros for the missing data. It places the
words that were transmitted into the same position within the message that they were in in the
original message. In addition it creates a Mask packet that contains all zeros in words that were
not transmitted and one’s in the words that were transmitted. The message is then transmitted on
the Gbit Ethernet port.

Figure 2 System Used to Certify a New Airplane

Figure 3 Telemetry Data Transmission Format

INET SIMILARITY
Because the iNET standard has not been released and this system has been in use since 2009, it is
not fully compatible with the proposed iNET standard. However, it is very similar to the iNET
system. Both systems use much the same general architecture.
There are two major differences between iNET and the Boeing system. One is in the data
messages. Both acquire one or more packets of data from the source and place those packets into
a data message for transmission. Besides calling them two different names, the message and
segment (iNET Package) headers are different. The other major difference is in the handling of
telemetry. Boeing built their telemetry system to a different set of requirements and met those
requirements using a different technique. The iNET approach is to use conventional IRIG 106
Chapter 4 PCM to telemeter the bulk of their data. This produces a lower data latency than what
can be achieved using a network based system.
We are achieving around 50 ms latency if we transmit directly from the airplane to the ground
receiving station. If we get to a location where we do not have line of site from the ground
station to the airplane then we receive the data at a remote station and then relay it either using
Telemetry over Internet Protocol (TMoIP) or a satellite link, and those relay links add
significantly to the data latency.

CONCLUSIONS
This system has been used on two major airplane certifications and numerous smaller tests. It has
proven to work very well. We expect to use it for several years to come. We would have
preferred to use a system that was built in accordance with the iNET standard or something like
iNET, but the timing of the need was wrong.
One point that anyone trying to use this type of a system should keep in mind is with regard to
the PTP time. You can mess up the system very quickly if you are not careful what you are
doing. If the time on the Time Code Generator changes after the system has started recording, a
recording that will be extremely difficult or impossible to process will be produced.
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ABSTRACT
This paper describes some of the security challenges faced by Wireless Sensor Networks (WSN).
A classification and analysis of prominent attacks on the routing protocols of WSN is provided,
along with a review of recent developments in the field to help mitigate the impact of these
attacks
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INTRODUCTION
New innovations in wireless ad hoc networks, battery technology and solid state electronics have
increased the scope of application of wireless sensor networks (WSN). They are used in diverse
applications including Environment Observation and Forecasting Systems and Structure Health
Monitoring Systems. They are suitable for military use for battlefield surveillance, targeting,
damage assessment and biological attack detection [1]. These developments demand novel
schemes to be associated with WSNs for enhanced performance and reliable security.
Consequently trustworthiness and security of these systems become the basic design concern.
A step towards this direction is the development of novel secured routing protocols. Several
routing protocols are designed to specifically thwart the effects of widely recognized attacks. A
systematic study shows that they are based on unconventional methods and are a result of novel
concepts. This work provides an investigation of secured routing schemes.
Section II provides a background to our study. In section III we classify the prominent attacks on
routing protocols of WSNs. In section IV we discuss countermeasures to these attacks. In section
V we note the recent developments and upcoming trends and section VI concludes our study.

BACKGROUND
Incorporation of security features typically involves introduction of data redundancy and
mathematical operations such as encryption and decryption. Such operations demand additional
power, processing speed and memory. However WSNs are severely limited on most of the
resources. Therefore it is relevant to examine the limitations of WSNs that will allow a judicious
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choice of the security protocol. In view of this requirement this section provides an overview of
the prominent constraints in WSNs that can affect the feasibility of implementation of a security
protocol.
ATmega128L and MSP430 are commonly used processors in WSNs. ATmega128L is a lowpower microcontroller with 128KB memory and 4KB RAM [3]. MSP430 is an Ultra-LowPower microcontroller with 512KB memory and 64KB RAM [4]. The highly limited memory
and RAM indicate the need for compact, robust security algorithms that are less demanding on
memory. In [2] an account on the specifications of the prominent systems used in WSNs is seen.
Energy is one of the most limited resources available at the nodes of a WSN. In the applications
where WSNs are deployed in unattended environments, it may not be practical to recharge the
batteries during operation. Basic functionality of WSNs includes transmission, reception and
storage of data that are process that consume noticeable amounts of energy. This requirement
has motivated innovation in battery technology [5] and new energy management schemes [6]. It
is critical that the security algorithms associated with WSNs are highly energy efficient with
minimum computations and using very limited amounts of memory.
The unreliable communication in WSNs is associated with loss and damage to the data packets
and is susceptible to attacks. This adds additional challenges in ensuring the secured performance
of the WSNs. The choice of routing protocols determines the reliability of communication. Also,
it is often required that the chosen protocol has features that provide immunity to variety of
attacks.
ATTACK ON WSNs
The types of attacks that affect WSNs are unique. There is a wide scope for attacks since the
WSNs operate in hostile environments. The common attacks that target the routing protocols are
included in one of the following classifications [7]
Spoofed or altered routing information
Routing information typically includes source address, destination address, next hop location,
hop limit, data-type, etc. Unauthorized alterations of these fields can severely reduce the
performance of the network. Formation of network loops, routing through sub-optimal paths,
network partition, traffic congestions, undesired repelling of the traffic and increase in end-toend delay are some of the common consequences of this attack [8].
Sinkhole attacks
Sinkhole is a compromised node that attempts to attract traffic through itself by broadcasting
fake information of identity to alter, drop or analyze the data packets. The effect of this attack is
more pronounced in proactive routing protocols that develop the routes on the go. A sinkhole
attracts packets through all of its neighboring nodes and creates a region of high data density in
the network. A single sinkhole node is known to attract significant amount of traffic to an extent
that the entire network is compromised. A typical method of sinkhole attack is discussed in [10].
Selective forwarding attack
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When a malicious node selectively drops packets it is identified as selective forwarding attack.
The communication link between the nodes of the WSNs is unreliable. Consequently a certain
loss of packets during transfer is expected. This makes detection of selective forwarding attack
challenging. Selective forwarding attack in combination with sinkhole attack is seen to be highly
effective in disrupting the operation of many routing protocols such as TinyOS beaconing,
directed diffusion, GPSR, GEAR [13]. Figure 1 and figure 2 demonstrate the possible cases of
selective forwarding attack [14].

Figure.1 Selective forwarding attack with single malicious node

Figure.2 Selective forwarding attack with multiple malicious nodes
Sybil attack
A single compromised node appears to be different nodes at different instances of time.
Reference [18] discusses the following common consequences of Sybil attack:
1.
Distributed storage: Replication of data is a common feature in WSN. In case of Sybil
attack this architecture is disturbed since the data is stored in fake identities generated by a single
node.
2.
Routing: Powerful routing techniques such as multipath routing and geographic routing
are ineffective in fighting Sybil attack since the multiple paths may essentially be routed through
a single Sybil node.
3.
Data aggregation: Due to lack of resources in WSNs certain nodes are assigned to
aggregate and store data. The Sybil node can store junk information posing as a new user many
times and thereby depleting valuable resources
4.
Voting: In WSNs a method of voting to take a decision is often seen. Sybil attack can
easily control the outcome of posting fake votes in disguise of many nodes.
5.
Misbehavior detection: Several schemes and principles are implemented to detect
misbehaving nodes. The Sybil nodes can manipulate such schemes that can render the network
to be incompetent of intrusion detection.
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6.
Attack on VANETs: Vehicular Ad Hoc Networks (VANETs) are used to determine
critical traffic information. A Sybil attack on VANETs can project illusion of false traffic or
traffic congestion. This can have serious impacts that can be detrimental to passengers of a
vehicle.
The Sybil attack is known to reduce effectiveness of distributed storage, dispersity and multipath
routing and topology maintenance [8]
Wormholes
Reference [20] provides an elegant description of wormhole attacks. Consider a malicious node
A that tunnels packets to another malicious node B and node B replays the packet in the network.
This creates an illusion of a short path usually of one or two hops between node A and node B.
Such a pair attracts significant traffic in the network. This setup forms the premise for attacks
such as selective forwarding attack or eavesdropping. Deployment of wormholes at strategic
locations can make this attack extremely effective. For instance if a node in the proximity of a
base station forms a wormhole pair with another malicious node the whole routing may be
disrupted [8]. Wormhole attacks can be designed to prevent discovery of desired routes or
disrupt the functioning of an established route and cause selective forwarding attack which
qualify as instances of Denial of Service. They can also hinder the functioning of the access
control systems [21].
HELLO flooding attack
In wireless ad hoc networks it is required that the nodes exchange information so that every node
in the network knows the other reachable nodes. A common method to broadcast the existence
of a node in a network is by flooding HELLO packets. Routing protocols allow periodic
broadcast or event driven broadcast of HELLO packets. When node B receives a HELLO packet
from node A, node B assumes that node A is within its transmission range. A laptop class
adversary can use this fact to flood the network with fake HELLO packets of considerable signal
strength. The nodes assume adversary to be a neighbor while in essence they are separated by
several hops. Therefore packets routed to the adversary are deviated away from the actual
destination. Effectively every route can get directed towards the adversary and the network will
be compromised. HELLO flooding attack is a major threat since it is easy to implement and
highly effective in disrupting the reliability and performance of the entire network. [8, 22]
COUNTERMEASURES
Spoofed or altered routing information
Spoofing the routing information is a direct attack on the routing protocol that can quickly
degenerate the network. Eavesdropping, data modification and MAC spoofing are some attacks
that can be classified in this section. It is a fundamental objective to gain immunity from such
attacks to ensure privacy, reliability and trustworthiness of the sensor networks. To implement
such a system the routing protocols must include security mechanisms that offer data integrity,
confidentiality, availability and key management. The classical methods of cryptography have to
be modified and enhanced to meet the special challenges associated with WSNs. Further the
design of security architectures depends on application of WSNs. It is noticed that that the
Medium Access Protocols such as CSMA, polling, token ring or RTS/CTS are susceptible to
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attacks, for example the attacker may flood duplicate RTS (Request To Send) and CTS (Clear To
Send) packets. An approach to address this problem has been development of routing protocols
in augmentation with broadcast authentication protocols, for example TESLA (Timed Efficient
Stream Loss-tolerant Authentication) and Ariadne [9].
The key generation and distribution is a critical part in development of secured routing schemes.
It is seen that asymmetric key ciphers that use clock synchronization and delayed key disclosure
methods are developed for this purpose. A one-way key chain is generated by repeatedly
computing hash functions using robust methods such as Coppersmith and Jakobsson method.
Some general concepts involved to make the process of routing immune to spoofing attacks
includes limiting the maximum number of hops, use of MAC and digital signatures for
authentication and non-repudiation and use of control packets to indicate transmission, reception
or error in routing. It may be relevant at this point to analyze the features of a control packet.
Fig.2 shows different fields of an error control packet.
Error
Number

Sender Address

Receiver address

Time to destination

MAC of the previous
fields

Key

Figure.2 Error control packet
The error packet is seen to have six fields. The first field has an error number that suggests the
kind of error encountered. The address of a node that fails to send the packet is allotted the
second field. The address of a node that fails to receive the packet is allotted the third field. The
remaining fields ensure security. The fourth field has an estimate of the maximum time that an
error packet may take to reach the source. This will ensure the fake packets to be discarded.
MAC is used for authentication. The final field allows intermediate nodes to evaluate the error
packet. This idea has been conceived in [9].
Sinkhole attacks
Use of SNR and received signal energy metrics is a common method for detection of sinkholes.
The instances of this method are discussed in this section. Link Quality Indicator (LQI) based
routing protocols such as LOAD (6LoWPAN Ad Hoc On-Demand Distance Vector Routing) are
highly suitable for WSNs. Choi et al. [11] has developed sinkhole detection scheme for LQI
based routing for WSNs. LQI is a reactive protocol with two stages – route discovery and route
maintenance.
These processes need to be immune to sinkhole attack. In route discovery stage sinkhole can
alter the LQI tables that note link cost between nodes to route the traffic through itself and during
route maintenance it transmits strong control signals requesting for data packets. Detector nodes
are used maintain a path cost table between other detector nodes that notice illegal alterations in
the LQI tables. Fake control packets issued by the sinkhole are detected with use of the LQI
tables maintained at every node.
Ad-Hoc On Demand Vector (AODV) is another common routing protocol used in WSNs. A
simple four stage secured AODV is proposed in [10]. The routes are established in the
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initialization phase and are stored in the storage phase. The following investigation stage is for
security that allows comparison of the routes developed with the previous ones to check for
aberrations followed by a resumption phase that resumes the operations of the default AODV. A
generic approach to security against sinkhole attacks is given by Tumrongwittayapak et al. [12]
that records security algorithms that use trust scheme applied to a routing protocol and
construction of a network flow graphs. They present a new scheme uses Extra Monitor (EM)
nodes associated with the base node to eavesdrop all traffic to record Received Signal Strength
Indicator (RSSI) for source and destination pairs to create a Visual Geographic Map (VGM).
The RSSI is compared with those calculated during the initialization of the network for detection
of sinkholes.
Selective forwarding attack
Resistance to selective forwarding attack can be realized in two ways that are multipath based
schemes and node detection based schemes that are discussed in this section.
Multipath based schemes
A prevalent scheme to thwart variety of attacks is by multipath routing that offers security by
including sufficient redundancy. Reference [15] develops algorithms for two types of multipath
networks namely, disjoint multipath and braided multipath. In disjoint multipath scheme the sink
develops a series of routing requests to neighboring nodes that are sequenced based on the
performance of the particular node. The multiple paths thus developed do not include any
common nodes.
The most efficient path is called the primary path. In braided multipath scheme the intermediate
nodes issue request for alternate routes and new routes branch out through the primary path.
Disjoint paths can provide better security but have greater overhead in comparison with braided
multipath scheme. Although multipath schemes are attempted to be energy efficient they are
associated with considerable overhead. Moreover they are incapable of detecting the launch of
selective forwarding attack.
Node detection based schemes
These concerns have led to the development of schemes that can detect malicious nodes and
exclude them from routing paths. A common technique is use of watermarking to WSNs. Such a
scheme is realized in [16]. Every node is dynamically assigned a trust value based on measure of
its honesty to the network. When the network is initiated all every trust value is initialized to a
common number. Throughout the operation of the network the trust values are increased
(linearly) or decreased (exponentially) based on the performance of nodes. Usually multi-hop
algorithms attempt to find the shortest path between the source and the sink that may not be the
most secured path. However the current scheme determines optimal path between source and
sink based on trust value and geographical location of the nodes. Once these paths are
established the watermarked packets the offer confidentiality and authentication are
communicated.
The watermarking enables detection loss and juggling of packets. If the base station (sink)
suspects selective forwarding attack through a path, it sends back a watermarked packet through
this path. The intermediate nodes compare the received packet with the one generated according
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to a proposed algorithm [16] to determine net loss of packets at the previous node. If the loss is
greater than loss due to unreliable link the trust value of the corresponding node is decreased. It
may be relevant to note that even if a node is suspected to be malicious it is not rejected from the
network. The trust value is designed to increase linearly in times of reliable performance of a
node.
Reference [17] discusses CHEMAS and presents CADE (Cumulative Acknowledgement based
DEtection) that are acknowledgment based special secured routing protocols to thwart selective
forwarding attack.
Sybil attack
The following list provides a summary of the description of prominent security schemes used
against a Sybil attack [19].
1.
Radio resource testing: is a novel method of direct detection that involves sounding of
message through unique channel to each of the neighboring nodes. The Sybil node fails to hear
the message in its dedicated and hence can be detected
2.
Random key redistribution: This method is built on the concept that each node is
randomly assigned with key-related information that is used to compute the shared pair of keys.
It is also considered that the network can validate these keys for identification of a node.
3.
Registration: WSNs include a central authority (CA) to manage the network. The CA
maintains a register of well-behaved nodes and malicious nodes. The CA can initiate network
polling and compare the results with the registers to identify Sybil attack. However it must be
ensured that the node deployment information maintained by CA is secured.
4.
Position verification: The physical location of a node is verified by the network. This
technique is seen to be relatively new with wide scope for improvement.
Many powerful Sybil attack detection scheme are designed to localize the Sybil node by
measurement of RSSI (Received Signal Strength Intensity) [18]. Different methods are
developed to allow the nodes to measure RSSI and cooperatively detect the Sybil node. A
special technique for VANETs is also discussed. It involves statistical treatment on signal
strength distribution received from a suspicious vehicle. Every vehicle plays the role of
“claimer, witness and verifier” at different occasions. The verifier checks the location of the
claimer based on the statistical analysis of signal strength distribution obtained from the witness
(neighboring vehicles of claimer). MMSE (Minimum Mean Square Error) method is used to
obtain an optimal estimate of the position of the claimer. If the position detected through this
method is seen to be varying by a margin from the claimed position the claimer is classified as a
Sybil node.
Wormhole attack
A variety of approaches to detect wormhole attack can be seen in literature. In multi-hop
networks such as WSNs some schemes allow use of connectivity graph that represents network
topology. A connectivity graph is used to detect forbidden sub-networks that may form a
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wormhole. Wormholes can also be detected based on a RTT (Round Trip Time) metric that
consists of the round trip time required between a node and its neighboring nodes that constitute
part of a legitimate route.
A hop-count based system called Wormhole Geographic Distributed algorithm is also seen. It is
critical that detection of wormhole attacks is followed by systems to thwart its effects. A digital
investigation based system to counter wormhole attack is studied. The algorithm designates
special nodes called “observers” to the network that monitors the datagrams, their routes and
identifies suspicious nodes. The base station is associated with algorithm to process these data
that are securely forwarded to it by the observers to identify the wormhole attacks. These facts
are realized from [21].
HELLO flooding attack
A solution to HELLO flooding attack is development of authenticated link between the nodes
that support encryption of data. Such a system is developed in [22]. It is based on two founding
ideas: sharing if additional secret information to establish pairwise key between nodes and use of
multipath multi-base station routing protocols. The key generation scheme proceeds as follows.
The initial secret information assignment is based on a multiple tree structure shown in figure3.
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Figure.3 [22] Tree structure for key assignment
At each level every node obtains the secret information of “siblings of its ancestors”. Two nodes
identify the least common ancestors while they establish communication. For instance if n1 and
n3 want to communicate they use k14 and if n1 and n7 want to communicate they use k5.
Further they establish that with maintenance K uncorrelated trees the probability that the security
is breached is (2/ ((d+1)) K) where d represents the degree of the tree. Let us assume that two
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nodes share n secret information between them. During establishing a communication the nodes
compute MAC of a part of this set of shared secret information to generate a new key. The
receiver calculates the MAC of the message to confirm the key ID of the sender and
authenticates the message. The authors suggest use of RC5 symmetric cipher algorithm for
computation of the MAC. Such a scheme that allows the keys to be generated on the go provide
good security against HELLO flooding attack. Their scheme also augments multi-path multibase propagation scheme that greatly increases reliability of the network
RECENT DEVELOPMENTS
The need for larger and more robust networks has propelled development of new routing
protocols. These protocols are designed to enhance the efficiency while offering meticulous
security. Development of learning algorithms and energy aware schemes are interesting examples
of the new trend.
Most of the learning algorithms are based on use fractional data and feedback. The route
discovery methods are upgraded to record all possible routes between source and destination. The
packets is divided and communicated through distinct routes. A feedback is obtained to assess the
performance of these individual paths. This allows dynamic allocation of data to ensure
maximum efficiency. It is evident that such a scheme will induce sufficient randomness in
routing. Moreover the data is split arbitrarily among many routes. These factors provide
excellent immunity against attacks. Such a method eliminates the need for watchdog nodes and
use of special nodes to monitor the health of the network. The absence of such a hierarchy among
nodes makes the network immune to blackmail attack and wrong black listing attacks. An
example of such a scheme is flow oriented routing protocol. They find routes on demand by
using the trends of present flow of data through different routes [23].
The traditional routing schemes are designed to communicate through optimal paths. It is seen
that the WSNs are lean on resources. Such a scheme rapidly depletes the resources of nodes
along the optimal paths. Further, it makes the system highly predictable. It is relevant to note that
all packets are sent through a single path. These factors make routing protocols highly vulnerable
to attacks. Energy aware algorithms are developed to counter these problems. Sufficient
intelligence is introduced in such schemes that allow arbitrary use of sub optimal paths. This
ensures uniform decay of resources throughout the network while introducing randomness to
thwart attacks. The problem of network partitioning is also catered by such a method [24].
Algorithms that adopt suitable routing technology for the nodes in accordance with the distance of
nodes to the base station, node distribution and energy of nodes are being developed. Such an
algorithm that can balance varying concerns among different demand situations by selecting
suitable threshold value offers interesting security features [25].
Hybrid protocols are a strong topic of research in the recent times. They combine the advantages
of proactive and reactive routing protocols. Until the traffic builds up to a threshold the routes are
established proactively and later additional nodes are activated that are serviced through reactive
flooding [26].
A self-optimized and autonomous secure routing mechanism: Biological inspired self-organized
Secured Autonomous Routing Protocol (BIOSARP) that is based on Ant Colony Optimization
technique (ACO) [27] and cost effective solutions [28] are the accounts of recent developments.
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CONCLUDING REMARKS
It is evident that WSNs are deployed in variety of environments and are exposed to an exhaustive
set of attacks owing to their hostile environment and structural limitations. Consequently design
of a secure WSN is a highly challenging task. Analysis of security of WSNs is highly complex.
A reliable choice of scheme for these systems needs a firm and clear foundation. This work is a
step towards providing such a framework and hence can be considered to be a good contribution
in the area of security of WSNs.
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ABSTRACT
Modern aircraft are both bigger in some dimensions and smaller in others than previous
generations of aircraft. With earlier airplanes we were able to centrally locate a data acquisition
system and bring wires from all of the transducers to a central location. With more recent
airplanes two factors have combined to make this impossible. First, each new program requires
more transducers and thus more cables: it is no longer possible to bring that many wires to a
single location. The other problem is that airplane wings and control surfaces have become
thinner leaving less room for cables.
To date we have been able to get around the problem by using physically small Data Acquisition
Units (DAUs) that are distributed around the aircraft. However, it is now reaching the point
where the space available in the airplane to run wires is becoming so limited that we need to use
DAUs that have a small number of channels as well.
What is being proposed is that the test community develop or adopt a standard that will allow
systems to be built that look to the higher level elements of the system as a single DAU but in
reality are composed of several small nodes that are distributed around the airplane and
connected by some communications medium.

INTRODUCTION
A proposal has been made to the Range Commanders Council (RCC) - Telemetry Group (TG)
Vehicular Instrumentation & Transducer (VIT) subcommittee that a standard be developed or
adopted to allow Distributed Data Acquisition Units (DAUs) to be developed around a standard
communications medium.
For years the concept of a distributed DAU architecture has been considered and even developed
to solve the problem of limited space to route wires through structure. For various reasons, these
approaches have not been moved to a standards body providing a path for general acceptance.

Some suppliers have developed distributed units but not only are they vendor-specific they also
remain fairly large and their approach does not address the need to minimize volume and wiring.
Additionally the vendor-specific solution forces all parts of a distributed DAU to be purchased
from a single source. In most cases organizations will purchase their system from that single
source anyway, so the question then may be asked “what is the point of developing a standard?”
Smart sensors have always been an intriguing desire in instrumentation where the elimination of
analog wiring has the possibility of maximizing signal fidelity in an acquisition system.
However, the use of smart sensors involves a compromise between a proliferation of bus
connections to support individual smart-sensors and multi-channel signal conditioning BIMs and
the proliferation of their associated transducer wiring. Recent demonstrations of distributed
DAU systems have shown that the physical connectors of smart-sensors continue to be a
challenge so their use needs to be limited to the special cases where they have a compelling
advantage.
Pressure scanners in the form of smart sensors are a case where a compelling advantage can be
shown. These devices could incorporate a miniature communication engine that would be
practical from a network physical layer. Current scanners typically rely on data acquisition
system suppliers to build interfaces to these devices and often do not keep up with the latest
generation of scanners. A suitable standard would allow scanner suppliers to create units that
could be directly integrated into a distributed DAU architecture. Additionally later model
scanners could be incorporated into an instrumentation system without requiring changes to the
core data acquisition system.
The distributed DAU standard should encourage extensibility. While most systems support highchannel count stacks or chassis forms, the proposed standard would allow suppliers to keep their
current product line but add the capability of “separating the assembly” into distributed modules.
With a compliant distributed DAU, “overhead module” single existing modules could be
supported.
Another advantage with a standard is that if the original supplier is no longer able or willing to
support the system that was purchased, support may be available somewhere else.

WHAT IS THE PROBLEM?
The wiring problem can be described by considering Figure 1. A conventional DAU is a set of
control logic and power supplies combined with a number of signal conditioners. Typically they
are assembled as a chassis into which the signal conditioners can be installed or by using a “loaf
of bread’ architecture where all elements of the conventional DAU are configured as small slices
that are fastened together to form the DAU. Current conventional DAUs often interface to PCM,
CAIS/PCM or Ethernet networks to form a data acquisition system.
In either case, the wiring to connect the transducers to the conventional DAU must come to the
location where the DAU is installed. From a cost point of view this is the least expensive way to
install a system. Only one set of installation drawings are required to install the DAU. However,
bringing the transducer cables from where the transducers are installed to the DAU is becoming
more and more of a problem on new aircraft designs, especially emerging small unmanned
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aircraft and even on large transport aircraft. The wing and control surfaces are becoming thinner
and the available holes for cable routing are becoming smaller. This also results in a “rats nest”
of cables at the DAU which creates problems of its own when changes need to be made.

Large Wire Bundle

Figure 1 Conventional DAU Wiring

The “DISTRIBUTED DAU” Solution
The concept of a distributed system with single channel “smart sensors” has been around for
many years. It has become apparent that single channel devices, whether they be integrated smart
sensors or single channel signal conditioners connected to a single sensor led to practical
limitations.
In the single channel smart sensor approach, as shown in Figure 2, consider the number of cables
and connectors required. There is one cable for the transducer and an upstream and a
downstream cable to connect to the adjacent Bus Interface Modules (BIMs) each with a set of
connectors and a physical interface to the bus. Three times more cables are used for this
approach than for a conventional DAU. Many organizations also require a drawing to install
each BIM. Some installations may require this kind of distribution but this is definitely a more
expensive way to build a system.
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BIM
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Figure 2 Single Channel Smart Sensor Approach
Cost and complexity can be reduced by using multichannel BIMs as shown in Figure 3. The cost
of installing the system is lower with this approach. The number of cables is also reduced but it

is still more costly to install than a conventional DAU. This is clearly an improvement over the
single channel smart sensor and it points to the conclusion that the more channels we have in a
device the lower the overall cost.
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Figure 3 Multiple Channel Smart Sensor Approach

The distributed DAU is an approach that allows the user to configure the data acquisition
hardware in a given zone on an airplane. The idea is that a number of small conventional DAUs
can be configured by the user to perform the measurements in a zone on the aircraft. This idea is
shown in Figure 4.
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Figure 4 The distributed DAU Approach
A distributed DAU would consist of a number of nodes that are connected to the System
Interface Logic over some communications medium. In most situations such an interface would
connect to a higher level of the system, such as a Chapter 10 recorder, an Ethernet network, or an
iNET-like network. The system Interface logic plays a very similar role to the overhead unit in
conventional DAUs. The nodes can consist of small DAUs or individual BIMs except that the
collection of nodes would appear to be a single DAU. However internally and to the end-user it
is a collection of nodes, much like a conventional DAU is a collection of signal conditioning
modules.
This approach allows the user to locate nodes that have the needed signal conditioning required
for the zone on the aircraft where it is to be installed. It is more expensive to install than the

conventional DAU because more installation drawings are required and more cables are needed.
The advantage of this approach is that it distributes the nodes into areas where cables can be
routed. If you have a case where a conventional DAU can be used, then that is what should be
used. But for those other cases this is an answer.

WHAT SHOULD NOT BE REQUIRED TO DEVELOP A DISTRIBUTED DAU
STANDARD?
The first thing that is needed is a set of requirements. Without a set of requirements going in
there will be no way to determine when the standard is complete. So what should be in the
requirements? First let’s describe what should not be in the requirements.
The characteristics of the individual signal conditioners would not be appropriate in this level of
a standard. How that signal conditioner communicates with the rest of the distributed DAU is
appropriate but not things like accuracy, transducer excitation, number of channels, etc.
Environmental conditions are the domain of the system specifications used to buy the system and
not the standard. However harsh environments required for some systems may limit what is
practical with hardware implementations, specifically electronics, and should be considered.
This will have to be balanced with the need to provide a practical price point for other
applications.
Connectors are a gray area in these considerations. If the characteristics of the communications
medium are such that a particular family of connectors need to be specified then they should be
included. It may be necessary to call out standard connector “families” such that performance
compliance can be maintained.
So what should be included? To determine the answer to this question it is appropriate to
consider the capabilities that are needed within a conventional DAU and from there proceed to
things that would be appropriate to include.

DATA SAMPLING
One of the first things that comes to mind is the ability of the control logic in a conventional
DAU to control the sampling of all of the signal conditioners within the DAU. In a conventional
DAU, this is usually accomplished over some type of backplane signaling or with a bus structure
that run through the signal conditioners. In the case of a distributed DAU, it is desirable to
minimize the number or wires that are used for the node-to-node communications; therefore, the
types of communications that are used inside a conventional DAU will not be appropriate.
It is important to achieve this sampling control as part of the distributed DAU standard.
Requirements for correlation of data signals from different devices exist currently for real-time
flutter analysis and for post-processing data mining and trend analysis. To minimize the number
of wires, a mechanism for simultaneous sampling of various sample rates needs to be considered.
The higher level of the data acquisition system may also need to handle simultaneous sampling
across multiple distributed DAUs since correlation is often required between devices in different

locations that could be supported with a different bus. How this is achieved may need to be
determined by the higher level system and may or may not be appropriate in the distributed DAU
standard.
Something that will need to be defined is how close to “simultaneous” is acceptable. With
conventional DAUs, nanoseconds variation in the sample times is achievable and should also be
achievable in distributed DAUs. So just what is required in “simultaneous” sampling?
Distributed architectures may introduce “time of flight” errors that result in delays between the
sample time of one node and another. Often such delays are not deemed significant since in a
200 foot bus the total delay end to end is less than 300 nS. Regardless such attributes will need
to be included in the requirements.
The actual time that a sample is taken is not explicitly necessary in the standard. If the System
Interface Logic controls the sampling mechanism, this same unit could also be responsible for
attaching a time stamp when the data is returned back through the interface.
The method for triggering individual devices on a distributed bus could take many forms. One
simple method uses a trigger command with the logic in place to take an edge from the command
and pass it through to the Analog to Digital Converter (ADC). For digital filter applications this
signal would feed a Phase Lock Loop clock multiplier necessary to operate the oversample ADC
and digital filters. Other methods are possible and are generally more complex but should be
considered if they add significant capabilities.

SAMPLE RATES AND DATA BANDWIDTH
The sample rates that can be achieved with a conventional DAU should also be achievable with a
distributed DAU. However, some careful thought needs to go into the data bandwidth
requirements. The user is concerned about the data bandwidth that can be achieved coming out
of the System Interface Logic and that is what the requirements should specify. However, when
developing the standard, some thought will need to be given to the bandwidth of any practical
communications medium. A half-duplex command response system that transmits a trigger and a
read of a single value to each channel can have efficiency as low as around 25% even if the
overhead is minimal. This can be increased to nearly 75% by buffering and reading multiple
samples. If a full-duplex approach can be implemented a nearly 100% efficient system can be
achieved, however this can result in additional wires in the data cable or communication
complexity.
So, in setting the requirements for the data bandwidth, some consideration needs to be given to
avoid making it so high that it cannot be achieved in a reasonable manner. Consideration should
include close examination of the most beneficial needs that can be practically supported by such
an architecture and what measurements are better supported using more traditional methods.
Regardless, the data bandwidth needs to be included in the requirements and it is up to the
standards developers to determine how to meet that requirement.

DIGITAL FILTERING AND COMMON CLOCK
Digital filtering is commonly used in most systems today and this needs to be thought out in
setting the requirements for a distributed DAU. This does not mean that the characteristics of the
digital filters need to be defined in the requirements document for a distributed DAU standard,
but the ability to implement them within the system is needed.
When a digital filter is used, the ADC runs at a higher sample rate than the output sample rate for
the data. The digital filter then decimates the number of samples to provide the output sample
rate. However, the time that the sample is output needs to be controlled by the System Interface
Logic.
For this to happen, a common clock needs to exist between the System Interface Logic and the
ADC in the signal conditioner. As stated earlier, a probable implementation of this is a clock
multiplier implementations using Phase Lock Loop multipliers that operate from some signal
coming from the system Interface logic, but the requirements just need to specify the existence of
the capability.

TIMING OF A DATA SAMPLE
Within a conventional IRIG 106 Chapter 4 PCM system, the time that can be associated with a
sample of data can be derived based upon the time that the sample was received at the data
processing or recording element in the system. Knowing the time that the sample is received, the
processing system can account for delays associated with data transmission and filtering. The
same capability will be needed in a distributed DAU as well.
Many systems are moving to network-centric solutions and away from a purely Chapter 4 type
PCM system where it is necessary to time stamp a sample prior to the data entering the network
to allow for a variable transmission delay within the network. Most likely this could happen
within the System Interface Logic that “connects” the distributed DAU to the network.
In some cases it is also essential that the latency be small in order to meet system requirements.
The percentage of measurements within a given system that have a low latency requirement is
typically small. This makes for some interesting trade-offs. Some techniques can improve the
overall system bandwidth at the expense of latency, but it may be worthwhile to be able to set up
a system so that some measurements within a distributed DAU have a higher latency but a lower
overall bandwidth, while others have a low latency requirement but consume a higher percentage
of the system bandwidth.
The requirements will need to spell out the allowable system latency for the low latency
measurements. The standard may well need to add some of the methods that can be used to
improve the overall system bandwidth even if they do increase the data latency on some
measurements. If the standard allows for multiple latencies, it will also be necessary to define the
maximum latency for measurements that can have a higher latency. However, this may be a
requirement imposed by the higher level system and not part of the standard.

UNIQUE IDENTIFIERS
Addresses will need to be assigned to each device on the communication medium. Two possible
ways to do this come to mind. One is to have a system where each node can be identified by its
position on the bus and each element within the node can be identified by the same or another
capability. Another requires each element in a distributed DAU to have a unique identifier.
Either approach should allow the higher levels of the system to identify the elements of the
distributed DAU. It will also allow the system to assign logical addresses to the individual
elements of the system. What elements in the system need to be identified should be limited to
what is needed by the higher levels of the system.
There are a number of ways to achieve a unique identifier. One is to have an outside agency
assign them as is done with the Ethernet MAC address. Another option is to use an algorithm
that does not require an outside agency that uses attributes that could guarantee uniqueness such
as year, month, day, time and GPS coordinates with perhaps other simple manufacturer
attributes. Such methods have been successfully demonstrated. Still another option would be to
combine text artifacts that will normally be in the system. These could include such things as the
supplier’s model number and serial number with something that the supplier can claim as unique
like a trademarked word or set of words.
Whether or not the requirements document should include anything beyond the existence of a
method of identifying each element of the distributed DAU is an open question that will need to
be addressed.

ADDRESS SPACE
Defining the address space within a distributed DAU can be a little bit tricky. It was noted
earlier, as the number of nodes in a distributed DAU decrease, the installation costs also
decrease. From that it can be implied that it is desirable to get all measurements, and thus be able
to consume all of the address space, within a single node. But it will be necessary to use more
than one node in many systems. This leaves questions about how to distribute the address space
from one to many nodes within a system.
It will also be possible to have more measurements within a distributed DAU than with a
conventional DAU. In a conventional DAU it is usually mechanical restrictions that limit the
number of signal conditioners and thus the number of measurements. The card slot capacities
within a chassis or stack length are typical limiting factors. With a distributed DAU the same
mechanical limitations will exist but the ability to add more nodes will expand the number of
measurements in the DAU.
A system could use the unique identifier as a method of managing the address space. Such
implementations allow devices to be “initialized” without any addresses or allow the addresses to
be changed after the device is installed in the system by accessing the device by its unique
identifier.
The requirements will need to address the number of measurements (addresses) within a node
and the number of nodes that are allowed within a distributed DAU.

MEASUREMENT SIZE
A measurement should be able to be defined from a single bit to many bits. The lower limit is
easy to define but the maximum number of bits will take more thought.
ADCs are common today with up to 24 bits, so a limit on measurement size that is less than 24
bits would probably not make sense. However, a far more common word size is sixteen bits. In
addition, sixteen-bit resolution exceeds the accuracy needed for most measurements. It should be
possible to have a word size on the communications medium and to allow a measurement to
occupy more than one word.
While flight test systems now typically use 16-bit data words, lab test systems often have data
that is 24-bits in length. Thus any system should be able to handle both scenarios. However, the
number of bits could affect the bandwidth consumed on the bus communication medium.
Typically systems are partitioned to operate on 8-bit (byte) boundaries. Most modern data in
PCM systems use 16-bit transmissions. Whatever the system, the standard should be able to
easily accept higher byte counts without loss in efficiency other than the additional required
bytes in the data transfer.
Systems, especially for military applications, will require the support of PCM telemetry. The
word size on the communications medium and the word size on a PCM telemetry output do not
have to be the same. The System Interface Logic or even devices on the data system network can
make a translation between what is received over the communications medium and the PCM
telemetry output.
This means that the standard does not need to specify the bits per word on the PCM output; that
could be left to the purchase specification. The number of bits per word could also be left to the
standards working group to specify.

TRANSDUCER ELECTRONIC DATA SHEETS
Transducer Electronic Data Sheets or TEDS are an artifact that has come out of the smart sensor
standardization effort.
The IEEE 1451.4 standard has been emerging as a standard that is being used in lab test. There is
interest in flight test applications but adoption has not been very high to date. For transducers the
IEEE 1451.4 standard defines a binary TEDS that can provide the information that we would be
to needed to describe a transducer but does not cover the signal conditioner. The ground based
laboratories within Boeing have asked that the future systems be able to read and pass through to
the processors in the system the contents of an IEEE 1451.4 TEDS. They expect the calibration
lab to put the calibration information and other information about the transducer into the TEDS.
This will allow the information to be passed from the calibration lab to the data acquisition
system without human intervention. This can allow the data required to process the data to be
derived from the system, rather than from a database. Some labs are already using this capability

to be able to identify the sensor. It is particularly useful when an airplane part is instrumented at
the manufacturer and closed up with wires hanging out before being sent to the lab.
In systems that include large amounts of information from avionics buses this has appeared to be
less of an advantage. Basically, the system will still require that a database be provided to supply
the processing information. However, there are other advantages to being able to read a TEDS.
In the iNET standard there is the concept of a ‘Management Server.’ That management server
can determine all of the connections that exist within a system out to the DAU. The ability to be
able to read a TEDS through the DAU extends that capability out to the sensor itself. With this
capability a computer would be able to tell you that the system was in the same condition that
you left it in or that something had changed.

ELECTRONIC DATA SHEETS FOR SIGNAL CONDITIONERS
Using Electronic Data Sheets or EDS for signal conditioners implies a similar ability to be able
to identify all of the signal conditioners in a DAU. Some engineers have postulated this
capability would allow systems to automate parts of the airplane pre-flight testing. So, if the need
has been identified, what information should be included?
The system should be able to identify the signal conditioners and other interfaces that make up a
node. This should include at least the following:
•
•
•
•
•

Function
Serial Number
Model Number
Revision level
The user’s property number or other user-supplied information. The requirements should
define how many characters to include.
Different suppliers and previous efforts to define EDS should be considered to meet this
requirement for the signal conditioner.

CONCLUSIONS
This paper has intended to outline what needs to go into a standard for a distributed DAU. It does
not include the requirements themselves. However, requirements will help a working group
establish what approach could be considered. The Range Commander’s Council Vehicular
Instrumentation & Transducers (VIT) committee has been asked to look into distributed DAU
requirements. Any architecture to be considered needs to be an industry-wide standard, so, if you
have any requirements please contact one of the authors or someone on the VIT.
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Abstract: Since both airborne and ground applications are able to handle and process IRIG
106, Chapter 10 standard data (further referred to as C10) from files or from live streaming
UDP network data, it is a logical extension of the standard to telemeter network data from the
air to the ground support systems with little or no modification. This paper describes a
method to transport C10 compliant packets over a Class II, telemetry stream (C10 TMDL)
which is fully compatible with existing encryptors, transmitters, receivers, and decryptors.
Keywords: IRIG 106 Chapter 10, Networking, Asynchronous Telemetry Downlink
1. Introduction
The best predictors for technology evolutions that will occur in the telemetry world can be
found by observing what is occurring in the commercial market space. Evolutions occurring
such as merging of technologies (video, communications, data) and utilization of new
commercial technologies will continue to advance into the telemetry space. The best
examples of these phenomena are: infiltration of network technology into Data Acquisition
Units (DAU), utilization of commercial standard high speed serial asynchronous interfaces
on-board the aircraft, and utilization of broadcast HD Video.
With all this said, it is clear that networks will play an ever increasing roll in telemetry. The
Test and Evaluation (T&E) community does not have the funding to drive development of
new technologies, thus will continue to adapt new commercial technologies to telemetry
applications. Utilization of commercial high speed asynchronous data busses and networks
on the test platform is increasing. High speed asynchronous data types continually challenge
the ability to adequately time sample data into a PCM stream. The ability to asynchronously
downlink network data and asynchronous data sources along with the other legacy analog and
digital data types is very desirable without having to periodically sample each data source.
For T&E, C10 has been making its way onto ranges around the world since 2004. C10
originally only defined the logical data structure for recording. Live Data Streaming was
later defined in the C10 standard utilizing UDP broadcasting to enable monitoring of data
over a network connection. In addition, the C10 Standard later defined Ground Based
Recording and streaming of C10 data for ground based network applications. This in turn
expanded C10 streaming based data processing in the telemetry ground segment. The overall
result of the C10 infiltration has been an extensive build up of software based applications to
support both C10 recording and .PUBLISH network based real-time and post mission data
monitoring
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In the past, for post mission ground reproduction, the T&E community reconstructed PCM
data into its native digital signal format for ground playback / replay into hardware based
processing systems. C10 format standardization has opened the door for computer processing
of data without having to reconstruct the PCM stream. To date, software based data reduction
has not been the predominant method for performing Engineering Unit (EU) conversion of
real time data for a number of reasons. This is primarily due to computer limitations for real
time processing and the switching cost to move EU conversion from the traditional PCM
front ends to software based solutions. A large majority of software applications started out
handling only C10 file processing for post mission applications, but have been extended to
handle C10 live streaming data. The number of highly capable software applications
supporting EU conversion, display, and analysis has significantly increased over recent years.
For the more capable commercial software applications, the ability to handle prevalent data
types is expected and does not require special development.
Since there is extensive investment in handling real time and post mission C10 data for both
the air and ground segments, a method has been defined to encapsulate the C10 packets into a
fixed bit rate PCM stream for the purposes of down linking the C10 network data over a
constant bit rate PCM Stream.
2. Objectives for C10 TM Down Link (C10 TMDL)
The main objective of the C10 down link is to multiplex all the existing legacy data types
such as analogs and discretes in addition to the newer data types such as high speed
asynchronous sources (fiber channel, Gigabit Ethernet, 1394b, etc) and High Definition (HD)
Video into a single telemetry downlink steam. A secondary objective is to minimize
switching cost to cutover to the C10 TMDL. To minimize switching cost, it is mandatory to
utilize only legacy transmitters, encryptors, receivers, bit syncs, and TM front ends. In
addition, the C10 TMDL has the potential to reduce test preparation time and verification
testing. The following is a subset of objectives for the C10 TMDL downlink:
 Little or no changes to ground processing hardware and software
 Quick setup, not requiring tedious build up of PCM formats and no testing of PCM
formats for proper placement of measurements in the PCM frame
 Commensurate bit error rate performance with PCM/FM or other Tier 1 or 2 RF
modulation techniques
 Provide a convenient method to multiplex and downlink High Definition (HD) video
 Provide a good method to downlink network data
 Utilize asynchronous packets to transmit asynchronous data vs. periodic time
sampling
 Eliminate redundant interfaces in the data recorder and encoder
 Merge C10 data and external PCM streams or Ethernet streams into one PCM Stream
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Figure 1 - Overview of the C10 TMDL PCM Transport
3. Fundamental: Description of C10 TMDL PCM Telemetry Encoding
The C10 TMDL transmits data in a Chapter 4, fixed bit rate, IRIG Standard, Class II, PCM
stream. The data fits in the Class II PCM stream category because it utilizes an
Asynchronous Embedded Format in the host PCM stream. The DAU, Encoder or Recorder
serves as the TM gateway that inserts the C10 standard packets in the TM downlink stream.
A field proven format for multiplexing the data into a PCM stream was chosen. The chosen
format is very similar to the mechanism used in the Consultative Committee for Space Data
Systems (CCSDS) Packet Telemetry and the now retired IRIG 107-98, Digital Data
Acquisition and On Board Recording Standard. At the top layer, the packets will be inserted
asynchronously into a PCM stream having a minor frame structure called the “Transport
Frame”. The source test platform device such as a recorder or encoder first encapsulates data
in a C10 Data Packet. The C10 packet serves as the mechanism to transport all data types
and is the logical data structure used to multiplex different data types in the TMDL PCM
transport stream. The following is an overview of the Transport Frame mechanism and the
insertion of C10 packets into the C10 TMDL PCM stream.
The stream consists of the following:
The Transport Frame is a PCM Minor Frame up to a maximum length of 8192 bits. The
Transport Frame uses a 32-bit Frame Synch word and contains 5 x 223 bytes (8-bit date
words).

Figure 2 - Transport Frame Structure
As mentioned earlier, the frame structure above is very similar to the IRIG 107-98 Digital
Data Recording Format and CCSDS Packet Telemetry format. The only major extension to
the CCSDS Packet Telemetry format is to add self-correcting coding to the structure-critical
elements, such as the Transfer Frame Header/First Header Pointer and the beginning of
each Transfer Packet.
For protection of the structure critical items an extended Golay code is used. This code
expands a 12-bit word to 24 bits. It corrects up to 3-bit errors in the 24 bit word, and detects
4-bit errors in this 24-bit code sequence. The coding and decoding of this code is relatively
inexpensive and can be realized with simple 4 kByte hardware or software lookup tables and
a 12-bit logical exclusive OR operation as can be seen on Figure 3.
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Figure 3 - Extended Golay Encoding and Decoding
To allow quick synchronization for the asynchronously inserted packets, the first data word
of the frame is used as a pointer/offset to the first packet start location in the frame (if a
packet exists in the frame).
The Transport Frame contains Transport Packets. The size of the Transport Packets will vary
and can be very long (based on the C10 standard), spanning several Transport Frames. This is
necessary to keep the overhead low, but on the other hand, the transmission of a long packet
may cause too long a delay waiting for critical data that cannot wait until the end of the long
packet is transmitted.
To counter the blocking of the low latency critical packets, a Low Latency Transport
Packet Mechanism is introduced. These packets allow for momentary interruption of the
transmission of a long packet, and insertion of one or more packets with low latency
requirement. The long packet transmission is resumed after the low latency transport packet
part of the frame is completed.
Transport Packets are normally used to transmit C10 packets; however other data types can
be inserted into the stream, such as raw Ethernet data, or status information about the C10
TMDL. A Transport Packet containing C10 data can be an entire C10 Packet, the beginning,
middle, or end of a packet. The Transport Packet consists of a Transmit Packet Header and
Transmit Packet Data.
TRANSPORT PACKET HEADER,
Golay (24,12,8) coded
PACKET DATA 1
…
PACKET DATA N
Figure 4 - Transport Packet Structure
The size of the Transport Packet Header is 24 bits, and coded as 2 x 12 bit parts on a 2 x 24bit Golay (24,12,8) code word. The Transport Packet Header consists of: Transport Packet
Flags and the Transport Packet Content Identifier, an indicator as to which portion of a C10
packet is contained (whole, beginning, middle, or end).
In order to protect the C10 Headers from telemetry downlink errors, it is also necessary to
protect the most structure sensitive parts of the C10 headers. The same Golay (24,12,8)
coding is used. The first 12 bytes of the header are replaced with the structure critical
4

Channel ID, Data Length and Packet Length fields. The replacement structure before the
Golay coding can be seen in Figure 5.
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Figure 5 - Protecting the Chapter 10 Header
Randomization and Error Correction are optional. The Forward Randomization defined
by the IRIG 106 standard was evaluated versus the Additive Randomization technique
defined in CCSDS. It was decided to choose the CCSDS additive randomization technique
due to the fact that errors with additive randomization do not propagate and increase the bit
error rate for isolated bit errors.
Three randomization and error correction methods are supported: no error correction, 223-to255 byte, and splitting into 5 x 223 byte blocks, each block extended by 5 x 32 CRC bytes
Reed Solomon error correction. 5 Reed-Solomon block structure has been chosen, and
interleaving between blocks is also applied during the transmission.
BLOCK1
CRC1
BLOCK2
CRC2
BLOCK3
CRC3
BLOCK4
CRC4
BLOCK5
CRC5

223 DATA BYTES
32 BYTE CHECKSUM
223 DATA BYTES
32 BYTE CHECKSUM
223 DATA BYTES
32 BYTE CHECKSUM
223 DATA BYTES
32 BYTE CHECKSUM
223 DATA BYTES
32 BYTE CHECKSUM

Figure 6 - Reed-Solomon Error Correction
4. Performance Considerations
For legacy PCM data transmission, the transmitters, antennas, and receivers are chosen to at
least achieve a maximum of 1 error in 106 bits. Under normal operations, the entire link will
provide better performance than 10-6 BER except in conditions where antenna masking
occurs or the test item is in a high multipath environment. The C10 TMDL has been tested
against a number of dropout conditions such as multipath/fading, burst errors, and random bit
errors characteristic of a low link margin. A starting point benchmark established was; how
well does C10 TMDL operate versus PCM with the same modulation technique (FM). Data
was compared for PCM FM transmission of a PRN code PCM stream versus the same PCM
PRN stream being transmitted over a C10 TMDL link. Analysis indicated that C10 TMDL
provided bit error rate performance commensurate with PCM FM data under the same RF
conditions.
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It was discovered that for bit error occurrence more often than 10-6 (such as 10-5 or 10-4), data
sources such as HD video degrade due to the propagation of the errors in the compressed
video stream. Other packets affected at high bit error rates are large packets such as high
speed Ethernet. Since mission conditions may limit ability to achieve 10-6 consistently during
a mission; the option to utilize Reed Solomon error correction was added to maintain
performance in high bit error rate conditions.
Latency may be a critical performance factor. C10 TMDL is not suitable for supporting
every mission scenario. For tests such as missile, aircraft flutter, and aircraft loads, where
microsecond latency is mandatory due to range personnel, or equipment safety concerns,
immediate time sampling of a PCM encoder is suitable.
With that said, there are a large number of missions involving fixed and rotary wing aircraft
and ground vehicle testing that do not require minimized reaction time from the mission
controller or safety officers. For these mission types, C10 TMDL is ideally suited.
The latency of the C10 TMDL is determined by a number of factors. The first factor is how
long a C10 packet is opened during data acquisition. C10 mandates that the packet be closed
within 100 milliseconds. If the data is used for C10 TMDL, it is mandatory to close the
packets out early in order to achieve a total airborne latency in the range of 30 to 100
milliseconds.
The longest latency data source is compressed video. Since compression takes an appreciable
time period, the compression encoder dictates the overall latency of the output. For most
other data types such as PCM, Ethernet, MIL-STD-1553, ARINC 429, discretes, and analog
data, the DAU can be optimized to minimize latency.
In order to support the transmission of latency critical data and non-latency critical data
sources, a latency critical bit is included in the architecture. Setup of the DAU recognizes
that a specific C10 packet is latency critical and the DAU prioritizes that packet in a
completely different way than if it was a non-latency critical channel. Latency critical
packets are kept open for a short time only (approximately 10 to 20 milliseconds) and latency
critical stuffing of the channel into the C10 TMDL stream is utilized.
With little or no optimization 10 to 50 millisecond latency is achievable from the time the
data was received to the output of the data into C10 TMDL stream.
One critical low latency data type is hot microphone cockpit audio. Hot microphones are
necessary to free up pilots hands and eliminate pilot keying of the radio for continuous air to
ground radio transmissions. In the aircraft, the ground controller audio is broadcast to the
cockpit. Since the ground controller voice, merged with other cockpit communications, is
broadcast to the pilot, a byproduct of the hot microphone can be that the ground controller
audio is retransmitted back to the ground control room. The ground controller can then hear a
delayed replication of their own voice. If the round trip delay is greater than approximately
100 milliseconds, the delayed audio feedback can be very disruptive to the controller.
Feedback in the range of 30 milliseconds or less is not discernible.
A further performance consideration is filtering of data to fit all data within the allocated
bandwidth of the down link PCM stream. Typically, a recorder captures all data and writes
all data to a C10 disk file. Frequently, the bandwidth of all data channels will exceed the
available C10 TMDL bandwidth. Data management is necessary to filter data and
measurements to be within the bounds of the allocated C10 TMDL bit rate. In order to
achieve this, filtering of each data type is sometimes necessary. This task is analogous to
determining the time sampling schema for a PCM stream. For the most prevalent data type,
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such as PCM, it is possible to perform minor frame word extraction from the externally
received PCM stream to eliminate all PCM words not required for real-time ground viewing
and to create a lower bit rate stream containing only data of interest. Using this method is
ideal because the timing for the parameters is unmodified. Since they are Minor Frame Data
Words, the word occurrence rate in the filtered PCM stream is effectively equal to the
occurrence in the unfiltered PCM stream

Figure 7 - Filtered PCM Stream
For Data Types such as MIL-STD-1553, ARINC 429, and Ethernet, entire messages or words
from the messages can be extracted. For video, compressed High Definition (HD) video can
either be converted to standard definition (SD) or follow on sampling of the compressed
video can be applied.
Aircraft Data Sources

C10 TMDL PCM Down Link Stream

MIL STD 1553 (total Bus)

MIL STD 1553-select messages only

ARINC 429 (All Labels)

ARINC 429-select Labels

Ethernet (Messages)

Ethernet - select Messages or content from messages

HD and SD
(compressed)

HD and SD Video- compressed & decimated video

Figure 8 - Channel Filtering
5. Operational Aspects
As mentioned earlier stuffing of the more advanced data types such as HD video and Ethernet
data into a fixed position in a PCM stream can be a tedious operation. Asynchronous data
such as Ethernet, Asynchronous RS-232 and 422, MIL-STD-1553, and other high speed data
channels such as 1394B and Fiber channel are better suited to transmit air to ground over an
asynchronous data pipe since the data is an asynchronous source. A message is inserted into
the C10 TMDL stream only when a message arrives at the airborne gateway (encoder,
recorder, or DAU).
The building up of the C10 TMDL stream is simple compared to building a PCM format.
Both processes require knowledge of the approximate rate and quantity of data for each
channel. If the data rate is low such as ARINC 429, the entire channel can be sent without
having to perform label filtering. The instrumentation engineer determines the available TM
PCM stream maximum bandwidth, and then identifies which channels of data are required.
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The final step is to determine what filtering should be applied to the data so the aggregate
sum of all data is slightly less than the available C10 TMDL stream bandwidth. The gateway
provides information to confirm the date rates are within the C10 TMDL aggregate stream
rate and the status of each data source is provided to establish total confidence in the content
of the individual channels.
One beauty of the C10 TMDL is the receiving side. There is no tedious testing required to
verify specific measurements are in the correct PCM word locations and are being sampled at
the correct rate. In an ideal situation, for each C10 TMDL measurement, the entire data for
that measurement is transmitted. If not, verification of the integrity of the data after filtering,
that analog data is scaled correctly and that C10 channel IDs are from the correct data sources
is required.
Another feature of the C10 TMDL is that it is very simple to change the C10 TMDL output
on the fly by enabling and disabling only the channels dedicated to the C10 TMDL. Another
attractive feature of the C10 TMDL is the ability to receive an external PCM stream or
Ethernet stream and transmit them to the ground merged with all other data sources in the
gateway, for example, when the existing airborne pallet has a single PCM TM down link.
For a project that requires adding multiple HD videos, but the encoder does not handle them,
C10 TMDL is an attractive solution. Instead of buying an HD video module card for both the
recorder and encoder, only purchase one for the recorder and use the recorder C10 TMDL
output to drive the transmitters.
Normally, the external PCM is already connected to a recorder input, thus with one change in
the clock and data lines, HD video is merged with the existing IRIG chapter 4, PCM stream.

Figure 9 - Merging of External PCM and Ethernet into C10 TMDL Stream

6. Ground System
For now, a hardware box is utilized to recover the data from a C10 TMDL stream and to
reproduce the signals back into native format such as externally received PCM, externally
received Ethernet, Video, and analog/voice signals (HOT MIC).
A C10 .PUBLISH live data stream is produced for network based data distribution and
software based processing. The network addresses are defined for the ground segment and
applied to the C10 UDP live stream output. Thus, the network output can be compatible with
all ground facility networks.
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The following diagram illustrates the ground segment architecture.

Figure 10 - Ground Reproducing
A very interesting application is for TM Decom vendors to incorporate the C10 TMDL into
their system. This would enable data to be handled exactly like a typical PCM data source.
The C10 TMDL stream would plug directly into the decom and it would process the PCM in
its Front END and distribute C10 Packets to other entities monitoring or viewing the realtime data.
In addition, other applications such as MIL-STD-1553 Bus Analysis systems are
incorporating C10 network streaming into their packages. This enables instrumentation
engineers to look directly at the 1553 in real-time without actually connecting to the bus or
the aircraft.
7. Conclusion
Investment and build up of applications around the IRIG Chapter 10 Standard for both the
ground and air segment is extensive. The C10 live network data streaming is ideal for plane
side quick look and real time mission monitoring. The ability to extend the C10 network data
streaming using a PCM stream provides real-time connectivity to all of the C10 based
software applications on the ground. It provides a great method to multiplex existing PCM
streams with data sources such as high definition video. It also simplifies the airborne
instrumentation task of setting up for a mission and virtually eliminates tedious testing on the
ground mission monitoring side. It provides extensive flexibility to make on-the-fly changes
of the data channels being down linked.
On the ground side the data sources can be reconstructed back to the native data type such as
video. Due to the ease of mission setup, integrity of the data, compatibility with new high
speed data types such as HD video and serial interfaces, C10 TMDL has the possibility to
establish itself as a viable alternative method to downlink data.
The C10 TMDL system was introduced to the IRIG committee developing the telemetry
standards at ITC 2012 and it was well received. It appears that some version of the C10
TMDL will be standardized in the near future. It is also anticipated that TM Decom
providers as well as other test utility vendors will incorporate the reception of C10 TMDL as
an interface. The possibilities for C10 TMDL are limitless.
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ABSTRACT
Most of today’s aircraft used for the commercial transport of passengers or military aircraft still
rely on simple technology such as cables, connectors and sensors to provide power, avionics
data, control system, aircraft instrumentation etc. throughout the vehicle’s life-cycle for flight
monitoring and fault diagnosis.
Despite a marked improvement in the quality and reliability of these components, they continue
to be the main cause of failures due to corrosion, misuse, improper installation, etc, using-up
endless man-hours to troubleshoot, repair and upgrade them. Wireless monitoring by telemetry
of some of the critical systems has been in use for some time as a point to point data link
designed to provide vital information, potentially improving the safety and efficiency of any
flight. Aircraft manufacturers are now looking at the use of wireless networks to replace current
data buses used for the transfer of data between avionics systems and their sensors as well as for
the control of some of the surface actuators. Wireless networks used in this way could reduce the
amount of cabling and its associated weight as well as simplify the re-routing of connections
making upgradation less expensive and quicker, again a benefit to airlines.
Despite many benefits there is a potentially serious security issue by means of an introduction of
a backdoor into the system, meaning that before aircrafts become network-enabled, all the
security issues must be identified in full and dealt with.
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INTRODUCTION
With the advent of the new low-cost wireless technologies, the functionality of data acquisition
systems can be enhanced eliminating the burden of cabled connection between the system itself
and the data processing unit. Especially in the industrial environment, where every
supplementary plug implies design and financial efforts, a wireless link between a data
acquisition module (sensor with signal conditioning and digital conversion) and a data
processing unit (PC, Laptop or PDA) brings flexibility and robustness to the entire design. The
goal of this work was to investigate the possibility to build a small-sized, low-cost wireless data
acquisition system with improved computational capabilities. The aimed computational platform
was a basic microcontroller AT89C51 while the chosen wireless communication standard was
Bluetooth.

SYSTEM DESIGN
Wireless Communication
The aim to build a wireless low-cost communication system implies using wireless
communication standards already since a certain time on the market, offering low-cost hardware
and good performances. The two suitable standards for the current research topic were WLAN
(IEEE 802.11) and Bluetooth (IEEE 802.15.1). Using both operate at the same frequency band,
the standards differ mainly in terms of through output, power consumption and network
architecture. WLAN (802.11b version) offers in the a maximum transmission rate of 11 Mbps,
more than ten times higher then Bluetooth transmission rate of 1 Mbps. This advantage is
eclipsed by the high power consumption of the WLAN hardware which offers power saving
modes only in the infrastructure mode, implying the existence of an access point. Bluetooth was
designed from the beginning as peer-to-peer low power communication standard, offering
various power saving modes without additional hardware such as access points. Based on this
main advantage and taking into consideration also the simple interfaces offered (serial
connection), Bluetooth was preferred as wireless communication standard.
Bluetooth
Commercial Bluetooth hardware is available in the form of transceiver modules which are small
shielded subsystems designed to be used as add-on peripherals. They feature an embedded CPU,
around 1 Kbyte of memory and the baseband and radio circuits. Depending on the product, one
or more upper layers of the Bluetooth Protocol Stack are also implemented, like Link Controller
and Manager, Host Controller Interface, Logical Link and RFCOMM. Modules that have
implemented also the RFCOMM layer are called Cable

2

Replacement modules and are emulating one or more serial connection (RS 232) based on the
ETSI TS 07.10 standard. The RFCOMM layer offers to the upper application layers a Serial Port
Profile (SPP), which is a virtual serial interface. The maximum baud rates for the Cable
Replacement modules vary from 115 kbps to 960 kbps and the featured transmission range varies
from 10 to 100 m. Both internal and external antennas are available. Successful serial
communication up to 960 kbps has been tested for Bluetooth modules.
Microcontroller Architecture
The tasks of data acquisition, storage and communication have been implemented in a
microcontroller architecture consisting of an Analog Devices Microcontroller with integrated
A/D converter, integrated UART interface and an external non-volatile memory chip. The
ADC0808 from Analog Devices is a versatile and powerful microcontroller having an integrated,
self-calibrating A/D converter with a maximum sampling rate of 200 kHz and ½ LSB precision.
The core is an 8 bit 8051 compatible core operating at frequencies up to 12MHz. A very useful
feature of this microcontroller is the possibility to make continuous data acquisition via DMA
(Direct Memory Access) into an external memory with a maximum capacity of 16 Mbytes. The
access to external memory is done using two external latches. Communication with the external
circuits is done by the integrated UART interface with two lines (Rx/Tx).

Figure 1: Data Acquisition Functional Block Diagram
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Figure 2: Transmitting Section Flow Chart

WORKING
Sensor Acquisition:
 The Data Sensed by the sensor is initially in the analog form. For the purpose of wireless
communication the data has to be presented in the digital form. Data is more secure in
Digital format, as compared to analog. Thus, Data is forwarded in Digital Form.
 For the Purpose of conversion, 8-bit Analog to Digital convertor (ADC 808) is used .The
ADC converts the input analog voltage into Digital Binary format, which is represented
through 8 output lines in the ADC.
 The Binary Data is then given to the 89C51 Microcontroller, which is initially
programmed to sense the input parameters. The Programming Language used is c.
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 Now the data is Present in parallel Form. This data is to be transmitted serially over the
wireless channel. For this, MAX232 IC is used. The MAX232 is an integrated circuit that
converts signals from an RS-232 serial port to signals suitable for use in TTL compatible
digital logic circuits.
 The data is framed to identify with a specific pattern for de-commutation and also
included with start and stop bits, no parity for the purpose of asynchronous transmission
over Bluetooth Transceiver Module-1. The Baud Rate is set variably with preferred usage
at 9600bps.
 GPS is a satellite-based global navigation system that enables users to accurately
determine latitude, longitude, height and time. The GPS receiver that was selected is EM408 due to its characteristics of low power and an inbuilt antenna on the receiver. The
GPS receiver can output NMEA data on a serial port. The output of the receiver is given
to a Bluetooth Transceiver Module-2.
 Bluetooth Transceiver Modules are used to Transmit/Receive. The Receiver is set as the
Master Mode. The Transmitter is used in Slave Mode. The Master and Slave are
configured with MAC source and Destination Addresses and initialized to recognize and
authenticate each other.
 Data received through Bluetooth Transceiver-3 Module is then processed by the ARM7
Processor Module. The data from the Bluetooth Module-1 and Bluetooth Module-2 are
mixed and sent to second serial port for RF transmission.
 The RF transmission used in the setup is a L-Band transmitter with 10W power output.
 The multiplexed data was received through a RF receiver, bit synchronised the data and
given to a de-commutation system.
 The framed data pattern is identified with special characters that are encoded during
transmission along with a Start and Stop bit. The special characters are then removed
from the received data, which is then converted into required Engineering Value.
 The Processed data is then displayed on the on-board LCD screen, which can be
simultaneously displayed on the computer screen.
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Figure 3: Decommutation Flow Chart
6

Figure 4: Simulated Output
ADVANTAGES
Sensor-level processing: Microcontroller at remote station enables real-time analysis.
Low power requirements: Smart power management scheme allows for increased life of
battery-powered remote stations while reducing size, weight, and cost.
High reliability: System provides self-diagnosis of communications links and automatically
reconfigures upon failure detection.
Guaranteed data integrity: Buffering at remote stations ensures data availability and integrity
if temporary communications losses occur.
Scalability: Modular design facilitates any installation.
Low cost: Generic modules are common to remote and central stations.
Reduced wiring communication: Without wires, cost intensive wiring plans become obsolete.
Labour-intensive cable installation costs will be dramatically reduced and there will be no more
need for wiring maintenance tasks.
Reduced power cabling costs: The freedom to place wireless sensors anywhere in the factory
plant or a building gets limited if those devices have still to be connected to a main power
source. So further advances would be achieved by obviating the need of power cables. In the
field of sensors, using low power semiconductor technologies, power cabling can be obviated if
the sensors use internal batteries or harvest the energy from the environment.
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APPLICATIONS
Industrial parameter monitoring: Different data parameters like temperature, pressure,
humidity can be measured using this technology and transmitted wirelessly.
Lab instrumentation: Experimentation involving radiation cannot be monitored physically. This
requires wireless Monitoring Facility.
Remote location data gathering: Hard-to-Access Conditions on Geographical areas could use
this Technology to Monitor and read various Parameters.
Environmental monitoring.
Health care: Wireless monitoring equipment are already in use in Major Multi-speciality
Hospitals round the world for monitoring Physiological Vitals of Large number of Patients on a
single Monitor.
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Abstract
In the wake of sequestration, Test and Evaluation (T&E) groups across the U.S. are quickly
learning to make do with less. For Department of Defense ranges and test facility bases in
particular, the timing of sequestration could not be worse. Aging optical tracking systems are
in dire need of replacement. What’s more, the increasingly challenging missions of today require
advanced technology, ﬂexibility, and agility to support an ever-widening spectrum of scenarios,
including short-range (0 − 5 km) imaging of launch events, long-range (50 km+) imaging of
debris ﬁelds, directed energy testing, high-speed tracking, and look-down coverage of ground
test scenarios, to name just a few. There is a pressing need for optical tracking systems that
can be operated on a limited budget with minimal resources, staﬀ, and maintenance, while
simultaneously increasing throughput and data quality.
Here we present a mathematical error model to predict system performance. We compare
model predictions to site-acceptance test results collected from a pair of multi-band optical
tracking systems (MBOTS) ﬁelded at White Sands Missile Range. A radar serves as a point
of reference to gauge system results. The calibration data and the triangulation solutions obtained during testing provide a characterization of system performance. The results suggest that
the optical tracking system error model adequately predicts system performance, thereby supporting pre-mission analysis and conserving scarce resources for innovation and development of
robust solutions. Along the way, we illustrate some methods of time-space-position information
(TSPI) data analysis, deﬁne metrics for assessing system accuracy, and enumerate error sources
impacting measurements. We conclude by describing technical challenges ahead and identifying
a path forward.
Key words: Tracking, simulation, accuracy, error model, calibration

Introduction
The Multi-Band Optical Tracking System (MBOTS) is an indispensable component for testing and
evaluating systems. Its ability to track objects, characterize target motion dynamics and trajectories to arcsecond-level accuracy, and test and evaluate weapon functionality and aerial systems,
supports the following key engineering activities: The test data may be analyzed to determine
how well a system under test satisﬁes its requirements, assess the system’s ﬁeldworthiness, provide
feedback to designers on the quality of the design, determine system reliability, and determine if
the article under test is ready to go into production. While this wealth of quantitative information
puts the utility of the MBOTS beyond dispute, making the most of these systems—logistically,
operationally, and economically—is an ongoing challenge.
Drawing on the model deﬁned in [2], this paper reviews the theoretical underpinnings of MBOTS
calibration, describes the system parameter estimation process, and culminates in the presentation
1

of a model that predicts system performance for a dual-MBOTS conﬁguration viewing a common
moving target. The model is also used to determine the ideal placement of MBOTS for a required
level of system accuracy, with the goal of aiding the test planner and improving the likelihood of a
successful mission.
The paper is structured as follows. Typical MBOTS applications are reviewed. Key MBOTS
components are introduced, followed by identiﬁcation of systematic error sources. A MBOTS
mathematical error model provides a theoretical framework for managing systematic error sources.
Next, calibration methods and error model parameter estimation are covered. A model for predicting system performance for a dual-MBOTS conﬁguration viewing a common target is presented.
The model outputs are compared to real data collected during a site-acceptance test.

Mission Requirements and MBOTS Capabilities
A key mission requirement for test ranges is to track objects. Missions involve tracking targets
over a wide span of ranges and for a variety of viewing geometries. The ability to track an object
is a function of several factors, including the object characteristics, trajectory, and dynamics. The
tracker needs to track and discriminate multiple objects, handle object spawning events (e.g.,
submunitions), and handoﬀ object tracks to other trackers. To maintain track on a given object,
the tracker must be able to “coast” (via predictive ﬁlters and/or pre-deﬁned trajectories) through
track discontinuities when the object is not in the sensor’s line-of-sight. Usually, an object in
track cannot be kept exactly in the boresight of the MBOTS sensors, owing in part to time delays
and errors in ﬁltering; the extent to which the object is oﬀ-boresight is quantiﬁable in real-time
with the use of an auto-tracker. Though manual tracking was prevalent on older tracking systems,
auto-tracking is now, for all practical purposes, a hard requirement.
In addition to tracking, some missions require phenomenological image analyses, e.g. to support
directed energy studies. If time-space-position information (TSPI) is needed, then the MBOTS
needs to have a ranging device to locate the object in 3D, or multiple MBOTS need to observe the
target under test to obtain spatial coordinates via triangulation. In some cases, the intermediate
results of a mission dictate how the remainder of the mission will unfold. The ability to process
the data in real-time and obtain instant feedback in the ﬁeld supports agile testing.
To support this wide variety of mission parameters, MBOTS need to detect the object, keep the
object in its line of sight by moving suﬃciently quickly, provide auto-tracking, support real-time
quick-look feedback to operators, and store images and data products for post-mission data reduction. The data needs to be time-synchronized to support time-correlation of data products across
all measuring devices, and the data rate needs to support the analysis requirements. The MBOTS
data products include: time-stamped azimuth and elevation angles and/or time-space-position information; video and image ﬁles; and spectral data.

Basic features of MBOTS
The key components of MBOTS, shown in Figure 1, include the following:
• Sensors: includes multi-band cameras and optics to acquire images
• Precision time source: provides a common time source for all subsystems, to enable timesynchronized data collection
• Controller: controls subsystems and integrates system data
• Servo controller: sends command signals to ampliﬁer dictating motor speed and direction
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Figure 2: Oﬀ-boresight target pixels from center.

Figure 1: MBOTS Block diagram.

• Auto-tracker: tracks objects via image processing algorithms
• Data recorder: records images, video, and other data products
• Ampliﬁer: sends current to motors as a function of servo controller command signals
• Motors (for azimuth and elevation): used to point MBOTS toward target(s) of interest;
supports rotational movement along azimuth axis and elevation axis
• Encoders (for azimuth and elevation): converts angular positions into digital signals
• Operator interface: includes keyboards, monitors, switches, and other controls for an end-user
to manage MBOTS
One essential feature absent from Figure 1 is the mechanical frame on which the gimbal rests.
To enable arcsecond accuracy measurements, both the site (preferably a concrete slab) and the
frame need to be stable (although MBOTS can be operated on moving platforms, albeit at reduced
accuracy). The frame is designed so as to minimize base motion, resonances, thermal gradients due
to solar heating or other heat sources, and the impact of any mechanical disturbances. For trailermounted mobile systems, the frame is supported by jacks for stability and precisely leveled prior
to operating the system. The bearings on which the gimbal rotate are manufactured and tested to
ensure that ﬂatness and wobble are virtually non-existent during rotation about the azimuth axis.

Error Sources
The MBOTS collects two primary sets of raw measurements. The ﬁrst set of raw measurements
are the pointing angles, and include the azimuth and elevation encoder angle measurements. The
second set of raw measurements are the oﬀ-boresight azimuth and elevation angles. The target
image center ideally coincides with the boresight. As shown in Figure 2, the target is some number
of pixels oﬀ-boresight from the y-axis; these pixels correspond to an oﬀ-boresight azimuth angle.
Similarly, the target is some number of pixels oﬀ-boresight from the x-axis; these pixels correspond
to an oﬀ-boresight elevation angle.
Raw measurements have contributions from both random and systematic errors. Random errors
are handled by taking repeated measurements and applying statistics. Systematic errors are characterized using calibration data, and their estimated contributions are subtracted from the raw
measurements. Here we describe the MBOTS systematic error sources. Since the mathematical
derivations of the error sources are covered in [2], the main focus here is on visualizing the error
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sources. Only those error sources that contribute substantially to the overall error budget are
discussed here.
To describe the errors, it is convenient to deﬁne the following angles. The ﬁrst pair of angles are
relative to the (mount) bearing plane, the plane on which the gimbal rests and rotates.
em = [ẽenc + ˜
el ] − e0 − ec

(1)

am = [ãenc + ˜az sec em ] − a0 − ac sec em − γ tan em

(2)

where, respectively,
• em and am are the target elevation and azimuth angles in the (mount) bearing plane,
• ẽenc and ãenc are the elevation and azimuth angles as determined from the encoders,
• ˜el and ˜az are the oﬀ-boresight elevation and azimuth angles as determined by the auto
tracker,
• e0 and a0 are the elevation and azimuth zero-oﬀsets,
• ec and ac are the elevation and azimuth collimation angles. Here “elevation collimation” is an
artiﬁcial construct used to carry the diﬀerence in elevation zero-oﬀset e0 of diﬀerent sensors.
The tilde above the encoder angle and oﬀ-boresight terms indicates that these are measured items.
The second pair of angles are relative to the local horizontal plane, the plane perpendicular to the
gravity vector at the MBOTS center of rotation.
eg = em + etilt − edroop

(3)

ag = am + atilt tan em

(4)

where the g subscript denotes gravity, m denotes the mount, tilt denotes the tilt contribution, and
droop denotes the droop contribution.
EŽƌƚŚ

WĂƌŬ
ƉŽƐŝƚŝŽŶ

(a) Azimuth zero oﬀset.

(b) Azimuth
tion.

collima-

(c) Elevation “collimation”.

(d) Nonorthogonality.

Figure 3: Representative error sources visualized.

Below are error sources that are accounted for, estimated, and managed via calibration.
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• Zero Oﬀset (e0 for elevation, a0 for azimuth): Captures the residual non-zero value that
separates the true value from the zero point of the encoder axis. This value is a function of
the park position and true North, as shown in Figure 3a.
• Collimation (ec for elevation, ac sec em for azimuth): Azimuth collimation captures nonorthogonality between optical boresight and the elevation rotation axis, as shown in Figure 3b.
Elevation “collimation” is an artiﬁcial construct to capture the diﬀerent zero oﬀset elevation
angles that each sensor has, as shown in Figure 3c.
• Tilt (etilt for elevation, atilt tan em for azimuth): Measures tilt of the azimuth assembly with
respect to the local gravity vector.
• Vertical Deﬂection (η sin ag + ξ cos ag for elevation, [η cos ag − ξ sin ag ] tan eg for azimuth):
Deviation of local gravity vector from the normal to the ellipsoid.
• Droop (edroop for elevation only): Bending of optics due to gravity; measures the elevation
error induced by gravitational loading on the mechanical structure which supports the sensor.
• Non-orthogonality (γ tan em for azimuth only): Deviation from 90 ◦ of the angle between the
azimuth and the elevation rotation axes. Figure 3d illustrates the ideal orthogonal case.
• Parallax (eplx for elevation, aplx sec em for azimuth): Error arising from the fact that not all
sensors are located at the rotation center of the tracking mount. Comparison of sensor data
requires corrections.
• Refraction: Bending of light due to atmosphere; eﬀect is pronounced at low elevation angles.

Linear Error Model
The systematic MBOTS errors are incorporated into a linear model. This model assumes that
there are no interactions between error sources, e.g. droop is independent of vertical deﬂection. It
also assumes that the systematic errors are constant. The linear error model equations are
êtgt = ẽenc + ˜el − e0 − ec + etilt − (η sin ag + ξ cos ag ) − edroop + eplx
âtgt = ãenc + ˜az sec em − a0 − ac sec em + atilt tan em + (η cos ag + ξ sin ag ) tan eg −
γ tan em + aplx sec em

(5)
(6)

System Calibration
Calibration eliminates systematic errors from measurements. Ideally, the system is calibrated
near in time to the data collection, and under conditions where the atmosphere and temperature
are stable. Calibration is typically performed whenever the MBOTS has been moved to a new
site, and/or when any of the sensors have been adjusted or replaced. Using a set of measurements
where target positions are accurately surveyed, along with measurements acquired from a tilt meter,
calibration coeﬃcients are estimated. Subsequent raw encoder angle measurements are “corrected”
by applying the linear model. Following is a brief description of the basic calibration types.
Encoder calibration Prior to insertion into the system, each encoder is checked for linearity
of response. For a ﬁxed change in angle, the encoder angle is expected to increase linearly. The
encoder is installed and zeroed after the system is in park position (mechanical zero degrees in both
azimuth and elevation).
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Tilt and wobble calibration Prior to use, the MBOTS frame is leveled, and then a tilt meter
collects tilt measurements as the gimbal is rotated. These measurements characterize the systematic
error due to tilt and wobble. Wobble arises in part due to imperfections in the bearings, and due
to supports between which sagging can occur.
Target board calibration Since target boards’ locations and the MBOTS location are determined via survey, target board and ﬁeld-of-view calibration are used to determine some of the
systematic errors (measured = truth + error). The operator points the MBOTS sensors to a given
target board, and the measured encoder angles are compared to the true angles. Target board data
is also used to calculate ﬁeld-of-view scaling factors (the conversion constants that relate pixels to
angles) and sensor rotation, the angle by which a given sensor is rotated along its boresight axis
(e.g., due to mechanical imperfections in sensor mounting plates).
Stellar calibration Similarly to target boards, where the locations are determined in advance
of data collection, the locations of stars can be calculated. By taking measurements for a number
of stars, distributed in diﬀerent parts of the sky, data with diversity in both azimuth and elevation
angles is collected. An additional beneﬁt of stellar calibration is that the stars are eﬀectively at
inﬁnity, so parallax error is negligible.
With measurements obtained, the calibration coeﬃcients are estimated via weighted least squares.
Post-calibration, the linear model is used to convert raw measurements to corrected measurements.

System Accuracy Model
A model was developed in preparation for the site-acceptance test for the Mobile Multi-Sensor
Time-Space-Position Information System (MMTS), a Photo-Sonics tracking system. The scenario
involves two MMTS operating simultaneously to triangulate the 3D location of a target under test,
a low-ﬂying projectile that follows a straight path. A radar provides range data, to evaluate the
dual-MMTS performance. The goal of the model is to predict system accuracy, determine the
optimal viewing locations for the tracking mounts, and extrapolate the results to faster targets and
greater distances between target and observers. It should be noted that the model assumes that
the target is observed and tracked continuously throughout its trajectory.
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Figure 4: Test scenario conﬁguration.

Figure 5: Beam overlap given target position.

The accuracy requirement of the MMTS is to resolve the position of the target within 100 microradians at a range of 10 kilometers (this corresponds to a positional accuracy of within one
meter). Since no currently-available targets provide the desired ﬂight range of 10 km, a simulation
was developed to supplement the experimental data analysis. Two MMTS observing a target are
modeled as shown in Figure 4, where the target begins at position x = 0 km and ends at position
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x = 10 km. To estimate the positional accuracy, the scenario is modeled as a 2D problem where
the elevation angle is assumed to be zero degrees. Azimuth encoder angle accuracy at 20◦ C is ±1.5
arcseconds. The starting point for this model is the linear error model discussed previously. The
goal is to capture any sources of uncertainty that are not addressed by calibration. For example,
the calibration coeﬃcients are treated as constants in the linear model, but there is in fact some
calibration drift (due to changing environmental conditions, etc.). To incorporate the uncertainty
due to encoder accuracy limitations as well as any other uncertainty sources and random errors,
the optical path is modeled as having width. Using real MMTS data, the magnitude of the uncertainty is estimated and used in the simulation. Triangulation provides an estimate of the spatial
target location, as shown in Figure 5. To facilitate visualization, Figure 5 was generated using a
large uncertainty parameter value, so the area of overlap would be readily seen. The target is then
estimated to be in the area of overlap, with a function specifying the likelihood that the target is at
a given position. The most stressing viewing geometry occurs when the target is at the start and
end of its trajectory, which also is the location where the area of overlap is the largest (maximum
uncertainty). The most favorable viewing geometry corresponds to the target at the midpoint of
its trajectory, when the area of overlap is smallest (minimum uncertainty). Put another way, uncertainty is smallest when the lines-of-sight are orthogonal, and uncertainty increases as the angle
between the lines-of-sight approaches zero.
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(a) Distance between true and
estimated target locations.

(c) Distribution at midpoint.
(b) Distribution at starting point.

Figure 6: Distance deﬁned, and distance distributions of estimated target positions, when the
target is at the starting point (x = 0 km; middle ﬁgure) and when the target is at the midpoint
(x = 5 km; rightmost ﬁgure) of the trajectory.

To characterize the target location likelihood function, we use a Monte Carlo approach. Referring
back to Figure 4, α and β represent the true angles between the line connecting the two MMTS and
the lines-of-sight to the target. The intersection of the two lines-of-sight is the true target location.
Angles are drawn from the normal distributions
αi ∼ N (μ = α, σ 2 ), i = 1, ..., n

(7)

βi ∼ N (μ = β, σ 2 ), i = 1, ..., n

(8)

where the variances for both MMTS are assumed to be equal. An optical path is then propagated
from the left MMTS along the line deﬁned by αi , and another optical path is propagated from
the right MMTS along the line deﬁned by βi , until the two lines intersect. The distribution of
intersection points is shown in Figure 6b for the target at the starting point of the trajectory, and
Figure 6c for the target at the midpoint of the trajectory. The ﬁgures are bright white at the
locations with the greatest density of data points, and approach black as the density decreases.
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(a) Target at x = 0 km.

(c) Target sampled across trajectory.

(b) Target at x = 5 km.

Figure 7: Euclidean distance distributions for the starting point, the midpoint, and across the
full trajectory.

Comparing Figure 5 (left panel) with Figure 6b and Figure 5 (right panel) with Figure 6c, the nonprobabilistic areas are quadrilaterals, while the corresponding probabilistic distributions occupy
a similar region but are ellipsoidal. The Euclidean distance from the intersection point to the
true target location is calculated. A total of n draws are made, following the same process. The
distribution of Euclidean distances is used to characterize the positional accuracy of the system.
Using a standard deviation value of 22.5 arcseconds for the sampling distributions (estimated
based on the encoder accuracy speciﬁcation, auto-tracker errors, and other uncertainty sources),
the distribution of Euclidean distances across a sampling of points along the target trajectory is
shown in Figure 9c. In this case, the probability of accuracy d being less than or equal to one
meter is p(d ≤ 1m) = 0.75. The distribution of Euclidean distances for the most stressing points
in the trajectory, at the start and end of the trajectory, is shown in Figure 7a. The distribution of
Euclidean distances for the most favorable point in the trajectory, at the midpoint of the trajectory,
is shown in Figure 7b. Comparing the two distributions, it can be seen that the target location
when at the trajectory midpoint tends to be estimated with higher accuracy, p(d ≤ 1m) = 0.89,
than in the case when the target is at the trajectory starting point, p(d ≤ 1m) = 0.44. Figure 8
shows the probability that a positional accuracy of better than one meter is met, as a function of
target position along the 10 km straight-line trajectory. A quadratic equation ﬁts the data well,
and the peak accuracy at the trajectory midpoint agrees with previous results.
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Figure 8: Probability of meeting accuracy requirement as a function of position in trajectory.
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(a) Target at midpoint of trajectory.

(b) Target at starting point of
trajectory.

(c) Target sampled across trajectory.

Figure 9: MBOTS site placement parameter plots. White indicates higher accuracy relative to
black indicating lower accuracy.

This method is readily extended to determine the optimal sites for two MMTS, to achieve the
desired accuracy. Figure 9a shows the simulation results, which tested various site locations relative
to the target trajectory and the accuracy levels, when the target is at the midpoint of its trajectory
(x = 5 km). Owing to the geometry of the problem (see Figure 4), symmetry may be exploited, and
the two MMTS locations may be varied symmetrically about the vertical line at x = 5 km. The
horizontal axis corresponds to the distance (in km) of the MMTS from the left/right rectangular
boundary. The vertical axis corresponds to the perpendicular distance between the line connecting
the two MMTS either MMTS and the target trajectory line. It can be seen that the bright white
region, the lower right hand corner of the parameter space, where the distance from the left/right
edges is between 3 and 4 km and the minimum distance from observer and target is between 1 and
2 km, yields high accuracy levels. Somewhat surprisingly, the “sweet spot” for MMTS placement
occupies a large portion of the parameter space. However, the original MMTS placement is seen to
be sub-optimal if the goal is to optimize accuracy when the target is at the midpoint of the trajectory.
Figure 9b shows results when the target is at the starting point of its trajectory (x = 0 km). In this
case, the favorable locations for MMTS are near the left and right boundaries; here at least one
MMTS is close to the target, but accuracy is reduced relative to the previous case where the target
was at the trajectory midpoint. Figure 9 shows site-placement results averaging across several
points along the target trajectory. Under these conditions, the optimal MMTS site placement
is at (xL , yL ) = (2.1 km, 1.8 km) and (xR , yR ) = (7.9 km, 1.8 km), which happens to be close to
the original placement speciﬁed in Figure 4. These results raise two questions: should accuracy be
optimized for a speciﬁc point within a trajectory, or should the accuracy across the entire ﬂight path
be optimized? The particular needs of a mission need to be evaluated to answer this. Additionally,
the ability to reach some accuracy criterion is statistically deﬁned here; could MBOTS accuracy
requirements be speciﬁed statistically, rather than as a hard threshold?
The MMTS performance was assessed during the site acceptance test in 2012, at White Sands
Missile Range. When the test was conducted, no targets with the desired ﬂight characteristics
(straight-line 10 km range at extremely low altitude) were available. Instead, a target travelling
for a 2 km+ distance was tracked. Figure 10 shows the positional accuracy achieved during one
of the tests (a 10-step moving average was applied to the data). The results are of the same
order of magnitude as the model predictions. A radar was added to the MMTS conﬁguration
to determine if performance could be improved by having a source of range data. The average
Euclidean distance and standard deviation between the radar/MMTS conﬁguration versus the
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MMTS-only conﬁguration was 0.012 meters and 0.04 meters, respectively.
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Figure 10: Distance accuracy obtained during MMTS site-acceptance test.

Conclusion
This paper provided an overview of the key MBOTS features and capabilities, and described systematic errors and a linear error model. Using the linear error model as a starting point, a model
to predict system performance and determine the optimal MMTS placement for triangulation of
a target was presented, along with results. Photo-Sonics MMTS site acceptance test results were
included for comparison.
Additional investigation is warranted to characterize the nature and magnitude of the calibration
drift, to determine the appropriate uncertainty levels to use in the model, and to gain insight into
how often calibration should be performed to maintain a desired level of system accuracy. Further,
the target-tracking process and optics can be modeled. Support for 3D trajectories and complex
motion dynamics using a six-degrees-of-freedom trajectory propagator is planned as future work.
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DOES A SPINNING MISSILE CAUSE TRACKING ERROR
AT C-BAND?
Darren Kartchner and Michael Rice (Faculty Advisor)
Brigham Young University, Provo, Utah, USA

ABSTRACT
The amplitude fluctuation induced by the spinning missile acts as a disturbance on conscan. In
addition, if a tracking system converts from S-band to C-band, the beamwidth is narrower and the
wrap-around antenna on the missile requires more patches, and so the margin of error for tracking
decreases. Tracking performance is simulated with a spinning missile with ballistic and fly-by
trajectories while running at C-band. The spinning missile causes a periodic component in the
pointing error, and when the conscan frequency is an integer multiple of the roll rate, conscan
may lose track of the target. Remedial techniques are discussed, including increasing the conscan
frequency and using monopulse tracking rather than conscan.

INTRODUCTION
As frequency bands are auctioned, allocated, and reallocated, equipment designed to operate at
specific frequencies experience changes in performance. In particular, the transition from lower
S-band (2000-2300 MHz) to lower C-band (4000-5500 MHz) is of interest. If the carrier frequency
of a transmitter-receiver system changes, the gain patterns of the antennas change as well. A missile is usually equipped with a wrap-around antenna comprising patches spaced approximately half
a wavelength apart. At higher frequencies, more patches are needed to maintain proper spacing
(assuming the radius of the missile remains constant). Generally speaking, the gain pattern of a
wrap-around transmit antenna exhibits more lobing at a higher carrier frequency. Figure 1 compares two actual roll patterns of conformal wrap-around antennas designed for a missile with a
5-inch diameter.
The radiation pattern of the transmit antenna is non-isotropic. Therefore, if the missile spins, the
amplitude of the received signal will fluctuate. For tracking systems that estimate the target’s
position based on signal amplitude, these fluctuations induced by the spinning of the missile act as
a disturbance on the tracker.
In addition to the changes on the transmitting end, the receiver’s performance differs as the carrier
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Figure 1: Roll patterns for two conformal wrap-around antennas, operating at S-band (2250 MHz)
and at C-band (5135 MHz).
frequency changes. For an ideal, uniformly illuminated parabolic reflector, the gain pattern is
described as
G(φ) = G0 × 2

J1 (0.5kD sin (φ))
0.5kD sin (φ)

(1)

where J1 (·) is the modified Bessel function of the first order, k is the wavenumber of the carrier
frequency, D is the diameter of the reflector, and G0 is the boresight gain, given by

G0 =

πD
λ

2
η

(2)

where λ is the wavelength of the carrier frequency and η is the antenna efficiency. Figure 2 illustrates the gain patterns for an 8-foot parabolic reflector operating at 2250 MHz and 5135 MHz.
The well-known tradeoff between boresight gain and beamwidth is apparent upon first glance.
For the purposes of this paper, beamwidth is of greater concern. The beamwidth narrows upon
transitioning from S-band to C-band; this imposes a smaller margin of error in terms of tracking.
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Figure 2: Gain patterns for an 8-foot parabolic reflector antenna with η = 0.7, operating at S-band
(2250 MHz) and at C-band (5135 MHz).
For a parabolic reflector adjusted to operate at C-band, the disturbance from a spinning target,
combined with the narrower beamwidth, may be enough to cause the tracker to lose sight of the
target. To eliminate the uncertainty of how tracking performance is affected in this scenario, we
will first examine some common tracking methods.

CONICAL SCAN (CONSCAN)
Conical scan (or conscan) is a tracking technique where the receiver feed deviates slightly off
boresight, at an angle called the squint angle. The squint angle is selected so that the loss from
pointing away from boresight is about 0.1 dB [1]. A motor rotates the feed about the boresight
axis, and the rotating gain pattern follows a conical trajectory (hence the name). The received
signal amplitude over one conscan cycle, a(t), is then used to estimate azimuth and elevation
pointing error. The component of a(t) at the conscan frequency is used to estimate the azimuth
and elevation pointing errors. In continuous time, this is usually done by multiplying a(t) by either
one period of a sinuosoidal or a square wave at the conscan frequency–which mixes the frequency
component to baseband–then passing the result through a low-pass filter to isolate the conscan
frequency component. The in-phase and quadrature elements of the conscan frequency component
are used to determine azimuth and elevation pointing error, respectively. In discrete time, the signal
amplitude a(t) is sampled N times, with a spacing of T = 1/(f0 N ) seconds:
a(t) → a(nT ), n = 0, 1, · · · , N − 1

(3)

where f0 is the conscan frequency in rotations per second. Two methods can be used to find these
estimates given a(nT ): the least squares method and the DFT method.
Least Squares Method The angular displacement between boresight and the target as a function
of time is given by [2]:
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(t)2 = r2 + 2az + 2el − 2raz cos(f0 t) − 2rel sin(f0 t)

(4)

where r is the squint angle, and az and el are the azimuth and elevation components of the pointing
error, respectively. The angular displacement (t) determines the amplitude of the received signal
according to the gain pattern, as seen in (1). Under the assumption that the target is relatively
stationary during the conscan cycle, the only time-varying elements of (4) are the sine and cosine.
Using the least squares method, the azimuth error is estimated by least squares fitting a(nT ) to
one period of a cosine wave with frequency equal to the conscan frequency, dividing by the average signal amplitude, then dividing by the slope of the resulting S-curve. The elevation error is
estimated the same way, substituting the cosine wave with a sine wave.
DFT Method In this method, pointing error is estimated from the frequency component of a(nT )
at the conscan frequency. This can be found by using the inverse FFT [3]:
N −1
2πkn
1 X
A(k) = IFFT {a(nT )} =
a(nT )ej N , for k = 0, 1, · · · , N − 1
N n=0

(5)

The azimuth and elevation error estimates, then, are simply the real and imaginary parts of A(1),
divided by the slope of the resultant S-curves [4]. Figure 3 compares examples of S-curves using
both least squares and DFT methods for a carrier frequency of 5135 MHz and a conscan frequency
of 25 Hz (note that the slopes of the curves are normalized to 1).

IMPACT OF SPINNING MISSILE ON CONSCAN
Roll Rate and Conscan The main feature of conscan is the use of variation in received signal
amplitude over one conscan period to estimate pointing error. Therefore, when the amplitude
changes due to the missile spinning, the result is a disturbance on conscan. The missile’s roll rate
has a large role in dictating how much disturbance occurs. To illustrate this point, Figure 4 plots
the pointing error estimates produced by conscan when a rotating target is at boresight (note that
when using either method of conscan, a target at boresight should output zero error). The gain
pattern of the missile is the C-band gain pattern from Figure 1. The abscissa is the roll rate of the
missile, and the ordinate is the average output of conscan after the missile spins several times. In
studying this figure, there are large peaks whenever the conscan frequency is an integer multiple
of the roll rate. This is because conscan picks up the harmonic generated by the spinning missile,
resulting in an especially bad disturbance.
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Figure 3: Normalized S-curves for least squares conscan and DFT conscan. The single dotted line
denotes the half–power beamwidth.
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Figure 4: Average azimuth and elevation error estimates of a stationary, rotating target at boresight,
using both methods of conscan.
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CONSCAN SIMULATION
Ballistic Trajectory To simulate conscan’s performance while tracking a spinning ballistic missile, we used the scenario illustrated in Figure 5. The azimuth and elevation pointing angles of the
tracking antenna are controlled by PI controllers tuned to a loop bandwidth of 3 Hz using successive loop closure [5]. Figure 6 is a block diagram of the controller. Figures 7-9 plot the azimuth and
elevation pointing errors of both implementations of conscan for three cases: when the missile is
not spinning, when the missile spins at a rate of 2 Hz (a rate coprime with the conscan frequency),
and when the missile spins at a rate of 5 Hz (a harmonic of the conscan frequency). The gain
pattern of the target is the C-band pattern from Figure 1. Based on the results, when the target is
not spinning, conscan is able to track with relatively small error, with the largest error occuring at
the time of largest angular velocity. When the missile spins at 2 Hz, conscan is able to continue
tracking, but a periodic component is introduced to the error. When the missile spins at 5 Hz, the
RMS pointing error increases.
54 km

θ = 15°
v = 1012 m/s

15 km

N

Figure 5: Diagram of the ballistic missile simulation
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Figure 6: Block diagram of the antenna controller
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Figure 7: Azimuth and elevation pointing errors for a non-spinning ballistic missile, using (a) least
squares conscan and (b) DFT conscan.
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Figure 8: Azimuth and elevation pointing errors for a ballistic missile spinning at 2 Hz, using (a)
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Figure 9: Azimuth and elevation pointing errors for a ballistic missile spinning at 5 Hz, using (a)
least squares conscan and (b) DFT conscan.
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Fly-by Trajectory To simulate a fly-by, assume the missile flies from north to south at a constant
altitude of 11000 feet. The velocity and gain pattern remain the same, and the flight path is 15 km
east of the tracking antenna. The total flight time is 20 seconds. Figure 10 illustrates the simulation.
Figures 11-13 plot the pointing error of both implementations of conscan when the missile spins
at 0, 2, and 5 Hz. Since the elevation angle is nearly constant for this scenario, only the azimuth
pointing error will be considered.

N
20 km

15 km

v = 1012 m/s

Figure 10: Diagram of the fly-by missile simulation

Changing Conscan Frequency As seen in previous figures, the tracking error is highest when
the angular velocity is highest. In such moments, the angular displacement of the target per conscan
cycle is at its peak. By increasing the conscan frequency, the target does not move as far per cycle;
thus, the displacement per cycle is reduced, and so the assumption that the target is stationary
during a conscan cycle is closer to the truth. In addition to a lower angular displacement per
cycle, the target experiences less roll per cycle, so there is less disturbance on the amplitude of
the received signal. Figure 14 illustrates the difference in tracking in the fly-by scenario when the
conscan frequency is 45 Hz instead of 25 Hz, while the missile roll rate is 5 Hz (note that the
conscan frequency is still an integer multiple of the roll rate). There are a few positive changes
when the conscan frequency increases to 45 Hz. First, DFT conscan does not lose track of the
target; second, the RMS pointing error of least squares conscan is lower; and third, the amplitude
of the periodic component of the error is lower for least squares conscan.
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Figure 11: Pointing error for least squares conscan and DFT conscan for a non-spinning fly-by
missile.
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Figure 12: Pointing error for least squares conscan and DFT conscan for a fly-by missile spinning
at 2 Hz.
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Figure 13: Pointing error for least squares conscan and DFT conscan for a fly-by missile spinning
at 5 Hz. Note that DFT conscan loses track of the target.
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Figure 14: Pointing error for least squares conscan and DFT conscan for a fly-by missile spinning
at 5 Hz, for a conscan frequency of 45 Hz. The number of samples per cycle remains constant at
40. Compare with Figure 13.
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ANOTHER TRACKING TECHNIQUE: MONOPULSE
Monopulse is a tracking technique similar to conscan, but it uses four stationary feeds pointed
away from boresight at the same squint angle used in conscan. The feeds are positioned like four
corners of a square. Azimuth and elevation differences are produced using sums and differences of
the feed output amplitudes, as summarized in Figure 15. The azimuth and elevation pointing error
estimates are the azimuth and elevation differences divided by the sum signal [6], then divided by
the slope of the S-curve. The normalized S-curves are shown in Figure 16. Sometimes a “scan
frequency” is reported with the monopulse method, but this is not a “scan” in the conscan sense,
but rather the rate at which the feed output amplitudes are sampled.
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Figure 15: A block diagram of the monopulse tracking method, reproduced from [7].
With respect to the issue of a spinning target, monopulse has a couple advantages over conscan.
For one, the temporal delay between signals goes away, since the four feeds are receiving simultaneously. In addition, monopulse divides out the fluctuating amplitude of the received signal.
Therefore, monopulse is unaffected by the disturbance induced by a spinning target. If there were
a figure simular to Figure 4, but for the monopulse method, the output would be zero for all roll
rates.
Simulating a Monopulse Tracker Under the same scenario of a spinning fly-by missile, monopulse
tracking can be compared to conscan tracking. Figure 17 is a plot of the azimuth pointing error
13

Monopulse error estimate (deg)

for monopulse and both implementations of conscan–with a conscan frequency of 45 Hz–for a
non-spinning missile, while Figure 18 is a plot of the error while the missile spins at 5 Hz. These
two figures reveal that monopulse is slightly more effective than conscan when the target does not
spin, and much more effective than conscan when the target does spin.
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Figure 16: Normalized s-curves for a monopulse tracker with a carrier frequency of 5135 MHz.
The single dotted line is at the half-power beamwidth.
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Figure 17: Monopulse tracking error vs. conscan tracking error for a non-spinning fly-by missile.
The conscan frequency is 45 Hz.
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Figure 18: Tracking error for a fly-by missile spinning at 5 Hz, using least squares conscan, DFT
conscan, and monopulse, respectively. The conscan frequency is 45 Hz.

CONCLUSION
The simulations demonstrate that monopulse exhibits superior tracking performance over the two
implementations of conscan described in this paper. However, the physical implementation of
monopulse is significantly more complex than conscan. The four feeds needed to execute monopulse
tracking must be rigidly attached to the antenna at a specific squint angle (which changes as the
carrier frequency is adjusted), while the conscan feed, already designed to rotate, can have its
squint angle modified to be adequate for the carrier frequency. In the event that monopulse is not a
viable option for a tracking antenna, the performance of an antenna implementing conscan can be
improved by increasing the conscan frequency.

ACKNOWLEDGEMENTS
There are several people whose contributions to the development of this paper are greatly appreciated: Mr. Steve O’Neill (Tybrin, Edwards AFB), Mr. Bob Selbrede (JT3, Edwards AFB), Mr.
Mihail Mateescu (TCS Inc.), Mr. Scott Kujiroaka (NAVAIR–Pt. Mugu), Mr. Filberto Macias
(WSMR), Mr. Juan M. Guadiana (WSMR), Mr. Nathan King (46 RANSS/TSRI, Eglin AFB).
15

This work was supported in part by the Test Resource Management Center (TRMC) Test and Evaluation Science and Technology (T&E/S&T) Program through a grant to BYU from the US Army
Program Executive Office for Simulation, Training, and Instrumentation (PEO STRI) under contract W900KK-09-C-0016. Any opinions, findings and conclusions or recommendations expressed
in this material are those of the author and do not necessarily reflect the views of the TRMC and
T&E/S&T Program and/or PEO STRI. The Executing Agent and Program Manager work out of
the AFFTC.

REFERENCES
[1] W. Gawronski. Modeling and Control of Antennas and Telescopes. Springer, New York, NY,
2008.
[2] L. Alvarez. Analysis of open-loop conical scan pointing error and variance estimators. TDA
Progress Report 42-115, pages 81–90, November 1993.
[3] M. Rice. Digital Communications: A Discrete-Time Approach. Pearson Prentice Hall, Upper
Saddle River, NJ, 2009.
[4] A. Mileant and T. Peng. Pointing a ground antenna at a spinning spacecraft using conical scansimulation results. In Systems Engineering, 1989., IEEE International Conference on, pages
541–547, 1989.
[5] R. Beard and T. McLain. Small Unmanned Aircraft: Theory and Practice. Princeton University
Press, Princeton, NJ, 2012.
[6] E. Michielssen F. Ulaby and U. Ravaioli. Fundamentals of Applied Electromagnetics. Prentice
Hall, Upper Saddle River, NJ, sixth edition, 2010.
[7] M. Skolnik, editor. Radar Handbook. McGraw-Hill, New York, NY, second edition, 1990.

16

A FULLY NETWORK CONTROLLED FLIGHT TEST CENTER
AND REMOTE TELEMETRY CENTERS

Pedro Rubio, Francisco Jimenez, Jesus Alvarez
Airbus Military
Madrid, Spain

ABSTRACT
The purpose of this abstract is to show how Airbus Military Telemetry Ground Station has
evolved from a Single Ground Station towards a Distributed Ground Station. For this we had to
adapt ourselves to our growing number of remote stations, as well as developing the control
needed to reach full interoperability among remote stations. In short, creating a Virtual Ground
Station.
In this paper we describe the starting point, a single ground station and its control, and the arrival
point, different Ground Stations, and how control has evolved by using our own developed
software called ENCOS (Network Equipment COntrol System).

INTRODUCTION
Airbus Military’s first ever Flight Test Center had just one parabolic antenna for A/C tracking,
two Telemetry Receivers (master/spare) and two PCM Stream decommutators (master/spare). An
easy configuration.
Later on, as the number of instrumented prototypes grew, an additional antenna had to be put in
place along with another receiver and another decomm. More difficult but still manageable
without complex control.
During the following iterations, the complexity in number and type of equipment grew
exponentially. For example, adding different Receivers with different modulations, more
Parabolic antennas, Radios, Telemetry OverIP equipment, etc.
On top of that, new Remote Unattended Telemetry Centers were added like El Sabinar,
Montanchez and Moron in order to increase the Flight Test Airspace.
Wiring was becoming extremely complicated to manage. Remote Centers connectivity and
configuration needed to be orchestrated and synchronized
1

The aim of this paper is to explain the modifications that we have had to implement to reach our
goal, develop a Virtual Flight Test Center allowing telemetry supported Flight Tests all along the
covered zone with an easy, quick and fail proof configuration process.

FIRST STAGE: ONE FLIGHT TEST CENTER, ONE ANTENNA
The architecture shown on Figure 1: One Flight Test Center. One Antenna represents a very
simple Flight Test Center.
Note that only Telemetry related equipment is shown although radio communication equipment
was also present.
The elements involved are:
1 Parabolic Antenna
1 RF Patch Panel
2 Telemetry Receivers
1 PCM Patch Panel
1 PCM Decommutator
1 Video Decompressor
1 Audio Decompressor
At this stage there was no software control. Configuration of both equipment settings and signal
routing was made manually using mechanical means and human operator.

Figure 1: One Flight Test Center. One Antenna
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SECOND STAGE: ONE FLIGHT TEST CENTER, TWO ANTENNAS
At this stage the configuration complexity increased, two telemetry chains had to be working
together and additional equipment was incorporated.
As shown in Figure 2: One Flight Test Center. Two Antennas the main changes from Stage 1
were the increased number of equipment and therefore the higher capacity of the patch panels.

Figure 2: One Flight Test Center. Two Antennas
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At this stage there was still no software control. Configuration of both equipment settings and
signal routing was made manually using mechanical means and a human operator.
However some improvements were made to PCM Patch panels to allow easier and quicker
operation. Signal selectors were integrated in the patch panel allowing PCM routing without
cable disconnection.

Figure 3: RF & PCM Patch Panel
Figure 3: RF & PCM Patch Panel shows a real patch panel of this configuration, only the RF
and PCM part. The number of wires that had to be plugged correctly were very large and if a
single wire was unplugged or plugged in the wrong place, the consequences could lead to a
complete malfunction of the whole system.
The knowledge that Ground Station operators had to have about the technical part of the Ground
Station was very high.
Due to the high complexity of the configuration, only people with a high knowledge and
expertise on the Ground Station architecture were able to make it work. In fact, the operators
were the engineers that had developed the Ground Station.
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THIRD STAGE: ONE FLIGHT TEST CENTER AND A REMOTE TELEMETRY
CENTER
As Flight Test Prototypes increase along with the flight test requirements (more range, low
altitude tests…), a remote telemetry center become a must.

Figure 4: 10,000ft One antenna coverage

Figure 5: 10,000ft Two antenna coverage

Figure 4: 10,000ft One antenna coverage shows the antenna coverage for 10,000 ft, and the
need to cover a new test area at this altitude. In Figure 5: 10,000ft Two antenna coverage is
shown the coverage of both antennas, fitting the new requirement for the new test area.
The addition of a remote unattended telemetry center is shown in Figure 6: A Flight Test
Center with two antennas and a Remote Telemetry Center.
A remote unattended telemetry center should have:
1 TM antenna
1 Telemetry Receiver
1 PCM to IP Converter
U/VHF capabilities
Complete remote control
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Figure 6: A Flight Test Center with two antennas and a Remote Telemetry Center
The infrastructure of this Ground Station is of the most complicated type that can still be
managed with only external wires, patch panels, manual signal selectors…
Any addition to Flight Test Center Infrastructure would lead it to become impossible to handle in
that way. As a consequence, another solution had to be implemented.
On the other hand the intention was to be able to control the Ground Station and Remote
Telemetry Centers without needing a high knowledge of the systems. This would allow less
skilled operators to do the job while freeing up engineers to develop new technologies.

FOURTH STAGE: TWO FLIGHT TEST CENTER AND A SEVERAL REMOTE
TELEMETRY CENTERS
At this stage we had to manage:
Two Flight Test Centers, with the following characteristics per center
o Two telemetry antennas
o Two monitoring rooms
6

o Three U/VHF systems
o Network controlled
Three Remote Telemetry Centers, with the following characteristics per center
o One telemetry antenna
o No monitoring
o One U/VHF system
o Network controlled
To face these new requirements we had to develop a brand new control system that allows
operators to control and monitor every piece of equipment on the Ground Station. We called this
concept Smart GS Control System.
This new control system should be:
IP Network based
o IP Networks are present worldwide
o Location agnostic
o Cheap, easy to deploy and grow
Distributed
o GS should be controllable from any company/organization site
Concurrency proof
o Control System shall prevent equipment blocked by monopolizing user
o Control System shall allow several users to monitor/control equipment
concurrently
Scalable Architecture
o Control System should be able to accommodate growth without deep changes
Intuitive & Automated User Interface
o As equipment quantity and complexity grows, it is really important to have an
intuitive user interface
o Setting and configuring some equipment can be complex, time consuming and
error prone. Therefore automated processes are a plus
o Simple User actions are translated transparently to several more complex
equipment commands.
Heterogeneous Equipment Support
o Control System should allow control of any kind of equipment (no matter the
interface type)
o Use of plug-ins for every equipment type
Isolation
o Control System should isolate the specific syntax/protocol of every device from
the common Client-Server protocol
All this characteristics were implemented in a Client-Server Architecture, where
Client, any PC/Tablet with the client SW installed
o As many clients as needed
Server, any PC with the Server SW installed
o Few servers. Usually one or two per site
7

o A given device can only be connected/controlled by one server
o Server acts as a CMDs/RESPs router to devices
Hardware architecture is based on:
COTS (Commercial Off The Shelf)
o PC Based
 Client and server
o Network IP equipment
o Different types of interfaces
 RS232
 RS422
 GPIB
 …

Figure 7: Hardware architecture
Figure 7: Hardware architecture shows the basic hardware architecture to control several
devices involved in the Ground Station.

Figure 8: Software architecture
Figure 8: Software architecture shows the basic principles of the Smart GS Control System.
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The key points from the software point of view are:
Use of UDP instead of TCP.
o Avoid complex connection pool management
o Reliable. Inside WAN/LAN
Use of multicast
o Avoid complex clients tables management. Switches do the work better than us!
o Saves bandwidth
Data sent on the UDP Payload are Generic Classes serialized in XML
Messages
o Periodic
 Server sends periodic status updates of every connected device
o On demand
 CMD/RESP messages are exchanged when clients want the server to
execute an action

We call all this stuff ENCOS (Equipment Network COntrol System).
ENCOS is the Airbus Military customized implementation of a Smart GS Control System.
Control involves two main actions:
Routing of signals (Video, Audio, PCM, RF) …
o For that purpose we use RF matrix, PCM matrix, Video matrix, Audio matrix…
Changing devices settings
o Every device can be configured, including receivers, ACUs, demux…
ENCOS has two main benefits:
It allows to control GS devices in an efficient and easy manner
It allows to automate and simplify complex tasks into simple user actions
The use of ENCOS is just a matter of drag & drop a device into another to make a link. Only
compatible devices can be linked. Several rules have been implemented to ease the use of this
software to a newcomer.

9

Figure 9: ENCOS Software
Actual ENCOS software to control Getafe Ground Station can be seen in Figure 9: ENCOS
Software.

CONCLUSION
As complexity grows, errors and time to configure a Flight Test Center increase as well. There is
no option but to relay on a Smart GS Control System.
If the main advantages had to be summarized, they would be:
Error mitigation by offering very limited and simple actions to operators
Time to perform configuration changes greatly reduced because of the simplicity of User
actions
As a consequence, in addition to be a very important advantage, the learning period of a new
operator has been reduced drastically; nowadays we can make a newcomer Ground Station
operator fully operative in a couple of weeks.
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THE SUBMINIATURE FLIGHT SAFETY SYSTEM (SFSS)
DEVELOPMENT PROGRESS
Stephen Lambeth
SFSS Project Manager
Eglin AFB AFLCMC/EBSN
Chris Dehmelt
Director of Systems Engineering
L-3 Communications Telemetry East
ABSTRACT
SFSS is a universal, small, and low cost, functionally redundant flight termination system
(FTS) that incorporates encoding, processing and TSPI capabilities, provides critical
health/safety/welfare monitoring and allows for highly efficient telemetering of weapon
application and FTS data. The SFSS is intended as a solution to provide weapon system
developers, test agencies, and range safety officers the ability to track, monitor, and if
necessary, terminate all types of weapon systems.
The SFSS components are intended to significantly reduce the recurring costs and
improve the quality of test support by minimizing physical intrusion into weapon
systems, and potentially eliminating the need for warhead removal. In addition, a
common hardware suite assists in reducing the overall system cost of acquisition, a key
element in today’s world of stressed budgets. The SFSS is designed to interface with
newly developed weapon systems, while providing the capability to be integrated into
existing weapon systems with nominal modifications to the platform.
The SFSS development is a multi-disciplinary effort, whose participating organizations
include industry suppliers, range and system safety representatives, and technical offices
from all branches of the armed services, as well as the weapons vendors to ensure that
applicable technical and regulatory requirements are met. The original requirements for
the project were defined within the SFSS System Performance Specification (SPS),
which has undergone a number of updates as the design effort has progressed from
concept to assembly and debug of the prototype components. This paper will provide an
overview of the overall program status, key features of the SFSS including features added
during development, critical design challenges, and additional activities planned to
enhance the functionality of the system.
KEYWORDS
Data Acquisition, Flight Termination
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PROJECT REQUIREMENTS REFRESHER
The following section restates the SFSS project requirements.
The SPS establishes a number of Key Performance Parameters (KPP) and Critical
Technical Parameters (CTP) for the SFSS. The KPP for the SFSS Project were driven by
the need for realistic developmental and operational testing of existing and emerging
miniaturized production-representative weapons. Weapon system testing has been, and
continues to be, compromised as there are no safety-qualified FTS/Telemetry (TM)
systems currently available that are capable of being integrated into these small future
weapons.
Key Performance Parameters
The KPP are those items for which the SFSS absolutely must achieve for the program to
be considered successful; failure to meet any of these items would result in likely
cancellation of the program. Three items were identified as KPP by the SFSS Project
Management Office (PMO) included:
a. Certification: Regardless of size, the solution must still be certified to the safety
requirements of the Flight Termination Systems Commonality Standard, Range
Commanders Council Document 319-07 (RCC 319-07).
b. Interoperability: The SFSS shall be interoperable with existing range assets
including the Joint Advanced Missile Instrumentation (JAMI), Telemetry, and
Enhanced FTS (EFTS) ground systems.
c. Size: Current flight termination systems which include the receiver, safe and arm
controller and explosive interface typically require volumes in excess of 85 cubic
inches (in3) (potentially as large as 125 in3). The target for the new FTS and
additional TM encoder, GPS/TSPI, transmitter and encryptor capabilities is 19
in3, with an aspiration for even smaller volume to allow the system to be used for
testing in as many current and future weapon systems without requiring warhead
removal.
Table 1 below shows a comparison of the smallest potential system built with
today’s readily available hardware and an installation based upon integration of
the SFSS with additional weapon specific support components.
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Table 1 – Comparison of Traditional and SFSS-Based TIK/FTS Installations

Notes:
1. The TM Subsystem consists of the Encoder, Encryptor and Transmitter
2. The FTS system consists of the Flight Termination Receiver, Safe and Arm
Controller and Explosive Interface Module
3. Size is estimated. This is a weapon specific component that provides a “junction
box” to interface the various SFSS components to weapon components, thus
alleviating the need for “hydra” type connectors. This type of component may
already be employed on various weapons.
Critical Technical Parameters (CTP)
Along with the KPP, a number of technical/functional requirements were specified for
the SFSS to ensure acceptance and usability throughout the weapon community. For
each CTP, two criteria were specified – a minimum acceptable threshold value to meet
the capabilities of today’s weapon systems, and an objective/desired value to meet the
requirements of future weapon systems. The CTP and their associated threshold/object
values are listed below:
Table 2 – SFSS Critical Technical Parameters

Maximum Velocity

Threshold
5000 feet/second

Altitude

Sea Level to 100Kft Sea Level to 150Kft

Acceleration

50g

Operating Life

1000 hours

TM Modulation

ARTM Tier 0, 1

ARTM Tier 0,1,2

TM Data Rate

10 Mbps

30 Mbps

GPS Accuracy

125 feet

30 feet

GPS Time to First Fix
FTS Operating Temperature
TM Low Operating Temperature
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Objective
7500 feet/second
75g

3 seconds
-55oC to +85oC
-45oC
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Qualification

Composite Profile

Many of the environmental and related parameters are associated with meeting the needs
for missiles and other high dynamic weapons, and are required to track air-to-air weapons
during launch and throughout the missile flight. Functional critical parameters
specifically targeted TM and GPS, as the combination of these two items are needed to
support TSPI and tracking requirements.
SFSS Program Validation
One of the key aspects of the program is to have the SFSS perform a flight test on an
existing weapon platform, thus fully demonstrating its capabilities in a real-world
situation. The platform target for this effort is the Joint Air-to-Surface Standoff Missile
(JASSM), which has resulted in the need for SFSS to meet additional environmental
requirements, including; longer, more strenuous vibration tests along with additional
electromagnetic (EMI) testing.
SFSS COMPONENT OVERVIEW
The SFSS is composed of two high-level functional blocks; the Flight Termination (FTS)
Subsystem and the Telemetry (TM) subsystem.
1) TM Subsystem is composed of the Encoder, Type I Encryptor and Transmitter.
This system operates over a bit rate range of 500 kilobits per seconds to 10
Megabits per second (Mbps) minimum. Referenced below are some general
module characteristics:


Transmitter: ARTM Tier 0/1 (Selectable), 5 watt, programmable over full
S-Band range



Encryptor: Type I, including TM Power conditioning, Power separation



Encoder: Programming interface, multi-channel serial interface data
acquisition (5 Ports), GPS, FTS control and monitoring

2) Two identical FTS subsystems composed of two modules one a Receiver/FTS
Power Conditioner and the other the termination component. Two FTS
subsystems are required for redundancy, with cross strapping provided to allow
one FTS subsystem to monitor the status of the other. Referenced below are some
general FTS module characteristics:


A Subminiature Enhanced Flight Termination Receiver (SEFTR): digital
(not tone based), 3-DES encryption, programmable command frequency.



Power Conditioner (PC): Provides FTS power conditioning with
independent power supplies for each FTS subsystem component, and also
provides arming power to the Safe and Arm controller/Explosive interface
module for the subsystem.
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Four different versions of the SFSS termination component are available,
depending on application requirements, including; Safe and Arm
Controllers in both Type I or Type II configuration, as well as Explosive
Interface Modules for either Explosive Bolt or Low-Energy Explosive Foil
Initiator versions.
i. There is one SAC type (I) for weapons with discernible
longitudinal acceleration, and a second type (II) is used for gravity
type weapons.
ii. There are also two types of EIMs: Explosive Bolt (EB) Module
and Explosive Foil Initiator (EFI) Module.
The SAC/EIM module interfaces directly to the weapon, and provides
status signals that allow the weapon to implement and activate its own
inherent termination methods if required.
The termination component for the JASSM program is a SAC Type II-EFI
that is consistent with the weapon’s existing termination component.

A complete SFSS consists of five separate small blocks that allow for easier installation
into the weapon. To assist the integrator with this effort, the SFSS is supplied with
qualified intra-subsystem cabling that supports point-to-point signaling and
communications between the components.
As can be seen in the CTP table, temperature is a prominent performance characteristic
that has included in the design to accommodate low operating temperatures. This has
been done using two methods:


For the TM subsystem and the PC/SEFTR module of the FTS subsystem, an
integral heater has been incorporated. The heater consists of an external thermal
monitor that controls an internal heating mechanism and disables power when
temperature is below the traditional -40oC operating limit.



For the SAC/EIM module, all of the parts that have been selected meet a low
operating temperature of -55oC.
SYSTEM ARCHITECTURE

Figure 1 shows the physical SFSS modules and their associated functions. Note that the
overall system architecture closely matches the functional allocation of the traditional
FTS and other DAS components.
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Figure 1 – SFSS System Architecture

In the traditional architecture, the FTS and TM/Encoder systems were completely
separate functions that were individually procured by the weapon prime/integrator, and
were only associated by the need for the TM system to monitor the health and status of
the FTS components.
The TM-FTS relationship is one of the primary benefits of the SFSS system. In this
architecture, each of the FTS components is designed with the ability to generate and
digitally provide the required safety measurements (items such as internal temperature
and power monitoring). This capability by itself reduces or possibly even eliminates the
need for a traditional signal conditioning module that itself would require additional
installation space.
PROJECT STATUS
Development/Test Status
First generation SFSS hardware has been built and has completed an initial run of
module, sub-system and system level development verification testing (DVT) and
environmental tests. The DVT results, while not 100% successful, have demonstrated
that achieving the program performance goals are within the grasp of the SFSS design
team.
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Figure 2 below shows the actual SFSS development hardware. The number of units
necessary to implement the same functionality (PCM encoding and transmission, GPS,
encryption, FTR and termination), is significantly less with SFSS compared to today’s
typical FTS/TM system.

Figure 2 – Traditional/SFSS Component Comparison

The photo on the left shows today’s typical weapon TIK, the photo on the right is the
SFSS solution, providing a highly space efficient TIK for legacy as well as future
miniature weapons.
In the photo on the right, five SFSS components are shown.


Top: TM Subsystem



Middle: Two SEFTR/PC Assemblies



Bottom Left: SACII/EB



Bottom Right: SACI/EFI

The connectors shown on the SAC/EIM devices are the intra-SFSS and external weapon
interface connectors. These connectors are identical regardless of environment and
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termination type; the only connector that changes is on the opposite face. This allows a
weapon vendor with multiple programs having different termination mechanisms to
integrate different standard versions of the SFSS with minimal effort.
The majority of issues that have been encountered during DVT testing have been EMI
related, which was not surprising given the functionality compacted into a few small,
tightly integrated units, that traditionally had been separately installed (with distance thus
providing some isolation between the units). Some design tweaks and testing changes
were identified with this existing DVT hardware which cleared a number of DVT related
problems; the remaining issues have been analyzed by the members of the SFSS design
team and solutions have been identified that will be incorporated into the second
generation hardware due out in the second half of 2013.
Signal Conditioning
The partnership with the JASSM program for the flight demonstration vehicle has
accelerated the need for a separate analog signal conditioning/instrumentation capability
to support acquisition and encoding of non-FTS signals that are mandatory for the test of
the weapon. These specific signals included various temperatures and power monitors
from other components within the weapon.
As the SFSS was entering the initial DVT and qualification phases, it was mandatory that
the data encoding function not require any changes to the TM EPT module. These
requirements were met by modifying the commercial-off-the-shelf NetDAS data
acquisition system to provide an electrically compatible interface to the EPT low voltage
differential signaling (LVDS) serial interface port using one of the two handshaking
modes that had been implemented. The EPT differential ports were not available for this
data source as they are required for data from other JASSM data sources.
A traditional data acquisition system typically outputs data as it is sampled. The EPT,
however, is designed to work with the transfer of blocks of data coming from devices
such as mission computers, video/seeker sources and so on. As the data being collected
comes from a traditional instrumentation source, it was decided to have the unit run
synchronously to the operation of the EPT format. To implement that capability, the
NetDAS signal controller was modified to use the major frame sync pulse provided by
the EPT to control two facets of its operation:


Commence its commutation schedule. As data is collected from the various
sources, data is buffered rather than output.



Output a previously collected major frame of data.

This method, while it does create a one major frame delay in the transmission of data,
maintains the standard sampling relationship, provides means to the user for knowing
when data was sampled, and mitigates the need for any special ground processing
functions, as there is a one-one correspondence between a word sampled in the NetDAS
system and its associated location within the EPT output.
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Encryption
The Type I encryption component used in the SFSS encryption module was selected to
meet miniaturization constraints, but is not interoperable with current test range
infrastructure.
This shortfall has been addressed: efforts to retrofit SFSS with new Type I COMSEC
devices that are interoperable with the test ranges are underway, and are anticipated to
have little or no impact on the overall size of the platform. While this effort will not be
completed in time for the second generation hardware and the performance of the next set
of verification tests, the fact that a device will be available will ease the test community’s
concern over new or additional infrastructure costs for encryption. SFSS weapon
demonstration plans include flight test with the compatible Type I COMSEC devices.
SUMMARY
Overall the SFSS project provided a number of technical and programmatic challenges,
including the miniaturization of design and integration endeavor required to properly
validate the product. Since kickoff, a significant amount of progress has been made and
there has been some give and take in balancing programmatic requirements against the
development efforts to refine requirements as needed.
The inclusion of the AGM-158 (JASSM) onto the SFSS team provides an independent
evaluation of the capabilities of the SFSS. Currently the JASSM teams assessment is that
incorporation of the SFSS will be beneficial to implementing various weapon
improvements, both on JASSM and on future weapons systems.
REFERENCES
Woodard, Tracy and Chris Dehmelt, 2011. The Subminiature Flight Safety System.
International Telemetry Conference, Las Vegas.
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ABSTRACT
The physics associated with transmitting and receiving a telemetry signal at a frequency
greater than an octave above the current operating band is such that an end-to-end evaluation of
the complete data link system (both the transmit and receive side) is required. In 2012, Airborne
Instrumentation Systems Division (AISD), Naval Air Warfare Center Weapons Division
(NAWCWD) was sponsored by the Office of the Secretary of Defense (OSD) to develop a
couple of short-range air-to-air missile platforms that use a specially-designed warheadreplaceable telemetry section incorporating three data links: (1) an S-band link to transmit TimeSpace-Position Information (TSPI), (2) an C-band link, and (3) an additional
S-band link where the latter two are transmitting the same pseudo-random bit sequence at the
same effective radiated power level.
Flight testing will consist of a series of captive tests conducted over land and water. The
tests will be performed under a variety of conditions to induce potential issues caused by multipath, atmospheric ducting, fast-slewing of the tracking antenna, and large propagation losses.
Flight testing will culminate with the live-fire of a missile over a military land range.
This paper describes the continuing efforts of this test program from these series of flight
tests, thus quantifying the performance of C-band telemetry data transmission as compared to the
S-band.

KEY WORDS
Augmentation, C-Band, and Missile Telemetry

BACKGROUND
The Airborne Instrumentation Systems Division (AISD), Naval Air Warfare Center
Weapons Division (NAWCWD) is responsible for the design, development, and fabrication of
state-of-the-art telemetry and instrumentation systems for a variety of airborne platforms,
primarily used for missile applications. The repurposing of the 1755 to 1850 MHz telemetry
band is foreseeable by 2014, as part of the National Broadband Initiative. AISD is taking pre1

emptive actions to assess the impacts to the programs currently supported by the division. While
a majority of our systems are currently operating in the 2200-2290 MHz band, one primary
concern is the highly probable increase in congestion within this band as others vacate the 17551850 MHz band. Another concern is the potential need to vacate the 2200-2290 MHz band in
the out years. This concern is currently being studied for possible sell-off to the commercial
telecommunications industry. To mitigate this issue, AISD is investigating the possibility of
using lower- and mid-C-bands (4400-4940 MHz and 5091-5150 MHz, respectively) for its
aeronautical telemetry designs.
Some of the military test range personnel are augmenting a small number of their ground
based telemetry tracking antenna systems to track and receive telemetry signals operating within
the C-band. The principal method for doing so is by adding a Dichroic reflector to the current
L- and S-band prime-focus feed assembly and installing a Cassegrain feed at the center-line of
the parabolic reflector, either forward of the dish vertex or directly behind it. Initial tests
conducted both at Edwards, Air Force Base (AFB) and Naval Air Warfare Center Aircraft
Division (NAWCAD), Patuxent River, MD, used fixed, ground-based C-band resources and
rotary aircraft.1,2 Although results from tracking the rotary aircraft and ground based equipment
yielded good results, it is unknown if similar results will be observed while tracking a very highspeed, small-diameter, highly agile missile.

PROBLEM STATEMENT
The physics associated with transmitting and receiving a telemetry signal at a frequency
greater than an octave above our current operating band is such that an end-to-end evaluation of
the complete data link system (both transmit and receive side) is required. As the carrier
frequency of a radio frequency (RF) signal increases, there is also an increase in the power loss
within the link due to atmospheric attenuation and insertion loss within RF cabling. The
efficiency of the transistors used in the design of power amplifiers incorporated within RF
transmitters decrease significantly as the carrier frequency increases. The efficiency of the
transmitter may not be a problem for a majority of aircraft platform applications, but it is a major
concern for most missile platforms where space is extremely limited. Adequate heat transfer is
always a concern due to the relatively high temperatures that instrumentation systems must
function under. As the efficiency decreases, the amount of self-generated heat increases.
Additionally, the current draw increases, placing an additional load on the electro-chemical
thermal battery used to power the instrumentation system following separation from the launch
platform.
As the signal frequency viewed by the receiving antenna increases, the beamwidth
becomes more narrow. So, it becomes more of a challenge for the tracking antenna to acquire
and remain locked onto the signal which could cause system to track on its antenna sidelobe
rather than its main beam. To mitigate this effect, the tracking control loop for the receiving
antenna must be tightened. Doing so further exacerbates the problem of acquiring and tracking a
signal (especially when dealing with a relatively small, high-speed missile platform).
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Another concern involves the design of conformal antennas for missile platforms. With
the shorter wavelength associated with the C-band frequencies, more variation in the gain pattern
is expected (i.e., more peaks and nulls). As the aspect angle of the missile relative to the tracking
antenna changes, these variations in gain will result in variations in received signal power.
Depending on the type of feed being used and the time constant of the automatic gain control
circuitry (AGC) within the tracking receiver, this variation in signal strength could be interpreted
as antenna pointing error, thus resulting in instability in tracking or complete loss of acquisition.
This issue is compounded for rolling airframes whose roll rate is close to the nutation rate of
tracking antennas employing conical scan feeds. Any variation in roll-pattern gain will result in
amplitude modulation of the tracking signal. The frequency of the tracking signal will be
equivalent to the missile roll rate. This will be interpreted as pointing error where the control
loop will try to null-out this amplitude modulation, forcing the antenna pedestal to modulate
from boresight. While this issue could certainly exist for signals operating in both L and S
bands, it can be more prominent in C band if the antenna pattern gain variation is not minimized.
Additional engineering is required to phase the radiating elements of the transmit antenna in such
a manner as to greatly reduce this variation and thus making the pattern more uniform.
As telemetry tracking antennas become modified to accommodate C-band, test vehicles
are needed to verify and validate their operation not only in C-band, but in L and S band as well
due to the possible degradation by the implementation of a dichroic reflector. Although
preliminary tests can be performed using ground-based and aircraft systems, high-speed missile
platforms are needed where conformal antenna designs can be tested in the air and the groundbased antenna systems can be fully exercised when trying to track a high-speed, relatively small,
and highly agile missile when the slew rate of the pedestal is approaching its maximum angular
rate.

PROJECT OBJECTIVES
In order to address known concerns and discover any other potential issues that may arise
when working within the C-band frequencies for missile telemetry applications, AISD has been
funded (by the Office of the Secretary of Defense) to develop and fabricate a couple of flyable
test assets that could be captive-carried on a variety of aircraft, then eventually air or groundlaunched. This will involve developing a conformal wrap-around antenna that operates within
the two frequency bands known as lower and mid C-band. These test assets would be designed
to provide not only a C-band signal for assessing link and tracking performance, but a concurrent
S-band signal for comparison purposes. Flight tests are to be structured to determine the
limitations of augmented tracking systems in terms of acquisition and tracking of a high-speed
test vehicle, assess relative link quality, and evaluate the effects of multipath as a function of
frequency and data rate over various terrains.

FLIGHT TEST OBJECTIVES
The primary flight test objectives objective of the C-Band Missile Telemetry Test Project
is to compare the link performance for a telemetry data stream transmitted in the C-band with the
3

data stream transmitted in the S-band. The secondary objective is to compare the ground based
tracking performance between the C- and S-Bands. A total of three captive-carry flights and one
missile air-launch will be conducted as part of this baseline study.

FLIGHT TEST PLANS
Currently, only eight-foot-diameter, tri-band tracking systems are available to support
this series of tests. A minimum of two systems are required at any given time, and this test plan
assumes that only two will be available. If additional systems become available in time to
support this test, they will be used in a completely passive mode where the flight test plan will
not be modified to accommodate the presence of these additional assets. All flight test
geometries and slant ranges relative to the tracking antennas are based on preliminary gain-oversystem noise temperature (G/T) values. Once the actual G/T values are measured for each
tracking antenna system, these metrics may be adjusted accordingly.
For the purpose of this document, a tracking system is defined as a self-contained, autotracking telemetry antenna mounted on a dual-axis pedestal and equipped with a minimum of
two dual-channel telemetry receivers (one for C-band and the other for S-band, with Right Hand
Circular Polarization (RHCP) and Left Hand Circular Polarization (LHCP) inputs for each), a
diversity combiner for each receiver, a bit synchronizer for each diversity combiner output
(internal or external), and a data multiplexer interface to tie into the range data network. Bit
clock and data from each bit synchronizer will be sent to and recorded at a central data collection
site over a secure network along with the tracking system controller metrics. Each antenna
system will normally track from the C-band signal and provide data and clock from the C-band
baseband data, the S-band high speed data stream, and from the S-band low speed TSPI data
stream. However, during certain passes, the tracking controllers will be configured to switch
between C-band and S-band tracking.
The Range Control Center (RCC) is defined as the central collection site of all data sent from
the individual tracking systems as defined in the previous paragraphs. Each telemetry data
stream along with the tracking system metrics and the aircraft radio communications shall be
recorded at RCC onto an IRIG-106 Chapter 10-compliant data recorder. In addition, GPS timing
and Joint Advanced Missile Instrumentation (JAMI) TSPI Unit Message Structure (TUMS) data
from the JAMI Ground Station computer is to be recorded as well. If it is not possible to record
tracking system metrics remotely, then a local recording can be made if the recording is timestamped using GPS time to properly correlate this data with the rest of the data recorded at RCC.
For tests conducted to evaluate tracking performance, the antenna control unit (ACU) of
each tracking antenna will be configured to track off of either the S-band signal or C-band signal.
The data from each link will be recorded simultaneously regardless of which signal is used for
tracking. For tests comparing link quality between S- and C-band, the ACU will be configured
to track only on the C-band signal. In addition to these two principal pseudo-random data
streams, the low data rate TSPI data will need to be collected along with the elevation tracking
error angle, the azimuth tracking error angle, the elevation pointing angle, the azimuth pointing
angle, GPS time, RHCP receiver AGC from both links, and the LHCP receiver AGC from both
4

links. During post-mission data processing, each of the two pseudo-random data streams will be
fed to a link analyzer to measure instantaneous bit error rate, cumulative bit errors, data link
availability, pattern-loss-seconds, and severely-errored-seconds as a function of time.
Testing will be performed in five separate phases – a static test, a captive flight test over
land, a captive flight test over water to assess general tracking and link quality, another captive
flight test over water for assessing multi-path performance and the use of Low Density Parity
Coding (LDPC) forward correction at low signal to noise (Eb/N0) values, and a ballistic missile
air launch.
For all flight tests, elevation will be maintained within ± 50 feet of that specified in the
test procedures; velocity within ± 10 KTAS; and distance within ± 0.1 nautical miles (nmi).
A No-Test for any given test run is defined as any of the following conditions:
a. A loss of TSPI data.
b. A failure of any of the missile data links.
c. An out-of-tolerance condition for specified flight altitude, velocity, or distance as
described above.
d. Either of the two 8-ft tracking systems (including the receivers) at the land range
malfunction (Test Phases I, II, and V).
e. The 8-ft. portable TSC tracking system (including the receivers) at the sea range
malfunctions (Test Phases III and IV).
f. A data recorder malfunction.
The flight test phases are described as follows:
Phase I- Static Testing: Test Objective to ensure all tracking assets, instrumentation systems,
data receiving and recording equipment are functioning properly prior to conducting flight
testing.
Phase II - Captive Test, Land Range: The test objectives are to assess general tracking and
link performance over land at both high and low altitudes relative to the tracking antennas
systems and to assess the integrity of the tracking loop when slewing up to 90% of the maximum
angular rate of the antenna.
Phase III - Captive Test, Sea Range, General Tracking and Link Quality Assessment: The
test objective is to assess general tracking link performance over the sea range at various
altitudes.
Phase IV - Captive Test, Sea Range, Low Signal to Noise Ratio and Low Grazing Angle
Tracking: The test objective is to assess tracking performance when receiving very weak
signals in the presence of multi-path and to determine the link margin improvement when
utilizing LDPC forward error correction.
Phase V - Missile Live Fire: The test objectives are to perform an actual live fire demonstration
of a short-range air-to-air missile employing a C-Band telemetry data link and to compare the
tracking performance of the antenna systems modified for C-Band reception to S-Band
counterparts. As a byproduct of this demonstration, the C-Band data link performance will also
be compared to that the S-Band data link transmitting the same data from the same platform.
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Figure 1. Antenna tracking system configuration and data flow diagram.
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SUMMARY
The developmental phases of the C-Band Missile Telemetry Test Project have been
completed. The telemetry units were fabricated and the various phases of the test flight plans
have been documented. Once flight clearance is granted, the various missile test flights will be
conducted. The results of these test flights will be presented in the 2014 proceedings of the
International Telemeter Conference (ITC).
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ABSTRACT
In this paper, we present a maximum likelihood synchronization algorithm which jointly estimates frequency offset, symbol timing and carrier phase for shaped-offset quadrature phase-shift keying (SOQPSK)
signals. We have considered a burst-mode transmission scenario in which a known training sequence is
embedded in the beginning of each burst for the purpose of data-aided (DA) synchronization in a feedforward structure. The proposed algorithm first estimates the frequency offset independently from other
parameters. The estimated frequency is then used to derive the symbol timing which is followed by the
carrier phase estimation. The mean-squared error (MSE) of the proposed algorithm is computed via simulations. The results show that the proposed algorithm performs near the theoretical Cramér-Rao bound
(CRB) at signal-to-noise ratios (SNRs) as low as 0 dB.
INTRODUCTION
Shaped-offset quadrature phase shift-keying (SOQPSK) is a physical-layer waveform that has seen
extensive use in serial streaming telemetry (SST), and has been selected for future use in the integrated
network enhanced telemetry (iNET) system. A key difference between SST and iNET is that iNET uses
burst-mode transmission. The synchronization task becomes more challenging in burst-mode transmissions because there is little time for acquiring and locking onto the signal.
In this paper, we introduce a maximum likelihood (ML) algorithm for feedforward DA synchronization of SOQPSK signals when transmitted over an additive-white Gaussian noise (AWGN) channel. Our
algorithm jointly estimates the symbol timing, carrier phase and frequency offset based a known training
sequence. The proposed approach first estimates the frequency offset from the collected samples corresponding to the training sequence. Once the frequency offset is known, the symbol timing is estimated,
which is followed by the carrier phase estimation. The performance of the proposed method is investigated for two well-known SOQPSK schemes via simulations. The computed error variances reveal that
our algorithm is capable of operating quite close to the theoretical Cramér-Rao bound (CRB) for all the
synchronization parameters.
The paper is organized as follows. The next section introduces the transmission model using SOQPSK signaling. Following that, we propose the ML estimation algorithm, which is derived based on the
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Figure 1: Phase response q(t) for SOQPSK-MIL (L = 1) and SOQPSK-TG (L = 8).

characteristics of the optimum training sequence. We then explain practical considerations for the implementation of our method. We conclude by illustrating the performance of the proposed algorithm in terms
of the frequency, timing and phase error variances for different SOQPSK schemes.
SOQPSK-TG SIGNAL MODEL
In our model, we assume each burst starts with a preamble, which is comprised of L0 symbols having
a duration of T0 = L0 Ts seconds where Ts is the symbol duration. It is immediately followed by the
payload carrying the information symbols. The complex baseband SOQPSK signal during transmission
of the preamble can be expressed as
r
Es
exp{jφ(t; α)}
(1)
s(t) =
Ts
where is Es is energy per transmitted symbol. The phase of the signal φ(t; α) is defined as
φ(t; α) = 2πh

L
0 −1
X

αi q(t − iTs )

(2)

i=0

where αi is the transmitted ternary symbol, i.e. αi ∈ {−1, 0, 1}, and h = 1/2 is the modulation index.
The waveform q(t) is the phase response of SOQPSK and in general is represented as the integral of the
frequency pulse g(t) with a duration of LTs . There are currently two different versions of SOQPSK defined
by their own frequency pulses. The first one known as the SOQPSK-MIL [1] is a full-response (L = 1)
scheme with a rectangular-shaped frequency pulse. The second form is the telemetry group version [2],
i.e. SOQPSK-TG, which is partial-response (L = 8) with a custom frequency pulse. According to the
CPM definition, q(t) is zero for t < 0 and is 1/2 for t > LTs . The phase responses of the aforementioned
SOQPSKs are illustrated in Fig. 1.

2

The SOQPSK modulator can be characterized as a precoder connected to a CPM modulator. The
precoder converts information bits ai ∈ {0, 1} to ternary symbols by means of
αi = (−1)i+1 (2ai−1 − 1)(ai − ai−2 )

(3)

in order to impose OQPSK-like characteristics on the CPM signal. In the following, we will perform our
analysis based on {αi } because the preamble is fixed and known in terms of the ternary symbols. Note
that the precoder does not change the rate of input bits, and hence, Tb = Ts .
Assuming transmission over an AWGN channel, the complex baseband representation of the received
signal is
r
Es j(2πfd t+θ) jφ(t−τ ;α)
e
e
+ w(t)
(4)
r(t) =
Ts
where θ is the unknown carrier phase, fd is the frequency offset, τ is the timing offset, and w(t) is complex baseband AWGN with zero mean and power spectral density N0 . The transmitted data symbols
are denoted by α = [α0 , α1 , · · · , αL0 −1 ]. In the following, we denote the synchronization parameters
as u = [fd , θ, τ ]T , which is the vector of unknown but deterministic parameters which are to be jointly
estimated at the receiver. Our known preamble is implicit in the definition of s(t). Finally, it is assumed
that the start-of-signal (SOS) is already known at the receiver using signal detection methods. Therefore,
the symbol timing offset is limited to −Ts /2 < τ < Ts /2.
The proposed preamble for iNET has a length of L0 = 128. This preamble is periodic and it consists
of repeating a sequence of 16 information bits 8 times as follows,

a2k
= 1, 0, 1, 0, 1, 0, 1, 0
for k = 0, . . . , 7.
(5)
a2k+1 = 1, 0, 1, 1, 0, 1, 0, 0
where {ai } is fed into a precoder in which a−2 = a−1 = 0. This results in a sequence of ternary symbols
which is depicted in Fig. 2 for one period of the preamble. We denote this preamble by α∗ in the rest of
our discussion.
MAXIMUM-LIKELIHOOD ESTIMATION
Reliable detection of SOQPSK signals depends on perfect timing and carrier synchronization, which
requires the knowledge of τ , θ and fd . These synchronization parameters can be estimated via various
algorithms. In this work, we apply joint maximum-likelihood (ML) estimation in which the data sequence
α is known to the receiver. The joint log-likelihood function (LLF) for synchronization parameters is given
in [3] for CPM, which can also be applied to SOQPSK. Thus, the LLF in our problem can be expressed
(within a constant factor) as
Z T0 +τ̃

˜
−j(2π
f
t+
θ̃)
∗
d
Λ(f˜d , θ̃, τ̃ ) = Re
e
r(t)s (t − τ̃ )dt
(6)
τ̃

where f˜d , θ̃ and τ̃ are hypothetical (i.e., trial) values for frequency offset, carrier phase and symbol timing
respectively. According to the ML criterion, we choose the trial values that maximize (6) as the best
estimates for the unknown parameters u. We denote the ML estimates as û = [fˆd , θ̂, τ̂ ]T .
Based on (6), the maximization of the LLF requires at least a two dimensional grid search on (f˜d , τ̃ ) in
general because both of these parameters are embedded in the computation of the above integral. Therefore, we are interested in a method which decouples symbol timing and frequency offset.
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Figure 2: A length-16 period of the ternary symbols in the iNET preamble for SOQPSK-TG. The full length-128
preamble is formed by repeating above sequence 8 times.

Let us investigate α∗ and its phase response more carefully. We note that α∗ , within each period, can be
divided into two segments, each of which having the same symbols of either +1 or -1. This pattern causes
the SOQPSK phase φ(t, α) to change with a uniform rate of approximately π/2 radians per symbol in
the same direction within each segment. We have illustrated this fact in Fig. 3 by plotting the unwrapped
phase response of SOQPSK-MIL and SOQPSK-TG when α∗ for its first 32 symbols is utilized. More
importantly, SOQPSK-TG’s phase response follows a straight line within each part, similar to SOQPSKMIL, despite its bell-shaped frequency pulse. This is due to the overlapping of its frequency pulses when
the subsequent data symbols are the same. This fact leads to a uniform phase variations for SOQPSKTG. Additionally, the overall phase response is delayed when partial-response SOQPSK-TG is employed.
This lag time is depicted by Tl in Fig. 3. Our numerical computations show that the squared error between
SOQPSK-TG and SOQPSK-MIL phase responses is minimized when SOQPSK-MIL’s response is shifted
by Tl = 3.5TS . Finally, it can be observed that the transition points are smoother for SOQPSK-TG because
of its partial response behavior, which also makes it more bandwidth-efficient than SOQPSK-MIL.
Based on the above discussion, we approximate the phase response of SOQPSK-TG to α∗ with a
delayed version of SOQPSK-MIL’s response to the same preamble sequence. Its approximated phase
response φ(t, α∗ ) can be mathematically expressed as
 π(t−16kT s−T )
l

16kTs + Tl < t ≤ (16k + 8)Ts + Tl

2Ts

s −Tl )
(7)
φ(t, α∗ ) ≈ − π(t−(16k+15)T
(16k + 8)Ts + Tl < t ≤ (16k + 16)Ts + Tl
2Ts



0
otherwise
for k = 0, . . . , 7. Tl = 3.5Ts is the lag time in the phase response of SOQPSK-TG, which is fixed and
known to the receiver. In the rest of our discussion, we assume the channel observation starts at t = Tl , and
hence, we ignore Tl . The careful reader may notice that the phase response of Fig. 3 has in fact three parts
while (7) expresses it as two segments. This is another approximation we have made in which the phase
response during the transition points, which correspond to zero symbols in α∗ , are approximated by the
same function as their subsequent part, i.e. the linear parts. This assumption simplifies our derivations in
the following discussion. We do not expect a noticeable loss in the performance of the proposed estimator
as each of these transition intervals last only for one symbol time, which is much smaller than the sequence
4

Unwrapped Phase (rad)

4π

SOQPSK−TG
SOQPSK−MIL

Tl

3π
2π
π

0
0

4

8

12

16

20

24

28

32

Normalized Time (t/Ts )

Figure 3: The unwrapped phase response of SOQPSK-MIL and SOQPSK-TG schemes for the first 32 symbols of
the iNET preamble.

duration. Our simulation results in Section V confirm this prediction. Thus, we can use (7) to express the
baseband SOQPSK-TG signal s(t) during the training sequence transmission as
(
πt
]
16kTs < t ≤ (16k + 8)Ts
exp[+j 2T
s
s(t) ≈
(8)
πt
π
exp[−j( 2T
)]
(16k
+
8)T
<
t
≤
(16k
+
16)T
+
s
s
2
s
We take advantage of the above approximation in order to simplify the LLF and its maximization
algorithm. Using (8) in (6) results in a simplified form for the LLF when α∗ is transmitted, i.e.

7 h Z (16k+8)Ts
X
∗ ˜
−j θ̃
e−j2πfd t r(t)e−jπ(t−τ )/2Ts dt
Λ (fd , θ̃, τ̃ ) ≈ Re e
16kTs

k=0

(16k+16)Ts

Z
+

(9)
i
−j2πfd t
jπ(t−τ )/2Ts jπ/2
e
r(t)e
e
dt

(16k+8)Ts

where Λ∗ (·) represents the joint LLF given α∗ . It is evident from (9) that the symbol timing is now
decoupled from the frequency offset and can be moved outside the integrals of the LLF. Hence, the joint
LLF can be summarized as
n

o
∗ ˜
−j θ̃ jπτ̃ /2Ts
−jπτ̃ /2Ts
˜
˜
Λ (fd , θ̃, τ̃ ) ≈ Re e
e
λ1 (fd ) + e
λ2 (fd )
(10)
where
λ1 (f˜d ) =

7 Z
X
k=0

and
λ2 (f˜d ) = ejπ/2

(16k+8)Ts

e−j2πfd t r(t)e−jπt/2Ts dt

(11)

16kTs

7 Z
X
k=0

(16k+16)Ts

e−j2πfd t r(t)ejπt/2Ts dt.

(16k+8)Ts

5

(12)

Because the estimation parameters are now decoupled, the maximization of the LLF becomes straightforward. Based on (10), we define the normalized symbol timing with respect to the symbol duration as
ε = τ /Ts , which is used in the rest of our discussion. Let us proceed by denoting the term in (10) that
corresponds to symbol timing and frequency offset as
Γ(f˜d , ε̃) = ej(π/2)ε̃ λ1 (f˜d ) + e−j(π/2)ε̃ λ2 (f˜d ).

(13)

It is observed that for any trial value of (f˜d , ε̃), Λ∗ (·) is maximized by choosing θ̃ such that it rotates
Γ(f˜d , ε̃) towards the real axis, i.e.,
θ̃ = arg{Γ(f˜d , ε̃)}.
(14)
which reduces the LLF to |Γ(f˜d , ε̃)|. Thus, the ML estimates of f˜d and τ̃ are found by maximizing
h
i
2
2
2
−jπ ε̃ ∗ ˜
˜
˜
˜
˜
|Γ(fd , ε̃)| = |λ1 (fd )| + |λ2 (fd )| + 2Re e
λ1 (fd )λ2 (fd )

(15)

with respect to (f˜d , ε̃). The first two terms on the right-hand side of (15) do not depend on ε̃. Using a
similar argument as θ̃, the third term is maximized by selecting ε̃ according to
ε̃ =

arg{λ∗1 (f˜d )λ2 (f˜d )}
π

(16)

such that the term inside the real part operator of (15) becomes purely real and equal to |λ1 (f˜d )λ∗2 (f˜d )|.
Therefore, the maximization of the LLF is now a one dimensional problem that results in the ML estimate
of frequency offset, i.e. fˆd . This can be expressed mathematically in the form of
n
o
fˆd = argmax X(f˜d ) = |λ1 (f˜d )| + |λ2 (f˜d )|
(17)
f˜d

which leads to the ML estimates of the normalized symbol timing ε̂ and phase offset θ̂ via
ε̂ =
and

arg{λ∗1 (fˆd )λ2 (fˆd )}
π

n
o
θ̂ = arg ej(π/2)ε̂ λ1 (fˆd ) + e−j(π/2)ε̂ λ2 (fˆd )

(18)

(19)

respectively.
IMPLEMENTATION OF THE ML ESTIMATOR
In the previous section, we observed that the maximization of the joint LLF was simplified to computing the maximum of a one-dimensional function with respect to the frequency as defined in (17). Unfortunately, its global maximum cannot be obtained analytically because of the presence of several local
maxima. In fact, λ1 (fd ) and λ2 (fd ) are the form of Fourier transforms of r(t) and should be expected
to have fluctuations due to the presence of noise, which results in local maxima. Thus, a grid search is
inevitable in order to find the correct frequency offset with confidence. After finding the frequency offset,
the other synchronization parameters are easily computed.
6

According to (11) and (12), each of λ1 (fd ) and λ2 (fd ) requires computation of 8 integrals with different
limits. In order to make them consistent, we define two new signals, i.e. r1 (t) and r2 (t) such that
(
r(t) 16kTs < t ≤ (16k + 8)Ts
r1 (t) =
(20)
0
otherwise
and

(
ejπ/2 r(t) (16k + 8)Ts < t ≤ (16k + 16)Ts
r2 (t) =
0
otherwise.

(21)

for 0 ≤ k ≤ 7. The above modifications to r(t) lead to similar forms for λ1 (fd ) and λ2 (fd ), where each
one requires computation of one integral with a duration of [0, T0 ].
So far, we have considered continuous-time functions and integrals in our discussion. However, the
received signal must be sampled in practice where the integrals are substituted with summations. We
assume that the received signal is sampled N times per symbol resulting in a sampled form of r[n] =
r(nTs /N ). Furthermore, we normalize the frequency offset with respect to the sampling frequency, i.e.
ν = fd Ts /N . Therefore, the discrete-time versions of (11) and (12) can be written as,
λ1 (ν̃) =

NX
L0 −1

πn

r1 [n]e−j 2N e−j2πnν̃

(22)

n=0

and
λ2 (ν̃) =

NX
L0 −1

πn

r2 [n]ej 2N e−j2πnν̃

(23)

n=0

respectively where r1 [n] and r2 [n] are sampled versions of r1 (t) and r2 (t) at t = nTs /N respectively.
Finally, fd should be replaced by ν in (17) in order to estimate the normalized frequency offset.
The computation of (22) and (23) for different trial values of ν resembles the discrete Fourier transform
(DFT) operation where ν̃ is replaced by trial discrete frequencies. These operations can be performed
efficiently using fast Fourier transform (FFT) algorithms. The number of these trial frequencies is the
same as the length of the above summations, i.e. N L0 . Therefore, the frequency estimate requires two FFT
operations each of which has a length equal to the total number of samples collected from the preamble.
πn
πn
) and exp(−j 2N
)
Prior to the computation of the FFTs, r1 [n] and r2 [n] have to be rotated by exp(j 2N
respectively, which becomes trivial for N = 1. The FFT operations generate trial values of λ1 (ν̃) and
λ2 (ν̃) such that ν̃ ∈ {0, 1/N L0 , . . . , (N L0 − 1)/N L0 }. The ν̃ which maximizes (17) is chosen as the
estimated normalized frequency offset.
Due to the discrete nature of the FFT, the frequency estimation performance is limited by the resolution
of the FFTs, i.e. the distance between the discrete frequency components. In (22) and (23), this resolution
is 1/N L0 , which can be viewed as 1/L0 with respect to the symbol rate, i.e. 1/Ts . This limits the
accuracy of frequency offset estimation for short and moderate length preambles. Additionally, a low
frequency resolution may have a ripple effect on the accuracy of symbol timing and phase estimates.
In order to improve the accuracy of the frequency estimation, two approaches are considered. The first
approach is to zero pad the FFT operands in (22) and (23) such that both FFTs have an increased size of
Nf = Kf N L0 . Here, we assume that the original FFT size and Kf are powers of two. This procedure
results in a frequency resolution of 1/Kf L0 with respect to the symbol rate. The second method to tackle
7
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Figure 4: The variance of frequency offset estimation for SOQPSK-TG when L0 = 128. The frequency is normalized with respect to the symbol rate.

this issue is by employing an interpolator such that the actual location of maximizing frequency–between
two adjacent discrete frequencies–is estimated. Here, we resort to a Gaussian interpolator [4] that can be
expressed as
log X(ν̂−1 ) − log X(ν̂1 )
1
(24)
ν̂ = ν̂0 +
2Kf N L0 log X(ν̂−1 ) + log X(ν̂1 ) − 2 log X(ν̂0 )
where νˆ0 represents the maximizing frequency resulting from (17). ν̂−1 and ν̂1 denote the discrete frequency components immediately before and after νˆ0 respectively in terms of the FFT operation.
Once the final frequency offset estimate is available through the above interpolation, it is inserted in
(22) and (23) to calculate λ1 (ν̂) and λ2 (ν̂) respectively. This process improves the precision of these
variables, which were originally generated from the FFTs, by taking into account the effect of the interpolation. Finally, they are used in (18) to compute symbol timing ε̂, and then, in (19) to estimate the carrier
phase θ̂.
SIMULATION RESULTS
The estimation error variances corresponding to the normalized frequency offset, normalized symbol
timing and carrier phase are depicted in Figs. 4, 5 and 6 respectively for SOQSPK-TG. In all plots, the
preamble of Fig. 2 is employed when L0 = 128 and N = 2. Moreover, we have considered Kf = 2 along
with the Gaussian interpolator of (24). The estimation error variances are calculated via simulations.
Additionally, we have included the CRB plots given in [5], which are lower bounds on the estimation
error variance of their corresponding parameter. Fig. 4 shows that the frequency estimator performs only
8
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Figure 5: The variance of symbol timing estimation for SOQPSK-TG when L0 = 128. The symbol timing is
normalized with respect to the symbol duration.

about 1 dB away from the CRB for low to moderate Es /N0 values. The normalized symbol timing error
variance is depicted in Fig. 5 in which the performance degrades at high SNRs. Our investigations show
that the symbol timing estimation error increases as τ becomes larger, which in turn increases the errors in
computation of the LLF due to our approximations. The main source of these errors is the approximation
in (6) where we have assumed τ̂ = 0 in the integral limits. Nevertheless, the estimation precision is still
adequate for reliable demodulation especially at low SNRs. In fact, CPM signals (including SOQPSK)
are quite tolerant of symbol timing errors compared to phase errors [6]. Finally, the phase error variance
is plotted in Fig. 6, which indicates that the performance of our proposed algorithm is less than 1 dB away
from the theoretical limit at low SNRs where the synchronization is at its hardest. Unlike symbol timing
estimation, the errors in phase estimation are mainly caused by frequency estimation errors, which can be
improved by using a larger FFT.
CONCLUSION
We presented a DA ML algorithm for synchronization of SOQPSK-TG signals in burst-mode transmissions for aeronautical telemetry. The proposed algorithm is designed according to the specific pattern
of the preamble sequence intended for the iNET. It first estimates the frequency offset from the received
preamble using FFT and interpolation operations. Once the frequency offset is estimated, the symbol timing and carrier phase are subsequently estimated via simple closed-form expressions. The performance of
the proposed algorithm was examined using simulations. It was shown that our method performs within
1 dB of the theoretical CRB at low to moderate SNRs for frequency and phase estimations. It also estimates the symbol timing with sufficient precision especially at low SNRs.
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Figure 6: The variance of carrier phase estimation for SOQPSK-TG when L0 = 128.
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ABSTRACT
Spread Spectrum (SS) techniques are methods used to deliberately spread the spectrum of
transmitted signals in communication systems. The increased bandwidth makes detection of
these signals challenging for non-cooperative receivers. In this paper, we investigate detection of
Frequency Hopping Spread Spectrum (FHSS) signals from compressive measurements. The
theoretical and simulated performances of the proposed methods are compared to those of the
conventional methods.

Keywords: Spread Spectrum, FHSS, Scanning Sweeping Analyzer, Compressive Sensing.

1. INTRODUCTION
Spread spectrum (SS) techniques are methods used to spread the spectrum of the transmitted
signal over a bandwidth that is significantly larger than the bandwidth of the original signal. The
large bandwidth makes such signals hard to intercept and jam. One of the most common forms of
SS is Frequency-Hopping Spread Spectrum (FHSS). In FHSS, the cooperative transmitter and
receiver pair rapidly change their carrier frequency. An uncooperative receiver without the
knowledge of the hopping sequence has to capture a large bandwidth to intercept the signal and
this may not be practical in many cases. The conventional approach to detect the presence of
such signals is to use Spectrum Sweeping Analyzers (SSAs) [1]. An SSA sweeps over the entire
1

hopping frequency range in a sequential manner. Since the instantaneous bandwidth of the SSA
is small, there is a non-zero probability that the SSA misses the hopping signal during the sweep.
Thus, SSAs may suffer from a detection floor particularly at low scanning rates.
Recently, compressive sensing [2] has emerged as a novel concept illustrating how certain
signals can be reconstructed from much fewer measurements than suggested by the
Shannon-Nyquist sampling theorem. With this motivation and relying on the fact that the
instantaneous spectra of FHSS signals are sparse, we investigate detection of FHSS signals from
compressive measurements. The basic idea of compressive detection for FHSS was introduced in
our earlier work [3]. In [3], compressive measurements were performed using random
measurement kernels. In this paper, we extend our earlier framework and investigate
compressive detection of FHSS using designed measurement kernels.
This paper is organized as follows: Conventional SSA approach is reviewed in Section 2. Section
3 introduces the compressive detection framework and Section 4 introduces the proposed
methods for designing compressive measurements kernels. Section 5 presents theoretical and
Monte-Carlo simulation based comparison of the proposed methods to conventional ones. Finally,
conclusions are provided in Section 6.

2. DETECTION OF FHSS SIGNALS USING SSA
Figure 1 illustrates the block diagram of a conventional SSA. In this framework, the input signal
is mixed with the output of a voltage controlled oscillator which is driven by a sweeping
sequence. The output of the mixer is low-pass filtered and sampled at the Nyquist rate. Finally,
the samples are sent to the detector for the signal detection task.

Figure 1: Conventional SSA Framework for FHSS Detection

Let the bandwidth of the FHSS hopping range be denoted by B. With this range divided
uniformly into Nb subbands, the SSA scans each of these subbands sequentially. We use the
variable 𝛼 to denote the ratio of the scanning rate to the FHSS hopping rate. When 𝛼 = 1, the
SSA and the FHSS signal change their respective frequencies at the same rate. When 𝛼 > 1, the
2

SSA sweeps at a rate higher than the hopping rate of the FHSS signal, and when 𝛼 < 1, the
FHSS signal hops faster than the scanning rate of the SSA. In this paper, we assume 𝛼 to be 1
by a positive integer or a positive integer that can divide or be divided by Nb to simplify our
theoretical analysis.
The decision regarding the presence or absence of the FHSS signal is made based on energy
detection in each scanning period. Signal detection during the 𝑖 𝑡ℎ scanning period (i.e. 𝑖 𝑡ℎ
subband) is performed by deciding between two hypotheses:
𝐻0 : 𝒚𝑖 = 𝜱𝑖 𝒏𝑖
𝐻1 : 𝒚𝑖 = 𝜱𝑖 (𝒔𝑖 + 𝒏𝑖 )
Here, 𝐻0 and 𝐻1 denote the signal absent and signal present hypotheses in the 𝑖 𝑡ℎ scanning
period respectively. 𝜱𝑖 denotes the 𝑀 × 𝑁 matrix representation of the measurement kernel in
the 𝑖 𝑡ℎ scanning period. 𝒏𝑖 denotes the additive noise vector which is modeled as zero-mean
Gaussian white with the variance 𝜎𝑛2 over the entire FHSS hopping range. 𝒔𝑖 denotes the
signal vector which is modeled as zero-mean Gaussian white with the variance 𝜎𝑠2 within the
scanning support that it falls in.
Assuming ideal filters in the framework shown in Figure 1, the distribution of the measurement
energy ‖𝑦𝑖 ‖22 under the hypothesis 𝐻0 is given by
𝜆
− 𝑖

𝑝𝑟(𝜆𝑖 |signal absent in the 𝑖 𝑡ℎ scan) =

2
𝜆𝑀−1
𝑒 𝜎𝑛
𝑖

(1)

𝜎𝑛2𝑀 Γ(𝑀)

where Γ(∙) is the Gamma function. Similarly, the distribution of the measurement energy under
hypothesis 𝐻1 can also be calculated. When scanning rate is not faster than the FHSS hopping
rate (i.e. 𝛼 ≤ 1), the scans in different scanning periods are independent. Then the distribution
of the measurement energy ‖𝑦𝑖 ‖22 is given by:
1
𝛼

1

1
−𝑘
𝛼

𝜆𝑖
−
2 2
𝑀−1
𝛼𝑘𝑁
𝑏 𝜎𝑠 +𝜎𝑛
𝜆𝑖
𝑒
𝑀
(𝛼𝑘𝑁𝑏 𝜎𝑠2 +𝜎𝑛2 ) Γ(𝑀)

𝑝𝑟(𝜆𝑖 |signal present in the 𝑖 𝑡ℎ scan) = ∑𝑘=0 ( 𝛼 ) 𝑝𝑖𝑘 (1 − 𝑝𝑖 )
(2)
𝑘
where 𝑝𝑖 denotes the probability of the FHSS signal occupying the 𝑖 𝑡ℎ subband. Using
Equations (1) and (2) and a given threshold 𝑇𝑖 , the theoretical false positive rate (FPR) and true
positive rate (TPR) in the 𝑖 𝑡ℎ scan can be calculated using
+∞

𝐹𝑃𝑅𝑖 = ∫𝑇

𝑖

+∞

𝑇𝑃𝑅𝑖 = ∫𝑇

𝑖

𝑝𝑟(𝜆𝑖 |signal absent in the 𝑖 𝑡ℎ scan)𝑑𝜆𝑖

(3)

𝑝𝑟(𝜆𝑖 |signal present in the 𝑖 𝑡ℎ scan)𝑑𝜆𝑖

(4)

The final detection decision is made after the entire hopping frequency range is scanned. A
decision that the signal is present is reached if the signal was detected in at least one of the
subbands. Thus, the overall FPR and TPR are calculated as
𝑁𝑏
(1 − 𝐹𝑃𝑅𝑖 )
𝐹𝑃𝑅 = 1 − ∏𝑖=1
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(5)

𝑁𝑏
(1 − 𝑇𝑃𝑅𝑖 )
𝑇𝑃𝑅 = 1 − ∏𝑖=1

(6)

When the scanning rate is faster than the hopping rate (i.e. 𝛼 > 1), a similar analysis can be
used to determine the TPR and FPR. We skip this analysis here in the interest of space.

3. DETECTION OF FHSS SIGNALS FROM COMPRESSIVE MEASUREMENTS
Figure 2 illustrates the proposed compressive detection framework. In this framework, the input
signal is mixed with wideband measurement kernels and the output of the mixer is low-pass
filtered and sampled. It is important to note that the sampling rate is determined by the desired
compression ratio (CR) and is much lower than the rate needed to sample the full hopping
frequency range of the signal. Finally, the samples are sent to the detector for the signal detection
task.

Figure 2: Compressive Detection Framework for FHSS Detection
In the compressive detection framework, the detector observes the entire FHSS hopping range
during each observation period. To keep the total number of measurements to be the same with
the SSA approach, Nb measurement periods are used. In contrast to the SSA approach,
detection decision is made in a global manner using the entire set of measurements from all Nb
measurement periods with M measurements each. Under the assumption that the noise is additive
zero-mean Gaussian white over the entire hopping range with variance 𝜎𝑛2 , the distribution of
the signal energy for the signal absent case is given by
−

𝑝𝑟(𝜆|signal absent) =

𝜆

2
𝜆𝑀𝑁𝑏 −1 𝑒 𝜎𝑛
2𝑀𝑁𝑏

𝜎𝑛

(7)

Γ(𝑀𝑁𝑏 )

The distribution of the measurement energy when the signal is present can be calculated as:
−

𝑝𝑟(𝜆|signal present) =

𝜆

2
2
𝜆𝑀𝑁𝑏 −1 𝑒 𝜎𝑠 +𝜎𝑛

(𝜎𝑠2 +𝜎𝑛2 )

𝑀𝑁𝑏

Γ(𝑀𝑁𝑏 )

(8)

It is important to note that Equation (7) and (8) are derived assuming that a prewhitening step is
applied to the measurements to account for the correlations introduced by the measurement
4

kernels. Given Equations (7) and (8) and a threshold 𝑇, the FPR and TPR are calculated as
+∞

𝑝𝑟(𝜆|signal absent)𝑑𝜆

(9)

+∞

𝑝𝑟(𝜆|signal present)𝑑𝜆

(10)

𝐹𝑃𝑅 = ∫𝑇
𝑇𝑃𝑅 = ∫𝑇

4. DESIGN OF MEASUREMENT KERNELS FOR COMPRESSIVE DETECTION
In most of the existing compressive sensing literature, measurement kernels are chosen to be
random. Recently, task-specific optimal design of compressive sensors based on an
information-theoretic metric called Task Specific Information (TSI) was introduced [5]. The
basic principle in this novel sensing framework is to encode the task as a random variable
(referred to as the virtual source variables) and to design the measurement kernels to maximize
the mutual information between the virtual source variable and the measurements. We adopt the
TSI-based measurement kernel strategy in this work. Rather than using random measurement
kernels as was done in our earlier work [3], we design the measurement kernels such that the
mutual information between the measurement 𝒚 and the signal 𝒔 are maximized. Specifically,
we find the measurement matrix 𝜱 such that
̂𝒔
𝜱 = 𝑎𝑟𝑔𝑚𝑎𝑥𝜱̂ 𝐼(𝒚; 𝒔), 𝑠. 𝑡. 𝒚 = 𝜱
(11)
where 𝐼(𝒚; 𝒔) denotes the mutual information between 𝒚 and 𝒔.
The optimization problem in Equation (11) is solved using a gradient method. The measurement
matrix 𝜱 is updated using the iterations
𝜱𝑗+1 = 𝜱𝑗 + 𝜇𝛻𝜱 𝐼(𝒚; 𝒔)
(12)
𝑗
𝑗+1
where 𝜱 and 𝜱
denotes the measurement matrices after the 𝑗 and 𝑗 + 1 iterations
respectively. 𝜇 is a positive step size.

5. EXPERIMENTS
Experiments were performed to evaluate both the theoretical and simulated detection
performances of various systems. In these experiments, we assumed that the probability of
channel usage of the FHSS signal is as shown in Figure 3. The theoretical False Negative Rate
(FNR) (i.e. probability of miss) versus signal-to-noise ratio (SNR) is shown in Figure 4 for three
different systems. In these plots, the SNR is defined as the ratio of 𝜎𝑠2 to 𝜎𝑛2 . In Figure 4, four
different plots corresponding to four different values of 𝛼 are shown. The blue curves in the
plots correspond to the conventional SSA system and the red curves correspond to the
compressive detector with random measurement kernels. For reference, the performance of a
clairvoyant system with perfect knowledge of the hopping information is also shown using green
curves. The results in Figure 4 were obtained using 𝑁𝑏 = 20, 𝐹𝑃𝑅 = 0.01, and 𝑀 = 16.
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Figure 4: Comparison of Theoretical Performances of Different Systems
The results in Figure 4 indicate that the clairvoyant system, although unpractical, has the lowest
probability of miss at all SNR values. This performance of this system serves as a benchmark. It
can also be seen that the conventional SSA suffers from an evident “floor” of FNR at high SNR
values when the relative scanning rate is not high enough. This is due to the non-zero probability
that the scanner band may not overlap with the hopping signal during the scan. It is important to
note that the compressive detector does not suffer from this detection floor. Furthermore,
although the SSA has slightly lower probability of miss than the compressive detector at some
low SNR values (due to the Noise Folding effect [4]), the performance of the compressive
detector is better than the conventional SSA over a large range.
A Monte-Carlo simulation study was also performed to evaluate the performances of different
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systems. The results of this study are shown in Figure 5. In addition to the three systems
evaluated in Figure 4, Figure 5 also includes results from a compressive detector with designed
measurement kernels. The FHSS signal used in these simulations were similar to those specified
by the Bluetooth standard [6]. There were 79 channels with 1MHz bandwidth uniformly
distributed between 2.402 GHz to 2.480 GHz. The value of 𝑁𝑏 was set to 20 and the number of
channels covered by a single scan was 4 (The last channel position was unused). 4 symbol
periods were included during each scan interval and the total number of Nyquist samples in each
scan period was 320. To obtain, different values of 𝛼, the FHSS hopping rate was varied. The
CR for the compressive detection methods (which was defined to be the ratio of the Nyquist
sampling rate with respect to the entire FHSS hopping range to the compressive sampling rate),
was chosen to be 𝑁𝑏 so that the total number of measurements were equal for both the
compressive detectors and the conventional SSA. A prewhitening step was also applied to the
measurements to counter the correlation caused by non-ideal filters and measurement kernels.
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Figure 5: Comparison of Simulated Performances of Different Systems
It is important to note that the results obtained from this simulation study largely match the
theoretical results predicted in Figure 4. However, it can be seen that the detection floor problem
of the conventional SSA method is somewhat diminished. This is due to the use of non-ideal
filters in the simulations. Since ideal filters are not realizable in practice, simulations were
performed using non-ideal filters. Thus, the signals outside the passband of these filters were not
stopped completely and this unintentional leakage improved the detection performance of the
SSA. The results in Figure 5 also indicate that designed measurement kernels significantly
7

improve the performance of the compressive detector. This improvement in FNR can be several
orders of magnitude in some cases.

6. CONCLUSIONS
In this work, a method for detecting the presence of FHSS signals from compressive
measurements was presented. A compressive detector using designed measurement kernels was
proposed. The experimental results show that the compressive detection approaches do not suffer
from the detection floor problem that can occur in conventional SSAs and that these compressive
detectors have better performance than conventional SSA in a large range of SNR and 𝛼 values.
The results also show that the compressive detectors with designed measurement kernels have
better performance than those with random measurement kernels. Designed measurement kernels
in compressive detectors can lead to several orders of magnitude reduction in probability of miss
in some cases.
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Abstract
In this paper we focus on two low-complexity iterative reconstruction algorithms in compressed
sensing. These algorithms, called the approximate message-passing algorithm and the interval-passing
algorithm, are suitable to recover sparse signals from a small set of measurements. Depending on the
type of measurement matrix (sparse or random) used to acquire the samples of the signal, one or the other
reconstruction algorithm can be used. We present the reconstruction results of these two reconstruction
algorithms in terms of proportion of correct reconstructions in the noise free case. We also report in this
paper possible practical applications of compressed sensing where the choice of the measurement matrix
and the reconstruction algorithm are often governed by the constraint of the considered application.

I.

INTRODUCTION

Compressed sensing [1] is a relatively new field of signal processing which concerns the recovery of a sparse high-dimensional signal from a small set of measurements. A k-sparse signal
x ∈ Rn , i.e. a signal x with at most k non-zero values, is observed indirectly through a shorter
measurement vector y ∈ Rm that is obtained from the linear equations y = Ax where A is an
m × n measurement matrix, with m  n. The task of compressed sensing is to recover x from
y. The first approach to solve the compressed sensing problem is to find a signal x with the
smallest `0 -norm satisfying y = Ax. The `0 -norm minimization of compressed sensing is NPhard [1], [2]. For this reason, the `1 -norm minimization solution based on linear programming
(LP) was introduced to reconstruct x. The LP technique [3] for the compressed sensing problem,
called Basis Pursuit [4], [5], has remarkable performance, but its high complexity and running
time makes it impractical in some applications which require fast reconstruction, or when the
dimension of the signal is very large.
To tackle the issue of complexity, message-passing algorithms for compressed sensing have
been proposed. These algorithms have their origins in channel coding. Sarvothan et al. [6] were
among the first to introduce a reconstruction algorithm based on belief propagation. Another
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application of belief propagation in compressed sensing was presented in [7] where two lowcomplexity algorithms are provided, list decoding and multiple-based belief propagation.
In this paper we focus on two message-passing reconstruction algorithms. The first one belongs to the class of iterative thresholding algorithm and is called the approximate message
passing algorithm (AMPA) [8]. The AMPA exhibits excellent mean-square error reconstruction
performance and can be analyzed theoretically using the so-called phase transition diagram. The
second algorithm considered in this paper is a very simple message passing algorithm, which
we refer to as the interval-passing algorithm (IPA) [9]. This simple iterative algorithm aims at
reconstructing non-negative vectors. We have studied its reconstruction possibilities as well as
comparing its reconstruction performance in [10].
In this paper, we consider k-sparse non-negative signals and we study the effect of the choice of
measurement matrices. For a given n and m we consider either random Gaussian measurement
matrices, or deterministic sparse non-negative measurement matrices using AMPA or IPA as
a reconstruction algorithm. We then review some possible applications of compressed sensing.
The main goal of this paper is to show how using sparse measurement matrices with appropriate
low-complexity reconstruction methods affects the reconstruction performance.
The rest of the paper is organized as follows. Section II provides preliminaries on compressed
sensing and a brief introduction to some iterative reconstruction algorithms. Section III presents
the AMPA, while Section IV provides a detailed explanation of the IPA. Section V presents an
overview of applications of compressed sensing. In Section VI, we provide simulation results
exhibiting the IPA and the AMPA reconstruction performance using sparse measurement matrices
as well as random measurement matrices. Finally a conclusion is provided in Section VII.

II .

PRELIMINARIES

A. Compressed Sensing
The original compressed sensing problem is to recover a high-dimensional vector from a lower
dimension set of linear equations. Consider a signal s ∈ Rn , and suppose that a certain basis Ψ
provides a k-sparse representation x of s such that s = Ψx with kxk0 = k. This vector s is not
measured directly, but instead m projections of s are taken where m < n. The projection vector
is denoted by y where
y = Φs
(1)
with y an m×1 column vector and Φ ∈ Rm×n being the measurement (projection) matrix. Since
m < n the recovery of the signal s from y is, in general, not possible; however the assumption
of a sparse signal x makes the reconstruction possible and practical.
As the sparse representation of s in the basis Ψ is x, the recovery of s from y can be formulated
as the `0 -norm minimization problem on x:
x̂ = argminkxk0 s.t. y = Φs = ΦΨx.

(2)

In other words we look for the sparsest vector x such that y = Φs = ΦΨx. This problem,
sometimes called recovery via combinatorial optimization, is known to be NP-hard
 as the
reconstruction algorithm needs to perform a combinatorial enumeration of all the nk possible
2

sparse subspaces. Hence it cannot be used for practical applications.
Practically, a much easier problem yields an equivalent solution by solving for the minimum
`1 -norm vector x that agrees with the measurements y. This reconstruction is known as `1 -norm
minimization, or recovery via convex optimization
x̂ = argminkxk1 s.t. y = Φs = ΦΨx.

(3)

This optimization is more tractable and can be solved by a linear programming technique called
Basis Pursuit [11]. The complexity of this technique is cubic in n.
In the sequel, we simplify the notation, and consider only the reconstruction of the sparse vector
x from the observation vector y with a measurement matrix A. The problem is then to solve
y = Ax.

(4)

In other words we either assume that the basis Ψ is the identity matrix and A = Φ, and hence
our signal is sparse in the basis of the study, or that ΦΨ = A.
In [5] it has been shown that the `1 -norm minimization technique performs the exact reconstruction of the vector x for a sufficient sparsity and a properly chosen measurement matrix A.
The conditions on the measurement matrix were expressed in terms of the Restricted Isometry
Property (RIP). Specifically, when the RIP is satisfied, a k-sparse vector x can be reconstructed
from a number of measurements m on the order of k log (n/k). It is important to note that the
RIP provides assurance that the output of the Basis Pursuit will be the same output as the `0
minimization, however it can be different from the original vector x.
B. Iterative reconstruction methods
Soon after the seminal works of Candès, Tao, Romberg and Donoho, many studies were carried
out to tackle the complexity of the `1 -minimization reconstruction technique. The main goal was
to propose a variation of the LP solver providing good reconstruction performance with a lower
complexity. Among all the proposed methods, we cite here some famous greedy algorithms
like the Matching Pursuit [12], the Orthogonal Matching Pursuit (OMP)[13], [14], or Stagewise
OMP [15]. The main idea of these greedy algorithms consists in the iterative approximation
of the coefficients of the sparse signal to recover. They are known to be very fast and easy to
implement, and guarantee the performance to be close to the original `1 -minimization. Many
other algorithms exist in the literature (see Chapter 8 of [16] for an overview of the greedy
algorithms used in compressed sensing).
The next section presents in detail one of the more well-known iterative reconstruction methods,
namely approximate message-passing.

III .

APPROXIMATE MESSAGE-PASSING ALGORITHM

Among the methods proposed to tackle the issue of the complexity of Basis Pursuit, messagepassing algorithms have been introduced. Many of these algorithms have their roots in channel
3

coding applications. These algorithms primarily use the graphical representation of the measurement matrix to exchange information iteratively to recover the original vector x. As for the Tanner
graph [17] of low-density parity-check (LDPC) codes [18], the columns of the measurement
matrix are associated with the variable nodes corresponding to the vector x, and the rows of the
measurement matrix correspond to the summation nodes, also called measurement nodes.
One of the first message-passing algorithms for compressed sensing was introduced by Donoho et
al. in [8] for noise free measurements. The variables in message-passing algorithms are associated
with edges in the bipartite graph representation of the matrix A. Messages are updated according
to the rules
X
x(l+1)
=
η
(
acb ,vi zc(l)
)
(5)
l
vi →ca
b →vi
cb ∈N (vi )\ca

X

zc(l)
= yca −
a →vi

aca ,vj x(l)
vj →ca

(6)

vj ∈N (ca )\vi

where ca and cb are measurement nodes, vi and vj are variable nodes, ηl is a sequence of
threshold functions (applied componentwise), x(l) ∈ Rn is the current estimate of the solution
x, z(l) ∈ Rn is the current residual and N (v) is the set of neighbor nodes of the node v in
the Tanner graph representation of A. With a slight abuse in the notations, aca ,vj represents the
value at row a and column j of A.
Donoho’s et al. [8] iterative thresholding algorithm, called the approximate message-passing
algorithm (AMPA) follows from the message-passing algorithm given in (5) and (6). The authors
(l)
of [8] argue that the right-hand side of Eq. (5) for update of messages xvi →ca does not depend
strongly on the index a (specially if the matrix A is dense in which case only one out of n terms
(l)
is excluded). They also argue that the right-hand side of Eq. (6) for updating zca →vi does not
depend strongly on i. If these two dependencies are neglected, the messages are associated to
graph vertices (x to variable nodes and z to measurement nodes). In contrast with the messagepassing algorithm, which in general has to update nm messages, the update is done here on
only n variable nodes and m measurement nodes.
Formally, the AMPA starts from an initial guess x(0) = 0 and z(0) = y, and iteratively proceeds
by calculating
x(l+1) = ηl (AT z(l) + x(l) )
(7)
1
0
(AT z(l−1) + x(l−1) )i,
(8)
z(l) = y − Ax(l) + z(l−1) hηl−1
δ
where ηl is a sequence of threshold functions (applied componentwise), x(l) ∈ Rn is the current
estimate of the solution x, AT denotes the transpose of A and η 0 (u)P= ∂η(u)/∂u. The bracket
hi operator applied on a vector v = (vi )1≤i≤n gives hvi = (1/n) 1≤i≤n vi . The role of the
additional term in the update of z(l) is to cancel the correlation between the current vector
estimates and their past values. A typical thresholding function η is the soft thresholding given
by
η(x; λ) = sgn(x)(|x| − λ)+
(9)
where the subscript (u)+ = uI(u ≥ (0)), and I is the indicator function equal to one when the
Boolean expression in his argument is true, and zero otherwise.
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As mentioned in [8], the AMPA is suitable when the entries ai,j of the matrix A are independent
and identically distributed. The measurements need then to be acquired randomly to be able to
use the AMPA. It has been shown that the reconstruction possibilities can be established through
the phase-transition diagram which basically provide the bounds on k, n, m so that the AMPA
is able to recover k-sparse signals.
The next section provides a full presentation of the interval-passing algorithm (IPA) used together
with the AMPA in our simulation results.

IV .

INTERVAL-PASSING ALGORITHM

Chandar et al. [9] introduced a simple message-passing algorithm for reconstructing non-negative
signals using sparse binary measurement matrices. We modified this algorithm in order to deal
with non-negative real-valued measurement matrices and refer to it as IPA [10]. From [9],
the complexity of the algorithm is O(n(log( nk ))2 log(k)) which is a good trade-off between
the polynomial complexity of the LP reconstruction, and the linear complexity of the simple
verification decoding [19], which we have shown in [10] through reconstruction performance.
The use of sparse measurement matrices originates from the work of Dimakis and Vontobel
[20], who studied the use of LDPC-based measurement matrices in compressed sensing and
showed that good LDPC matrices used for LP decoding are also good for LP reconstruction.
Besides, the use of sparse measurement matrices enables a low-complexity measurement process.
Like the AMPA, the IPA is a message-passing algorithm, and thus messages are associated
with the graphical representation of the measurement matrix to perform the reconstruction. Let
V = {v1 , v2 , ..., vn } and C = {c1 , c2 , ..., cm } be respectively the sets of variable nodes and
measurement nodes in the graphical representation of the measurement matrix A = {aj,i } for
1 ≤ j ≤ m and 1 ≤ i ≤ n. The graphical representation of A is actually the Tanner graph
[17] of the binary image1 of A, whose edges are labeled by the real values corresponding to
the non-zero positions in A.
In the IPA, the messages passing through edges are intervals [µ, M ] corresponding to the
and upper bounds of the estimation of the connected variable node. At each iteration
message update from the variable vi to the measurement node cj is given by:


(l−1)
µ(l)
=
max
µ
0
vi →cj
cj →vi × aj,i
c0j ∈N (vi )


(l−1)
(l)
Mvi →cj = 0 min Mc0 →vi × aj,i
cj ∈N (vi )

j

lower
l, the
(10)
(11)

and the messages from the measurement node cj to the variable node vi are updated as:
1

A matrix H = {hj,i } is said to be the binary image of a matrix A = {aj,i } if hj,i = 1 if aj,i 6= 0 and hj,i = 0 if aj,i = 0.
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µ(l)
cj →vi



X
(l)


y
M
0
j −

vi →cj 




vi0 ∈N (cj )\{vi }
= max 0,


aj,i






X

yj −
Mc(l)
j →vi

=

(12)

(l)

µv0 →cj

vi0 ∈N (cj )\{vi }

i

(13)

aj,i

where N (vi ) (resp. N (cj )) is the set of measurement (resp. variable) nodes which are the
neighbors of vi (resp. cj ) in the Tanner graph of A. The message update is shown in Fig. 1.



y(c1 )−(Mv2 →c1 +Mv3 →c1 )
a1,1
max 0,



y(c1 )−(µv2 →c1 +µv3 →c1 )




max (µc1 →v1 , µc2 →v1 , µc3 →v1 ) × a1,1
min (Mc1 →v1 , Mc2 →v1 , Mc3 →v1 ) × a1,1



-

µc1 →v1
Mc1 →v1






v1
-

c1

a1,1

-



c2



µc3 →v1
Mc3 →v1





µv2 →c1
Mv2 →c1

c3





µc2 →v1
Mc2 →v1





c1
-

v1

v2

(a)



µv3 →c1
Mv3 →c1



v3
(b)

Fig. 1. IPA: Update rules (a) From variable node v1 to measurement node c1 . (b) From measurement node c1 to variable node
v1 .

The reconstruction process stops when the maximum number of iterations is reached, or the
lower bound and the upper bound of the interval from variable nodes to measurement nodes
has converged to a common value for every variable node. This common value is set as the
estimate of each connected variable node value. When the lower bound and the upper bound do
not converge, we arbitrarily set the estimate value to the lower bound.

V.

APPLICATIONS OF COMPRESSED SENSING

The applications of compressed sensing are numerous, as the assumption of sparsity can be
relevant in many areas of signal processing. For instance, the wavelet decomposition [21]
generally provides a sparse approximation of natural images, such as the example of Fig. 2.
The majority of the coefficients of the wavelet representation have a small absolute value and
can be considered as zero or near zero. Thus in the wavelet domain, the data can be considered as
sparse, or pseudo-sparse. Using sparse or random measurement matrices on the wavelet transform
of an image can lead to compression using AMPA or IPA.
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Fig. 2.

Wavelet decomposition of the Lena image.

Other domains of signal processing are concerned with compressed sensing, such as radar
[22], imaging [23], digital communications [24] or even biomedical [25], so long as a sparse
representation of a signal exists in some basis. Applications of compressed sensing can also be
found in genetics [16], in which n genes are studied while analyzing m patients. Commonly
only a few genes will be active for each patient, hence the sparsity.
More recently, we have shown [26] that compressed sensing can be used in the chemical mixture
estimation problem in spectroscopy. We first assume that we know perfectly the spectrum of a
set of pharmaceutical chemicals that can be present in a surface or in a solution. In a chemical
mixture we assume that only few chemicals can be present among this set, hence the sparseness
of the vector representing the chemical mixture. By using an appropriate measurement matrix
on the spectrum of a chemical mixture, we can achieve impressive compression ratios (8:1 for
example). By using the IPA presented above we ensure a low-complexity reconstruction process
while maintaining very high reconstruction performance.
An important database of papers on compressed sensing and its application can be found in [27].
Up-to-date articles and papers, as well as some interesting discussions, can be found in [28].

VI .

SIMULATION RESULTS

In this section we present the reconstruction performance of the two algorithms presented above.
We produce a k-sparse vector of length n as follows. For a given sparsity k, we generate a nonnegative vector of length k (entries of this vector are drawn from the uniform distribution on 0
to 1) and then assign randomly each of the k generated values among the n values of x. The
measurement vector y is then obtained via y = Ax. For a given n and m the measurement
matrix A is either a random matrix whose elements are independent and identically distributed
drawn from a Gaussian distribution, or deterministic (more precisely, sparse and based on LDPC
code design). For the cases reported below, we perform 75 reconstructions for each sparsity k
7
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Reconstruction results using the AMPA and the IPA with parameters n = 1008, m = 504.

and display the proportion of correct reconstruction as a function of k. A vector is said to be
correctly recovered if each xj j = 1, . . . , n is recovered with absolute value no greater than 10−6
for the IPA reconstruction and no greater than 10−3 for the AMPA reconstruction. The AMPA
does not allow, in general, for perfect recovery (in the sense of the IPA) which explains why
we relax the criterion to 10−3 .
We first report the reconstruction results in the noise free case using n = 1008 and a fixed
m = 504 in Fig. 3. This gives a compression ratio of two. The measurement matrix for the
IPA was chosen to be the one from the Gallager codes of rate half and column-weight-three in
[29]. One can see that the exact recovery can be achieved up to a sparsity of 175 for the IPA,
whereas the AMPA is only accurate enough for a sparsity of 80, even with the relaxed criterion
for correctness.
As a second example we report the comparison of the AMPA and the IPA for a fixed signal
length n = 265 and two different values for m. The random matrices for the AMPA were
designed as previously. The deterministic matrices for IPA are described in what follows. These
measurement matrices M originate from the code construction technique of structured LDPC
matrices [30] where each matrix M is a block matrix of circulants. We use binary measurement
matrices for the sake of simplicity. The use of non-negative measurement matrices give similar
reconstruction results [10]. For the first example, let p = 53 and let:


I0 I0 I0 I0 I0
M1 = I0 I14 I1 I36 I37 
(14)
I0 I3 I4 I38 I42
where Ij denotes the p × p identity matrix circularly shifted by a factor j. This measurement
matrix M1 is of size m × n = 3p × 5p = 159 × 265. Similarly, the second matrix M2 we use
in this paper is of size m × n = 4p × 5p = 212 × 265 and is given by:


I0 I0 I0 I0 I0
I0 I34 I39 I49 I48 

M2 = 
(15)
I0 I25 I9 I27 I51  .
I0 I28 I4 I7 I15
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Reconstruction results using AMPA and IPA with parameters n = 265 for different values of m.

We can see in Fig. 4 that the reconstruction performance for the IPA is always superior to the
performance for the AMPA. For instance, the AMPA exhibits failures whenever k ≥ 30 for
both choices of the number of measurement taken. On the other hand, the IPA does not exhibit
failures until k ≥ 55 and m = 159, and k ≥ 75 for m = 212. The improvement in performance
appears to be slightly less that the example of Fig. 3. The explanation for this difference, as
well as the failures of the IPA/AMPA is out of the scope of this paper, but we can infer that the
length of the signal x has a strong influence. The failures of the IPA (studied in [10]) as well
as the phase transition diagram of the AMPA could also explain this difference. This discussion
and related problems will be addressed in the journal version of this paper.

VII .

CONCLUSION

In this paper we have discussed the emerging field of signal processing known as compressed
sensing. We presented two low-complexity iterative reconstruction algorithms, namely IPA and
AMPA, which have appealing reconstruction performance in a noise free environment. The IPA
has more accurate reconstruction capability, while the reconstruction possibilities of the AMPA
can be studied theoretically.
Future work includes the description of the noisy case. The performance metric will be the
mean-square error. Preliminary results show that with a modification of the IPA, good meansquare error reconstruction performance can be obtained. In the noisy case the decision step of
the IPA has to be modified, as the lower and upper bounds will not converge. The AMPA does
not require modification and may be more suitable.

VIII .
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ABSTRACT
This paper applies the Bianchi-Loubaton-Sirven technique to classification algorithm capable of
distinguishing between PCM/FM and SOQPSK-TG. A happy byproduct of the classification algorithm is a reasonably accurate estimate of the bit rate. The classifier is based on the observation
that CPM with an integer modulation index contains harmonics at multiples of the symbol rate.
The algorithm is based on the CPM representations of PCM/FM and SOQPSK-TG and leverages
the property that applying a g-order nonlinearity to any CPM creates a new CPM with modulation
index g times the original modulation index. No prior knowledge of the data is assumed. The technique is applied to distinguish between PCM/FM and SOQPSK-TG. Simulation results show that
the classifier works essentially error-free for signal-to-noise ratios above 20 dB and for sufficiently
high resolution in the search algorithms required by the maximizations.

INTRODUCTION
Automatic modulation recognition has applications ranging from communication interception to
cognitive radio. This paper explores the application of these techniques to the modulations used in
aeronautical telemetry. Given the scenario where an aircraft or missile is authorized to transmit at
a given bit rate using either PCM/FM or SOQPSK-TG, a technician could use this tool to verify
that the transmitter has been set up correctly and is operating properly.
A variety of methods for modulation recognition have been described in the open literature. Overviews can be found in [1, 2, 3]. Higher order statistics were used as classifiers in [4, 5, 6, 7]. These
were most effective for QAM, MSK, and MFSK. Spooner et al [8, 9] describe the use of cyclic
cumulants as a classifier and show that this approach is effective for QAM and PSK. Vito et al [7]

1

and Dubuc et al [10] apply the kurtosis coefficient of the instantaneous frequency to distinguish
between digital FM and analog FM. A problem closely related to classifiers is blind estimation
of the symbol rate for a digitally modulated carrier. Of particular interest are blind symbol rate
estimators for CPM signals. For CPM signals, blind symbol rate estimators are usually based on
statistics with cyclic components as described in [11, 12, 13].
This paper explores the application of the Bianchi-Loubaton-Sirven algorithm [13] (hereafter called
the “Bianchi algorithm”) to distinguish between PCM/FM and SOQPSK-TG. Because the Bianchi
algorithm only works for CPM signals, the CPM representation of PCM/FM and SOQPSK-TG are
defined and used. A description of the recognition and estimation algorithm is given as well as
simulation results to demonstrate its effectiveness. An interesting by-product of the classifier is an
estimate of the bit rate. The accuracy of the bit rate estimator is also presented.

CPM REPRESENTATION OF MODULATIONS USED IN AERONAUTICAL
TELEMETRY
Both PCM/FM and SOQPSK-TG can be thought of as special cases of continuous phase modulation (CPM). The complex-valued (I/Q) representation for CPM is
s(t) = exp{jφ(t)}
where the phase, φ(t) is a pulse train expressed as
X
φ(t) = 2πh
a(k)g(t − kTs )

(1)

(2)

k

where Ts is the symbol period (1/Ts is the symbol rate); h is the digital modulation index that
quantifies the phase shift for each symbol; and g(t) is the phase pulse that is usually thought of
as the time integral of a frequency pulse f (t) that spans L symbols. The convention [14] is to
normalize f (t) to have area 1/2 so that g(t) = 1/2 for t ≥ LTs . In the CPM literature, modulations
with L = 1 are called full response CPM whereas modulations with L > 1 are called partial
response CPM.
PCM/FM may be expressed as a CPM. The elements of (2) are defined as follows. If b(k) ∈ {0, 1}
be the k-th bit, then the a(k) are related to the bits via the mapping

−1 b(k) = 0
a(k) =
(3)
+1 b(k) = 1.
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The modulation index is h = 0.7 and the frequency pulse is
 h
 i
 1 1 − cos πt
−Tb ≤ t ≤ Tb
Tb
f (t) = 4Tb
0
otherwise.

(4)

The frequency pulse is plotted in Figure 1. Note that L = 2 for PCM/FM.
SOQPSK-TG may also be expressed as a partial response CPM. The elements of (2) are defined
as follows: The relationship between the k-th bit b(k) ∈ {0, 1} and the “symbol” a(k) involves a
binary-to-ternary mapping. First define

−1 b(k) = 0
u(k) =
(5)
+1 b(k) = 1.
The k-th “symbol” a(k) is given by
a(k) = (−1)k+1

u(k − 1)[u(k) − u(k − 2)]
.
2

(6)

This produces a constrained ternary output a(k) ∈ {−1, 0, +1}. Note that each new b(k) produces
a new a(k). Consequently, the a(k) and b(k) are produced at the same rate so that the “symbol
rate” and the “bit rate” are the same. The modulation index is h = 1/2. The frequency pulse is a
spectral raised cosine windowed by a temporal raised cosine:


 
πBt
cos πρBt
sin
2Tb
2Tb
× w(t)
(7)
f (t) = C
 2 ×
πBt
2Tb
1 − 4 ρBt
2Tb


1
0 ≤ 2Tt b < T1


 h
 
i
w(t) = 12 1 + cos Tπ 2Tt − T1
T1 ≤ 2Tt b ≤ T1 + T2
2
b



0
otherwise

(8)

where C is a constant to make the area of f (t) one-half. The four constants involved in the frequency pulse are
ρ = 0.7, B = 1.25, T1 = 1.5, T2 = 0.5
(9)
This produces a partial response pulse shape with L = 8. This frequency pulse is also plotted in
Figure 1.
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Figure 1: The frequency pulses for PCM/FM and SOQPSK-TG.
THE BIANCHI MODULATION RECOGNITION TECHNIQUE
For automatic recognition, the receiver observes
y(t) = s(t − τ )ej2πδf0 t + n(t)

(10)

and processes the observation y(t) to determine if s(t) corresponds to PCM/FM or SOQPSK-TG.
In (10), τ is an known delay, δf0 is the uncompensated frequency offset in Hz, and n(t) models
the additive thermal noise and is a complex-valued Gaussian random process with zero mean and
autocovariance function
o
1 n
∗
E n(t)n (t − τ ) = N0 δ(τ ).
(11)
2
After experimenting with several of the different automatic recognition techniques, we discovered
that the Bianchi-Loubaton-Sirven technique [13] produced the most reliable results to distinguish
between PCM/FM and SOQPSK-TG. This technique is based on the following line of reasoning.
Let s(t) be a CPM signal with modulation index h:
s(t) = ej2πh

P

k

a(k)g(t−kTs )

and let g be a positive real number. Now form sg (t). This may be expressed as
P
P
g
sg (t) = ej2πh k a(k)g(t−kTs ) = ej2πhg k a(k)g(t−kTs ) .
4

(12)

(13)

This shows that sg (t) is a new CPM signal with modulation index hg. The recognition algorithm
is based on the following observations:
• if hg 6= integer, then E{sg (t)} = 0.
• if hg = even integer, then E{sg (t)} is periodic with period Ts .
• if hg = odd integer, then E{sg (t)} is peroidic with period 2Ts , but only the odd harmonics
are present.
These observations are neatly captured in the function
Z
1 T  g
r(g, α) = lim
E s (t)e−j2παt dt
T →+∞ T 0

(14)

where E{·} is the statistical expectation operator. Based on the observations regarding hg, r(g, α)
is non-zero if and only if hg is an integer. If hg is an even integer, then the periodicity of E{sg (t)}
produces peaks in r(g, α) when α is an integer multiple of 1/Ts . Similarly, when hg is an odd integer, then the periodicity of E{sg (t)} produces peaks in r(g, α) when α is an odd-integer multiple
of 1/2Ts .
Now, as stated above, the recognition algorithm operates on y(t) rather than s(t). Thus, the function r(g, α) is defined in terms of y(t) instead of s(t):
1
r(g, α) = lim
T →+∞ T

T

Z


E y g (t)e−j2παt dt

(15)

0

In a practical implementation, the automatic recognition algorithm operates on a sampled version
of y(t). Let y(k) be the k-th sample of y(t) and suppose N samples are available for processing.
In this case, the function (15) is replaced by [13]
g
N −1 
1 X y(k)
rN (g, α) =
e−j2παk
N k=0 |y(k)|

(16)

In the noiseless case, y(k) = y(k)/|y(k)|. This normalization helps to regulate influence from
noise. The function rN (g, α) is maximized when g is an integer multiple of the modulation index
and α is a multiple of the normalized symbol rate (ratio of symbol rate to sample rate) as described
above. Note that in addition to estimating the modulation index, this algorithm also estimates the
bit rate. In the next section, this algorithm is applied to the recognition problem for PCM/FM and
SOQPSK-TG.
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A MODULATION RECOGNITION ALGORITHM FOR AERONAUTICAL
TELEMETRY
The first step in applying the Bianchi technique to the aeronautical telemetry problem is to evaluate
rN (g, α) at values of g that are integer multiples of reciprocals of the two modulation indexes
(h = 0.7 for PCM/FM and h = 0.5 for SOQPSK-TG). The question is, do we use an even multiple
of the reciprocal modulation indexes or an odd multiple? In the first case, rN (g, α) will display a
periodic component at the bit rate. In the second case, rN (g, α) will display a periodic component
at odd multiples of half the bit rate. In the original work, Bianchi [13] preferred the second case
(that is, g = 1/h). This worked best for full response CPM. Indeed, Bianchi pointed out that his
approach was best suited for full response CPM and speculated that it would not work well for
partial response CPM. Our results show that the Bianchi approach does work for PCM/FM and
SOQPSK-TG (both partial response CPM) when g = 2/h.
The algorithm is outlined as follows. Let y(k) for k = 0, 1, . . . N − 1 be the N samples of the
received waveform and let g0 = 2/0.7 (this is for PCM/FM) and let g1 = 2/0.5 = 4 (this is for
SOQPSK-TG). Now find
n
o
n
o
R0 = max rN (g0 , α)
α̂0 = argmax rN (g0 , α)
(17)
α
α
n
o
n
o
R1 = max rN (g1 , α)
α̂1 = argmax rN (g1 , α) .
(18)
α

α

Finally, the decision is:
modulation =


PCM/FM with bit rate α̂0 × sample rate

R0 ≥ R1

(19)

SOQPSK-TG with bit rate α̂ × sample rate R < R .
1
0
1
A simple illustration of the concept is given in Figure 2. In Figure 2 (a), the input samples y(n)
are samples of PCM/FM with an equivalent sample rate of 20 samples/bit. Here, both |rN (g0 , α)|2
and |rN (g1 , α)|2 are plotted as a function of α. We observe a peak in |rN (g0 , α)|2 at α = 0.05
bits/sample corresponding to the normalized bit rate of 1/20 = 0.05 bits/sample. There are peaks in
|rN (g1 , α)|2 as well, but none of these peaks are as high as the peak in |rN (g0 , α)|2 . In Figure 2 (b),
the y(n) are samples of SOQPSK-TG with an equivalent sample rate of 20 samples/bit. There is a
peak in |rN (g1 , α)|2 at α = 1/20 as expected and this peak is higher than any peak in |rN (g0 , α)|2 .
The most noticeable feature here is the very strong peak at |rN (g1 , 0)|2 . The negative consequence
of this is that (18) will always give α̂1 = 0 and R1 > R0 when the true signal is SOQPSK-TG.
While the decision may be correct, the bit rate estimate is very bad. To fix this problem, the
searches (17) and (18) omit the region around α = 0.
6
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Figure 2: Plots of |rN (g0 , α)|2 and |rN (g1 , α)|2 as a function of α for N = 8192 at an equivalent sample rate of 20 samples/bit: (a)
|rN (g0 , α)|2 and rN |(g1 , α)|2 as a function of α when y(n) are samples of PCM/FM; (b) |rN (g0 , α)|2 and rN |(g1 , α)|2 as a function of
α when y(n) are samples of SOQPSK-TG.
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SIMULATION RESULTS
The performance of the algorithm (17) – (19) was simulated using samples of PCM/FM and
SOQPSK-TG both at an equivalent sample rate of 20 samples/bit. The maximizations (17) and
(18) were carried out using the FFT algorithm to provide a coarse estimate, followed by parabolic
interpolation [15] to generate a fine estimate. The interpolated maxima were used for R0 and R1 .
The performance of both the classifier and the bit rate estimator, as a function of signal-to-noise
ratio, was simulated.
The first set of plots, given in Figure 3, summarizes the performance of the classifier as a function
of signal-to-noise ratio. In the top plot, the y(n) are samples of PCM/FM and is an estimate of
the probability of making the correct decision when the true answer is PCM/FM. The bottom plot
of Figure 3 is the same except the y(n) are samples of SOQPSK-TG. Thus, the bottom plot is an
estimate of the probability of making the correct decision when the true answer is SOQPSK-TG.
The behavior of the classifier when PCM/FM is the true signal is what one might expect. The
performance improves as the signal-to-noise ratio increases and as the observation length increases.
(The observation length was set to a power of 2 to leverage the computational advantages of the
FFT algorithm.) For the simulation parameters used here, the classifier is making essentially errorfree decisions when the signal-to-noise ratio is about 15 dB or higher.
The behavior of the classifier when SOQPSK-TG is true signal are somewhat unexpected. At
a low signal-to-noise ratio, the classifier makes the correct decision about 50% of the time. In
other words, the decision is completely random. As signal-to-noise ratio increases, one expects the
situation to improve, but it does not. The probability that the decision is correct decreases to near
zero before increasing. Close examination of Figure 2 (b) provides possible explanations.
• Because so much of the energy in |rN (g1 , α)|2 is concentrated at α = 0 and because the
region immediately around α = 0 is omitted from the search, it does not take much noise
power to produce a peak in |rN (g0 , α)|2 that is higher than any peak in |rN (g1 , α)|2 for α 6= 0.
This is why the situation improves as signal-to-noise ratio increases above approximately 17
dB.
• The true peak in |rN (g1 , α)|2 when SOQPSK-TG is true is much narrower than the peak in
|rN (g0 , α)|2 when PCM/FM is true. Consequently, if the coarse search does not have sufficient resolution, the coarse search may entirely miss the true peak. As we implemented it,
the resolution of the coarse search increases (improves) as the observation length increases.
We believe this is why the performance dramatically improves when the observation length
is doubled from 8192 to 16384 samples.
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In summary, the classifier (and estimator as described below) requires both sufficiently high signalto-noise ratio and search resolution to produce useable results.
The second set of plots, shown in Figure 4 summarize the quality of the bit rate estimate used by
the classifier. The PCM/FM results are summarized in the top plot of Figure 4. The bit rate estimate
error variance decreases as signal-to-noise ratio increases, with a sharp transition in the 12–17 dB
range for the simulation parameters used. Above the transition range, the error variance exhibits
an error floor. This error variance floor is characteristic of two-step (coarse/fine) estimators based
on the DFT [15]. The quality of the bit rate estimate also improves as the length of the observation
interval improves: the estimator error variance starts to improve at a lower signal-to-noise ratio
and the error variance floor is slightly lower.
The SOQPSK-TG results are summarized in bottom plot of Figure 4. As before, the quality of the
estimator improves with with increasing signal-to-noise ratio, and experiences a floor. But here,
the influence of coarse search resolution is dramatic. We believe this is due to the ability of the
coarse search to correctly identify the true (very narrow) peak in |rN (g1 , α)|2 when SOQPSK-TG
is true. When the true peak can be properly identified, the estimator error variance is very low.
This means a very high quality estimate is available.

CONCLUSIONS
PCM/FM and SOQPSK-TG can be reliably distinguished using the methods described in this paper
for a sufficiently high signal-to-noise ratio and search resolution. (For the simulation parameters
presented here, this signal-to-noise ratio threshold is about 20 dB for an observation length of
16384 samples.) As a byproduct, an estimate of the bit rate is also produced. The quality of
this estimate is quite good for sufficiently high signal-to-noise ratio and search resolution. This
information (the classifier result and bit rate estimate) can be used to perform pre-flight or prelaunch checks to ensure the telemetry transmitter is properly configured.

ACKNOWLEDGEMENTS
The authors thank Mr. Robert Jefferis, retired from Tybrin Corporation, AFFTC, for providing the
motivation for this topic.

9

100

Percent Correct

80
60
40
4096 samples
8192 samples
16384 samples

20
0
10

15

20
Eb/N0 (dB)

25

30

100

Percent Correct

80
60
40
4096 samples
8192 samples
16384 samples

20
0
10

15

20
Eb/N0 (dB)

25

30

Figure 3: Percent identified correctly when the transmitted signal is PCM/FM (top) and when the
transmitted signal is SOQPSK-TG (bottom).

10

0

Estimator Error Variance

10

4096 samples
8192 samples
16384 samples

−2

10

−4

10

−6

10

−8

10

10

15

20
Eb/N0 (dB)

25

30

20
Eb/N0 (dB)

25

30

0

Estimator Error Variance

10

−5

10

−10

10

10

4096 samples
8192 samples
16384 samples
15

Figure 4: Bit rate estimate variance when the transmitted signal is PCM/FM (top) and when the
transmitted signal is SOQPSK-TG (bottom).

11

REFERENCES
[1] Octavia A. Dobre, Ali Abdi, Yeheskel Bar-Ness, and Wei Su. Blind modulation classification:
A concept whose time has come. In IEEE Sarnoff Symposium on Advances in Wired and
Wireless Communication, pages 223–228, April 2005.
[2] O.A. Dobre, A. Abdi, Y. Bar-Ness, and W. Su. Survey of automatic modulation classification
techniques: classical approaches and new trends. Communications, IET, 1:137 – 156, 2007.
[3] Tevfik Yucek and Huseyin Arslan. A survey of spectrum sensing algorithms for cognitive
radio applications. IEEE Communications Surveys & Tutorials, 11:116–130, 2009.
[4] Bassel F. Beidas and Charles L. Weber. Higher-order correlation-based approach to modulation classification of digitally frequency-modulated signals. IEEE Journal on Selected Areas
in Communications, 13(1):89–101, January 1995.
[5] Bassel F. Beidas and Charles L. Weber. Asynchronous classification of MFSK signals using
the higher order correlation domain. IEEE Transactions on Communications, 46(4):480–493,
April 1998.
[6] S. Kadambe and Q. Jiang. Classification of modulation of signals of interest. In IEEE Signal
Processing Education Workshop, 2004.
[7] Luca De Vito, Sergio Rapuano, and Maurizio Villanacci. An improved method for the automatic digital modulation classification. In IEEE International Instrumentation and MeasurementTechnology Conference, 2008.
[8] Chad M. Spooner. Classification of co-channel communication signals using cyclic cumulants. In Conference Record of the Twenty-Ninth Asilomar Conference on Signals, Systems
and Computers, 1996.
[9] Chad M. Spooner. On the utility of sixth-order cyclic cumulants for RF signal classification. In Conference Record of the Thirty-Fifth Asilomar Conference on Signals, Systems and
Computers, volume 1, pages 890–897, 2001.
[10] Christian Dubuc, Daniel Boudreau, Francois Patenaude, and Robert Inkol. An automatic
modulation recognition algorithm for spectrum monitoring applications. IEEE International
Conference on Communications, 1:570–574, 1999.
[11] Antonio Napolitano and Chad M. Spooner. Cyclic spectral analysis of continuous-phase
modulated signals. IEEE Transactions on Signal Processing, 49(1):30–44, January 2001.

12

[12] L. Mazet and Ph. Loubaton. Cyclic correlation based symbol rate estimation. In Conference Record of the Thirty-Third Asilomar Conference on Signals, Systems, and Computers,
volume 2, 1999.
[13] Pascal Bianchi, Phillippe Loubaton, and Francois Sirven. On the blind estimation of the
parameters of continuous phase modulated signals. IEEE Journal on Selected Areas in Communications, 23(5):944–962, May 2005.
[14] John B. Anderson, Tor Aulin, and Carl-Erik Sundberg. Digital Phase Modulation. Plenum
Press, 1986.
[15] YV Zakharov, VM Baronkin, and TC Tozer. DFT-based frequency estimators with narrow
acquisition range. IEE Proceedings—Communications, 148(1):1–7, 2004.

13

NONCOHERENT DEMODULATION WITH VITERBI
DECODING FOR PARTIAL RESPONSE CONTINUOUS PHASE
MODULATION
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ABSTRACT
With the characteristics of constant envelope and continuous phase, Continuous Phase
Modulation (CPM) signal has higher spectrum efficiency and power efficiency than other
modulation forms. A noncoherent demodulation with Viterbi decoding for partial response CPM
signals is proposed. Simulation results indicate that the demodulation performance of proper
partial response CPM is better than the traditional PCM-FM, which is a typical modulation of full
response CPM. And higher spectral efficiency is also obtained by partial response CPM.

KEY WORDS
Continuous Phase Modulation, partial response, noncoherent demodulation, Viterbi decoding.

INTRODUCTION
PCM-FM has become the main modulation form in aeronautical telemetry all over the world
since the early 1970s. However, PCM-FM signal has the shortage of low spectrum efficiency
with large bandwidth occupancy and slow roll-off speed. Due to the increase of spacecraft trials
and the telemetry data rate, spectrum bandwidth for aeronautical telemetry has become crowded
more and more. Therefore, it is instant to search for new modulation forms with higher
bandwidth efficiency and power efficiency. Continuous Phase Modulation (CPM) is proposed to
meet the demand. CPM has been adopted into the IRIG-106 telemetry standard.
CPM is a non-linear modulation with memory, since the consecutive symbols are correlative with
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each other. In general, CPM signals can be represented as[1]
2E
cos(2π fc t + φ ( t ,a ) + φ0 ),
T

s(t ,a ) =

(1)

−∞ < t < ∞

Where E denotes symbol energy, T denotes symbol duration, f c denotes carrier frequency,

φ (t , a ) denotes the information bearing phase and φ0 is the initial phase.
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. Even more, Compared with PSK
signal, CPM signal itself has a certain coding gain generated by the memory characteristic of its
phase-shaping filter, which can be utilized in the demodulation process[2].

PARTIAL RESPONSE CPM
In equation (1), φ (t , a ) can be expressed as:
n

φ (t , a ) = 2π

∑

i =n −L +1

n −L

ai hi q (t − iT ) + π ∑ ai hi = θ (t ,a n ) + θ n ,

nT ≤ t ≤ (n + 1)T

(2)

i = −∞

where θ (t , an ) denotes the instantaneous phase, which means the changing portion of the phase
in the current symbol period; θ 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, with kinds of single-h mode and multi-h mode; L is a positive integer, when L = 1 ,it
denotes full response CPM; when L ≥ 2 , it denotes partial response CPM; q (t ) is the phase
function, which can be expressed as the integral of a certain frequency pulse g (t ) :
t

q (t ) = ∫ g (τ )d τ

(3)

0

Two commonly used frequency pulse shapes g (t ) are listed in Table 1.
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Table 1
LREC

LRC

In equation (2), θ n

CPM frequency pulse shapes

⎧ 1
, 0 ≤ t ≤ LT
⎪
g ( t ) = ⎨ 2 LT
⎪⎩0, otherwise
2π t
⎧ 1
[1 − cos(
)], 0 ≤ t ≤ LT
⎪
g ( t ) = ⎨ 2 LT
LT
⎪⎩0, otherwise

can be expressed in the formulation θ n =

2qπ
p

n− L

∑a =Q
i

i = −∞

2π
, where
p

n− L

h = 2q / p , p and q are coprime integers, Q = q ∑ ai is an integer. Then the state number of
i = −∞

θ n can be denoted as

2π
= p . Then, in a symbol duration t = nT , the states of CPM
(2π / p )

signal can be defined as

sn = (θ n , an −1 , an − 2 ,..., an − L +1 ) . So the total number of states is

S = p × M L −1 .

Figure 1. CPM trellis diagram ( g (t) = 3 RC , h = 2 / 3 and M = 2 )
3

In equation (2), θ n also can be expressed in a recursive form: θ n +1 = θ n + hπ an − L +1 . Then we can
use a trellis diagram to describe the states of CPM signal. For example, Figure 1 shows a CPM
signal trellis diagram in the condition of g (t ) = 3 RC , h = 2 / 3 and M = 2 , where the solid line
indicates symbol “ +1 ” and the dotted line indicates symbol “ -1 ”.
By selecting different frequency pulse shapes g (t ) , changing the modulation indices hi and
modulation number M , we can generate infinite CPM signals. The paper focuses on the binary
single-h partial response CPM signals.

VITERBI DETECTION ALGORITHM
Because the CPM signal can be represented in a finite state trellis, the Viterbi algorithm can be
used for recovering the modulated data. The Viterbi algorithm can be summarized as follows[3]:
1. calculating each branch metric: calculating the branch metric into the node of S branches at

(n +1)T duration;
2. updating each path metric: updating the path metric with the branch metric obtained in step 1
on the basis of the survivor path from previous duration nT . Then, at ( n + 1)T duration,
each node will have S numbers of path metric;
3. determining survivor path: by comparing N numbers of updated path metrics for each node
at ( n + 1)T duration, retaining the path whose path metric is maximum and discarding the
remaining N − 1 paths. After the above operation for all state modes, each mode will only
survive one path. Reserve the survivor path data and its path metric.
4. obtaining demodulation data: repeating the 1-3 steps in every symbol duration until the end of
the sequence. Then, choosing the path with the maximum path metric as the maximum
likelihood path. At last, tracing the saved data path, and obtaining demodulation data.

SIMULATION RESULTS AND ANALYSIS
Based on the above analysis and research of the partial response CPM signal and its
demodulation algorithm, we simulate the CPM system on the MATLAB platform. The simulation
block diagram is shown in Figure 2, where the channel model is AWGN.
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Figure 2. Block diagram of simulation
（1） the effect of decision delay d
The BER (bit error rate) performance of partial response CPM signal with different decision
delay d is shown in Figure 3, where g (t ) = 2 RC , N R = 2 , M = 2 and h = 2 / 3 . It is seen
that the performance is greatly improved when decision delay d changes from L to 7 L .
Meanwhile, the delay time of demodulation data and memory for storage of survivor path
increases linearly. So in the premise of ensuring demodulation performance, we should choose
d as small as possible, generally d = 5L .
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Figure 3. BER with different decision delay d Figure 4. BER with different decision depth N R

（2） the effect of decision depth N R
Figure 4 shows BER performance of partial response CPM signal with different decision depth

N R , where g (t ) = 2RC , d = 5L , M = 2 and h = 1/ 3 . It is seen that the performance is
improved when decision depth N R varieties from 2 to 4, while the performance has reached its
limitation when N R is 3. It should be pointed out that, the demodulation complexity increases
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exponentially with N R . So it is essential to take both the performance and the complexity into
consideration. In general, for single-mode partial response CPM, we can choose N R = L

or

N R = L +1.
（3） the effect of modulation index h
Figure 5 shows the BER performance of partial response CPM signals with different modulation
index h , where g (t) = 2 REC , M = 2 , d = 5L and N R = 2 . As shown in the curves, with the
increasing of the modulation index h from 1/3 to 2/3, the spectrum bandwidth of CPM signals
broadens, while the demodulation performance improves. So it need search proper modulation
index h to balance spectrum efficiency and power efficiency.
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Figure 5. Performance with different modulation index h
（4） comparison of full response CPM and partial response CPM
The comparison of spectrum characteristic and demodulation performance between full response
CPM and partial response CPM is presented in Figure 6. The parameters of partial response CPM
are g (t) = 3 RC , M = 2 ， d = 5L , N R = 4 , h = 2 / 3 ; while full response CPM chooses the
traditional PCM-FM signal with g ( t ) = 1REC , M = 2 , h = 7 /10 . Simulation results show that
partial response CPM occupies less bandwidth with faster spectrum roll-off, so the spectrum
efficiency can be improved greatly. At the same time, the partial response version has a better
demodulation performance than PCM-FM with non-coherent limited discrimination
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demodulation. It implies that, by choosing proper modulation characteristics and demodulation
algorithm, partial response CPM can achieve better performance in both spectrum efficiency and
power efficiency than full response CPM.
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Figure 6. Comparison of partial response CPM and full response CPM

CONCLUSIONS
The paper firstly introduces the basic concept and characteristics of CPM signal. CPM has good
spectrum efficiency and power efficiency, which can efficiently relieve the pressure of bandwidth
constraint in the current aeronautical telemetry. Then, a demodulation scheme based on the
Viterbi detection algorithm for partial response CPM is proposed and simulated by MATLAB.
The effect of certain parameters such as decision delay, decision depth and modulation index on
spectrum characteristic and demodulation performance is analysed. Finally, we compare partial
response CPM with full response CPM. It indicates that, by choosing proper modulation
characteristics and demodulation algorithm, partial response CPM can achieve better
performance in both spectrum efficiency and power efficiency than full response CPM.
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Abstract:
Often, when IADS is new to a particular group of flight test professionals, the subject of
credibility comes up. Companies that produce, test and certify aircraft usually possess
established tools and methods for monitoring and analyzing flight test data. It can be difficult to
justify augmenting or replacing a proven set of tools with a new, more efficient set without
rigorous scrutiny of the new toolset’s capability, ease of use and accuracy of output. This
natural, repeated challenge to the credibility of IADS’ analysis algorithms can lead to improved
algorithms and also enhance the understanding of their purpose.
Users have made a large contribution to these algorithms by questioning the analytical results of
IADS. IADS Developers have also challenged their own algorithms to improve the product. This
paper documents some of these challenges to the accuracy of IADS mathematics and the
background research and user input that went into correcting and refining them.
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DAQ
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FFT
FP
FTE
HPD
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Chirp-Zoom Transform
Data Acquisition
Engineering Units
Fast Fourier Transform
Frequency Plot
Flight Test Engineer
Half-Power Damping
Logarithmic Decrement
Logarithmic Decrement Averaging
Logarithmic Amplitude Picking
Power Spectral Density
Root Mean Square
Stripchart
Single Degree of Freedom
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Introduction
The refinement process for a typical IADS analysis is iterative due to the realtime nature of
IADS (we have to fly with what we have that day). In most cases, the first release of an
algorithm, though it has been through a rigorous debugging and testing session and may be
perfectly clean from a programming perspective, usually has some need for refinement because
it has never actually been used by a test engineer in a real test situation. Figure 1 shows a
simplified flow diagram to illustrate the normal process that is used to develop and enhance
IADS analyses.

Figure 1 – IADS Algorithm Refinement Flowchart
Because they have access to a plethora of test equipment and technical expertise, users can
share results comparisons between IADS and their own tools and equipment and request new
capabilities to match equipment they already use. This paper describes the evolution and
proposed future refinement of two analysis types in IADS to provide some understanding of how
IADS methods attain credibility.

Discussion
Frequency Plot (PSD and Autospectrum):
At very early stages of the development of IADS, both of these options (PSD and Autospectrum)
were little more than a magnitude calculation of results from an FFT calculation. Processing
power was hard to come by at the time, so adding in a scaling factor for each array element of
the FFT may have been considered unnecessary. FTEs were only using them to estimate
frequency and damping using a half-power method, so amplitude did not really matter as long
as the results were proportional to a properly scaled result. Before we received any feedback on
FP amplitudes, we researched possible scalings internally hoping to make it useful for other
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engineering disciplines. In fact, a lot of the feedback that drove evolution of the Frequency Plot
came from IADS developers, but there were some very important user inputs as well.
Several types of spectral plots came up during our research. Periodograms, histograms,
autospectra, power spectra, power spectral density, etc. were presented in rigorous
mathematical detail with various different scalings based on blocksize, sample rate and window
(hanning and others) equivalent power. When we found text and online sources that inferred
that a PSD “is” an Autospectrum, we were puzzled over how to proceed; our two options were
called PSD and Autospectrum and they were already established as plot names. The following
excerpt from Section 12.7 of Reference 1 caused a great deal of confusion: “The first detail is
power spectrum (also called a Power Spectral Density or PSD) normalization.” This seemed to
imply that a power spectrum normalization and a PSD normalization were the same thing, and
many other sections in that same text seemed to use the two terms interchangeably. Reference
2 gave us a clue that we should have picked up on but did not: “If X(t) is a voltage, say, then
Sx(ῳ) has the units of volts2 per hertz, and its integral….leads to the mean-square value”. Even
now, putting “Power Spectrum” in Wikipedia redirects to “Spectral Density.
Since we could not find a definitive guide for an industry-standard scaling, we decided to at least
provide a more useful scaling for the PSD (the default plot type) that could be used to directly
determine the amplitude of a known sine wave. Parseval’s Theorem seemed to back up this
reasoning, because the sum of all frequency bins in the PSD did in fact equal the sum of the
squared amplitudes of the time domain data slice used for the FFT. We were wrong, but it was
an improvement. The Autospectrum was normalized to some reasonable value so the scales of
the plot would not be the large numbers that typically occur when FFT real and imaginary parts
are squared and summed.
A few months later, a consultant provided some feedback on the scalings in the Frequency Plot.
He had seen many different approaches in his experience, so he was hesitant to trust frequency
domain plots for amplitude accuracy. He suggested that we inject a known waveform into the
accelerometers on an instrumented airplane and read the result from an IADS display to test the
accuracy of the whole system. His feedback confirmed our original problem and got us some
high level visibility; at the time, there was very little in the way of a standard that we could lean
on. We offered him an informal proof based on summing PSD (really Autospectrum as
explained later) frequency bins in the vicinity of the peak produced by the waveform after FFT
processing. He went about his business of testing using the Frequency Plot the way it was, but
we really did not have a standard, properly labeled Spectral Analysis yet. At this point, we had
strayed from the flowchart in Figure 1 because we were operating with a spectral plot that was
not technically providing industry standard answers, but we had workarounds for prescaling time
domain data on a per-user basis to get them to their own internal standard.
A new test group started using IADS, and one very astute flight test engineer in that group
challenged the amplitude of the PSD because it was not agreeing with his other tools. Our
reaction was at first defensive given all the energy we had put in to get the “PSD” where it was,
so as such we showed him most of the books and online resources we used to justify our
seemingly arbitrarily chosen scaling method. The “PSD” he described did not seem to have a
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meaningful use as a quick, single point amplitude measurement (which was and is the main
reason for the existence of IADS), so we began to frustrate him a bit with our hesitance. He
insisted that what we had was useful, but we could not correctly call it a “PSD”. That feedback
gave us a hard guide we could use to refine the Frequency Plot.
We went through our research again with him and he helped us find that most sources equate
the area under a PSD curve (not the amplitude) with signal power. This means that each
frequency bin we display must be divided by the frequency resolution in order to be a real PSD.
Our PSD at that time was really what we call an Autospectrum now. We quickly adjusted the
PSD scaling and also changed the Autospectrum scaling to be what the PSD was before the
correction. This user’s assistance and persistence lead to the development of our first solid
Frequency Plot scaling (PSD), and it has not changed since. Our available units at this point
were EU^2 vs. Hz and EU^2/Hz vs. Hz.
Some internal research uncovered an alternate transform called the Chirp-Zoom. We had
received feedback from users regarding the lack of resolution on the frequency axis making
damping estimates (and even frequency estimates in some cases) difficult to obtain with the half
power method. Our only answer for them was to use a larger block size. For short time slices,
that method did not work. The Chirp-Zoom Transform solved the resolution problem as long as
the user was only interested in a narrow band of frequencies, so we put it in and released it
(after thorough testing of course). Figure 2 shows why we do not see sidelobes if an FFT of a
sine wave at a bin frequency is processed. The CZT in the mix led to quite a few revelations
about spectral analysis. The CZT result is the orange trace (with the sidelobes).

Figure 2 – PSD Comparison of FFT and CZT
We added in the ability to display scalings of EUrms vs. Hz and EUrms/Hz vs. Hz directly after
the CZT was tested and considered stable. These additions seemed like a logical extension to
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what we already offered, and in the Autospectrum’s case, it allowed users to assess an RMS
amplitude directly.
While tinkering with a Labview™ license that came with a National Instruments™ DAQ unit, we
found that they had some Virtual Instruments we could use as a standard. In their Spectral
Measurements object, they had options called “Magnitude (RMS)”, “Magnitude (Peak)”, “Power
Spectrum” and “Power Spectral Density” with units that agreed with ours, so we immediately
compared our output with theirs. The PSD matched up perfectly to our great relief, but the
Autospectrum and their “Power Spectrum” only matched up if we used rectangular windows.
This mismatch initiated a lot of online research. We found that constants were published in the
NI site and other places (called Window Equivalent Noise Bandwidth) that were the exact
difference between our answers and theirs. Since we were comfortable with our Autospectrum’s
amplitude results (we had learned how to determine amplitude by summing bins) and there was
no real feedback pertaining to the Autospectrum coming from users, it was difficult to justify the
correction. We decided to go ahead and put in the WENBW corrections as the default and allow
users to select the old scaling for backwards compatibility. At this point, we no longer had to
sum bins to estimate an amplitude, but scalloping losses became a real problem (especially
before we understood what they were). Sometimes, it was better to go back to the old method of
bin summing if the frequency in the data was too far away from a bin center frequency.

Figure 3 – Amplitude Comparison Showing Rectangular Window Scalloping Loss
Figure 3 shows how far off the amplitude can get if the frequency of the data is right at the
midpoint between two frequency bins. The parameters used as input to the two plots have a
peak amplitude of 2.828. If a sinusoidal signal’s frequency is right on the center frequency of an
FFT bin, there will be no visible leakage (assuming a linear amplitude axis, which is the default
in IADS) and the amplitude of the one visible spectral line is the true amplitude. If the frequency
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of that sinusoid is exactly halfway between two FFT bins, the amplitude is at its lowest. Please
refer to http://flylib.com/books/en/2.729.1.37/1/ or Section 3-10 of Reference 3 for background
information.
A user with a need for amplitude accuracy stepped in right around this time and requested that
we add a Flat Top window to our selection of windows for amplitude accuracy. He also
requested a “EUpeak” scaling to compliment the “EUrms” scaling for a particular needed
capability.
We put in his new window and peak scaling, and then we organized a formal Labview and
Matlab® amplitude comparison for all of our scalings. The following Figures show the Labview VI
amplitudes for IADS windows and then a Matlab amplitude and IADS amplitude that match for
one window.

Figure 4 – Labview VI showing Power Spectrum Amplitudes for IADS Windows
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Figure 5 – Autospectrum Comparison for IADS without WENBW, with WENBW and Matlab
Input parameters for the power spectra shown in Figures 4 and 5 were sine waves with a peak
amplitude of 2.828 (RMS of 2.0) so that we could tell when a result was a mean square value.
The Matlab calculation used a Flat Top window.

Figure 6 – Labview VI showing Power Spectral Density Levels for IADS Windows
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Figure 7 – PSD Comparison for IADS and Matlab using a Blackman Window
Input parameters for the PSDs shown in Figures 6 and 7 were also sine waves with a 2.828
peak amplitude. The Matlab Calculation used a Blackman window. Sample rate was 789.141
and blocksize was 256 samples.
Identifying modal parameters in the Frequency Plot is limited; the HPD Method can only identify
one mode at a time with data frozen, and that mode must be well-separated from others for the
method to work. Many users have asked for more capability in this area. Future work on the FP
is focused on developing realtime HPD and a numerical method for identifying multiple modal
parameters at once in realtime.

Logarithmic Decrement:
IADS has logarithmic decrement, logarithmic decrement averaging and logarithmic amplitude
picking (LD, LDA and LAmP) analysis routines built into the Stripchart Plot. Since this set of
calculations is used frequently, many questions have come from users:
a) When this calculates damping, which “damping” is it? Can you also calculate
the damping that we use directly?
b) When this calculates frequency, is it the damped natural frequency or the
undamped natural frequency?
c) Why does the data’s oscillation not look like it is at the frequency the algorithm
produces?
Due to the wide array of damping mechanisms and terminology across the disciplines involved
in flight test, the best we could do to answer the first question was show the actual formula (see
Figure 8) we use.
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Figure 8 – IADS Damping Calculation
Once they had the formula, if they could easily convert our result into whatever they needed,
there was no need to modify the algorithm. The second question was simple because there
were only two choices, and we had a formula to relate the two. The third question lead to an
improvement in our algorithm.
For a LD analysis, the frequency calculation needed to be verified visually by a user before
logging the analysis results to a summary table as a matter of routine. This required a two point
time calculation to be manually processed by the user, and if the results frequency checked out,
it was logged. By the time a user got done with this check, he could have just as easily manually
determined the frequency.
We tested the LD routine with ideal decays and found that it was very easy to fool the frequency
calculation with decays that possess more than one frequency in them. A user one day
informally suggested that we add an ideal data overlay for a visual indication (see purple overlay
in Figure 9) of how accurate the frequency and damping estimates were to assist them in
identifying when LD analysis results were inaccurate.

Figure 9 – Inaccurate LD Result Made Obvious by the Overlay
We went to work and came up with an equation for the overlay. After it was incorporated in
IADS, the ability to drag one of the LD selections for a recalculation really began to show its
value. Users were now able to drag points around until the overlay curve matched the data
curve.
Much further along in the development of IADS, another user came over to ask questions about
our damping calculation. He was doing flying qualities work, and he needed a “damping ratio”
number instead of what we calculate. It had been years since we had been through the
equations, so we got out the old notes and tried to relate damping ratio to our structural
damping to give him a fudge factor. Our answer of “divide it by 2” was not really good enough,
so we hit the college textbooks and found formulae (Figure 10) for damping ratio (viscous) along
with an equation relating damped natural frequency and undamped natural frequency. These
calculations now are available right next to the original three and can be used by a variety of
engineering disciplines.
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Figure 10 – IADS Damping Ratio(ζ) and Undamped Natural Frequency(ωn) Calculations
The Logarithmic Decrement algorithms presently require that the decay being analyzed oscillate
about 0.0. Because of this, users are sometimes forced to use a highpass or bandpass filter to
center the decay, and this can lead to erroneous results due to the filter’s impulse response.
Future work on this algorithm in the immediate future is focused on developing an algorithm that
can handle a DC offset.

Summary
The Frequency Plot and Logarithmic Decrement sections above are representative of the
development of a typical IADS analysis routine. Credibility in the core routines is incrementally
built while the routines are in service as refinements to the algorithms are incorporated.
Refinements come from user feedback, developer research and challenges from both. Most
analysis routines in IADS were refined to work in the same manner as the Frequency Plot and
the Logarithmic Decrement. With the constant increase in computing power that we enjoy, it
makes sense to continue to encourage trying new algorithms and refining existing ones.

Conclusion
Hopefully the large IADS user community will continue to offer suggestions for improvement of
existing algorithms and requests for new algorithms. The IADS developers are in a constant
search for ways to make flight test data easier to interpret in realtime so that a FTE can focus as
much of his or her energy on the flight test as possible. As can be seen from the two examples
above, user input is a very important part of building trustworthy algorithms. The IADS
Development Team would like to thank all of the users that have helped hone the algorithm set
in IADS.
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ABSTRACT
The fundamental precept presented in the iNET Concept of Operations, v. 2007.1 is that new
telemetry technologies must be created to enable a more flexible approach to testing that includes
on-demand access to information acquired on the test article and the ability to reconfigure the
telemetry stream definition. Significant advances have been made in this area but one approach
that has not yet been addressed is a concept introduced early within the iNET CONOPS
document, that
“The dominant inherent nature of TM in DoD testing is sampled time-history data
from an ultimately analog world, (which) is not going to change drastically
regardless of how data is transmitted to ground. A factor that could change that
fact most is the degree to which answers instead of data are obtained on board
the test vehicle.”
Ultimately, the most effective way of dealing with the exponentially growing gap between the
quantities of data generated onboard the test article and the rate at which it is transmitted to
ground is to generate answers on board the test article. The Test Resource Management Center
(TRMC) Test and Evaluation (T&E) Science and Technology (S&T) Spectrum Efficient Test
(SET) Program is sponsoring development of the Smart Data Selection (SDS) system which
provides a capability to continually monitor measured data and then select which parameters, or
which combination of parameters, to send to ground in a given time interval, based on what is
actually happening with the system under test.
This paper will describe the SDS system architecture and the specialized algorithms developed to
analyze and determine which data to transmit from the test article to the ground. This paper will
also describe the training methods which allow the SDS system to “learn” which behaviors are
“normal” and which are “abnormal”. Finally, this paper will provide analysis results to
substantiate the savings in bandwidth, simplified pre-test setup, and increased operator
awareness.
The benefits of this work, in terms of efficient use of spectrum to support T&E are substantial,
and they could be leveraged by any DoD ranges that execute aeronautical and precision-guided
munitions testing.
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INTRODUCTION
The fundamental precept presented in the iNET Concept of Operations, v. 2007.1 is that new
telemetry technologies must be created to enable a more flexible approach to testing that includes
on-demand access to information acquired on the test article (TA) and the ability to reconfigure
the telemetry stream definition. Significant advances have been made in this area by both the
iNET and T&E S&T SET programs. One area that has not yet been addressed by these programs
is a concept introduced early within the iNET CONOPS document, that
“The dominant inherent nature of TM in DoD testing is sampled time-history data
from an ultimately analog world, (which) is not going to change drastically
regardless of how data is transmitted to ground. A factor that could change that
fact most is the degree to which answers instead of data are obtained on board
the test vehicle.”
Ultimately, the most effective way of dealing with the exponentially growing gap between the
quantities of data generated onboard the test article and the rate at which it is transmitted to
ground – even with advancements brought forth by iNET – is to generate answers on board the
test article. The Smart Data Selection (SDS) project is focused on developing a capability that
will begin to do just that. The SDS capability continually monitors measured data and then
selects which parameters, or which combination of parameters, to send to ground in a given time
interval, based on what is actually happening with the system under test. This capability is not
intended to replace the existing telemetry paradigm, as some parameters such as safety related
data must always be sent to ground. Rather, SDS will augment current approaches to telemetry,
and opens the door for an order of magnitude more spectrum efficiency in terms of sending
actionable information/sec/Hz to ground.
Fundamentally, our approach uses onboard processing prior to transmission to reduce the volume
of data that must be transmitted from the test article. Rather than sending all measured data
points, the SDS system can send the results of various types of data analysis, resulting in a
significant savings in spectrum. In addition, the SDS system plans to employ a combination of
mathematical models and neural network techniques to predict which combination of parameters
should be sent to ground based on the actual status of the system under test. SDS provides
additional reductions in required bandwidth, simplified pre-test configuration, and provides
greater operator awareness of system anomalies. Critical data, such as range safety data, will be
sent to ground continually without interruption, and at the same time, transmission of lower
priority items will be optimized.
This paper describes the SDS system architecture and the development of specialized algorithms
to analyze and determine which data to transmit from the test article to the ground. This paper
also describes the training methods which allow the SDS system to “learn” which behaviors are
“normal” and which are “abnormal”. Finally, this paper describes the test and demonstration
approach which will identify the savings in bandwidth, simplified pre-test setup, and increased
operator awareness. The SDS project is on-going and will be performing the described tests and
demonstrations during the summer of 2013. The results of these tests and demonstrations will be
presented at the International Telemetering Conference in October 2013.
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TECHNICAL CHALLENGE
This effort presents a number of significant technical challenges, all of which are related to the
problem of analyzing data onboard the test article, in real-time, to derive meaningful information
about system trends, and more importantly, to learn and predict which behaviors are “normal”
and which are “abnormal”. The current State-of-the-Art in telemetry does not come close to
having this capability. Nonetheless, the potential benefits of this high-risk, high-return activity,
in terms of bandwidth savings (more than an order of magnitude), simplified pre-test setup of
telemetry systems, and in increased operator awareness, are significant. However, employing
mathematical modeling and neural network techniques to analyze onboard data to autonomously
determine which data are transmitted to ground is undoubtedly a challenge. We must properly
select data characteristics, develop algorithms for “learning” from data monitoring, and develop
a system that can recognize patterns, both good and bad, while ensuring transmission of all
critical data.

LEARNING BEHAVIORS
The purpose of the SDS effort is to attempt to eliminate the need for manual configuration of the
telemetry stream and to instead train the system to determine which parameters are most
important for transmission, based on real-time performance. To support this, new technologies
that “learn” data behaviors and provide alerts to system users must be developed. The SDS
project is considering several technologies to support the SDS capability. The following
technology options are being evaluated for their ability to meet system requirements. It is
important to note that it is assumed that the commutator system onboard the test article is
“dynamic” and has an ability to change the telemetry stream definition based on information it
receives from the SDS system.
•

Data Representation
Analysis of the behavior of data items over time will allow the SDS system to queue the
commutator system onboard the test article with the results of the analysis rather than the
entire set of individual data points. This will result in substantial bandwidth savings and
will provide a more useful display of data values for test operators. As shown in Figure
1, the data analysis display graph describes the evolution of the data item over time by
including its average and various envelopes. This example shows the full and the 95%
envelope.

Figure 1. Display of Data Analysis
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•

•

•

Data Item Real-Time Monitoring
The behavior of the various data items will be continuously monitored. The SDS module
will calculate values that include average, variances, distributions, derivatives, etc. of the
individual parameters over time. If significant or rapid changes are detected, this may
signal a change in the status of the data item being measured, and in response, the SDS
module will notify the commutator system onboard the test article to change the
transmission rate of that parameter. The test operator will also be notified in the event of
any significant changes in data values.
Analysis of Previously Recorded Exercises
Analysis of previously recorded exercises will allow the SDS module to understand the
expected behavior of the various measured parameters over time. If the analysis
identifies time intervals in which the behavior of data items is different from the other
time intervals, the SDS system will ask the test operator to classify this behavior.
Behavior classified as abnormal can be configured to ultimately trigger an increased
transmission rate for the data item. The information collected during the analysis of
previously recorded exercises provides input for the real-time monitoring capability
described above.
Neural Networks
Neural networks have often been used to simulate learning by computer systems. The
combined use of mathematical models and neural networks to evaluate the behavior of
the various data items under test will provide the synergy required to obtain a truly useful
tool to monitor the behavior of the test article during an exercise. The use of neural
networks will be especially beneficial when analysis of the test article behavior requires
correlation between multiple data items, for instance to distinguish between changes in
the data items due to a normal maneuvers and changes due to a failure.

CONCEPT OF OPERATION
The following scenario highlights key features of the SDS system and illustrates how SDS is
used in a test scenario to increase operator awareness with minimal user intervention and
efficient use of bandwidth. During the exercise, SDS subscribes to all the TmNS Messages
carrying measurements that are generated on the TA, extracts the individual measurements from
the messages, and analyzes them with its pattern recognition algorithms.
In this example the SDS operates on the test article in conjunction with a dynamic commutator,
i.e., in conjunction with a commutator that can dynamically adjust the subset of the
measurements generated on the TA that are actually transmitted to the ground and that accepts
external requests to modify the subset of transmitted measurements. Also, the TA has an
Ethernet data bus and uses the iNET TmNS Message format. It is further assumed that the fuel
pump subsystem is considered operational and therefore (in order to save bandwidth) summary
measurement information is sent to the ground at the start of the test. Timestamps in the scenario
are only for illustrative purposes.
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15:02:05.153 pm The SDS algorithms detect an abnormal pattern in the measurement
representing the temperature of Fuel Pump 2 (the temperature has increased
by an average of 1.4 F per second over the last minute).
15:02:05.200 pm The SDS sends a request to the dynamic commutator on the TA to transmit to
the ground the TmNS Package and/or TmNS Message including the
Measurement of the temperature of Fuel Pump 2.
15:02:05.205 pm The SDS generates a TmNS Message including an alert message stating that
since 15:01:05.141 pm the temperature of Fuel Pump 2 showed an abnormal
behavior: average raise of 1.4 F per second.
15:02:05.525 pm The SDS Alerts Display on the ground shows the alert regarding the
temperature of Fuel Pump 2.
15:02:06.015 pm The dynamic commutator starts transmitting to the ground the TmNS
Packages and/or TmNS Messages including the measurement of the
temperature of Fuel Pump 2.
15:02:06.318 pm The ground system starts receiving measurements about Fuel Pump 2,
including its temperature.
15:02:11.125 pm The ground operator assigned to monitor the SDS Alerts Display requests a
display to show the available data from Fuel Pump 2. The ability to request
the display of selected measurements is assumed to be supported by the
ground system that works with the dynamic commutator/decommutator
system and is not part of the SDS project.
15:02:41.318 pm After monitoring the measurements from the Fuel Pump 2 the operator
confirms that something is not functioning properly and decides to notify the
exercise manager of the problem.
A potentially dangerous malfunction in a TA subsystem was quickly detected without consuming
any bandwidth during normal operations and with minimal operator oversight.

TRAINING, TESTING, AND DEMONSTRATION
The Smart Data Selection module is a software library that can be integrated into any dynamic
“commutation” mechanism onboard the test article. By this we mean any system capable of
dynamically changing the telemetry stream definition during a test. The SDS module will
continually monitor data on the TA network bus, perform analysis functions, and notify the
dynamic commutator system of the need to change which parameters are sent to ground and at
what rates. This is complementary to the decisions the commutator system is already making,
and is independent of critical parameters, such as safety-related data, that are continually
transmitted to ground. The following sections describe the training, testing, and demonstration
approach for the SDS project.
TRAINING
One of the new key concepts provided by SDS is the ability to “learn” to recognize abnormal
behavior of systems monitored by SDS. This learning process is composed of multiple elements.
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Here are a few examples of mechanisms through which SDS can learn normal and abnormal
behaviors of the system under test:
•

•

•

Automatic Alert
This category includes situations that would immediately trigger the attention of an test
operator, such as:
a. Sudden changes in the value of data: What triggered the change?
b. Constant data: Is the sensor actually working?
c. No data: Again, is the sensor working?
These basic rules will be adjusted based on the analysis of previously recorded data; for
instance, if the previous recordings are deemed “normal”, the SDS will adjust the
thresholds for these rules to avoid triggering any alert. Similarly, if the previous
recordings include abnormal values the thresholds will be adjusted to ensure that a
corresponding alert is triggered.
Expected Behavior
If specific information about the parameters to be measured is known and defined in a
format that is readable by SDS, as is the case with the iNET Metadata Description
Language (MDL), the SDS can predict certain types of behavior. For example, if an
MDL file describing the measurements includes the type of units, SDS can automatically
detect the type of the measurement and some of the typical behavioral characteristics. .
Correlations
Often, some actions by the operator (or control systems) may trigger sudden changes in
the value of some data. During its training, the SDS system will attempt to detect
correlations between events in the data. If correlations are detected, the SDS system will
prompt the operator to indicate whether it is “normal”, as in the circumstance in which
one normal event triggered the other, or whether there is an “abnormal” situation
involving multiple sensors.

The effectiveness of the SDS training clearly depends on the quality of the test data available to
train the system. The most effective training data sets consist of a large number of recordings
that include both nominal and abnormal measurements. Ideally, data sets include live recordings
from previous exercises, or data generated by simulation. In addition, it is important that test
data used for training are grouped by the type of the test during which they have been collected,
and not only by the type of the Test Article from which they have been collected. This is
important because many measurements will have different behavior depending on the test being
performed. Correspondingly, in an operational situation, SDS must know the type of test being
performed in order to apply the proper processing criteria.
TESTING
Once training of the SDS is completed, test engineers will run the SDS through a series of preflight tests to verify its ability to detect abnormal measurements. Ideally, the test data sets used
to verify that the SDS can accurately detect abnormal events will be from the same Test Article
as was used to train the SDS system, but different data sets should be used for training and
testing of the SDS system. The ability of SDS to detect abnormal situations and the absence of
“false abnormal” indicators will provide an assessment of the performance of SDS.
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The SDS system under test will consist of two components:
• A TA component responsible for monitoring the measurements and generating
appropriate priority change requests and alerts. The priority change requests will be sent
to the TA commutator while the alerts will be sent to ground as messages.
• A ground component responsible for displaying the alerts recognized by the TA
component.
Figure 2 illustrates the system configuration and includes both the TA and Ground SDS
components. These components will be referred to specifically in the description below, though
they could be substituted with other components of similar nature.

Figure 2. System Configuration with SDS Components
The TA component of the SDS subscribes to TmNS Messages carrying the measurements that
SDS will analyze and monitor. In iNET parlance, the TA SDS will be a data sink as it receives
TmNS Messages. A MySQL database stores all the information about the characteristics of the
measurements it will analyze and monitor. This data characterization was collected during the
SDS training phase. The individual measurements that need to be analyzed are extracted from
the TmNS Messages and processed.
If an abnormal condition is detected by SDS, it will generate a corresponding TmNS alert
message. The commutator will be configured to treat these messages with sufficiently high
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priority to ensure that they are transmitted to the ground. Depending on the situation, SDS will
also send priority change requests to the commutator to increase the priority of the measurement.
Correspondingly, if a measurement that was behaving abnormally returns to its normal behavior,
SDS will generate a corresponding end-of-alert TmNS Message, which the commutator sends to
ground. If applicable, SDS will also send a corresponding priority change request to the
commutator to assign a normal priority to the measurement.
The SDS ground component will alert the user to test conditions and enable the user to reject
false alerts. The SDS ground component will also enable some local configuration of the alert
display by the user. The SDS ground component is responsible for receiving the alert and endof-alert messages generated by the SDS TA component and for displaying them to the user. The
user will have the ability to mark a displayed alert as a “false alert”. This has the added benefit
of keeping the list of alerts clean, while at the same collecting information that will be used to
refine the SDS algorithms.
The ground SDS component will maintain all the information about alerts in a MySQL database
and will support user queries of this database during the exercise. The same database can be
used after the exercise to collect statistics, trends, etc. of the behavior of the various TAs during
various exercises and to refine the SDS algorithms.
DEMONSTRATION
The SDS demonstration will be performed in a lab environment using standard PCs and two
Gigabit LANs. For the purpose of the demonstration, the commutator and decommutator will
communicate via a router rather than radios. The demonstration configuration is illustrated in
Figure 3.

Figure 3. Phase 1 Demonstration Configuration
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The TA, Ground, and GUI SDS components will be executing on separate computers just as they
would in an operational configuration. The TA and Ground SDS components will be connected
via the LAN but will not communicate directly with each other. The SDS GUI tablet will
communicate with the Ground-SDS via a WI-FI connection.
A single computer will host the Playback tool (TmNS message source) and the commutator.
These non-SDS applications would run on separate machines in an operational configuration, but
the same functionality can be provided on a single computer to support the demonstration. The
non-SDS components used in the demo include:
• Playback Tool
This tool will playback TmNS Messages containing the recorded measurements that the
SDS will analyze. The tool will read the measurements from a file and package them in
appropriate TmNS Message(s). The final choice of the playback tool will be determined
by the representation of the live recording that will be used for the demonstration.
• Data Filtering/Processing
A dynamic commutator will receive TmNS Messages from both the Playback tool and
from the TA SDS and send them to the ground according to their priorities. The
commutator will also receive priority change requests from the TA SDS. A dynamic
Decommutator will publish the content of the telemetry stream it receives from the
Commutator to TENA.
• One laptop will be dedicated to run a Status Display system.
We will demonstrate the smart data select capability using the configuration described above by
showing the response of the SDS system to changes in the system measurements on the TA.
Based on the status of the data produced by the simulated data source, we will observe changes
in the set of parameters that are sent to ground as well as alert messages. The following
paragraphs present a possible demonstration scenario, depending on the actual characteristics of
the recorded data used in the demonstration:

1
2

3
4

5
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Demonstration Scenario
All the systems other than the Playback tool are running. Status display shows baseline
activity.
Start the Playback tool. TmNS Messages are processed. All initial measurements are
normal so only a subset is transmitted to the ground. The values of these measurements are
shown on the Status Display.
Some measurements start to show abnormal behavior. Corresponding alerts are generated
by the TA SDS and appear on the SDS GUI tablet on the ground.
As abnormal behaviors onboard the TA are detected, the TA SDS sends corresponding
priority change requests to the commutator. The Status Display reflects this change by
altering the number of measurements displayed and/or the frequency by which they are
updated.
Measurements return to normal behavior. The TA SDS sends corresponding end-of-alert
message that is reflected in the SDS GUI. Similarly, priority change requests sent to the
commutator will reset priorities to their original values, and the Status Display returns to the
original display of measurements.
The operator uses the SDS GUI to review the log of the alerts.
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CONCLUSIONS
The addition of a Smart Data Selection capability onboard the test article provides the following
benefits to the T&E community:
•

•

•

Bandwidth Savings/Increased Spectrum Efficiency
When data values are determined to be within the “normal” range, the SDS module will
transmit summary information to the ground rather than the entire data set. The summary
information may include values such as the average, minimum, maximum, 95%
minimum, 95% maximum, and variance. Transmission of selected data sets rather than
the full data set represents a significant savings in bandwidth. The ultimate benefit of this
is the ability to support more testing with available spectrum.
Simplified Pre-Test Configuration of Test Article Commutator
Analysis of previously recorded test events will allow the smart data selection capability
to determine expected behaviors during test events. A dynamic commutator onboard the
test article may use this information to automatically configure parameter transmission
rates. Test operators will continue to have the ability to manually pre-configure data and
mission critical data, such as flight safety, which will continue to be transmitted in full.
Enhanced Operator Awareness of Test Conditions

With knowledge of the expected behaviors during test, the Smart Data Selection capability can
be configured to automatically notify test operators when data values are outside of the normal
range. This enhanced test awareness of test conditions allows test operators to focus on
situations that require immediate attention rather than continuously monitoring all aspects of a
system under test.
The benefits of this work, in terms of efficient use of spectrum to support T&E are substantial,
and they could be leveraged by any DoD ranges that execute aeronautical and precision-guided
munitions testing.
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“Big Data” Management and Security Application to Telemetry
Data Products
Jeff Kalibjian
Hewlett Packard Corporation

ABSTRACT
“Big Data” [1] and the security challenge of managing “Big Data” is a hot topic in the IT world.
The term “Big Data” is used to describe very large data sets that cannot be processed by
traditional database applications in “tractable” periods of time. Securing data in a conventional
database is challenge enough; securing data whose size may exceed hundreds of terabytes or
even petabytes is even more daunting! As the size of telemetry product and telemetry postprocessed product continues to grow, “Big Data” management techniques and the securing of
that data may have ever increasing application in the telemetry realm. After reviewing “Big
Data”, “Big Data” security and management basics, potential application to telemetry postprocessed product will be explored.
KEYWORDS
Big Data, Hadoop, Big Data Security, MapReduce.
HOW BIG IS “BIG?”
As mentioned above the term “Big Data” implies data sets so large that they cannot be stored or
analyzed utilizing conventional clustered Relational Database Management Systems (RDBMS)
servers with attached storage. The notion is very easy to understand at a “gut” level: that is, the
amount of data coming into the organization is ever increasing; yet, the ability to analyze the
data is ever decreasing! While these concepts are somewhat relative to IT organization size----in
the end every company reaches the same dilemma: they just can’t keep up with the volume of
data. Table 1 illustrates some current data challenges in industry and the public sector. Observe
that in some extreme situations, it may be simply beyond the scope of current technology to
capture and process all the data.
YOU’LL KNOW IT WHEN YOU “V’ IT
Generally “Big Data” can be characterized by three characteristics: volume, velocity, and
variety. While the sheer volume of data produces the “Big,” it is the data types (or variety) of
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Table 1 Some Relative Data Sizes
Hubbell Space Telescope

0.01 Tb/day (11.8 Gb/day)

Boeing 787

One round trip typically generates 1 TB of data

Twitter
7 Tb of data per day (2012 statistic)
Facebook

10 Tb of data per day (2012 statistic)

Large Hadron Collider (LHC)

42 Tb/day

the data that dictates the “non standard” storage paradigm. Data warehousing applications
typically do well with structured data, while unstructured data is better suited for a specialty
approaches, like Hadoop [2]. Finally, while velocity is pretty self-explanatory, it should be

Commodity Server N
Rack F

Commodity Server N+3
Rack G

<data block 272-C0>

<data block 273-C2>

Commodity Server N+1
Rack F

Commodity Server N+4
Rack G

<data block 272-C1>

<data block 273-C1>

Commodity Server N+2
Rack F

Commodity Server N+5
Rack G

<data block 273-C0>

<data block 272-C2>

Figure 1. HDFS data block “striping.” Data blocks are redundantly written to two other servers
in the HDFS cluster, including to at least one server in a different rack. Note” –C0” read as
“Copy 0,” “–C1” read as “Copy 1,” etc.
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noted that it not only conveys how fast the information may be flowing into an organization; but
how quickly it must be processed to reach a decision point in order to perpetuate a feedback
loop. Sometimes data may be at such a high velocity, that it cannot be saved in its entirety. In
such cases “stream data processing” must be done in order to reduce the data to merely an
immense “tractable” size!
HADOOP THE BIG DATA WORKHORSE
A discussion of “Big (unstructured) Data” would not be complete without elaborating on the
most popular tools for storing and analyzing it; namely, Hadoop. Hadoop is actually a
programming environment that is comprised of The Hadoop Distributed File System (HDFS)
and The Hadoop programming environment (utilizing MapReduce). Today Hadoop is open
source. It is an Apache project in the Apache Software Foundation. It started out as a Google
project in which a distributed and redundant file system was created (Google File System, GFS)
to store extremely large amounts of data that could be analyzed by mapper and reduce tasks
(hence the term MapReduce used above) to manipulate and analyze data. The HDFS is
architected to be deployed on many (i.e. thousands and more) networked “commodity servers”
with just a few (not necessarily RAIDed; Redundant Array of Independent Disks) “cheap” disk
drives. Such servers typically have an unimpressive reliability record (i.e. Mean Time to Failure,
MTF, high). However, that is not a problem because in HDFS data is broken up into smaller
blocks (typically 64 Mb) and are not only written to one node in the HDFS cluster, but two
others as well---with the requirement that at least one of those two nodes the data is redundantly
written to reside in a different server rack (see Figure 1). This replication feature is thus able to
accommodate the high MTF rates of the commodity servers likely to be seen in Hadoop clusters.
The NameNode server in the HDFS keeps track of all data placement; hence it is a very
important node and is often implemented with redundancy as well.
MAPREDUCE: THE HADOOP DATA PROCESSING PARADIGM
Hadoop makes available two distinct processes that facilitate “big data crunching;” namely map
and reduce; and hence the term “MapReduce.” Map can be thought of as data transformation--that is, sets of data are taken in as input, and other sets of data produced in output----the key here
being “manageable” sets of data. Manageable in the sense of can be comfortably crunched on
one of the commodity servers mentioned in the prior section. So basically in the map phase, the
problem is broken up into pieces that can be distributed on the commodity servers in the cluster
to work on in parallel and hopefully not re-distributed; that is, when at all possible process the
data where it resides! Reduce actually can combine the transformed data sets into smaller sets of
data---essentially recombining the pieces and doing additional processing on those recombined
results. The concepts lend themselves to “excessive” parallelism----implying the commodity
servers mentioned above are maximally leveraged to crunch data in “manageable” sets that taken

3

in their entirety would be entirely “unmanageable.” So basically it’s divide, distribute, crunch,
re-combine, crunch, reduce, and conquer paradigm.

SECURING BIG DATA
A fundamental question arises as to whether a data set is large or small; does it truly effect the
requirements for securing the data? The answer is a resounding no! The criteria for securing
data should be primarily related to its value (and the economic loss associated with its
compromise). However, implementing a robust security paradigm around a distributed
processing/storage framework like Hadoop will present its challenges. As mentioned in the prior
sentence, the security goals will remain the same as with any sensitive data; namely,
•
•
•
•
•
•

Protect the data at rest
Protect the data when moved
Protect the data when processed
Protect intermediate data product
Protect who has access to the data
Ensure data integrity

Assuming security of the data is a requirement for a data set in Hadoop, how might the goals in
the prior section be implemented? The first element would start with cryptographic key
management. A robust key management system (preferably FIPS, Federal Information
Processing Standard, 140-2 [3] evaluated) would need to be implemented to store and manage
the cryptographic keys used to secure the data blocks at rest in the Hadoop cluster. Depending
on the types of the data in the data blocks one or more keys may be required per commodity
server. When data is in transit it is recommended TLS, Transport Layer Security (formally
known as Secure Sockets Layer, SSL) be utilized with both client and server authentication
enabled. This is important because when an element in the Hadoop cluster is contacted, it is vital
that it is validated as a legitimate member of the cluster. The commodity servers themselves
should be using at minimum a locked down Linux operating system, or better yet an operating
system that has a Common Criteria [4] evaluation. A secure OS will help with the satisfying of
the protecting of the data when being processed; robustly implementing that goal might imply
extreme measures like deploying FIPS 140-2 evaluated hardware in the Hadoop cluster. So
much for the “commodity server” concept! Lastly, protecting the integrity of the original data
might require the data blocks to be originally digitally signed so it can always be verified that the
original data in the cluster is intact. Maintaining the integrity of intermediate “MapReduce”
product could also be achieved with digital signatures (if needed). These concepts are illustrated
in Figure 2.

4

BIG DATA AND TELEMETRY
The trend in telemetry has been, is presently, and will continue to be “send more” and the result
is data thresholds that can easily exceed the “Twitter” or “Facebook” daily rates (see Table 1).
This implies the opportunity to use Hadoop technologies for some aspect of telemetry data
management/analysis. Consider Table 1 again and notice that a round trip of a Boeing 787

………………………………….
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TLS

Evaluated and Hardened
Linux

Hadoop Cluster
Element

TLS
TLS
TLS

FIPS 140-2
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Cryptographic Key
Manager

Hadoop Cluster
Element
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Figure 2. A fragment of a Hadoop cluster implementing robust security concepts.

produces approximately 1Tb of telemetry data. While on its own, 1 TB of data is very
manageable by conventional DB techniques; consider an airline company’s dilemma if they have
5

even 25 787 flights a day!!! Suddenly that’s 25 TB of data each day that must be managed,
which puts that airline operator in the “Big Data” league!
So the question is, what will a company gain by spending the dollars to implement a “Big Data”
approach to telemetry data management? It is unclear. Planes, rockets and spacecraft don’t fall
out of the sky every day; thankfully, so one could make the argument that the current approach

Conventional

Aggregate Data

DB

Analyze Data
Analyze Data

Hadoop Cluster
Sift/Dump Data

Figure 3. A proposed hybrid telemetry post-processing analysis framework utilizing Hadoop.
The “conventional” paradigm (left) is preserved, all expunged data goes into the Hadoop
cluster for additional analysis.
of aggregate, analyze, sift, re-analyze, dump, works fine. However, it is inevitable that a hybrid
approach will emerge (see Figure 3) in which a data “dump” to clear out the primary analysis
database, will move that data over to a Hadoop cluster. Once there, creative analysts will have
an unprecedented opportunity to leverage MapReduce techniques on data sets unprecedently
large even for the telemetry industry.
WRAPPING UP
Hadoop technologies have revolutionized the way enterprises may manage “Big Data.” While
the security challenges remain the same when compared to conventionally (database) stored data;
security implementation will be even more difficult. The schedules and safety concerns
regarding flight (and terrestrial) vehicle safety will always dictate that some subset of a vehicle’s
telemetry product will always be managed with a traditional database warehouse technology.
However, Hadoop will open the possibility for potentially all vehicle telemetry data to be “online

6

and analyzable;” albeit at a slower speed. Such “low and slow” analysis may give test and safety
engineers new insights into systems previously thought “understood.”
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ABSTRACT
Images frames have always been used as information source for the Flight Test Campaigns (FTC).
During the flight tests, the images displayed on the Head-Up Display (HUD) could be stored for later
analysis. HUD images presents aircraft data provided by its avionics system. For a simplified Flight
Test Instrumentation (FTI), where data accuracy is not a big issue, HUD images could become the
primary information source. However in this case data analysis is executed manually, frame by frame
for information extraction (e.g. Aircraft position parameters: Latitude; Longitude and Altitude). In
approximately one hour of flight test about 36,000 frames are generated using standard-definition
television format, therefore data extraction becomes complex, time consuming and prone to failures.
To improve efficiency and effectiveness for this FTC, the Instituto de Pesquisas e Ensaios em Voo
(IPEV - Flight Test and Research Institute) with Instituto Tecnológico de Aeronáutica (ITA Aeronautical Technology Institute) developed an image processing application with pattern
recognition using the correlation process to extract information from different positions on the
images of the HUD. Preliminary test and evaluation carried out by 2012 using HUD images of the jet
fighter EMBRAER A1. The test results demonstrate satisfactory performance for this tool.
KEY WORDS
Flight Test, Head-Up Display, Image Processing, Pattern Recognition
1. INTRODUCTION
The execution of experimental Flight Test Campaign (FTC) provides all information required
for the aircraft and/or its systems development, operation, certification and qualification. Typically
the execution of a FTC encompasses three major systems as follows: Flight Test Instrumentation
System (FTI) that is basically a measurement system; Real-Time Telemetry Link (RTL); and Ground
Telemetry System (GTS). Images frames have always been used as information source for several
FTC (e.g. external store separation).
For tactical operations the Head-Up Display (HUD) is a key element to provide essential
information for the pilot during the navigation and weapon enforcement flight regimen. This system

is composed by an Electronic Unit (EU) and a pilot display unit (PDU) where the computed
information is displayed. The HUD main role is to minimize the pilot operational workload.
This system projects navigation and weapon information in a user-defined symbolic form.
Various FTC (e.g. weapon aiming) requires the analysis of HUD images. Therefore a simple nonintrusive FTI data gathering technique for such information is to record the HUD video images
frames and to embed such information into the FTI measurement set for post mission data analysis.
The major constraint of this architecture is the fact that data analysis is typically qualitative, where
image frames are manually observed and analysed for information extraction. This process is very
ineffective because in one flight test hour it 36,000 frames are generated at a standard-definition
television format (i.e. 704 x 480 pixels of resolution x 30 frames/s). As result the data analysis
process becomes complex, time consuming and suitable to failures.
To improve efficiency and effectiveness for this application, the Instituto de Pesquisas e
Ensaios em Voo (IPEV - Flight Test and Research Institute) with Instituto Tecnológico de
Aeronáutica (ITA - Aeronautical Technology Institute) developed an image processing application
with pattern recognition using the correlation process to extract information from different positions
on the images of the HUD.
The remainder of this paper is organized as follows. Section 2 describes image recognition
overview. Section 3 describes in detail the architecture of the proposed system. Experimental results
are reported in Section 4. Conclusions are drawn in the end of paper.
2. IMAGE RECOGNITION OVERVIEW
Head-Up Display images contain important semantic information such as feet, altitude,
elevation, azimuth, time, etc. While for printed documents, optical character recognition (OCR)
systems have already reached high recognition rates, and are widely commercialized, recognition of
characters in others context is still the subject of active research. In fact, this task is a challenging
problem because of low resolution, complex background, non-uniform lightning or blurring effects.
Most of the state of the art text image recognition methods are based on template matching
which is also the case of most available commercial OCR systems mainly designed for printed text.
This is an old principle that was proposed for OCR in 1929 by Tausheck. It reflects the technology at
that time, which used optical and mechanical template matching. Light passed through mechanical
masks is captured by a photo-detector and is scanned mechanically.
When an exact match occurs, light fails to reach the detector and so the machine recognizes
the characters printed on the paper. Nowadays, the idea of template matching is still used but with
more sophisticated techniques. A database of models is created and matching is performed based on
a distance measure. The models are generally composed of specific features that depend on the
properties of the pattern to be recognized.
Chen at al [1] proposed a method based on character side profiles, in videos. First, a database
is constructed with left, right, top and bottom side-profiles of sample characters. Then the candidate
characters are recognized by matching their side-profiles against the database. This method requires
of course a ‘cleaned’ binary text image.
Therefore, they apply various pre-processing techniques before the recognition step, namely:
shot boundary detection, edge-based text segmentation, multiple frame integration, gray-scale
filtering, entropy-based thresholding, and noise removal using Line Adjacency Graphs (LAGs).
Another template matching method was proposed by Kopf et al. [2]. They have chosen to
analyse the contour of a character and derive features extracted from the Curvature Scale Space
(CSS). This technique which is based on the idea of curve evolution requires also binary text images.

Yokobayashi et al [3, 4] proposed two systems for character recognition in natural scene
images. Both of them rely on two steps: the first one is the binarization step and the second one is the
recognition step based on an improved version of Global Affine Transformation (GAT) technique for
grayscale character images.
Once a binary image is obtained, an improved GAT correlation method [5] is applied for
recognition. This is a matching measure between the binary character image and a template image.
As templates, the authors use a single font set of binary images of alphabets and numerals, which
explains the need for the previously mentioned binarization step.
In [4], the authors proposed a binarization method based on three steps, as follows:
1. Colour vectors of all pixels in an input image are projected onto different arbitrarily
chosen axis;
2. The maximum between-class are separately computed by setting an optimal threshold
according to the Otsu’s binarization technique [6];
3. The axis that gives the largest between-class separability and the corresponding threshold
for binarization of the input image is selected.
Then, the method decide which class corresponds to characters or background according to
the ratio of black pixels to white ones on the border of the binarized image. As in their previous work
[3], once the binary image is obtained, an improved GAT correlation method is applied for
recognition.
It should be noticed that in all the works mentioned above, there is a need for a preprocessing steps (i.e. binarization) and for finding optimal tuneable parameters.
Agility in the acquisition, processing and transmitting information, it becomes a powerful
tool that enables quick decision-making. It is no longer desirable but becomes essential in critical
systems. [7].
Therefore we propose the use of an automatic recognition scheme for HUD images, applying
a pre-processing like binarization, using tuneable parameters for each type of background image, a
database to characters and a simple correlation processes for matching de correct character.
3. APPLICATION ARCHITECTURE
For the development of this application a HUD embedded in EMBRAER A1 aircraft is used.
This HUD recorded into the camera's buffer all images of the test flight. Then recorded video is
downloaded to the computer through its USB (Universal Serial Bus) interface. Therefore the
gathered information would be processed by the developed application.
The development of this tool required customized solutions to overcome the following main
challenges:
• The scenario could change very rapidly which can result in significant change of lighting
(Figure 01).
• The images have different patterns of texts position.
• Process images to obtain better accuracy even in frames not cleaned (e.g. with blurring,
overlapping objects).
• Transitions between images produced by the HUD generate blurring areas.
The details of algorithms for image processing and obtaining results are discussed below.

3.1. APPLICATION ALGORITHM
Although there are different patterns of images produced by HUD, all images have text in
preset positions. Thus, the adopted strategy was to identify these positions so that we could make
cutouts in image. In Figure 02, we can observe a pattern image with texts in pre-defined positions (eg
azimuth, elevation, distance).

Figure 01 - Different scenarios with varying
brightness and background

Figure 02 - Image with texts in defined positions

For the different image patterns, it was realized that there are two types of fonts printed in the
images. One type is used by most of the information (e.g. azimuth, elevation). The second type of
font is used to display the clock in the lower left corner of the image (Figure 02). After identifying
these sources, a database of templates was created for each character (Figure 03). This database is
used in processing each image. Each image can be represented by a two-dimensional array, therefore
an algorithm that computes the correlation coefficient between two matrices was designed. This
coefficient yields results between zero and one. Values close to one indicate that the matrices are
similar. Values near zero indicate that the matrices are different.
The application was implemented using a known image processing techniques [8] that uses
the following steps:
1. The video produced by HUD is converted to JPEG images;
2. The template for each character is loaded from the database;
3. The HUD images are loaded in the application;
4. Each image is processed using the following steps:
a. Binarization [9];
b. Adjustments are applied to the image depending on the gray level, background and
histogram of the original image;
c. Extraction of the preset positions of the image (text) using crop;
d. Extraction of images that represent the characters in each preset position (Remove
pepper noises using mathematical morphology [10]. Detection of image regions using
properties of the image. At the end, the image is cropped);

5.

e. Applying the correlation algorithm (i.e. “r” in eq. 01) between the template and the
extracted image (character). If correlation coefficient is greater than 0.5 (50% of
correlation), the character is recognized. Otherwise, the image is discarded; and
f. The results are stored in an array structured (Figure 04) with all the image
information.
At the end of the process, it's possible to view the results of the array.

Figure 03 – Partial database of templates for
each character

Figure 04 – Example of array structured with
image information after processing

After binarization, each image is an array with values ranging between zero and one. Figure
05 depicts an example of image representation in matrix format. For this application, the template
used for each character has 24 x 42 pixels. This template has the character size extracted from the
original image displayed at the HUD.

Figure 05 – Example of character ‘A’ represented by matrix format.
The sequence of Figure 06 shows the character “S” in different formats. In addition to have
significant differences in pixels, the character "S" may be confused with the number five. To solve
this problem, we applied a learning process based on context. For example, the character “S” should
not be identified in areas which may appear only numbers. Other alike restrictions were implemented
(e.g. character “Z” and the number seven character “O” and number zero).

Figure 06 – Examples of caracter “S” in different images

The determination of the correlation coefficient (“r”) is obtained by:

eq. 01
Where:
• r is the correlation coefficient between zero and one.
• A is the matrix (character) of the database
• B is the matrix (character) to be matched
•
is average of matrix elements in A
is average of matrix elements in B
•
4. APPLICATION EVALUATION
Preliminary test and evaluation of this application was executed with HUD images produced
by EMBRAER A1 (i.e. AM-X) aircraft, during the Brazilian Flight Test Course (CEV) carried out
by the 2012 class students. In addition, the application was evaluated with more than 1,000 frames
and more than 40,000 characters in the frames.
The main application was developed under MatLab® environment and tested with
Intel®Pentium IV Core™ 2 Duo CPU T5800 2.00 GHz notebook with Ethernet Gigabit Local Area
Network (LAN) interface, 4 Gb RAM and Microsoft Windows 7 Professional.
Initially the algorithm for recognition characters was setup to discard the image if the
correlation coefficient (“r”) is less than 0.5. After evaluation, it was realized that the algorithm can
validate 80.4% of characters in the frames. This result occurs because some characters cannot be
recognized in some transitions of frames produced by HUD. Figure 07 depicts such problem that is
highlighted in red rectangles. In this case, the coordinate south and altitude (H) parameters are
discarded. The others information in images are processed normally.

Figure 07 – Transitions of frames
The smaller the area of the image to be processed, the faster is processing. Thus, small
templates were produced to the characters and used as a database. However the results of applying
such simplification resulted in unacceptable performance. Therefore, the optimum performance was
achieved with 24 x 42 pixels templates.

In Figure 08 depicts an example of a single frame image processed by the application and the
results. The usage of this application resulted in satisfactory performance.

Figure 08 – Image processed by the application. In the left is the original image and the right is the
array structured after the processing.
CONCLUSION
Usage of image processing and pattern recognition in images from HUD produces results that
can increase flight tests efficiency. This paper proposed an automatic recognition system for text
image recognition, based on a specific correlation algorithm. The application allows reduction of
processing time in post-mission operations for data extraction from HUD images.
As future work:
1. Different strategies for pattern recognition (e.g. Neural networks) should be evaluated;
2. It is possible to use parallel processing techniques to improve image processing
efficiency; and
3. Different setup schemes for post processing to improve the accuracy index should be
experimented.
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ABSTRACT
This paper describes the analysis and development of microwave subsurface syntheticaperture imaging in the circular-scan mode with a four-antenna FMCW MIMO radar
system. The objective is to improve the localization and correspondence capability of the
imaging operation.

INTRODUCTION
Modern MIMO microwave systems can be applied to subsurface profiling, advancing the
capability of ground penetrating radar (GPR) imaging. Conventional GPR imaging
employs systems with a single-element antenna and simple coherent or wideband pulse as
the illumination signal. This paper describes the application of a low-cost, light-weight,
portable MIMO radar system, operating in stepped-frequency FMCW modality, to
improve the performance of ground-penetrating radar (GPR) imaging. The transceiver
array consists of four antenna elements and the frequency range is from 1 GHz to 2 GHz.
The data-acquisition system is implemented in the form of a linear array, designed to
perform circular scan for synthetic-aperture 3D imaging.
The circular-scan format is advantageous in terms of localization and surface-subsurface
correspondence. On the other hand, the image formation algorithm becomes more
complex, due to the circular format of the synthetic aperture. To demonstrate the
resolving capability and limitation, laboratory experiments have been conducted. For
comparison and completeness, linear-scan mode imaging is also conducted.

FMCW MIMO RADAR UNIT
This MIMO radar unit is a low-cost, light-weight, low-power, portable ultra-wideband
system. The total weight of the radar unit is 156 g with DC input and operating power
level of 6 Watts. The RF transmit power is 50 mW. The MIMO radar is a fullyprogrammable software-defined microwave system. It operates in the step-frequency
FMCW format, with the operating frequency range from 1.0 GHz to 2.0 GHz. With the
full 1 GHz bandwidth, the range resolution of this radar system is 15 cm in air. In the
subsurface region, the wave propagation speed is scaled down by a factor of ε , where ε
is the permittivity of the propagation medium. As a result, the range resolution is also
scaled by the same factor. For GPR imaging experiments, the value of the permittivity is
typically ranged from 5 to 10. Figure (1) shows the electronic component of the FMCW
MIMO radar unit. This unit can support up to eight antennas.

Figure (1): Electronic component of the 8-antenna FMCW MIMO radar unit.

The frequency hopping rate is a variable, to be selected by the user, with the maximum
frequency-hopping rate of 90,000 hops per second. The frequency hopping format is also
reconfigurable. For typical imaging applications, the system steps through an elected
frequency band with a designated frequency increment. Yet, for communication or
secured imaging operations, random frequency hopping formats can be exercised.
This system is designed to function with multiple transceiver antennas. The present
model of this MIMO radar system can support up to 16 antenna elements. Each antenna
element functions as a transmitter as well as receiver. During one transmit-receipt cycle,
N stepped-frequency sequences are collected for each transmitting antenna. Thus, N2
sequences are detected for one full data-acquisition period. As an antenna conducts the
transmission-illumination signaling, it transmits a full sequence of coherent waveforms
according to a selected step-frequency FMCW hopping format, and all antenna elements

function as receivers. Therefore, this system can be classified as a multi-static MIMO
step-frequency FMCW radar system.

RANGE ESTIMATION
Dynamic image formation from sub-aperture images is often the preferred modality in
ground-penetrating radar (GPR) imaging for various practical purposes. As it is
described, a sub-aperture image component can be formed form the range profiles
produced over the sub-aperture. Thus, the first task for dynamic imaging with FMCW
systems is to convert the data sequences to range profiles.
For simplicity, the transmitted signal can be written in the form of,
eT(t) = E exp(j2πfkt)

(1)

where fk = f0 + k Δf. For a single target at a range distance R, the round-trip travel
time is
τ = 2R/v
(2)
where v is the propagation speed. Then, responding to this point reflector, the reflected
signal detected by the transceiver is in the form of a weighted and delayed version of
the transmitted waveform,
er(t) = AE exp(j2π fk (t- τ)) = AE exp(j2π fk (t - 2R/v))

(3)

where the weighting coefficient A is due to the target reflectivity and propagation loss,
and the delay is due to the round-trip travel time. At each frequency step, after
demodulation, the received signal is a complex scalar, which can be simplified to the
form of,
e(k) = er(t) eT*(t) = AE2 exp(-j2π fk τ) = AE2 exp(-j2π fk (2R/v))

(4)

= AE2 exp(-j2π (f0 + k Δf )(2R/v))
= AE2 exp(-j2πf0 (2R/v)) exp(-j2πkΔf (2R/v))
Through the N frequency steps, a complete illumination cycle produces an N-point
sequence {e(k)} from the demodulated received waveform. The term exp(-j2πkΔf
(2R/v)) is the only one as a function of the frequency-stepping index k. To analyze this
further, we match the core part of the sequence against the kernel of the FFT
exp(-j2πkΔf (2R/v)) = exp(-j2πnk/N)

(5)

The match results in the relationship,

n
= 2Δf R/v
N

(6)

It is then simplified down to a linear relationship between the FFT index n and the
target range R,

n = N (2Δf R/v) = 2(NΔf) R/v =

2B
R
v

(7)

where B is the bandwidth of the waveform, defined as B = NΔf. This means, for a
point reflector at distance R, the demodulated received signal can be represented as the
2B
FFT spectrum of a point sequence δ(n R) and the complex magnitude of the
v
point sequence is AE2exp(-j2πf0 (2R/v)),
e(k) = er(t) eT*(t) = AE2 exp(-j2πf0 (2R/v)) exp(-j2πkΔf (2R/v))
= FFT { AE2 exp(-j2πf0 (2R/v)) δ(n -

(8)

2B
R) }
v

This suggests that the range profile and the demodulated signal are directly related as a
Fourier-transform pair that each index n of the spectral sequence is corresponding to a
range distance R,

range distance = R = (

v
)n
2B

(9)

With this relationship, we can convert an FMCW output sequence into a range profile,
by using a simple FFT operation. Subsequently, time-space image reconstruction can
be performed by mapping the range profiles to the region of interest.
Image formation in the time-space domain can function with mono-static, bi-static,
and multi-static modalities, and the concept is simple. The formation of the image is
from the complex target range profiles of the transmitter-receiver pairs. For each
transmitter-receiver pair, a component of the image can be formed by projecting the
range profiles to the entire region of interest. Each pixel in the region of interest has a
unique range-distance index with respect to a transmitter-receiver pair, which is the
sum of the distance from the transmitter to the pixel location and distance form the
pixel to the receiver. Corresponding to this particular range-distance index, the
complex amplitude of the range profile is sampled and placed onto the pixel. Each
pixel receives contributions from the range profiles corresponding to all transmitter-

receiver pairs, and the image is formed accordingly. This means we can perform
reconstruction of the sub-images from the range profiles locally from the transceiver
pairs. And then the overall image can be constructed from sequential updating with
new sub-images dynamically.

LABORATORY EXPERIMENTS

Laboratory experiments have been conducted with the MIMO radar system with 4
antenna transceiver elements. To illustrate the image formation exercises, we first
conducted a preliminary experiment with only two of the antenna transceivers, using
one as the transmitter and the other one as the receiver. The operating frequency range
is from 1GHz to 2GHz, with 128 uniformly spaced steps within the frequency band.
Vivaldi antennas are used for high sensitivity, and the opening of the Vivaldi antennas
is 15 cm, half wavelength corresponding to the lowest frequency of 1 GHz. The
separation distance between the antennas is 45 cm.
The second experiment was conducted over a similar walkway area near the Broida
Hall, with the MIMO radar unit operating with 4 transceiver elements. The operating
frequency range was also from 1 GHz to 2 GHz. The number of frequency steps was
increased to 1024. Vivaldi antennas were also utilized as the transceiver elements. The
separation distance between the antenna elements is 45 cm, so the total span of the 4element antenna array is 165 cm. Figure (2) is the laboratory prototype of the 4element MIMO GPR imaging array unit.

Figure (2) is the laboratory prototype of the 4-element imaging array unit
With the antenna transceiver array in the x-direction, a two-dimensional synthetic
aperture was formed by a linear scan in the y-direction. The span of synthetic-aperture
scan for this experiment was 1 meter. Figure (3) shows 5 sample cross-sections of the
reconstructed subsurface profile of the walkway area at x = 28.58 cm, 19.06 cm, 0 cm,
-19.06 cm, and -28.58 cm respectively.

As it was discussed, the most common synthetic-aperture imaging format has been the
scan of a linear array along a linear path with constant spatial increment. The data format
simplifies the signal processing procedure for image reconstruction, because of the
implementation of convolution operation in linear form.

Figure (3): Cross-sectional images of the subsurface region, at x = 28.58 cm, 19.06
cm, 0 cm, -19.06 cm, and -28.58 cm

One common problem for the linear scan mode is the correspondence of subsurface
images to the surface profile, especially for the case of general survey of spread out areas.
Therefore, circular synthetic-aperture scan has been discussed as an excellent alternative
with simple and effective documentation procedure. The parameters for documentation
consist of only the center of the scanned area and the orientation of the initial array
position. It is particularly effective for localized survey. This is the main reason for the
utilization of linear array for circular synthetic-aperture imaging.
One significant technical element for the circular-scan modality is the non-uniform dataacquisition position over the circular area. Relatively, the receiving positions are denser
near the origin and sparse near the boundary. It requires an additional interpolation step
in the image formation algorithm. In addition, the cross-range resolution remains nonuniform over the region with better resolution near the center. To compensate for the
discrepancy, one direct approach is the utilization of non-uniform array spacing.
The most significant difference for this scan modality is within the image reconstruction
algorithm. The received wavefield data will be first compiled in the polar coordinate
system. For each array position, one sub-image can be formed from the superposition of

the range profiles. The staging process, combining all sub-images from various array
positions, can be implemented in the form of a circular convolution in the θ direction.
Subsequently, the polar-coordinate subsurface image is converted back to the rectangular
format for display and visualization. As a tradeoff, the circular-scan mode does involve
additional steps in image formation and display. However, the change does not increase
the computation complexity significantly. Figure (4) shows the laboratory experiment
setup conducting a circular scan over a field-test region. Figure (5) shows the crosssectional image of a small metal spherical object.

Figure (4) shows the laboratory experiment setup for a circular scan experiment

Figure (5) shows the cross-sectional image of a small metal spherical object

CONCLUSION

In this paper, a low-cost, light-weight, low-power, portable, software-defined ultrawideband MIMO radar was introduced with three-dimensional GPR subsurface
imaging presented as a direct application. Two versions of the backward propagation
image reconstruction method were included in the presentation. Laboratory
experiments with a four-transceiver unit were included to illustrate the resolving
capability and system performance.
Although multi-dimensional GPR imaging was utilized as the application in this
paper, the MIMO radar system can be utilized in many other microwave imaging
applications, in air or subsurface, with the antenna-array configurations in linear,

planar, or circular form. Furthermore, it can operate especially effectively in syntheticaperture mode for greater aperture coverage.
The capability of this ultra-wideband software-defined FMCW system was
demonstrated typically with one single multi-antenna unit. Nonetheless, the research
plan is to expand the scope significantly with multiple MIMO radar units operating in
a coordinated manner, for large-scale sensing and imaging applications. Thus, the
development of high-precision geolocation, synchronization, and networking will be
tasks of great interest and importance.
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ABSTRACT
This paper provides the overview of the concept of reconfigurable imaging systems with
programmable FMCW probing waveforms. The reconfigurable modality is applied to
both the transceiver aperture arrays and the probing signals for the optimization of the
resolving capability. The applications include both microwave and acoustical imaging.

INTRODUCTION
Traditionally, the data acquisition of imaging systems has been operating with fixed
transceiver arrays and predetermined illumination waveforms. The fixed physical array
configurations have been largely linear or planar, for computation simplicity. And the
development of probing waveforms started with the coherent modality with narrow-band
illumination. The coherent illumination waveforms were then replaced by wideband
signals to operate in the pulse-echo format for the improvement of range resolution.
This paper presents the concept of dynamic imaging modality for the optimization of the
performance of imaging systems, with reconfigurable transceiver arrays and illumination
signals. The reconfigurable array allows us to actively optimize the aperture coverage for
superior resolution. To achieve reconfigurable illumination waveforms, programmable
stepped-frequency FMCW modality is employed. This concept has been applied to
imaging experiments for acoustical and microwave range, for applications in medical
ultrasound and radar imaging.

MULTI-FREQUENCY COHERENT BACKWARD PROPAGATION
The coherent backward propagation image reconstruction is in the form of
ŝ(x, y, z; λ) = g(x, y, z; λ) * h*(x, y, z; λ)
=



g(x’,y’,z’; λ) h*(x - x’, y – y’, z - z’; λ) dx’dy’dz’



g(x’,y’,z’; λ) h*(r; λ) dx’dy’dz’

R

=

R

where R is the receiver aperture region, g(x, y, z; λ) denotes the coherent received
wavefield, corresponding to the single wavelength λ detected at the aperture, h(r; λ) is the
Green’s function, and
r = ((x - x’)2 + (y - y’)2 +(z - z’)2)1/2
If we repeat the data-acquisition process by varying the wavelength, λ becomes a
variable. And the final image is the superposition of all the coherent sub-images
ŝ(x, y, z) =



ŝ(x, y, z; λ) dλ

Λ

=

 
Λ

g(x’,y’,z’; λ) h*(r; λ) dx’dy’dz’ dλ

R

where Λ denoted the span of the wavelength variation. The four-dimensional integration
can be partitioned into two steps. One is the integration over the aperture region R, and
the other is the superposition over the wavelength span of Λ . These two integration steps
are independent and the order can be reversed,
ŝ(x, y, z) =

 
R

=



g(x’,y’,z’; λ) h*(r; λ) dλ dx’dy’dz’

Λ

ŝ(x’,y’,z’; r) dx’dy’dz’

R

The order of the classical procedure is first to produce the coherent sub-images
ŝ(x, y, z; λ) =


R

g(x’,y’,z’; λ) h*(r; λ) dx’dy’dz’

The integration is in the space domain. And the subsequent superposition of all the
coherent sub-images produces the final image
ŝ(x, y, z) =



ŝ(x, y, z; λ) dλ

Λ

Alternatively, we can also reverse the order by first computing the range profiles with the
integration in the frequency domain



ŝ(x’,y’,z’; r) =

g(x’,y’,z’; λ) h*(r; λ) dλ

Λ

and the final image is the superposition of all the range profiles
ŝ(x, y, z) =



ŝ(x’,y’,z’; r) dx’dy’dz’

R

RANGE ESTIMATION
Of great interest and importance is the one-dimensional integration operation
ŝ(x’,y’,z’; r) =



g(x’,y’,z’; λ) h*(r; λ) dλ

Λ

=



g(x’,y’,z’; λ) (-1/jλr’) exp(-j2πr/λ) dλ

Λ

If we consider the change of variable, from wavelength to frequency,
f = v/λ
and
df = - v/λ2 dλ = f (-1/λ) dλ,
the equation becomes
ŝ(x’,y’,z’; r) =



g(x’,y’,z’; λ) h*(r; λ) dλ

Λ

= (-1/jr)


Β

(1/f) g(x’,y’,z’; f) exp (-j2πrf/v) df

where B is the frequency band. The term (1/f) g(x’,y’,z’; f) can be regarded as the
wavefield function with frequency-dependent weighting. The weighting factor can also
be modified to compensate for frequency-dependent propagation loss.
The other term exp (-j2πrf/v) can be described as the Fourier transform kernel,
exp (-j2πrf/v) = exp(j2πf(-r/v))
evaluated at
t = - (r/v)
At each receiver position (x’,y’,z’), the integration for range distance profile ŝ (x’,y’,z’; r)
can be described as the inverse Fourier transform of the weighted wavefield (-1/jr)(1/f)
g(x’,y’,z’; f), evaluated at t = - (r/v). This also means the range profile at each receiver
position can be computed by a simple Fourier transform.

MICROWAVE IMAGING
The hardware system used for imaging is a stepped-frequency FMCW radar operating over a
frequency range of 500 MHz to 2 GHz. The instantaneous peak output power of the radar
over the frequency band is 17 dBm, while the average output level depends on the number of
stepped frequencies specified by the user. There are 16 user selectable hopping rates that
vary from 5 to 90,000 data points per second. All of the system operating parameters are
controlled by user through a software interface, and can subsequently be tailored for specific
operating objectives. The open interface allows users to acquire, store, and replay data, as
well as to develop, test, and implement special signal processing algorithms for imaging,
detection, and motion estimation.
An antenna switch interface board allows the radar to operate with an array of four, eight, or
sixteen linear/planar Vivaldi antennas in a MIMO mode. The antennas are directional with
beam-widths covering approximately 60° at 500 MHz to 30° at 2 GHz. The gain varies
between 5.5 and 10 dBi over this same frequency band. These antennas were placed
approximately 33 cm apart. Each of the antennas can act as a transmitter or receiver but only
a single pair is active at a time. In operation, the antenna array is scanned end to end
sequentially through all of the transmit/receive antenna pairs, with a complete frequency
sweep taken for each pair. The fast data acquisition rates available mean that for practical
applications, each antenna pair in the same sweep can be treated as being approximately
simultaneous.
Scanning the array produces a set of data from each antenna pair that can be transformed into
a high-resolution range profile of all the scatters in the field of view. A complete image
frame uses the set of data associated with scanning through all the transmit/receive pairs in

the array a single time. Conventionally, complex superposition of data from the antenna pairs
is performed to produce a reconstructed image of the illuminated scene. Figure (1) shows the
8-antenna version of the FMCW microwave system.

Figure (1): 8-antenna version of the FMCW microwave system

For field experiments of detecting moving elements with small sub-resolution displacement,
breathing machines with adjustable breathing rates and depths are used as simulators for
stationary individuals. Each breathing machine is constructed of a 0.43 m diameter slightly
convex metal plate attached to a linear bearing that is driven by an electric motor to produce
a horizontal sinusoidal motion. The typical setting for the breathing depth was 1.3 cm, while
the period varied between 0.2 Hz and 0.33 Hz to simulate the typical range of human
breathing rates. Figure (2) shows the 4-antenna radar unit and the setup of the outdoor field
experiment.

Figure (2): 4-antenna radar unit of the field experiment

For accuracy, two breathing machines were stationed in the target area, operating at the
breathing rates of 0.2 Hz (12 breaths per minute) and 0.28 Hz (17 breaths per minute)
respectively.
The data acquisition was conducted by the radar system with 4 antennas, operating in FMCW
mode. The operating frequency band was from 0.5 GHz to 2.0 GHz. The system scanned
through 1024 frequency steps in 0.035 seconds, generating 12 bi-static tracks of data
sequences corresponding to 12 transceiver pairs. The data sequences were then converted to
12 range profiles by Fourier transformation. Figure (3) show a typical range profile, and
Figure (4) is the reconstructed image of the targets.

1st machine
2nd machine

wall

Figure (3): A range profile from one transceiver pair

Figure (4): Reconstructed image of the targets

MEDEICAL ULTRASOUND SYSTEM
Similar concept can be applied to medical ultrasound imaging with flexible transceiver
arrays. Figure (5) shows the laboratory prototype of the flexible ultrasound array. As
described previously, the functionality and mathematical formulation of the steppedfrequency FMCW data-acquisition format indicates that time-delay profiles are the

Fourier transform of the acquired spectral data sequences. Since a spectral data sequence
is collected corresponding to a pair of transceiver elements, there is a unique time-delay
profile associated with each transceiver pair. Subsequently, the time-delay profiles are
scaled by the propagation speed for the conversion to range profiles for the space-time
image reconstruction.

Figure (5): Laboratory prototype of the flexible ultrasound array

The image formation method for the acoustical imaging system is similar. Minor
modifications have been performed to accommodate the limitation in memory allocation
and computation efficiency. Given the coordinates of the transducer elements, space-time
image reconstruction is achieved by mapping multi-static range profiles onto a discrete
2D matrix of range bins. From the perspective of a particular element pair, each bin is
characterized by a total range distance, Rtotal = R1+R2. If a point target were to exist at
that bin location, Rtotal denotes the range traveled by the acoustic wave from the
transmitter, to the target, and then to the receiver. The range profile for that element pair
is referenced, and the complex magnitude located at the index Rtotal is added to the bin
location of the image matrix. This procedure repeats and information provided by each
element pair is superimposed onto the image matrix.
The mathematical duality between stepped-frequency FMCW data and pulse-echo timedelay profiles permits the theoretical time-delay profiles to be converted to FMCW data
through an FFT operation. Appropriate frequency components in the spectra were
selected to model the desired limited bandwidth of the system. The modified spectra were
then converted back to form band-limited time-delay profiles for image formation.
The superposition process forms the final image, from all the range profiles, mono-static,
bi-static, or multi-static. For the simulation, full 3600 transceiver array aperture is
maintained in order to visualize the effect of frequency bandwidth to resolution. Figure
(6) shows 4 images from probing signals corresponding to 25%, 50%, 75%, and 100% of
the available bandwidth.

Figure (6): Images corresponding to various bandwidths of the probing waveforms

SYSTEM RECONFIGURABILITY
The reconfigurability of the FMCW imaging systems consists of two basic components. One
is the reconfigurability of the physical transceiver arrays. It is achieved by dynamically
redistributing the discrete transceiver elements, in order to optimize the resolution in the
cross-range direction. The other component is the reconfigurability of the probing signals, for
the improvement of the range resolution.
The power spectrum of the probing signals governs the range resolution. In general, the
operating bandwidth of the probing signals is bounded by the available bandwidth of the
transceivers. Yet, within the available bandwidth, the spectrum of the probing waveforms can
be modified by adjusting the complex amplitude of the FMCW sequence with programmable
electronics, to achieve the desired waveforms. Alternatively, the adjustment can be
conducted by giving a complex weighting of the received FMCW sequence. This is
especially effective when the frequency-dependent propagation attenuation can be
determined.
Because the major portion of the computation involved in the convolution integral of the
backward propagation procedure is performed in the range-estimation process for FMCW
systems, the structured configuration of the transceiver array becomes unnecessary. As a
result, we can rearrange the distribution of the transceivers, corresponding to the wavelengths
of the FMCW frequencies such that the coverage of the spatial-frequency spectrum can be
improved and hence the resolution of the cross-range resolution can be enhanced.

IMAGING OF TIME-VARYING OBJECTS
The conventional approach is to form one instantaneous image frame form the 12 range
profiles through complex superposition. Subsequently, motion detection can be conducted
from the image sequence. However, this image-sequence based method is ineffective in
separating the breathing movement from stationary background component.
One full scan cycle, for all 12 transceiver pairs, requires approximately 0.42 second. Then, as
an example, during a period of 54 seconds, each transceiver pair will produce 128 range
profiles. If we perform an additional Fourier transformation with respect to time, a twodimensional range profile can be constructed. This implies the breathing components of the
range profiles can now be separated from the stationary background distribution. Figure (7)
shows the separation of the time-varying components from the stationary portion of the range
profile. The remaining DC component of the two-dimensional range profile is corresponding
to the stationary background structure. This allows us to form a separate image of breathing
elements from the background.

Figure (7): 2D spectrum of the data sequences from one transceiver pair

More effectively, we can superimpose the breathing component to the stationary background,
as shown in Figure (8), with colored version for the breathing elements and standard greyscale image for the background wall.

Figure (8): Composite image of the breathing elements and the background wall
This technique illustrates the capability of imaging time-varying distribution with FMCW
systems. This approach is not limited to microwave applications. It can be extended to bloodflow imaging in medical ultrasound with slight modifications.

CONCLUSION
The focus of this paper is the overview of reconfigurability analysis of imaging systems with
FMCW probing waveforms. The feasibility of reconfigurable imaging originates from the
relaxation of structured transceiver arrays. As a tradeoff, it requires uniformly spaced
frequency distribution of the probing FMCW waveforms. The reconfigurability includes the
flexibility of transceiver-array structure for the improvement of cross-range resolution. In
addition, the FMCW modality allows frequency editing for dynamical adjustment of the
probing waveforms for optimization of range resolution.
The direct applications include both microwave and ultrasound imaging. Furthermore, the
FMCW modality can also be implemented for the imaging of time-varying distribution for
applications of breathing detection and blood-flow measurement.
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Abstract
Third generation LIDAR full-waveform (FW) based systems collect 1D FW signals
of the echoes generated by laser pulses of wide bandwidth reflected at the intercepted
objects to construct depth profiles along each pulse path. By emitting a series of pulses
towards a scene using a predefined scanning pattern, a 3D image containing spatialdepth information can be constructed. Unfortunately, acquisition of a high number of
wide bandwidth pulses is necessary to achieve high depth and spatial resolutions of the
scene. This implies the collection of massive amounts of data which generate problems
for the storage, processing and transmission of the FW signal set. In this research, we
explore the recovery of individual continuous-time FW signals at sub-Nyquist rates.
The key step to achieve this is to exploit the sparsity in FW signals. Doing this allows
one to sub-sample and recover FW signals at rates much lower than that implied by
Shannon’s theorem. Here, we describe the theoretical framework supporting recovery
and present the reader with examples using real LIDAR data.

Keywords: LIDAR, full-waveform, sub-Nyquist sampling, overlapping windows.
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Introduction

Light detection and ranging (LIDAR) is a primary tool that provides excellent capabilities
for acquiring 3D images of a scene. The most popular systems to date operate under the
time-of-flight (TOF) principle of the laser pulse to determine object depth. Among these
kind, third generation pulsed LIDAR systems collecting full-waveform (FW) signals consisting of the pulse echoes have gained popularity in the last few years. Their popularity has
increased because of the improved object depth estimation and scene structure characterization capabilities [11] (e.g, inclination, smoothness, vegetation, urban area).
In general, these systems project an energy pulse from a single laser source into a scene
and measure the echoes generating from the pulse interaction with the objects encountered.
Each of these echoes is sensed with a single photodetector or avalanche photodiode and
1

sampled using an A/D converter. Measurements of such signals provide depth information
of the objects intercepted by the pulse along a specified direction. An illustration of this
process for a single transmitted pulse is best described with aid of Figure 1.

Figure 1: A pulse encounters two objects at distinct depths which create pulse echoes received
at the photodetector. The shape and time of flight (TOF) of these echoes depend on the
object characteristics and on the distance from the emitter to the encountered object.
By emitting a series of pulses and directing them with a mechanical scanning unit into distinct locations through the entire scene of interest and measuring the corresponding echoes,
connected FW signals of 3D scenes can be readily obtained. This set of FW signals can be
used to construct 3D images of the scene after the appropriate processing. Unfortunately, a
high density of pulse emissions and the corresponding acquisitions is required to achieve acceptable spatial resolutions of the scene. For example, a typical scene is scanned by emitting
hundreds of millions of pulses and collecting the corresponding FW signals [14]. Moreover,
each LIDAR pulse is of short duration and of wide bandwidth which implies sampling at
high rates (e.g., sampling at a few Gigahertz (GHz)) if sampled under the Shannon/Nyquist
principle [15], [13]. Sampling such FW signal sets of a scene is thus an extremely expensive
task because of the massive amounts of data collected.
Fortunately, the set of FW signals collected at Nyquist rates contains many redundancies. From one point, the multiple pulse echoes occupy only a very small portion of the
measurement time interval of the individual FW signals (we refer to echoes with this feature
as echoes of short-time duration). This in turn, implies that the set of FW signals is highly
sparse and that the system is sampling at unnecessarily high rates. We can, thus, take
advantage of this structure to devise sub-sampling procedures that sample more efficiently.
In [8], [9] the authors developed a TOF based pulsed laser system that can sample a scene
very efficiently using a spatial light modulator. Such approach follows the same principle
as the single-pixel camera developed in [6] for 2D images. The strategy produces good
quality depth images using just a few samples compared to what traditional Nyquist theorem
dictates. However, the sampling process stores only the TOF of the pulse (i.e., a single TOF
number per pulse emission) and not the FW signal. Different to these approaches, we are
interested on devising sub-Nyquist sampling strategies that can recover the FW signal set
for subsequent scene analysis. In [4], the authors model FW signals as signals with finite rate
of innovations. This allows to sub-sample individual FW signals at the rate of innovation; a
2

number which describes the number of parameters representing the FW signal. The authors
found that under this strategy the size of the collected FW signal set can be significantly
reduced and still achieve high quality reconstructions. Here, we devise sub-Nyquist strategies
for individual FW signals by sampling using overlapping random windows instead.

2
2.1

LIDAR Dataset Characteristics
Individual FW signal characteristics

To begin, we introduce the term echo which is referred to in here as the pulse reflection caused
by a single object regardless of its characteristics. In general, a FW signal might consist
of multiple short-duration echoes generated by the presence of multiple objects encountered
during the time of flight (TOF) of the pulse. The shape of each of the echoes varies according
to the particular characteristics of the objects encountered (e.g., object depth, inclination,
roughness, reflectivity) [10], [12], [11] and [16] and on the characteristics of the emitted pulse.
For LIDAR, the emitted pulse is typically of short duration and in the range of a couple of
nanoseconds (ns).
The spectrum of the FW signal is of wide bandwidth as described by the uncertainty
principle [7] because the echoes are well localized temporally. Because the emitted pulse is
of a few nanoseconds of duration then its spectrum is bandlimited to a few Gigahertz (GHz).
It is also expected that the FW signal spectrum is similar to the spectrum of the emitted
pulse. An illustration showing an example of the emitted pulse and the FW signal generated
by the corresponding echoes is shown in Figure 2.

Figure 2: A full-waveform signal consisting of three echoes of distinct shape.
Here, we refer to the continuous-time FW signal as the signal x(t) for t ∈ [0, T ] and with
T finite. The interval [0, T ] contains all the salient information pertaining to the encountered
objects in the TOF of the pulse. In particular, t = 0 corresponds in general to the time
at which the laser pulse was emitted. The number T is selected according to the system
characteristics; its capabilities to resolve far-field objects and the intended application. We
assume no knowledge on the shape and TOF of the echo. The echoes in the FW signal might
be overlapping with each other if two or more of the intercepted objects are relatively close
as shown in Figure 2. Here, the term relatively close is measured with respect to the pulse
duration. The sections of the FW signal corresponding to the pulse echoes are defined to in
here as Γe ⊆ [0, T ] and its cardinality by Se = |Γe |. Note that in the absence of noise Se is
equivalent to Se = S = | supp(x(t))| (i.e., the support of the FW signal). In addition, Se is
much smaller than T (i.e., Se  T ) in general. We also refer to Γce as the subset in [0, T ]
complement to Γe . Thus, the set Γce describes the indices in the FW signal which do not
3

correspond to echoes. We can further explore the components that make up Se . If disjoint
echoes, Se is made up of the number of echoes
PNeNe and on the duration di for i ∈ (1, Ne ) of
each of these echoes, in other words, Se = i=1 di . Unfortunately, Ne and di are generally
unknown prior to FW signal acquisition.

2.2

FW signal set

By scanning, we collect a set of FW signals which contains the spatial and temporal (i.e.,
depth) information of the 3D scene of interest. Here we refer to scanning, as the process
of emitting pulses towards the scene locations following a pattern and measuring the corresponding FW signals. The set of FW signals is arranged as a 2D matrix where each row
corresponds to a FW signal and columns index a specific time. The order in which FW
signals is arranged in the 2D matrix depends on the order specified by the scanning pattern
(i.e., the order in which pulses are emitted). The FW signal set typically contains many
zeros because the multiple echoes are of short duration (i.e., sparse).

2.3

On real data

The LIDAR dataset obtained from NAVAIR China Lake, CA was collected using the VISSTA
ELT LADAR system. The shot rate of this system is 20 Khz (i..e, pulse emission rate).
Each time a pulse of 1.5 ns of duration at full width half maximum is transmitted, the echo
return waveforms are captured at a sampling rate of 2 Ghz and quantized using an 8-bit
A/D converter. The dataset used in this research was collected by imaging a pickup truck
through a chain link fence both positioned perpendicular to the pulse transmission path. To
illustrate this more clearly, Figure 3 shows the 3D point cloud resulting from processing
the waveforms collected by the system. The raw FW signal set contains a total number of
31,626 pulse emissions and corresponding measurements, representing, a total of 126 × 251
pulses along the vertical and horizontal directions, respectively.

Figure 3: An example of the LIDAR point cloud
A representative example of a measured FW signal is shown in Figure 4a. Note that
in general, the occupation of the echoes is much smaller than the signal length. In fact,
most samples are noise and only a small portion of them contain the echo components. In
addition, we include in Figure 4b a small section of the FW signal set. Each row represents
a distinct FW signal and the columns represents a time index. The white entries represent
noise and the darker regions indicate the time indices at which echoes are present. Note that
in general, the FW signal set is very sparse.
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(a) Full-waveform signal

(b) A section of the set of FW signals

Figure 4: Examples of the FW LIDAR data.

3
3.1

Sub-sampling of individual FW signals
Sub-sampling Approach

As described in section 2.1, echoes in individual FW signals occupy a small portion of T .
As such, we devise a sampling approach which can take advantage of such structure. The
approach we follow is similar in nature to the short-time Fourier transform in which Fourier
transforms are obtained from sections of the signal dictated by overlapping windows. Here
however, the elements of the overlapping window are of random nature and of fixed length Tb
and shift Ts . In general, sub-samples of the signal sections are collected by the appropriate
multiplication of the overlapping window with the signal x(t) followed by integration and
sampling. The general implementation consists of the bank of samplers illustrated in Figure
5. The overlapping windows denoted by Φ(j) (t) for j ∈ (1, q) where q represents the number
x(t)Φ(1) (t)
Z
x(t) →

t1 +Tb

⊗ −→

x(t)Φ(1) (t)dt → S/H → y1 [1]
t1

↑
Φ(1) (t)
x(t)Φ(2) (t)
Z
x(t) →

t2 +Tb

⊗ −→

x(t)Φ(2) (t)dt → S/H → y2 [1]
t2

↑
Φ(2) (t)
..
.

..
.

..
.

x(t)Φ(q) (t)
Z
x(t) →

tq +Tb

⊗ −→
tq

x(t)Φ(q) (t)dt → S/H → yq [d Mq e]

↑
Φ(q) (t)

Figure 5: Parallel implementation of random demodulators
of channels in the system, changes its value at rate fN = 1/TN . In other words,
Φj (t) = Φj,n , for t ∈ (j − 1)Ts · Bn
5

(1)

for n = 1, ..., N , N = T /TN , set Bn = [(n − 1)TN , n · TN ) and Φj,n is a sub-Gaussian random
variable (r.v.). An alternative representation in terms of the rect function is given by
e m (t) = Φj (t) · rect( t − (i − 1)Tb − (j − 1)Ts )
Φ
Tb

(2)

where m = q(i − 1) + j for m ∈ [1, M ], i ∈ [1, dM/qe], j ∈ [1, q]. We can rewrite (2) as
e m (t) = Φ
e
Φ
 m,n for t ∈ Bn
Φm,n for t ∈ Am ∩ Bn
=
0
otherwise

(3)

for m = 1, .., M , n = 1, ..., N , set Am = [(m − 1)Ts , (m − 1)Ts + Tb ) and where Φm,n denotes
e m (t) are continuous, these,
a sub-Gaussian r.v. Note that although the random waveforms Φ
can be represented by a finite number of variables when the waveforms are considered over
a finite extent N · TN . This representation allows us to model the system by
y[m] =

N
X

Z

nTN

x(t)dt.

e m,n x[n] or y = Φx
e where x[n] =
Φ

(4)

(n−1)TN

n=1

e ∈ RM ×N denotes the measurement matrix with banded random matrix (BRM)
Here, Φ
structure and x ∈ RN is a vector containing signal averages over intervals of length TN .

3.2

FW signal recovery

e
The system model in (4) is an underdetermined system of equations because in general Φ
is rectangular with M  N . Fortunately, the theory of compressive sensing [3] asserts that
e obeys the restricted
the signal x can be recovered exactly from the measurements y if Φ
isometry property (RIP) [2]. The optimization program to recover x is given by
e − yk2 ≤ 
min kx̃k1 subject to kΦx̃

(5)

where  ≥ 0 is a small constant and the operator kkp denotes the lp norm. In [] the authors
e satisfies the RIP with
determined that the number of measurements required such that Φ
2 2
probability at least 1 − 2 exp(−c0 bv δ /β) for c0 > 0 is given by
M ≥ dC[log(N/S) + 1] + N/bs − Λ(C1 , bs , N, S)e − 1.

(6)

For S = Se , bs = Ts /TN ∈ Z, bh = Tb /TN ∈ Z, bv = bh /bs ∈ Z, . Here, the constant
C > 0 with C1 = 2C is small and dependent on an error term δ ∈ (0, 1), on the subGaussian norm K 2 of its entries, and on c0 , S stands for the sparsity or support of the
signal. Furthermore, β = (−2S 2 − (6bv bs + 3bs + 1)S + b2s − 1)/(6bs S) and Λ(C1 , √
bs , N, S) =
2
2
(1/2)
(−3C1 bs log(eN/S)[4S − (3C1 bs log(eN/S) + 2(3bs + 1))S + 2(bs − 1)])
/(6bs S).
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3.3

Implementation

The implementation of the system is performed by replacing the ADC in Figure 1 by the
system consisting of the bank of random samplers shown in Figure 5 sampling at subNyquist rates. To sample FW signals we use the approach described in section 3.1 and
the model in (4). The rate fN is a very important factor in the design of the sampling
approach and should be chosen carefully. Note in (4) that the faster the rate, the higher
the resolution of the reconstruction that can be achieved and vice versa. In the case when
a reconstruction of the type of quality given by the Nyquist/Shannon sampling theorem
is desired, the rate fN , has to be conditioned to be equal or higher the Nyquist rate fN yq
(i.e., fN ≥ fN yq where fN yq ≥ 2fmax and where fmax is the highest frequency present in the
spectrum of x(t)). Selecting such a rate gives the capability to achieve a reconstruction as
the one given by the Shannon/Nyquist theorem but with fewer measurements under sparsity
assumptions. Therefore, the desirable resolution depends on the application: whether a
single TOF measurement is sufficient or a FW signal for subsequent analysis is desired.
One of the parameters determining the number of measurements required depends as
described in (6) on S = Se . However, in section 2.1 it was mentioned that the number of
echoes Ne and their duration di is generally unknown. Therefore, we require some sort of
estimation on the parameter Se to sample the signal very efficiently. In [5] the authors defined
the term complexity of the signal as a parameter representing the number of innovations of
the signal. Such number, can be used as an indicator of the sparsity of the signal and
updated on the fly as the set of sampled FW signals are collected by the process of scanning.
In general, this is possible because Se does not vary largely with FW signal index as shown
in Figure 4b. Unfortunately, this information is not available initially. However, the initial
values of Se can be chosen with knowledge of the emitted pulse duration and on the maximum
number of echoes typically present in FW signals. For example [12] determined empirically
that the maximum number of echoes present in FW signals is in general seven (i.e., Ne = 7)
and that more than four echoes occur quite rarely. It is also mentioned here that the first
two echoes contain about 90% of the emitted pulse energy.

4

Experimentation and Results

To perform the experimentation, we use the collected dataset described in section 2.3. Simulation of the sub-sampling approach and recovery described in section 3 is performed in
Matlab. The recovery of FW signals using the optimization in (5) is made by using the code
developed in [1]. To illustrate the possibilities of our approach, we use several real LIDAR
FW signals as input to the system depicted in Figure 5. The rate at which these signals
were originally sampled is 2 GHz. This rate is selected based on the characteristics of the
emitted pulse of 1.5 ns duration and the corresponding Nyquist rate.
In the first set of experiments, the selected rates fN of the overlapping windows Φj (t)
are fN ∈ {1/4fN yq , 1/3fN yq , 1/2fN yq , fN yq }. At each of these selected rates, recovery is
performed using a specific number of samples. The overlapping windows are simulated via
e with a BRM structure. The non-zero entries in the BRM are
the observation matrix Φ
randomly generated in Matlab according to a Normal distribution. The duration of the
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Table 1: FW signal recovery
fN
M
Resolution 1 1/4fN yq 1054
Resolution 2 1/3fN yq 1239
Resolution 3 1/2fN yq 1608
Resolution 4
fN yq
2718

with parameter fN
N
bh
CR (%)
1665 790
36.7
2220 896
44.2
3327 1035
51.7
6657 1500
59.2

overlapping windows is fixed to bh = {790, 896, 1035, 1500} · 1/2e9 seconds for the rates
fN ∈ {1/4fN yq , 1/3fN yq , 1/2fN yq , fN yq }, respectively. At each of these cases the shift is fixed
to bs = 3 · 1/2e9 which corresponds to a bv = 500 · 1/2e9 throughout all cases. Figures 6.1a,
2a show the random sub-samples, Figures 6.1b, 2b compare the original FW signal with the
reconstructed signal and Figures 6.1c,2c is a zoomed version at the pulse echoes.

(1a) Measurements

(1b) Original and reconctruction

(1c) Zoomed echoes

(2a) Measurements

(2b) Original and reconctruction

(2c) Zoomed echoes

Figure 6: Effect of the resolution parameter fN . Figures 6.1a-c and 6.2a-c represent the
measurements and FW signals obtained at rates 1/3fN yq , fN yq , respectively.
Note that the the perceptual quality of the reconstructed signal is very close to that of the
original signal using fewer samples as compared to the Nyquist/Shannon sampling theorem.
To further asses the performance of our approach we measure the compression efficiency by
means of the compression ratio (CR) given by CR = (1 − M
) · 100% where M and N denote
N
the number of compressive samples and the number of Nyquist samples, respectively. Table
1 summarizes the results of for the distinct fN cases in this experiment.
In addition to the experiment above, we also test our approach in reconstructing the FW
signal as a function of the number of measurements M at a fixed rate fN . In particular,
we chose the rate fN = fN yq and reconstruct at distinct number of measurements M . The
cardinality Se of the echoes in the FW signal shown in Figure 6.1b is approximately about 29
samples which corresponds to 14.5 ns. In general the noise level in FW signals is large in the
set Γce . With such noise, precise recovery would require a larger number of measurements
M . To illustrate on how large noise increases the requirements on M , we compare, the
performance of our sampling approach in the noisy and noiseless FW signal. In the noiseless
scenario, we remove noise by modeling the FW signa as linear splines as done in [4]. The
8

M
500
1000
1500
2000
2500

Table 2:
bh
bv
350 25
1344 168
845 169
1344 336
843 281

FW signal recovery with varying M
bs RMSE Noisy RMSE Noiseless
14
0.1791
0.1031
8
0.1352
1.38e-5
5
0.1189
6.97e-6
4
0.1121
6.96e-6
3
0.0980
8.89e-6

CR (%)
92.5
85.0
77.5
70.0
62.4

noisy and noiseless recovery results are shown in Figure 7.1 and 7.2, respectively. In the
noisy setting the parameters bh = 845, bv = 169, bs = 5, M = 1500 where used, whereas,
bh = 1344, bv = 168, bs = 8, M = 1000 where used in the noiseless case. The performance
of the algorithm is measured by using the root mean squared error (RMSE). However, for
convenience and relevance the RMSE is measured only in the indices present in the set Γe .
In table 2, a summary of a variety of reconstructions with distinct test parameters is shown.
For these tests, the FW signal shown in Figure 6.1b originally sampled with N = 6657
samples and with an overlapping window rate of fN = fN yq is used.

(2a) Measurements

(2b) Original and reconctruction

(2c) Zoomed echoes

(4a) Measurements

(4b) Original and reconctruction

(4c) Zoomed echoes

Figure 7: Effect of M on FW signal recovery. Figures 7.1a-c, 7.2a-c, correspond to the noisy
and noiseless setting with M = 1000 and M = 1500, respectively.
Note that the approach recovers the FW signal components corresponding to the echoes
accurately. In contrast, the parts pertaining to the noise in the signal are unprecise because
those sections are not sparse. Because these parts are irrelevant to the analyst and the noise
peaks are kept to a minimum which prevents them from considered as a false echo then;
we can say that the recovery is acceptable. However, careful selection of M is required to
achieve acceptable recovery at a given noise level. Alternatively, we could also include a
continuous-time noise reduction filter prior to signal digitization.
One other issue our approach presents is that the computational complexity is significantly high. We can expect improvements upon this issue by devising or using faster l1
minimization algorithms. However, we leave that for future work and focus here on showing
that FW signal recovery is possible using our proposed approach.
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5

Conclusion

In the work presented here, we propose a framework to collect individual FW signals at
sub-Nyquist rates. The essential key step to achieve recovery consists on exploiting the
structure in multiple echoes which are of short duration. The sampling strategy consists on
subdividing the FW signal using overlapping windows with random amplitudes. We model
this process by banded random matrices (BRM) and recover using l1 minimization under a
restricted isometry property (RIP) condition. The experiments show that FW signals can
be sampled and recovered very efficiently using our proposed method.
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ABSTRACT
The AFSSI-C is a spectral imager that generates spectral classification directly, in fewer
measurements than are required by traditional systems that measure the spectral datacube (which
is later interpreted to make material classification). By utilizing adaptive features to constantly
update conditional probabilities for the different hypotheses, the AFSSI-C avoids the overhead of
directly measuring every element in the spectral datacube. The system architecture, feature
design methodology, simulation results, and preliminary experimental results are given.
Keywords: Compressive Sensing, hyperspectral imaging, spectral imager

1. INTRODUCTION
Spectral imaging is a technique used for in-situ material classification for a variety of
applications [1-3]. Traditional hyperspectral analysis requires recording a vast amount of data,
acquired over the course of many measurements, generated by scanning through one or two
dimensions of the spectral datacube—the optical data consisting of two spatial dimensions and
one spectral dimension. Scanning is one solution to the challenge of reading 3-dimensional data
with a 2-dimensional detector. In the traditional approach, once the datacube has been acquired,
classification is performed by comparing the measured spectra to a library of known spectra [4].
We have introduced a system architecture called the adaptive feature-specific spectral imaging
classifier (AFSSI-C) for the purpose of direct classification. In contrast to traditional approaches,
the AFSSI-C makes feature-based measurements to arrive at a classification without sampling
the entire spectrum [5]. Previous work with our feature-based spectrometer (as opposed to
1

spectral imager), the Adaptive Feature-Specific Spectrometer (AFSS), demonstrated reductions
in time-to-classification of up to 150X compared to traditional approaches [6]. The AFSS
utilized a programmable micromirror array to measure projections of the input spectrum onto an
arbitrary set of spectral filters. Bayesian updates to likelihood ratios then tracked the probability
of a match with each individual library spectra. The AFSSI-C extends this approach to spectral
imaging by performing spectral classification across multiple spatial locations in parallel.
Simulation of the AFSSI-C predicts a reduction in classification error by three to four orders of
magnitude, compared to traditional architectures (e.g. pushbroom, whiskbroom, tunable filter)
over the same number of measurements. This paper will describe system architecture, prototype
design, and initial results, along with proposed improvements and design goals.
2. SYSTEM DESIGN
The foundation of the AFSSI-C is the creation of an adaptive spectral filter at every spatial
location. The architecture is a modification of the ‘dual disperser’ configuration described in [7]
and can be thought of as two back-to-back 4f spectrographs linked by a Texas Instruments digital
micromirror device (DMD) that implements the filter features. A schematic of the optical layout
is shown in Fig. 1.

Figure 1: Schematic of the optical design for the AFSSI-C. Light from the scene enters the first arm of the system
from the lower left, is dispersed and imaged onto the DMD, and then enters the second arm (where the dispersion is
reversed) before detection.

Light from the object enters the system at the bottom left of Fig. 1. The first lens of the system
collimates the incident light before it is incident on the first grating (grating 1 in Fig. 1). The
dispersed light from the grating is then re-imaged at the DMD, where the individually-actuated
mirrors direct the light to either the beam dump or the second arm of the system, depending on
the desired filters. The encoded signal is collimated before the second grating, which removes
the dispersion imparted by the first grating. The final lens in the system creates an image at the
detector, spatially congruent with the object scene. As a result of this process, the spectral
information at each spatial location encounters a structured spectral filter, the nature of which is
determined by the specific pattern of mirrors on the DMD.
2

3. CODE DESIGN AND CLASSIFICATION
The filtered spectra at each spatial location are spectrally integrated by the detector and are then
compared to the elements in the spectral library as projected onto the same spectral filter. A
weight is assigned to each element of the library, based on the conditional probability of the
hypothesis given the measurement. Using Bayes’ theorem, the probability of hypothesis (library
element) Hi given a sequence of k feature-based measurements {m}k is
|{ }

{ } |

(1)

{ }

By working with likelihood ratios, we can eliminate the need for knowing the probabilities of a
specific measurement history Pr({m}k), and by taking the prior Pr(Hi) as the conditional
probability after the (k-1)-th measurement, Pr(Hi|{m}k-1), we derive a simple update procedure.
The weighted library is then used to determine the feature, implemented in the following
measurement, which will discriminate between the elements in the library with the highest
probability values. To this end, probabilistically-weighted principal component analysis is used
(pPCA). The first principal component is the largest eigenvalue of a probabilistically-weighted
covariance matrix Qk of the m individual spectra in the spectral library:
∑

|{ }
̅

̅

,

(2)

with the mean spectrum ̅ being the probabilistically-weighted mean given by
̅

∑

|{ }

.

(3)

Within this Bayesian approach, after each measurement we provisionally classify each spatial
location as the spectra having the highest probability at that time. In simulation and experiment,
system performance is assessed in terms of the fraction of spatial locations that are correctly
classified after each measurement step.
The signal at the DMD is spatially and spectrally multiplexed, and the design of the code
necessarily accommodates this multiplexing. Spectral filters for each spatial location along a
row—the direction of dispersion—cannot be independent because the dispersed light from one
spatial location is incident on the same DMD mirrors as dispersed light from adjacent spatial
locations in that row. While design of adaptive features in the AFSS could use pPCA [6] of just a
single probabilistically-weighted library, the AFSSI-C must take into account the weighted
libraries of each spatial location along a row. To do this, the weighted library from each spatial
location in a row is put on the diagonal of a larger matrix. The first principal component—a
vector in the direction of greatest variance—of this larger matrix is found and translated into the
feature for the following measurement. This design framework is referred to as joint-pPCA, and
is described further in [5].
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4. SIMULATION RESULTS
Simulations of the AFSSI-C with joint-pPCA design show improvement over traditional
approaches to spectral imaging. The simulations also compare AFSSI-C behavior using
randomly generated spectral features and static joint-pPCA (the design is not updated during the
measurement sequence).
Comparisons are made to different levels of task-SNR (tSNR), a metric developed for the AFSS
to describe the difficulty of a classification task [6]. Defining the minimum pairwise Euclidean
distance:
√
where

and

)

(3)

represent two spectra in the library, the definition of tSNR is then:
,

with

(4)

being the standard deviation of the AWGN.

Figure 2: (Left): Simulation results comparing traditional spectral imagers to the AFSSI-C using different spectral
feature design strategies at 0dB tSNR; (Right): Simulation results at -10dB tSNR.

The results in Fig. 2 (left) show that in simulation the AFSSI-C with adaptive, designed jointpPCA features shows roughly 3 orders of magnitude lower classification error in the 0 dB tSNR
case (
in eq. (2)) at approximately measurement 20. The simulations also demonstrate
adaptive, joint-pPCA designed codes are superior to either random or static joint-pPCA features.

5. PROTOTYPE
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The optical design was optimized using ZEMAX optical modeling software, and the layout of
the lens configuration was reproduced in SolidWorks. Fig. 3 (left) is a rendering from
SolidWorks; the components of this model were then fabricated on a rapid prototype 3D printer.
Figure 3 (right) is an image of the prototype (light baffles are removed to reveal the
components).

Figure 3: (Left): A rendering of the prototype design for the AFSSI-C; (Right): Prototype AFSSI-C with light
restricting baffling removed.

The spectral datacube used for testing the prototype system is generated with an LED monitor.
The source spectra are created by adjusting the intensity of the colors available from the monitor.
Initial testing has relied on a four spectra library, shown in Fig. 4.

Figure 4: Four-class spectral library using the individual colors available from the monitor.

The spectra shown in Fig. 4 are measured with the AFSSI-C for spectral library calibration.
Similar to the operation of a tunable-filter spectrometer, a given spectrum is presented to the
system while the code on the DMD is adjusted to measure a single spectral channel. The code is
then swept across the DMD to build the full spectrum. This process is repeated for every library
member.
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To create the source spectral datacube, an image is downsampled to the desired spatial
resolution, and posterized to the number of spectra in the library being used for the experiment.
Each level of posterization is assigned a member of the spectra, and the result is displayed on the
monitor. Initial experiments used 64x64 spatial locations with 38 spectral channels; more recent
experiments involve 128x128 spatial locations and 76 spectral channels. Figure 5 shows
experimental results; the left-most column is the source image, where the grayscale colors
represent different members of the spectral library. The remaining columns show the scene as
classified by the system in the first three measurements.

Figure 5: Experimental results (64x64 with 38 spectral channels). Both sources are made up of the four colors in the
spectral library (see Fig. 4).

The experimental results in Fig. 5 show system performance varies with the complexity of the
input image. The vertical bars of color in the bottom row are correctly classified by the third
measurement, while there are still classification errors in the third measurement when the source
is the University of Arizona logo. In these experiments, the source was comprised of 64x64
spatial locations and a 4-member spectral library (with 38 spectral channels each). Direct
measurement of the 1.5x105 elements in the source spectral datacube would require at least 4000
measurements with a whiskbroom spectral imager; a pushbroom style spectral imager would
require 64 measurements. The output of either of these traditional systems would still need
interpretation to make spectral classification.

Figure 6: Experimental results (128x128 with 76 spectral channels). Here, the same four colors are used, but each is
made up of 76 spectral channels.

The experimental results in Fig. 6 are for the same reference image as in Fig. 5 (top), but with
128x128 spatial locations and a 4 element, 76 spectral channel library. Error in spectral
classification is greater for the higher resolution experiments.
6. FUTURE WORK
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Initial experimental results with the AFSSI-C prototype are promising, but there are a number of
elements to address. The original design resolution was 256x256 with 128 spectral channels,
with large spectral libraries (much more than the four classes). Though early results at 128x128
spatial locations with 76 spectral channels are encouraging, another doubling of the spectral and
spatial resolution is not yet within reach. As the optics continue to improve, advanced techniques
for accurately mapping the code to the DMD are needed, and work continues to improve focus at
intermediate planes where focus is difficult to measure (i.e. at the DMD).
Further work is required to quantify the inherent noise in the system. Simulations of the system
inject noise and measure the classification error per measurement for various noise levels.
Without a firm understanding of the noise in the system prior to the introduction of additive
Gaussian noise, it is difficult to make direct comparisons between simulated and experimental
results.
7. SUMMARY
The AFSSI-C is a spectral imager that directly determines spectral classification by leveraging a
library of potential spectra and utilizing Bayesian probability to compare spectrally encoded
signals from the input scene. The system utilizes a DMD as an adaptive spectral filter, applying
features at each measurement event determined from the results of previous measurements.
Multiplexing at the DMD requires joint-pPCA to determine spectral features that take into
account the weighted spectral libraries along an entire row.
Simulations of the system show reduced time to classification over traditional methods.
Adaptive, designed codes are found to be the best method for feature design, based on
classification rate.
The prototype results show great promise, demonstrating accurate classification of a low
resolution spatial scene in a few measurements. Experimental classification of higher spatial and
spectral resolutions is our immediate goal, with clear understanding of system noise so that
comparison to simulation results can be made.
8. REFERENCES
[1] C. Van Veen, "Spectral imaging provides new view for biotech and medical
professionals". Laser Focus World, v. 48, 2012, pg. 61-64.
[2] T. Vo-Dinh, B. Cullum, and P. Kasili, "Development of a multi-spectral imaging system for
medical applications". Journal of Physics D: Applied Physics, v. 36, 2003, pg.1663-1668.
[3] C.R Howle., A. Frisby, A.J.S. McIntosh, D.J.M. Stothard, M.H. Dunn, et al. "Hazardous
liquid detection by active hyperspectral imaging". Proceedings of SPIE, v. 8189, DH1-8, (2011)
[4] R. J. Anderson, D. J. Bendell, and P. W. Groundwater, Organic spectroscopic analysis
(Cambridge: Royal Society of Chemistry, 2004).

7

[5] M. J. Dunlop, P. A. Jansen, and M. E. Gehm, “Adaptive, Feature-Specific Spectral Imaging
Classifier,” in Computational Optical Sensing and Imaging (COSI(M. E. Gehm 2007)), Toronto,
Canada, July 2011.
[6] V. Dinakarababu, D. R. Golish, and M. E. Gehm, “Adaptive feature specific spectroscopy for
rapid chemical identification,” Opt. Express v. 19, 2011, pgs 4595-4610.
[7] M. E. Gehm, R. John, D. J. Brady, R. M. Willett, and T. J. Schulz, “Single-shot compressive
spectral imaging with a dual-disperser architecture,” Opt. Express v. 15, 2007, pgs. 1401314027.

8

CALIBRATION OF HIGH DIMENSIONAL
COMPRESSIVE SENSING SYSTEMS: A CASE STUDY
IN COMPRESSIVE HYPERSPECTRAL IMAGING

Graduate Students: Phillip Poon1 and Matthew Dunlop2
Professional Staff: Esteban Vera2 and Dathon Golish2
Faculty Advisor: Michael Gehm1,2
1 College of Optical Sciences, 2 Department of Electrical and Computer

Engineering, The University of Arizona, Tucson, AZ, USA

ABSTRACT
Compressive Sensing (CS) is a set of techniques that can faithfully acquire a signal from subNyquist measurements, provided the class of signals have certain broadly-applicable properties. Reconstruction (or exploitation) of the signal from these sub-Nyquist measurements
requires a forward model—knowledge of how the system maps signals to measurements. In
high-dimensional CS systems, determination of this forward model via direct measurement
of the system response to the complete set of impulse functions is impractical. In this paper,
we will discuss the development of a parameterized forward model for the Adaptive, FeatureSpecific Spectral Imaging Classifier (AFSSI-C), an experimental compressive spectral image
classifier. This parameterized forward model drastically reduces the number of calibration
measurements.
Keywords: Compressive Sensing, hyperspectral imaging, calibration.

1. INTRODUCTION
A hyperspectral imaging system produces images wherein each spatial location (pixel) has
a corresponding spectrum [1, 2]. The input spectral density So (x, y, λ) can be represented
by a hyperspectral cube which has one wavelength and two spatial coordinates, as shown
pictorially in Fig. 1. Hyperspectral imaging is used in many applications in remote sensing
where the spectrum of a spatial region is of interest such as agriculture and geology [3, 4].

1

y

λ
x
Figure 1. A diagram of a hyperspectral datacube with dimensionality 4 × 4 × 9.

In an optical system with post-measurement additive noise n, we can represent the relation between the signal f and the measurements g with
g = Hf + n,

(1)

where H is the system measurement matrix.
Hyperspectral images have higher dimensionality than conventional RGB images, which
generally increases the measurement time. A relatively low resolution hyperspectral cube
with 128×128×76 dimensions has 1.2 million voxels. Measuring the spectrum at each spatial
coordinate with a spectrometer (i.e. the whiskbroom technique) would take over 1.6 × 104
measurements. A pushbroom technique simultaneously measures over a row or column of
the hyperspectral image, by implementing parallel whiskbroom measurements with multiple
sensors [5]. Nonetheless, the pushbroom technique still requires 128 spatial measurements to
measure the entire hyperspectral cube. Reducing the number of measurements is important
for many applications such as the classification of hazardous materials.
For the purposes of this paper we will refer to a conventional measurement system as any
system for which the measurement of the signal, g, resembles the signal itself, f . This implies
that the dimensionality or number of measurement samples is equal to the dimensionality of
the signal. For example, the whiskbroom technique is conventional because it takes 128×128
spatial measurements for each of the 128 × 128 spatial locations.
Another name for conventional measurement systems is ’isomorphic’, as the sampled
measurements intentionally resemble the input signal. For a slit spectrometer, one can read
out a linear detector array to obtain the spectrum without any digital signal processing.
Similarly, in a conventional camera, the read out of the CCD pixels forms the desired image.
Any use of compression algorithms to reduce the amount of data occurs after the signal is
sampled.
2

In a compressive sensing (CS) system the number of measurements is much less than the
native dimensionality of the signal [6–8]. This implies that the measurement matrix H is no
longer approximately the identity matrix (hence, the measurement is no longer isomorphic).
Accurate measurement in this context is feasible if the underlying signal f is sparse (most of
the elements of a signal must be zero) or compressible (most of the elements are small) in
some basis. In a CS measurement system the signal is compressed before it is sampled. A
few examples of CS measurement systems include the single pixel camera, compressive MRI
and single-shot spectrometers [9–11].
2. THE ADAPTIVE, FEATURE-SPECIFIC SPECTRAL IMAGING
CLASSIFIER (AFSSI-C)
Our experimental prototype for compressive hyperspectral imaging is the Adaptive, FeatureSpecific Spectral Imaging Classifier (AFSSI-C). The phrase feature-specific measurement is
used interchangeably with compressive measurement [12].
The AFSSI-C optical design is shown in Fig. 2; the intermediate object plane is located at
the front focal plane of a lens which collimates the light from the scene. The light is dispersed
by a diffraction grating which laterally shifts each wavelength layer in the datacube along
the direction of dispersion. The second lens then images the dispersed scene onto the digitial
micromirror device (DMD). The DMD is a rectangular grid of programmable tilting mirrors.
The mirror orientations are binary and can individually tilt to reflect the light into the second
half of the system or to a beam dump. When the dispersed hyperspectral cube is incident
upon the DMD, any spatial location (m, n) in the sheared hyperspectral datacube that is
reflected into the beam dump effectively removes a column (in the wavelength direction) from
the sheared hyperspectral cube which is reflected into the second arm. After passing through
the third lens which recollimates the light, a second grating reverses the dispersion of the
first grating on the hyperspectral datacube. The fourth lens then images the hyperspectral
datacube on to the monochrome CCD camera. Read out of the CCD effectively flattens the
hyperspectral datacube, with some spectral elements missing from some locations due to the
code at the DMD.
For the AFSSI-C, calibration is crucial in the implementation of its measurement scheme.
To understand the specific role of calibration we will briefly describe the AFSSI-C measurement and classification algorithms. A full description of the algorithms used is found
in [13, 14]. The AFSSI-C uses adaptive feature-specific measurements in order to classify
each spatial location’s spectrum.
At first, the classification algorithm assumes each candidate spectrum at each spatial
location has equal probability. After each measurement the camera intensity readout for a
meas
pred
given location in the flattened datacube Imn
is compared to the predicted intensity Imn
for
each possible spectrum at location (m, n). Using Sequential Hypothesis Testing (SHT), we
monitor likelihoods rather than probabilities. A likelihood is the probability of a hypothesis
(i.e. spectrum A is present) given a series of measurements. The ratio of likelihoods is
3

computed after each measurement to update the probabilities of a given hypothesis being
true. These probabilities are folded into the design process of the next DMD code. These
probabilistically weighted measurements kernels are based on the system response to the candidate spectrums. Calibration allows one to acquire the as-measured spectral library which
incorporates variations in the system response. Because classification takes into account the
entire measurement history, any errors in this calibration will have a cumulative effect on
performance.

Figure 2. A diagram of the AFSSI-C and how the hyperspectral cube propagates through the
optical architecture. (a) Light from a scene is represented by a hyperspectral cube. (b) The first
diffraction grating disperses the colors of light, effectively shearing the cube along the dispersion
direction. (c) The DMD leaves rectangular columns of rejected light in the sheared hypercube. (d)
The second diffraction grating undoes the dispersion of the first grating. (e) The read out of the
CCD flattens the datacube.

3. CALIBRATING THE ADAPTIVE, FEATURE-SPECIFIC SPECTRAL
IMAGING CLASSIFIER (AFSSI-C)
The direct approach to calibration is to determine the impulse response of a system to each
degree of freedom of the input signal [15, 16]. For hyperspectral imaging, we must measure
the impulse response at each spatial location at every wavelength. This implies over 106
measurements for a 128 × 128 × 76 hyperspectral datacube. In addition, this would be
technically challenging, as it would require a narrowband filter or source for each spectral
channel in the system.
Our first attempt at measuring the spectral library was an adaptation of the tunable
filter approach, operating under the assumption that the spectra are spatially invariant over
a column of monitor pixels. We display a given RGB value for a column of pixels on the
monitor, which increases SNR compared to a single pixel and reduces measurement time,
4

then physically sweep across the DMD mirror columns and measure the integrated intensity
for each mirror column group. If we have 128 spatial columns in the hyperspectral cube and
sweep across 76 mirror groups for each of the four candidate spectra, this still requires over
3.8 × 104 measurements.
To further reduce the number of measurements, we have developed a single shot approach
to measuring the spectrum for each candidate in the library. Rather than sequentially
sweeping across the columns of the DMD, we measure the entire spectrum at once by turning
on a diagonal pattern of DMD mirrors and read out the CCD array, see Fig. 3. The CCD
image is then segmented into groups of rows corresponding to the diagonal elements of the
DMD pattern. The total signal in a given group of rows represents the intensity for that
spectral channel. Coupled with the assumption that the spectra do not vary with position,
it only requires c CCD exposures to measure the entire library, where c is the number of
colors.
The most naive solution is to assume the system response is spatially invariant across
the entire field of view, which allows the measurement of one column to represent all spatial
locations. However, any real variation across the monitor will manifest as classification
errors in the experiment. Alternatively, we can measure the system response of a column
at a few locations across the monitor and interpolate between them to predict the spectrum
at any location. This essentially treats calibration as a parameterized forward model and
assumes that any spatially-dependent variations will be smooth. However, this technique still
assumes the system response is shift invariant vertically, which will result in some locations
being degraded by aberrations such as measurement error. Moreover, the impulse response
at different locations is degraded by aberrations, such Scheimpflug distortion, and vignetting
[17].
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Figure 3. (a) A diagonal DMD pattern is used to measure the spectrum of a column displayed on
the monitor. (b) The resulting spectrum for a white, red, green, and blue column.
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Figure 4. (a) An 8 × 8 grid of dots is displayed on the monitor. (b) An image from the CCD of the
8 × 8 grid of dots. The centroid pixel coordinates of the dots in the image and their corresponding
pixel coordinates on the object are used to estimate a projective transform between object and
image.

For these calibration procedures, and for the experiment itself, we must understand how
the image of the detector is related geometrically to the object on the monitor. For example,
any distortion in the optical design will cause magnification variation as a function of field
height. Scheimpflug distortion, which results from a tilted object plane (the DMD), produces
different magnification variation in the transverse and longitudinal directions. This leads to
a square object imaging to a trapezoid on the detector. In addition, the reflection axis of the
micromirrors is along their diagonal and causes the detector (and the entire second arm) to
be out of plane, which produces a rotation on the detector. Indeed the image of a vertical
column on the monitor appears rotated on the detector. To account for these effects, we
borrow an approach from the computer vision community which allows us to estimate the
monitor scene given the detector readout.
We assume the distortion aberrations can be described geometrically as a projective
transform [18]. The projective transform is a non-linear projection from object to image
space. It is a more general form of affine transforms which includes linear transforms such
as scale, rotation, and shear and the non-linear transform translation. In computer vision
the projective transform is often used to simulate a change in the camera’s perspective of
an object. The projective transform is described by a 3 × 3 matrix which can be used to
relate any set of pixel coordinates on the monitor (m, n)obj to a set of pixel coordinates on
the CCD readout (m, n)img .
The estimation of the transform matrix is requires control point pairs to determine how
pixels from the object scene correspond to pixels in the image scene. Figure 4 demonstrates
a set of points with known locations, (m, n)obj , on the monitor and the corresponding set of
points with measured locations, (m, n)img , on the monitor. A minimum of four point pairs
is needed to estimate the transformation matrix, however we use an 8 × 8 grid of points
to improve accuracy. Since all the points are displayed simultaneously, a simple function
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iteratively locates the centroid within a small window on the image. For each control point,
the window is moved to an approximate location and the centroid is calculated.
By applying this transformation matrix to every pixel in a detector image, we can reconstruct the object as it existed in undistorted object space. An example of this process can
be seen in Fig. 5, where other optical effects such as vignetting and blur have reduced the
quality of the final image. We can apply this projective transform to the measurement in
our spectral calibration procedures to remove geometric distortions.
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Figure 5. (a) The original image display on the monitor. (b) The image from the CCD. (c) Using
the projection transformation, we reconstruction an estimate of (a) which corrects for geometrical
distortions but does not correct for other effects such as vignetting, defocus, or diffraction that may
degrade the point spread function.

4. CONCLUSION
CS techniques offer promising reductions in the number of measurements needed to acquire
a signal. CS algorithms require knowledge of the system response to each degree of freedom
in the input signal, but direct calibration for high dimensional CS measurement systems
such as the AFSSI-C is impractical. We demonstrated a particular implementation of a
parameterized forward model to drastically reduce the calibration time in the AFSSI-C from
1.2 × 106 measurement steps in the direct method to (1 + kc) measurement steps in the single
shot method, where c is the number of candidate spectra in the library and k is the number
of locations (≈ 5) at which we perform the calibration. The constant 1 is required because
one CCD exposure is needed to need estimate the projective transform.
Calibration continues to be a challenging issue; the lowest classification error, reached
by the AFSSI-C for a 128 × 128 × 76 hyperspectral datacube is approximately 5% [19].
We believe that in order to have the lowest classification error possible further advances in
calibration must be achieved. In the future we hope to investigate alternative calibration
techniques such as matrix completion [20].
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ABSTRACT
PMRF provides a volume of space, which may include any combination of belowsurface, surface, above-surface environments to safely test, gather data, and
monitor in real time, the performance of systems being developed. This paper
discusses how TENA implementation in range instrumentation; including radar,
optics, video, GPS, and telemetry systems; will enhance data acquisition and
distribution of systems under test. While details of this implementation plan are
specific to PMRF, this approach can serve as a blueprint for TENA implementation
at other ranges throughout the DoD.
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INTRODUCTION
The individual services of the Department of Defense (DoD) have maintained an
infrastructure of test and training ranges in order to develop material and
doctrine used by the war fighter. Each service has developed their respective
ranges to best suit their operational areas. As a result, the test and training ranges
have developed a number of different approaches to controlling instrumentation
and disseminating data internally and externally to range systems and users.
While this addressed requirements in the past, the advent of the Network Centric
War Fighter throughout the services has precipitated a greater need for

integrating the individual services in the operational arena. In the same manner,
the test and training ranges must now become interconnected in order to provide
truth data on the effectiveness of the new systems and doctrine under
development. Introducing new testing systems to the ranges to meet this need
can be expensive and time consuming due to the varied architectures and
procedures present at the individual ranges. Generally, solutions developed at
one range cannot be easily used elsewhere. Further complicating matters is the
vast volume of data being generated as testing transitions from a mode of one
system vs. another system on a single range, to a mode of systems vs. systems
tests across an extensive geographical area. The resulting demand placed on
Range Control and Data Distribution has severely tasked individual range
capabilities.
The purpose of the ranges is to provide a volume of space, which may include any
combination of below-surface, surface, above-surface environments to safely
test, gather data, and monitor in real time, the performance of systems being
developed. Using a combination of range instrumentation; including radar, optics,
video, GPS, and telemetry systems; the range acquires the system under test,
records test data, and using a small subset of the data, provides real time
processing and display for flight safety, analysis, and event control. Interfaces
exist between each of these individual components as well as to other ranges and
test facilities.

TENA Implementation Goals

The purpose of TENA Implementation is to provide a capability that modernizes
and enhances system control and data distribution. The TENA Implementation
will provide the control functionality between instrumentation/sensors and
display systems, data distribution, and core data processing. Specifically, TENA
will provide a suite of applications that create a sensor-independent interface to
control different range sensors, and provide data filtering and fusion capabilities
critical for operations on the range; a data distribution scheme which will

efficiently disseminate data critical to real time operations on the network, thus
relieving network bandwidth limitations; core support modules that are easily
transportable between ranges for generating data filtering, data fusion, and other
critical real time processing modules; and a methodology for transferring data
between the ranges using JMTEC. The TENA architecture is designed to operate
within an individual range and as well as across multiple ranges and operational
centers.
T&E Need
There is a need for a range control and data distribution architecture that
supports integration of new instrumentation more rapidly and reliably than
existing methods, and with reduced cost and effort. As previously mentioned,
individual ranges have developed approaches to range control and data
distribution, which are often range-specific and call for significant interface
development when integrating new instrumentation and systems to the range
environment. The emerging T&E need is for a reusable data fusion, filtering, and
range control capability that is not range specific and which can be reused
throughout the T&E community.
The goal of the TENA Implementation at PMRF is to meet this immediate need
while providing a solid foundation to build upon for future requirements of
Distributed Testing and Training exercises across the DoD ranges.

Design and Development Approach
PMRF continuously supports Navy Fleet Operations and T&E Missions and cannot
assume the risk of not supporting these respective customers during the
implementation of the TENA architecture. A test environment must be
established to develop and test any future capability in parallel before any
resulting product of this architecture is used in a production environment.

TECHNICAL APPROACH
The purpose of TENA Implementation is to enhance and modernize range control
and data distribution systems. TENA Implementation will enhance range control
and data distribution applications that support varied real time missions on range,
standard real time interconnection and data exchange with other ranges, and
accommodate rapid, reliable introduction of new sensors and systems to the
range environment in a cost effective manner.

The range system architecture that exists at PMRF is shown in Figure 1, which
highlights all the major systems and interfaces on the range. This depiction of
PMRF’s range system architecture includes three major groups of components:
sensors and instrumentation which generate data, systems and applications
within the Real Time Computing Center (RTCC) which generally process data, and
finally, systems within the Range Operation Control Center (ROCC) which includes
various display and analysis systems. Sensors reside in a number of
geographically disparate locations, including Barking Sands, Makaha Ridge, Kokee
Park, and finally, MATSS, which is a mobile platform designed to extend sensor
coverage at sea, over the horizon from land-based assets. In addition there are
undersea sensor ranges at PMRF which will be candidates for TENA
Implementation. This will allow for future connection of PMRF fleet operations
with exercises conducted worldwide.
Data distribution is accomplished over the iNet network, which provides physical
interconnection between the various sites and systems. Distributed data
processing occurs’ local to the sensors themselves within the Source Integration
Server (SIS) for each sensor or within the telemetry data processing units. Other
data processing occurs in a more centralized manner within PMRF’s RTCC and
ROCC, which both reside at Barking Sands Building 105. Several external
communications mechanisms exist over DREN, SDREN, and STE connection.

Overall Implementation Strategy
The overall implementation strategy will employ a phased approach over three
years. Areas of development will be the range data distribution architecture and
key software modules/applications in the PMRF Real Time Computing Center
(RTCC), the Source Integration Server (SIS), and the current PMRF physical
communication/data network (iNet).
The first project phase, which will be conducted over 12 months, will focus on
system development, with an emphasis on the portions of the range architecture
that produce, process, and distribute data.
Closest to the range sensors, NGRC&DD will develop a distributed data processing
unit which provides an interface between the sensor and range distribution
network and which performs a distributed data processing capability, including
data fusion and filtering. This will be a key component in next generation range
control. Within the PMRF architecture, this unit is known as a Source Integration
Server (SIS). The NGRC&DD will enhance the SIS to operate as part of a
standardized range control and data distribution system that can be used
throughout the T&E community. The TENA-SDA, working in conjunction with
PMRF, will lead the SIS development phase.
Within the data processing components of the range architecture, range control
applications will be enhanced to provide a more standardized and modular
mechanism for data processing and distribution. Specific applications to be
enhanced at PMRF include N-Station, Instant Impact Prediction (IIP), In The Box
(ITB), T-25, and Operational Dashboard real time software modules. Together
these applications perform the functions of data distribution, fusion, and
prediction at PMRF.
As previously stated, PMRF has a requirement to continue to support a variety of
test and training missions during the time the NGRC&DD project will be executed.
In order to enable development, integration, and testing of the new data
distribution architecture and real-time computing applications concurrently with

PMRF operations, the project will stand up a “sandbox” development and test
environment within the PMRF network infrastructure. This development and
test environment may include existing VLANs or sub networks at PMRF, such as
the tNet, and it may also include new VLANs or subnets that are connected to, but
sufficiently isolated from, PMRF operational network to ensure that development
and testing activities do not adversely affect ongoing PMRF test and training
operations. Due to current saturation of PMRF networks, the project will
augment PMRF’s current network with new equipment. It is anticipated that the
NGRC&DD development/test network will have components in the Real Time
Computing Center, Range Operations Control Center and Makaha Ridge. The
design of this development/test network will be accomplished in parallel with an
existing network upgrade project led by NSWC Corona, so that the NGRC&DD test
infrastructure will be fully integrated with the remainder of the new network
infrastructure. Existing, unused fiber between Makaha Ridge and PMRF Building
105 will be used to support testing of the NGRC&DD technologies.
The second phase of the project, which will take 12 months, will focus on
integration and testing of the NGRC&DD in parallel with legacy applications at
PMRF in a non-operational context. Whereas testing in the first phase of the
project will be conducted in a development/laboratory environment, testing in
phase 2 will occur within the PMRF network infrastructure. This phase will begin
by integrating the enhanced SIS, TENA optics system, and enhanced range control
applications into the range environment. Information assurance and network
performance analysis will occur concurrently. The enhanced systems will be
tested in parallel with PMRF legacy applications and systems in a non-operational
mode. Technical risk to PMRF operations will be minimized through the use of
both logical network and temporal separation from critical operations.
Performance of the next generation range control and data distribution system
will be assessed and enhanced, as required, during this phase.
The third phase of the project, which will also be executed over a 12-month
period, will include demonstration of the NGRC&DD capability in an operational
environment at PMRF. As in phase 2, the enhanced systems will be tested within
PMRF network infrastructure, but in this instance the NGRC&DD will be tested

concurrently with legacy systems during PMRF operations. This phase may begin
with testing and demonstration of the enhanced system in “shadow mode”, with
legacy and next generation range control systems operating in parallel. Later in
this phase, the NGRC&DD capability may operate as the primary range control
and data distribution mechanism on the range.
The Test and Training Enabling Architecture (TENA) will be used throughout the
project as an underlying data distribution mechanism. The use of TENA will
reduce development and sustainment costs, reduce integration time, and
increase interoperability and robustness of the NGRC&DD capability.

Figure 1. PMRF Range Architecture

USING THE TELEMETRY APPLICATIONS OF TENA AND OTHER
JMETC TOOLS IN JOINT DISTRIBUTED LVC ENVIRONMENTS
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Abstract— The TENA SDA has developed and validated a common architecture called
TENA, which provides for real-time software system interoperability using the TENA
Middleware, as well as interfaces to existing range assets, C4ISR systems, and
simulations. The TENA Middleware, currently at Release 6.0.3, has been used by the
range community for testing, evaluation, and feedback in many major exercises since 2002
and has been selected as the interoperability solution in JMETC’s distributed testing.
Through investment in TRMC’s T&E/S&T Program and innovative use by Pacific Missile
Range Facility (PMRF) and White Sands Missile Range (WSMR), TENA is expanding to
the Telemetry community.
I.

INTRODUCTION

Due to the necessity of the continuous evolution of the warfighter, equipment, and concepts being
deployed in support of missions around the globe, the United States Department of Defense
(DoD) developed geographically dispersed ranges on which to conduct crucial test and training
events. The test and training events carried out at these facilities are varied in nature and range
anywhere from individual systems under test to large-scale Joint exercises spread across
numerous ranges where live, virtual, and constructive (LVC) systems are blended to enact
representative scenarios. While highly capable, these DoD ranges were initially developed with
“stovepipe” systems, individually built with different suites of sensors, networks, hardware and
software making interoperability difficult. The focus is now shifting to allow the most efficient
use of current and future range resources via range resource integration. This integration fosters
interoperability and reuse within the test and training communities, critical to validate weapon
system performance in a more cost-effective manner.
The Test and Training Enabling Architecture (TENA) is the DoD corporate approach for
interoperability of distributed range facilities with an LVC capability. This includes the Services
as well as Industry resources. TENA provides real-time software system interoperability by
interfacing to existing live range assets, plus Command, Control, Communications, Computers,
Intelligence, Surveillance, and Reconnaissance (C4ISR) systems, and simulations.
TENA provides the middleware software component and can be used on any Internet Protocol
Based network such as the Joint Mission Environment Test Capability (JMETC) Network as well
as the Joint Staff (JS) J7 Deputy Director Joint Environment (DDJE) Joint Training and
Experimentation Network (JTEN). TENA enables and enhances distributed testing and training,
as well as range integration. Upgrading an existing range system to TENA can be achieved in
drastically shorter time than traditional software integration efforts. Additional benefits include
cost-effective replacement of unique range protocols, enhanced exchange of mission data, and
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organic TENA-compliant capabilities at sites, which can be leveraged for future events,
enhancing both re-use and interoperability.
II.

THE TELEMETRY COMMUNITY AND TENA

A. TENA in Resource Constrained Environments (TRCE)

The rapid growth in Net-Centric warfare, coupled with the increasing need for interoperability
among test ranges and sites, has led to a great diversity in the DoD testing infrastructure and the
networks supporting it. The primary challenge of enabling interoperability for systems under test
in a mission-level context in a distributed LVC dynamic Joint Net-Centric Operations (JNO)
environment is being met by adopting TENA. For TENA to service the entire mission area, it
must be able to function in this diverse, resource-constrained environment. Therefore, the OSD
Test Resource Management Center (TRMC) Test and Evaluation (T&E) / Science and
Technology (S&T) Program is sponsoring the TENA in Resource Constrained Environments
(TRCE) approach. TRCE will improve the TENA Middleware’s operation and performance in
resource-constrained environments by developing technologies that support a broad range of
variable quality networks, including wireless networks, and provide native TENA support for
handheld & embedded computing platforms. TRCE will enhance the TENA Middleware to
support these types of networks and platforms to provide a common, robust interoperability
architecture.
The TRCE project has been focused on developing capabilities to extend the use of the TENA
Middleware to remote and potentially tactical edge instrumentation and systems under test,
including telemetry systems. Two key aspects of the program related to developing reliable
communication with performance constrained links (related to variable quality and low data rate
networks) and operation on constrained hardware devices (related to low power, reduced CPU
and reduced memory). Examples of constrained link types may be wireless, cellular, acoustic,
SATCOM, and other RF communications. Furthermore, hardware constraints exist in the form of
low power & small form factor computers, embedded instrumentation, and mobile internet
devices (MID) such as computers on module, smartphones, and tablet computers. This variability
and unpredictability in the overall test environment presents significant challenges in achieving
interoperability; TRCE technologies are being developed in order improve the reliability and
robustness of the TENA middleware in these types of environments.
Recent TRCE Phase 5 transition activities are centered around transition demonstrations at the
Edwards Air Force Flight Test Center where technical personnel use Instrumentation Ground
Support Units (IGSU) to monitor and test on-aircraft instrumentation systems and data in support
of flight test activities. The IGSUs contain electronic equipment such as telemetry receivers,
decryptors, radios, oscilloscopes, spectrum analyzers and computers. The IGSUs are parked at a
distance from the aircraft and the engineers and technicians must spend time walking from the
plane to the IGSU to accomplish mission objectives. The TRCE transition demonstration will
allow personnel to use wireless Android and iPad tablet devices to view and monitor the IGSU
information in real-time while working at the aircraft location. The demonstration leverages a
new TENA interface to the Instrumentation Loading, Integration, Analysis, and Decommutation
(ILIAD) software used on the IGSUs and a TRCE developed prototype TENA Webserver
application to provide the real-time updates to the tablet displays. Information provided to the
user includes real-time access to post decommutation telemetry measurand data sets in standard
TENA object models, strip chart representation of measurand values, oscilloscope and spectrum
analyzer displays, and telemetered video streams all over a FIPS 140-2 compliant wireless
communication network. A representation of the transition demonstration is shown in Figure 1
and a picture of the real-time spectrum analyzer display on an iPad is shown in Figure 2.
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Figure 1. TRCE ISGU Transition Demonstration

Figure 2. TRCE Enabled iPad with Real-Time Spectrum Analyzer Display
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B. TENA Software Decommutation System (TSDS)

The TENA Software Decommutation System (TSDS) leverages code generation technologies to
increase flexibility and interoperability when processing telemetry data. TSDS implements
TENA within the decommutation process in order to bring TENA as close as possible to the data
source and reduce system latency associated with data translation.
TSDS provides code
generated software decommutation for flexible and agile processing of telemetry data. Bit
synchronization and frame synchronization are performed before data is sent to TSDS, using
hardware from any number of vendors, and TSDS takes as an input a time tagged minor frame
encapsulated within a packet. There are three attributes of TSDS that make it of interest to the
broader T&E community.


TSDS offers a native TENA interface so that telemetry data can be published directly into
TENA object models.
 TSDS is a software based approach to telemetry stream decommutation implemented
within Java. TSDS runs on standard personal computer (PC) hardware.
 TSDS leverages auto code generation technologies to reduce the effort associated with
updating decommutation systems to support new telemetry stream definitions. The use of
code generation in software decommutation offers potential cost savings throughout the
entire T&E community.
In order to provide the flexibility required to handle a variety of telemetry streams, TSDS is
implemented with a modular architecture comprising 4 major components.
This modularity
offers the following benefits. It:







Takes advantage of modern multi-processor and multi-core computers, thus maximizing
the supported flow of telemetry data;
Supports multiple ways in which raw telemetry data frames are collected;
Allows publication of selected telemetry data to TENA;
Simplifies the porting to different platforms;
Facilitates the automatic generation of the components themselves; and
Provides efficient use of network resources by transmitting only the required data (instead
of the entire telemetry stream) to end user applications such as displays systems.

C. Dugway Proving Ground Team Uses TENA to Distribute Weather Data

As a testimony to the power and ease with which complex applications can easily be developed
using TENA, a team from the Test Technology Division at Dugway Proving Ground (DPG), the
National Center for Atmospheric Research, and Keane Corporation have developed a
sophisticated weather server using TENA.
This server provides meteorological data to participants in distributed test events operating in a
TENA environment, and fills a real need for units participating in testing and training exercises.
Many of the participants in a simulated exercise need weather information in order to perform
realistically in the synthetic environment. Artillery units need pressure and temperature at the
firing point, mobile ground units need soil moisture over the area of travel, and aerial units need
3-dimensional winds and moisture to avoid turbulence and determine visibility. Dispersion
models need 3-D information over time (4-D) to calculate where a plume of hazardous material
will drift.
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Dugway Proving Ground generates weather data and forecasts using Real-Time FourDimensional Data Acquisition (RTFDDA). This system accepts weather observations continually
and uses them as inputs to a mesoscale weather model (MM5) to generate accurate forecasts for
the test events.
The 4-D weather information generated by RTFDDA is ingested by the TENA Weather Server
and made available to TENA-enabled test event clients. The weather server provides for retrieval
of 1-D, 2-D, and 3-D data, according to the simulated clock time in the test event. A large
number of atmospheric fields are supplied (winds, temperature, pressure, precipitation, clouds,
soil, humidity, etc.).
DPG Test Technology Division developed the TENA Weather Server to deliver data simply and
efficiently to TENA clients. The server responds to a client request by retrieving the data from
the requested area, and packaging it into a TENA object, using a highly compact data
representation technique custom-tailored by the weather server developers for representing the
complex weather data. This TENA object is then transparently delivered across the network to a
TENA client application. The power and flexibility of TENA enables the client application
developer to unpack and use the weather data stored in the TENA object with ease, without any
knowledge of this custom-tailored data representation. The complexity of this high-performance,
data-compacting weather server has been managed in a way that completely shields the users of
the weather data. This level of sophistication and ease-of-use is impractical using older
technologies such as DIS (IEEE 1278) or HLA that lack the power and expressiveness of TENA.
D. The Adaptable Range Exercise System Achieves Interoperability Through TENA

General Dynamics’ Adaptable Range Exercise System (ARES) provides a flexible visualization
solution for Live, Virtual and Constructive (LVC) training and testing. ARES interoperability is
achieved with the Test and Training Enabling Architecture (TENA) which allows for ARES to be
utilized in many different roles. These roles include Common Operating Picture (COP), Single
Integrated Air Picture (SIAP), Command and Control (C2), Ground Control Intercept (GCI), and
Manned Threat interfacing.
ARES has been developed with an internal architecture that allows for these roles to be enabled or
disabled based upon operational needs. This allows operators to maintain focus on their tasks and
not be overwhelmed with data not pertinent to their job at hand. The plug-and-play capability
inherited through the utilization of TENA, has been tested and proven at several ranges and test
sites. ARES is currently in use with several podded aircraft systems, manned threats, unmanned
threats, Link-16, state-of-the-art track fusion engines, RADARs, jammers, and other military
systems. ARES also has the ability to record missions and test events. These recordings can be
used in After Action Reviews (AAR) by playback in ARES or reports generated by the ARES
Analyzer.
E. Joint Test and Training Operations Control Capability (JTTOCC)

The purpose of the Joint Test and Training Operations Control Capability (JTTOCC) is to
increase mission throughput to support Joint test and training missions across cooperatively linked
air, land and sea ranges. Current requirements on the Major Range and Test Facility Bases
(MRTFBs), as well as the demands of multi-service test and training, require increased Command
and Control (C2) to maintain test and training safety. JTTOCC enhances the capability of the
current test and training command and control systems in the following areas: synchronized
mission planning and collaborative scheduling; enhanced real-time range command and control;
and post-mission data capture, analysis, reporting and archival capabilities. The JTTOCC
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incorporates an open architecture design for potential use at any MRTFB; hence it is using TENA
to provide interfaces to the major functional components. TENA cross-domain software enables
web viewers to provide a real-time Common Operating Picture (COP) that is either at the
UNCLASSIFIED or SECRET level. The design strategy for this effort concept involves a
‘closed-loop’ system, comprised of three process areas – Collaborative Scheduling, Real-time
Operations and Post-Mission Analysis. Collaborative inputs from user scheduling systems result
in a final schedule or official Operations Order (OPORD). This OPORD is used within the C2
Center for real-time operations on the day of concurrent test and training missions to map
scheduled missions to missions being executed. This linkage, along with range data sources and
data feeds, is displayed in a Common Operating Picture. Range users create tailorable views of
the COP to enhance situational awareness and allow mission flexibility.
Together, the TENA and JMETC complement enables and enhances distributed testing and
training. While JMETC is a relatively new presence for the test and training community, TENA
has evolved since the late 1990s when it was brought into play to solve an old problem that
restricted range effectiveness. Many of the early range data collection and analysis systems were
part of a vertical “stovepipe” growth of the instrumentation and instrumentation suites, and not
able to utilize the advantages found in the concepts of range interoperability and range resource
reuse. These concepts allowed for taking easy advantage of the growth in modeling and
simulation and its revolutionary application to training, forwarded in the late 1990s by the
Foundation Initiative 2010 (FI 2010) project, sponsored by the Office of the Secretary of Defense
(OSD) Central Test and Evaluation Investment Program (CTEIP).
III.

RECENT AND ONGOING TEST AND TRAINING EVENTS INVOLVING THE
UNITED STATES MILITARY USING JMETC/TENA

A. Pacific Alaska Range Complex (PARC)

Pacific Alaska Range Complex (PARC), the largest instrumented air, ground, and electronic
combat training range in the world, has integrated their systems to include TENA Middleware to
support the operational mission and requirements of Joint Red Flag – Alaska (JRF-A). PARC is
conditionally Accredited and Certified (A&C) as a JNTC venue and is the first live training range
to receive JNTC A&C.
PARC’s emphasis is on Joint and Coalition warfighting capabilities, training the warfighter and
providing near real experience of first 8-10 combat sorties. Three to four Joint and Coalition
force exercises are executed per year. Each warfighter exercise is a two week Joint air and
ground war including relevant, real-world combat scenarios with realistic threats and targets. For
combat sorties, PARC provides realistic integrated air defense threats, target arrays, and
adversaries, providing realistic and relevant scenarios that also improve Joint and Coalition
interoperability. Training venues supported include:
 JRF-A exercises;
 Northern Edge (NE) – Pacific Command (PACOM) sponsored, theater-wide;
 Joint Expeditionary Force Experiment (JEFX);
 Unit level training – Distant Frontier.
Many platforms have trained at PARC, including fighters, bombers, tankers, C2, ground, and
C4ISR. Training missions include air-to-air, air-to-ground, Offensive Counter Air (OCA),
Defensive Counter Air (DCA), Close Air Support (CAS), Electronic Warfare (EW), Suppression
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of Enemy Air Defense (SEAD), and Active Array Radar (AAR), as well as Personnel Recovery
(PR)/Combat Search and Recovery (CSAR), insertion/extraction, special ops, and tactical airlift.
Essentially PARC has created both a black TENA network and red TENA network. Systems on
either side publish and subscribe TENA objects and messages as needed/required; SimShield
provides multi-level security as a cross domain solution by allowing these two networks to
communicate seamlessly at near real time.
B. Interoperability Test and Evaluation Capability (InterTEC)

The Joint C4ISR Interoperability Test and Evaluation Capability (InterTEC) is an integrated test
solution for scalable, extensible, and operationally relevant interoperability test and evaluation
and is using TENA in its employment. The performance objective of InterTEC is to field an
accredited test system for the conduct of Joint interoperability certification testing that integrates
existing interoperability testing tools and adds new capabilities in accordance with DoD policy for
Joint Service interoperability and net readiness assessments of C4ISR networks-of-systems.
InterTEC is currently involved in its Cyber Event (ICE) execution. The specific goal of ICE is to
continue developing and institutionalizing architecture to support T&E requirements for
combining LVC and Information Operations (IO) activities for Information Assurance (IA) /
Computer Network Defense (CND) testing. The Threat Systems Management Office (TSMO) at
Redstone Arsenal, Huntsville, AL will be conducting operations during ICE. The Joint
Information Operations Range (JIOR) network will have a limited connection to the SDREN at
Eglin AFB 46TS AOC facility to enable actions from TSMO.
C. Range Radar Replacement Program (RRRP)

PEO STRI Range Radar Replacement Program (RRRP) has selected TENA for the interface to all
future ARMY Range Time Space Positioning Information (TSPI) Radars. The TENA Software
Development Activity (SDA) is working with RRRP on a TENA Radar Track and Radar System
Data set for these new radars. The Range Commander Council Electronic Trajectory
Measurements Group (ETMG) Radar Subcommittee has a task to adopt the Radar data definitions
for all service range radar interfaces. The TENA SDA has also developed a TENA pointing data
set for the RRRP programs to provide pointing data to all other range TSPI Instrumentation.
Radars will be purchased under RRRP for all Army Test Centers to include: White Sands Missile
Range (WSMR), Yuma Proving Grounds (YPG), Redstone Test Center (RTC), and Aberdeen
Test Center (ATC).
D. Air Ground Integrated Layer Exploration (AGILE) Fire

AGILE Fire is an AF-ICE event providing an LVC environment designed to actively support the
Secretary of the Air Force Chief of Warfighting Integration Modeling and Simulation investment
for maturing existing data links, as well as emerging command and control capabilities; focus on
the interoperability within and between air and ground communication layers; and to capture
requirements for emerging technologies and interfaces to existing force structure. To date, there
have been seven phases of the AGILE Fire event(s), the most recent completed in early 2013.
AGILE Fire Phases I and II focused on system interoperability, integration procedures, and
information exchange requirements (IERs). Phase III focused on identifying, categorizing,
assessing and reporting integration and interoperability gaps. Phase IV addressed Joint Fires,
airspace integration, and integrated air picture planning, operations and management. AGILE
Fire Phases V, VI, and VII objectives included system interoperability, integration procedures,
IERs and conducting technical and operational assessments to support conventional mission
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threads (i.e., Joint Close Air Support (JCAS) and Surface / Indirect Fires), as well as advanced
data links for combat operations in a denied access area.
JMETC tools were used extensively, such as TENA gateways for data transfer among sites,
InterTEC tools for data link analysis, the IVT to check-out and verify the operation of both
JMETC connectivity and TENA applications, and Voice over Internet Protocol (VoIP). Of
particular note was the first time use of JMETC chat services for event team collaboration, and
Secure File Transfer Protocol (SFTP) services for file transfer; both very successfully.
JMETC met the infrastructure requirements of AGILE Fire. The event team was very pleased
with the infrastructure and technical support provided by JMETC. They reported they were able
to collect significant data of value to the warfighter concerning their specific objectives. The event
team also strongly felt the AGILE Fire event reaffirmed the value of distributed testing.
IV.

TENA OFFERS INTEROPERABILITY AND RESOURCE REUSE

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, the
DoD corporate approach for linking distributed facilities, is a distributed LVC testing capability
developed to support the acquisition community during program development, developmental
testing, operational testing, interoperability certification, including demonstration of Net Ready
Key Performance 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 Industry test resources. Although a testing capability,
JMETC is also aligned with and complemented by Joint National Training Capability (JNTC)
integration solutions to foster test, training, and experimental collaboration.
The JMETC program has used TENA to build a new testing support infrastructure. TENA, as the
live range instrumentation architecture for test organizations and JNTC, and field-proven in major
field exercises as well as numerous distributed test events since 2002, provides JMETC a
technology already deployed in the DoD. TENA provides the middleware and software
component while the persistent JMETC network provides the hardware connectivity. This is
accomplished through the utilization of the existing Secure Defense Research and Engineering
Network (SDREN) and Defense Research and Engineering Network (DREN) infrastructure.
Interoperability is the characteristic of an independently developed software element that enables
it to work together with other elements toward a common goal by focusing on what is common
among them. Reuse is the ability to use a software 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, a common
architecture, an ability to meaningfully communicate (including a common language and a
common communication mechanism), and a common context (including the environment and
time) must be present. To bring the efficiency and economic advantages of interoperability and
reuse to the DoD test and training ranges, FI 2010 developed TENA. The FI 2010 program
completed the initial interoperability and reuse efforts in early Fiscal Year 2005, and the
continuing interoperability and reuse refinement of TENA is now managed by the TENA
Software Development Activity (SDA).
The TENA architecture is a technical blueprint for achieving an interoperable, composable set
(composibility is defined as the ability to rapidly assemble, initialize, test, and execute a system
from members of a pool of reusable, interoperable elements) of geographically distributed range
8

resources – some live, some 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 combines distributed shared memory, anonymous publish-subscribe, and
model-driven distributed 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 the middleware users to rapidly develop complex yet
reliable distributed applications. The TENA Middleware (currently at Release 6.0.3) is US
Government owned and available for free download at the TENA SDA web site
https://www.tena-sda.com.
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 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.
A significant benefit for TENA users is auto-code generation. The TENA Middleware is
designed to enable the rapid development of distributed applications that exchange data using the
publish-subscribe paradigm. While many publish-subscribe systems exist, few possess the highlevel programming abstractions presented by the TENA Middleware. The TENA Middleware
provides these high-level abstractions by using auto-code generation to create a complex
Common Object Request Broker Architecture (CORBA) application. As such, the TENA
Middleware offers programming abstractions not present in CORBA and provides a stronglytype-checked framework interface that is much less error-prone than the existing CORBA
Application Programming Interface (API). These higher-level programming abstractions
combined with a framework designed to reduce programming errors enable users quickly and
correctly to 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 also provides an enhanced capability to accomplish the routine tasks which are performed
on the test and training ranges in support of exercises. The steps in many of the tasks are
automated, and the information flow is streamlined between tools and the common infrastructure
9

components through the enhanced software interoperability provided by TENA. 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 Logical Range Developer,
which, in this phase, performs the detailed activities described in the requirement definitions and
event planning, and the event construction, setup, and rehearsal activities of the Logical Range
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, will make exercise
pre-event management easier.
V.

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 help desk 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
the attendees’ needs, from an overview of TENA to a technical introduction of TENA, all the way
to a hands-on, computer lab class for the TENA Middleware.
TENA’s continuing evolution in its support of the test and training ranges community is managed
by an organization of users and developers. This collection of TENA stakeholders, called the
Architecture Management Team (AMT), several times a year to be updated on TENA usage,
problems, and advancements. The agenda involves briefings and open wide ranging discussions,
ensuring the users’ concerns and inputs are understood, recorded, and action items are made if
necessary. Of equal importance, TENA developers and management has had a long and mutually
beneficial relationship with the Range Commanders Council.
VI.

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 the ongoing
missions around the globe. However, events only provide the opportunity for evaluation. It is the
data collection and analysis that determines the war worthiness of the equipment or concept; it can
quickly and definitively illuminate any necessary improvements needed to ensure effective and
safe weapon system operation and training. Now paired with JMETC to prove connectivity as
well as interoperability and reuse, TENA is commonly accepted as an integral part of the
equation. TENA and JMETC reduce the cost and time to plan and prepare for distributed Joint
events by providing a readily-available, common integration software for linking sites, plus test
tools; putting the focus back on the event itself.
For more information about JMETC and TENA, contact George Rumford, JMETC Senior
Technical Advisor / TENA SDA Director, or AJ Pathmanathan, JMETC Systems Engineer, Email: feedback@jmetc.org or feedback@tena-sda.org or go to the JMETC Web Site:
https://www.jmetc.org or TENA Web Site: https://www.tena-sda.org.
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HIGH-SPEED WIDEBAND FREQUENCY SYNTHESIS
MARK ELO
GIGA-TRONICS INC.
FREQUENCY SYNTHESIS
A frequency synthesizer is a system for generating any number of frequencies from a fixed time
base or reference [1]. High-speed frequency switching wideband synthesizers have been a key
element in instrumentation and radar measurement systems. Most approaches for this application
use a direct synthesis method, requiring a complex design with a high part count that ultimately
results in multiple failure mechanisms.
This paper will cover the key design attributes of a high-speed frequency switching
synthesizer. It will highlight the importance of a stable reference and then go on to examine the
different types of commercial high speed synthesis approaches, including advantages and
disadvantages in terms of speed, frequency range, phase noise and part count. We will then
explore a new hybrid approach to synthesis utilizing a lower part count commercial approach.
DESIGN ATTRIBUTES
Synthesizer design needs to take the following five performance attributes into account: (1)
Frequency Switching Speed, which can be broken down into two parts: (a) the refresh rate of the
Frequency Word that controls the synthesis circuits, and (b) the time for the synthesizer to tune
and settle to a specified value of amplitude and phase; (2) Coherence, or the ability to track
phase while tuning to multiple frequencies; (3) Continuous tuning, or when a frequency change
occurs can it be done without a break in phase (useful for generating radar signals with wideband
linear frequency modulation (Chirps)); (4) Frequency resolution - can it create small frequency
increments, for example to emulate Doppler shifts; and most importantly, (5) Can it be designed
in a reliable fashion, with a small part count.
1. Frequency Switching Speed: For the purposes of this paper it shall be define as the time
it takes to move the output frequency of a synthesizer from an initial frequency F0 to the
desired frequency F1, TTune consists of the time it takes to refresh the frequency word,
(TRefresh) plus the time defined by the settling parameters required (TSettle). I.e. How close
to F1 is adequate for the application in terms of phase and amplitude, TTune = TRefresh +
TSettle.
2. Coherence: a synthesizer’s ability to track phase. For example, defining the synthesizer
initial state at time (T0) with an initial frequency (F0) and phase (Ø0). If the synthesizer is
tuned to an arbitrary frequency defined by F1 then tunes back to F0 taking time t1 to
perform the operation. The resultant phase of F0 is equal to Ø0+Ø0+t1 where Ø0+t1 is equal to
the initial phase value (Ø0) plus the phase of the F0 sinusoid at the time t1. I.e. the phase of
F0 at time t1 is as if the synthesizer was never tuned to F1.

3. Continuous Frequency means that as the synthesizer moves from one frequency to
another and there is no break in the phase. For example a plot of phase over the frequency
tune time (t1) would result in a continuous line.
4. Frequency resolution: If the frequency resolution is 10Hz then the synthesizer can be
tuned to multiples of 10Hz; if the resolution is 100mHz, the synthesizer can be tuned in
increments of 0.1Hz.
5. Reliability, or the Failure Rate (Mean Time between Failure, MTBF [6]), is often
predicted by counting the components used in the synthesizer and grouping them into the
various component types (film capacitors for example). The number of components in
each group is then multiplied by a generic failure rate and quality factor. Lastly, the
failure rates of all the different part groups are added together for the final failure rate.
Reference considerations
All oscillators have some level of instability that causes random modulation or small fluctuations
in frequency [3][4]. In RF and Microwave design they are quantified in the single sideband phase
noise measurement or plot. (Figure 1)

Figure 1: A Single sideband phase noise plot.
The plot in Figure 1 shows there are specific areas of performance that relate to different types of
noise sources; at the top of the curve to the left, FM walk noise is the dominant contributor; this
noise is caused by the physical environment, mechanical shock, vibration and temperature.
Having the best mechanical environment for the reference is important, especially in the case of
discriminating small Doppler shifts. On the extreme right hand side of the curve is the
broadband phase noise; this noise has little to do with mechanical or physical resonance
mechanisms, and is caused predominantly by the utilization of multiple stages of amplification.
The phase noise performance is also exacerbated by multiplying the signal. When this occurs an
approximation can be used that for every multiplication the phase noise performance will
decrease by 6dB (i.e., the LOG of 2 is 0.3, multiplied by 20 = 6). This also works in the opposite
direction where the phase noise will improve by a 6dB’s per division, until the noise floor or
other system parameters become the dominant contributors.

Doppler based measurements [2] rely on the fact that returned frequency shift approximates to 2
times the velocity of target multiplied by the transmit frequency over the speed of light
(wavelength). For example - if a vehicle is traveling at 300kph and a 10GHz signal is reflected
off it, the returned frequency will have shifted in frequency by 3kHz. However, more and more
sensing applications are focused around tracking slow moving targets or dismounts. So if the
example is modified and the target is moving at 10kph, we will see a frequency shift of
approximately 250Hz.
If the reference has poor phase noise or many frequency multiplication stages, then the return
signal would be masked in the phase noise of the local oscillator.
Synthesis Techniques
Direct Analog Synthesis is exactly what the name implies. The frequency required is derived
from the reference through a series of summing, subtraction, multiplication, and in some cases
division stages.
A simple example would be as follows: to create a 2.5GHz signal from a reference of 10MHz
would require multiplying the reference by 200 times then summing that signal with the
reference multiplied by 50.

Figure 2: A Direct Synthesizer.
In Figure 2, F0 would be a 200x multiplier and F3 would be a 50x multipliers, then using the
heterodyne mixing process to sum the two signals an appropriate filter would be used to pass
only the high side components, ultimately creating the desired 2.5GHz signal.
As long as there are enough multiplication and division stages, the process of mixing and
filtering can create any desired frequency.
This approach allows for very fast microwave synthesis. The synthesis speed is a function of
switching between a number of multiplication and mixer blocks and sub micro second switching

is easily achieved. The design is inherently phase coherent, as physical switching between
existing signal paths is employed, so when the switch returns to where it left off, the phase by
default is as if it had never left.
Spectral purity in terms of phase noise is mainly a function of the reference as the only synthesis
techniques employed are multiplication and mixing.
However the ability to achieve a desired frequency of sufficient resolution is severely hindered
by the number of stages required to get to a desired frequency. This requires a great deal of
components to realize the design. As component count directly equates to the probability of a
failure (Summarized in the Mean Time between Failure Calculation) often synthesizers of this
type suffer from poor reliability.
Indirect Synthesis is an alternative lower part count method of synthesis. Most commercially
available high frequency signal generators today use either a Voltage Controlled Oscillator
(VCO) or a YIG Tuned Oscillator (YTO) approach, or a combination of both. YTO and VCO
technologies have excellent high frequency generation capability combined with excellent
spectral performance. As both technologies are susceptible to temperature we utilize the phase
locked loop (PLL) technique.
The operation of a PLL is fundamentally simple - the oscillator - VCO or YTO’s output
frequency accuracy is a function of the difference between the generated signal and the reference
signal. If the reference signal is 100MHz and the desired output signal is 100MHz, then the error
is zero, which means zero Hz error and zero degrees phase error. If the desired frequency is
100MHz and the oscillator output is 100.1MHz, then we have a 0.1MHz error, which will
translate into a phase comparison error; ultimately after filtering this translates to a correction
voltage. Of course the desired signal is rarely the reference signal, so a frequency division circuit
is used to reduce the generated signal frequency to that of the reference frequency, plus of course
the frequency error. As you can see, the feedback mechanism employed has a time associated
with how quickly the desired frequency can be obtained, which can hinder your ability to
generate high speed signals.
Indirect VCO or YTO based synthesizers are not optimal methods for high speed synthesis as the
phase locked loop associated time constant reduces the ability to tune at a sufficient speed to
keep up with most applications. Also there is no relationship in phase when the instrument tunes
to a new frequency. So coherence is very difficult if not impossible when utilizing this type of
architecture.
Finally, both VCO and YTO oscillators also introduce incremental phase noise.
Direct Digital Synthesis [7] is fundamentally different from the previous methods of high
frequency generation. The DDS acts only as a divider circuit, so the maximum theoretical
frequency would be equal to the reference frequency. The three main components to the DDS are
the phase accumulator, the lookup table and the digital to analog converter.
The lookup table is a memory. Each address in the lookup table corresponds to a phase point on
a sine wave from 0° to 360°. The phase accumulator is a counter with variable increment sizes. If
the increment size is equal to one, then the output will equal the reference; this is because it

addresses sequential points in the lookup table. If the increment size is increased, then at each
clock a different address or point in the lookup table is accessed.
Three advantages to the DDS are: (1) it changes frequency very rapidly; (2) it can have subHertz frequency resolution and, (3) as it is fundamentally a frequency divider, the phase noise
will generally be less than the reference. The frequency range of these types of devices is limited
especially when a wide band microwave range is required. The means the design needs to be
augmented with direct synthesis techniques, such as using a number of analog multiplying
circuits and filters to achieve the frequency required. Finally, there are many spur mechanisms
that require a great deal of filtering and limits the range of frequencies you can generate.
Synthesis Type Summary
Direct synthesizers are coherent, high speed and have excellent phase noise. Due to their ‘brute
force’ approach, the complexity of the instrument increases for higher frequency
resolutions. This creates a high part count and a great deal of heat generation - meaning that the
reliability of the instrument is low.
While the Indirect method solves the part count and reliability problem, with very good
frequency resolution (Hz) they are not coherent in their operation and have a relatively slow
tuning speed.
Direct Digital Synthesis provides high tuning speeds, coherence schemes can be integrated into
the FPGA utilized to create this synthesizer, and frequency resolution can be sub Hz. Currently
DDS frequency ranges are limited, and analog multipliers are required to get to the higher
frequencies. The part count is low, as the complexity of the implementation is in the FPGA - so
the reliability is good.
Hybrid Synthesis
From the discussion so far it seems like direct synthesis meets the needs of many measurement
applications, at the price of reliability. Referring to Figure 2, the switching speed is determined
by how quickly the synthesizer can actually ‘switch’ between different banks of oscillators.
Adding more oscillators adds a greater frequency range and more importantly increases the
frequency resolution.
If a Comb generator is used to replace one bank of filters and another bank is replaced with a
VCO then with the correct filtering this configuration could be coarsely tuned to produce
frequencies that are multiples of the comb teeth. For example, if the comb teeth are 1 GHz apart,
tuning would be achieved by selecting an appropriate tooth and then using the VCO to tune or
mix up to whatever frequency required. This reduces the part count at the expense of resolution.
A DDS can be used to provide the fine tuning. The DDS scheme needs to be architected so the
frequency range of the DDS is limited enough to minimize spurious then a number of extra
filters are required to eliminate the rest of the spurious. The VCO, however, is an indirect
synthesis method and is not coherent, also the phase noise is a combination of the VCO phase
noise and the reference phase noise.

It is possible to add a VCO cancellation loop to the synthesizer [5], and eliminate the phase noise
contribution of the VCO, thus making the system phase noise dominated by the phase noise of
the reference. As we have effectively canceled out all contributions of the VCO, coherence no
longer becomes an issue as the coherence is a function of the comb (which implicitly is coherent
as each tooth is derived from the same source) and the DDS, which has been designed to support
coherent tuning.
Figure 3A shows the phase noise plot of a high performance reference source.

Figure 3A: 10MHz Reference Single Sideband Phase Noise Plot

Comparing the plot of the reference at 10MHz in Figure 3A, and the plot of the phase noise at
the frequency synthesizer output when tuned to 10GHz in Figure 3B, the contribution of the
VCO has been eliminated and the main contributor to the system phase noise is from the
multiplication of the reference. Figure 3A and 3B follow the same profile, demonstrating the
VCO cancellation.

Conclusions
In conclusion the hybrid method modifies the block diagram of the direct synthesizer,
eliminating oscillator banks by using a Comb generator and a VCO. The VCO’s introduces a
phase noise pedestal, is not coherent and has a slow frequency settling time – however it does
have a broad tuning range allowing the selection of a large range of comb teeth. The negative
contributions of the VCO can be eliminated by using a VCO cancelation loop, and course tuning
quickly. This creates the synthesizers coarse tuning structure. For fine tuning, a DDS structure is
utilized allowing sub-Hz of resolution for Doppler applications. The DDS frequency range is
limited and heavily filtered ensuring that spurious signals are kept to a minimum.
Finally the hybrid method reduces the part count for this type of synthesis, thus improving the
reliability and reducing the footprint of this type of high performance synthesis technology.
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SIGNAL EMITTER LOCALIZATION USING
TELEMETRY ASSETS
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ABSTRACT
Telemetry ground stations spread over geographically diverse areas are well suited for use in passively
locating the source of a distant transmitted signal. In a favorable positioning of receive sites, the accuracy
of these passive localization techniques can compete with the accuracy of radars. In these cases, use of
receive only assets is a less expensive alternative than the use of a radar’s scarce resources. Until recently,
the major technical challenge to implementation of the passive localization techniques of time-difference
of arrival (TDOA) and frequency-difference of arrival (FDOA) has been the frequency and time stability of
geographically separated receivers. Advances in GPS based timing and frequency references has made the
implementation of TDOA and FDOA feasible. This paper shows how these limitations have been overcome
using the current telemetry assets at the Reagan Test Site in Kwajalein Atoll.
KEY WORDS
Passive localization, time-difference of arrival, timing errors
INTRODUCTION
Telemetry receive systems are used to collect a signal at a passive receiver from an external transmitter
located at some distance. The transmitted signal contains data which is extracted in processing. For example,
during rocket launches, the vehicles often contain telemetry transmitters which send health, safety, and
trajectory data to ground based receivers. The Reagan Test Site (RTS) located on Kwajalein Atoll of the
Republic of the Marshall Islands has a suite of telemetry assets located on several islands throughout the
Atoll, as shown in Figure 1. The distance between the Kwajalein site and the Roi site is approximately 80
km.
1

SIGNAL LOCALIZATION

While the primary purpose of these receivers is to receive telemetered data, there are other potential applications that would be enabled by a flexible receiver design. In the past, passive receivers have been beneficial in
bistatic and multistatic radar applications, in which transmit and receive antennas are spatially separated [1].
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Figure 1: Map of Kwajalein Atoll showing the four islands with telemetry receivers.
The transmitting source can be a dedicated radar transmitter, a non-dedicated radar (a.k.a. transmitter of
opportunity), or a non-radar transmitter of opportunity (i.e. commercial broadcasting transmitter). In all
cases, the signal originates from a transmitter source on the ground, is reflected by a target, and the target
return is received at the passive receiver. In multistatic localization, each transmitter/receiver pair results in
an isorange contour (ellipse) defining the possible locations of the reflecting target; the contours are then
combined to find the intersection where the target exists. Multistatic localization was used for the Multistatic
Measurement System (MMS) from 1980 to 1993 [2], in which two receivers were located approximately 40
miles from the TRADEX radar in order to increase the accuracy of trajectory estimates for incoming reentry
vehicles. The MMS operations were stopped after the metric accuracy of monostatic radars was improved,
and the multistatic data no longer provided additional precision.
In addition to multistatic radar applications, these receivers could also be used in a passive localization
application (see Section 2. Prior work in this area has included research on using satellites [3] and unmanned
aerial vehicles (UAV) [4, 5] for passive localization. This paper discusses an application where ground based
assets are used for localization.
One of the limitations of these localization techniques has been the necessity for very precise and stable
clocks in order to determine the range or angle of the target. The received signals must be referenced to a
synchronized time because the location error is proportional to the timing error. Currently, RTS telemetry
receivers use free running clocks, which lead to large time errors and challenges when attempting to time
synchronize data from different receivers. However, during standard operations when telemetered signals
are being received, the recorders concurrently log an IRIG time code signal which is used as a stable GPSbased time reference. Time synchronization is achieved through post-processing of the IRIG signal with a
precision dependent on the type of the recorded IRIG time-code. By using a GPS based reference for timing
across all receive sites, it is possible to achieve timing accuracies on the order of 10s of nanoseconds [6].
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TDOA

Angle estimation via time difference of arrival (TDOA) has been widely used in passive source localization
algorithms [7, 8, 9]. When using two geographically separated receive sites, the constant TDOA locus is
defined by a hyperbola where each site sits at the focal points of the hyperbola (when the source is at far
distances, this is equivalent to an angle estimate with respect to the two sites). Due to estimation errors, the
location of the source is not exactly on this hyperbola. Typically, the TDOA is estimated by correlating the
signal received at one site with the signal received by the other site. The accuracy of the TDOA estimator is
proportional to the signal-to-noise ratio (SNR), signal bandwidth, length of correlation time, and accuracy
of the timing between the two sites.
To generate a localization estimate of the transmitting source via TDOA, at least four receive sites are
required. This will give three independent (fuzzy) hyperbolas and some sore of non-linear estimation algorithm is used to find the most likely location of the source. In addition to the accuracy of the TDOA
estimation algorithms, the accuracy of localization is dependent on the geometry of the receive locations.
This accuracy is often described by the dimensionless Geometric Dilution of Position (GDOP) parameter. If
the time offset error is not considered, then the effect of only the receiver position is known as the Position
Dilution of Precision (PDOP). In general, the Dilution of Precision (DOP) parameter is defined such that
lower values correspond to less error in positioning. DOP analyses have shown that the positional error
reduces as the number of receiver stations increase [10]. The DOP is also affected by the volume of the
polyhedron defined by the emitter and receiver locations [11]; as the volume increases, the location errors
decrease. Therefore, greater localization accuracies can be achieved by increasing the distance between the
receivers, also known as the receiver baseline.
To supplement TDOA estimation in determining the source location, the frequency difference of arrival is
also sometimes used (FDOA) [3, 4, 12]. By using FDOA the requirement of having four sites for source
localization can be relaxed. In addition, motion of the source, or motion of the receivers can be used to
decrease the DOP and thus increase the resolution of localization.
3

TIMING ERRORS

The primary challenge for implementing localization techniques using the telemetry assets at RTS is the
timing errors between the sites. The receivers and recorders themselves are not locked to a stable GPS based
time/frequency reference which leads to large errors in the estimate of TDOA. However, the multi-channel
recorders can record an IRIG time signal in an adjacent channel. An experiment was performed to show
the timing error between channels of the recorder and the results are shown in Figure 2. Over a 10 second
interval, the timing errors did not exceed 0.5 nanoseconds, which is well below the errors of multi-site GPSbased timing (10s of nanoseconds). Through post-processing the recorded signal referenced to the recorded
IRIG signal, accurate TDOA measurements can be made using the assets currently located at RTS.
4

DATA COLLECTION

To prove out the utility of using telemetry assets for TDOA, a 2 MHz bandwidth signal visible to the
telemetry sites on Kwajalein and Roi (80 km apart) was recorded for 10 seconds. The IRIG-B time code
signal was recorded in the second channel of the recorders at each site. The SNR of the signal was greater
than 15 dB. Over this 10 second interval, the TDOA error was bounded by 50 ns. It is expected that by
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Figure 2: Timing error in nanoseconds between recording channels.
using the IRIG-G time-code, the accuracy of the timing bias will be able to be lowered. There are currently
more experiments planned to analyze this error more in depth. These experiments include using the USAV
Worthy (ship based telemetry asset) to explore different geometries (and thus differing DOP values). These
experiments will be used to prove out the models for land-based localization and to accurately characterize
the timing errors for ground sites that are typically used as telemetry receive sites.
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Abstract
Applications that use TMATS benefit from the ability to presume that the TMATS data is well
constructed. This need is met by a TMATS validator. Some classified systems need source code
rather than an executable to avoid expensive testing before being allowed in. An Open Source
Validator is proposed, presented and made available to the public. Major points and difficulties
are discussed.
The source is available in a Visual Studio 2008 project here: www.bkelly.ws/irig/validator.html
A bulletin board for TMATS / Chapter 10 discussion is here: http://www.bkelly.ws/irig_106/
Key words
TMATS Validator “Open Source”

Purpose
This paper introduces and describes an application to validate TMATS. This application remains
under continuing development and is planned to gain the ability to read the Chapter 10 data,
output selected parameters. It will provide the user the ability to edit TMATS data fields and
write a new TMATS or Chapter 10 file with the update.
It does not describe new or unusual concepts or techniques. Rather it provides a starting point
and a collaboration point for software / telemetry engineers. A primary goal is to share the
source code and help the telemetry community along the path to better applications.

Purpose Two
This paper describes a format for the TMATS definition that is easily readable by humans and
applications. The format consists of two files: a) a spreadsheet version of the essential TMATS
standards, and b) a CSV file created by exporting the spreadsheet version. These are described
in this document and provided to the reader. This format is hereby submitted as a candidate
standard for an application readable version of the TMATS standard.
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Audience
This paper is written for the intermediate to advanced level programmer. In the interest of
brevity routine code is not discussed. All readers are invited to register on the bulletin board to
ask questions and post suggestions. The reader is expected to be familiar with TMATS and
Chapter 10 but detailed knowledge is not required.
Platform
This project uses Windows 7, Visual Studio 2008/12, C++, and an MFC template. The worker
code is separate from the GUI code and should be relatively easy to import into other
development environments. All the worker code has been separated from the project directory
and is found within the zip file in the directory COMMON_CODE. Microsoft Visual Studio has
a major quirk when using Additional Include Directories. The reader must read the notes
supplied with the project before the build will be successful.
In the COMMON_CODE directory are some utilities not fully described here. The first is class
C_Log_Writer. This handles all the logging utilities and has some nice features. There are also
some classes for TCP/IP communications. Both are out of scope for this paper, but the reader
can register with the bulletin board and discuss them. All code is declared Open Source per the
GNU license and is available for use by all, subject only to that open source license requirement.
Glossary
The following phrases are used in this document. These are the author’s definition and the scope
is limited to this document and to the validator project.
The Definition: Refers to any entity that contains the definition of the TMATS records.
Depending on the context, it can refer to the Excel worksheet, the CSV file, or the structure
within the software application containing the TMATS definition. In all cases, this is the
information that specifies how the TMATS data is to be formatted. Note: The definition file
presented here was derived from the TMATS standard and is my interpretation. All
disagreements with the standard are to be attributed to my error and the standard prevails.
The Definition Map: A structure that contains the TMATS definition within the application.
This is the data that the TMATS Data is validated against. Please note and differentiate between
the terms definition and data.
The Data or the TMATS Data or the Data Map: Refers to the text based data read from the
TMATS file or from the TMATS data that is the header to Chapter 10 data. That data is also
stored in a map.
STD::MAP: Each of the two maps is an instance of the class more formally named:
STD::MAP. This class is from the Standard Template Library available in most C++
2

compilers and development environments. The use of classes such as this can significantly
reduce the programmer’s burden in storing and retrieving data. Engineers not familiar with the
Standard Template Library are strongly advised to research this topic.
Group: The TMATS definition is divided into groups. These are the same groups defined in the
TMATS standard: G, T, R, etc.
Identifier: Each definition begins with the group letter, and eventually followed by a phrase
called the identifier. The identifier phrase specifies the information found in each TMATS
records. The very first definition in the TMATS document is G\FN:my name; The group is G
and is token number one. The backslash is token two. The identifier is FN and is token three.
The first definition of the Transmission Group is T-x\ID: The group is T and the identifier is ID.
Enumerators: Most definitions contain phrases of the general format: -x, -n, etc. They are
referred to collectively and individually as enumerators. The dash is a separator and the value
after the dash is the enumerator.
Payload: The ASCII characters between the colon and the semicolon.
Application Readable Definition File
An application that validates a TMATS document must be flexible. Having the definitions in an
easily updatable file is essential.
The TMATS specification is distributed via PDF files. A PDF file is not easily accessible from
the average software application. A format that is easy for both humans and applications is
needed.
The formal TMATS definition file for this project is a CSV or Comma Separated Value file. A
CSV can be a bit tedious to read and edit so Microsoft Excel is used for viewing and editing.
The final product is created by exporting the worksheet to a CSV file. The filename extension is
TMAD with the D on the end representing definition.
The definitions are, currently, hand loaded into an Excel workbook then exported to the CSV
file. This process is tedious and error prone. Suggestions or utilities to automate it are solicited
and will be shared with all with full credit given to the source.
Begin with a view of the first few rows of the Excel worksheet.
Figure 1 Excel Worksheet A through P
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Figure 2 Excel Worksheet Q through T

Row Descriptions
Row one is the header, rows two and three are user added information and the definitions begin
with row four.
Table 1 describes the columns of the worksheet. When the CSV file is read into the application

each line will be broken into tokens. Referring to the above Excel view, each cell within a row
becomes a separate token and each row a record. The tokens are stored in an array of CStrings.
The application uses a set of constants to access that array and those constants are given the same
names as in the header row. Each column header and constant contains the token number. In
turn each record (an encapsulation of the array of CStrings), is stored as a single entry in the
definition map.
Table 1 Column Descriptions

Column
A
B
C…N

Header
Token 1 Group
Token 2
Token 3 through
16

Description
The TMATS group.
The first separator, it can be a backslash or a dash.
After token 1the meaning of each token changes according to the
identifier. Consequently, they do not have specific names. At this
4

Column Header

O
P

Q
R

Token 17 Max
Length
Token 18
Required

Description
writing sixteen tokens is sufficient. That may change as I
complete the process of creating the first version of the definition
file.
The maximum length of the payload section.

A “Y” signifies this identifier must be present, otherwise not.
There are some conditions which require the presence of
additional tokens. Those conditions have yet to be resolved.
Token 19 Repeats Describes how identifiers are to be repeated within a TMATS
document.
Token 20 Display Text that can optionally be displayed by a reader application to
Comment
help the users in understanding each identifier.

As the process of validating the TMATS data is discovered and the code written and tested, I
anticipate that a few more columns may be added to make the validation process easier to write.
Caution: At this writing I am not comfortable with my understanding of all the ways an
individual item might be repeated and how each enumeration will work out. This early version
does not validate the value of the enumerator, just that they can be converted to numbers.
After the header are a few rows of interest.
Figure 3 Rows 1 ... 5

Row two indicates that this is Bryan Kelly’s definition file, Rev 1, Version 1. It is informational
only. Future versions will check this data and advise the user if the version of the definition file
does not match the version of the application. If you make significant changes you may edit the
next row with your information. The validator ignores rows one through three. Row four
contains the first definition, a comment.
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Figure 4 First Few Definitions
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Figure 4 shows the first few definitions. Row 4 is too simple so begin with row 5. The definition

from the TMATS document is broken out into tokens with each token in a separate cell. In this
example, according to my interpretation, columns A through D and column F specify the exact
contents of what is to be contained in the TMATS data.
Column E describes the payload of the TMATS data. That payload can contain any text, subject
only to the maximum length, excepting the colon and semicolon.
The TMATS specification uses upper case for pre-designated phrases that can be put in the
payload. When the payload does not have a pre-designated set of options, or when those options
can be replaced by a described field, this definition file uses lower case letters to specify the type
of data that may be contained in the TMATS data. Figure 5 and in particular, row 296 shows an
example. This TMATS payload can contain the exact characters “NO” or it may contain an
integer in ASCII text format. This is author’s interpretation of the standard and how it is
incorporated into this definition file.

Figure 5 Selected Definitions

Build The Map
Now that an application readable form of the TMATS standards has been created, the next step is
to read those definitions into the application and make it available for access in validating the
TMATS data. This section jumps into the code concepts and the process of building the map
from the definition file. After downloading and unzipping the project the reader will find a class
named: C_tmats_definitions in directory COMMON_CODE. This class handles all the chores
related to the definitions. It reads the definition file, parses it, and stores the definitions in the
map.
The main application calls a single method named: Build_TMATS_Definition_Map(). That
method handles all the tasks necessary to build the map. This is a simple method with two
worker lines of code: Open_TMATS_Definition_File() and Populate_Definition_Map().
Each is well named and does just what the name says. The open operation is skipped and the
discussion proceeds to populating the map.
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Important Declarations
The following structure is declared to contain each tokenized line of data read from the file and
to be stored in the map.
typedef struct
{
CString
token[ NUMBER_OF_TOKENS ];

}

td_tmats_definition;

It is a simple array of CStrings. The map and an iterator are declared as shown below. The map
key is a CString that is constructed in the code.
std::map < CString, td_tmats_definition > m_tmats_definition_map;
std::map < CString, td_tmats_definition > ::iterator m_definition_iterator;

The Code
The module begins by reading the informational text at the beginning of the definition file.
Following that is this loop that reads the remainder of the definition file, one line at a time:
while( m_definition_file.ReadString( m_one_definition ) )
{…}
The first worker line in that loop is just below:
Tokenize_One_Definition_Line( m_one_definition, &m_one_definition_record );

Method Tokenize_One_Definition_Line
Here is the core code:
1) m_C_Get_CString_Tokens.Load_Strings( new_definition_line, "," );
2) for( int token_counter = 0; token_counter < NUMBER_OF_TOKENS; token_counter ++ )
{
3) p_definition_structure->token[ token_counter ].Empty();
4) m_C_Get_CString_Tokens.Get_Token( &p_definition_structure->token[ token_counter ] );
}
Line 1 line initializes the tokenizer class with the definition data. Line 4 fetches the tokens from
the class one at a time. Notice that the argument of line 4 is the address of one CString.
Specifically, one entry in the array of the structure declared earlier. The method to get each
token puts the token directly into the CString array.
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Class C_Get_CString_Tokens
Class C_Get_CString_Tokens is a very simple tokenizer. The CString class has a built in
tokenizer, but it skips over empty tokens. That does not work for this application. My searches
found several tokenizer classes, but none directly discussed the need to recognize all tokens. The
requirements were very simple so a tokenizer class was written rather quickly. It was written
specifically for CStrings. It is initialized by passing in a CString and the separator character.
Each call to Get_Token() extracts one token and writes it into the CString passed by address.
Separators with no data return an empty string and the function returns false when out of tokens.
The reader will note that this for loop makes a major presumption: There will be
NUMBER_OF_TOKENS in the CString. (That constant is defined in the project.) When Excel
exports the definition worksheet to a CSV, there will always be a separator and a place for each
column used in the spreadsheet.

Method Populate_Definition_Map()
Returning to the while loop in this method, there is some code to detect the definition data
defining the group and the location of the key. Skipping that we find these worker lines:
status = Build_Map_Key_Using_Backslashes( );
if( status )
{
m_tmats_definition_map[ m_map_key ] = m_one_definition_record;
}

The method is called to build the map key in member variable m_map_key. Within that method
is a check for a duplicate key. If a duplicate is found, the erroneous definition is logged and is
not loaded into the map. The entire record is stored in the map using that key. Remember that
this is the STD::MAP declared earlier and one definition record boils down to a simple array of
CStrings.

Method Build_Map_Key_Using_Backslashes( );
The writing and testing of this method revealed some difficulties in preparing the TMATS
definitions.
The key is constructed by concatenating two components: The group letter and the identifier.
There is a problem in that the identifier is not always in the same token. Group G has the
identifier in token 3 while Group T has it in token 5.
After writing code to locate the moving identifier, there remained many duplicated keys. A
unique key for each definition is essential. Going directly to the solution, I discovered that a
unique key can be produced by concatenating three phrases from the definition: the group, the
first phrase after a backslash, and if there is a second backslash before the colon, include that
phrase.
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After constructing the key in this manner, then logging all the records to a text file to see how the
code performed, the key was discovered to be rather difficult to read. That was resolved by
including the backslashes in the key. This provides a significant improvement in readability and
aids in code development.

Standard Change
The standard has many definitions. An automated validator is essential to full acceptance in the
telemetry world. Automated tools such as a validator are much easier to write, verify, and
maintain when the standard is consistent within itself. The TMATS standard is lacking in this
category. The identifier starts in column three, then shifts to column five, and in many
definitions, requires the addition of a third token to be complete. My suggestion is that the
standard should incorporate an explicit rule to the effect:
The first character of each definition shall be a single character. (Two would be okay.) That
will be followed by a backslash. The next field will be an identifier phrase that is unique within
each group. The identifier should always be presented before any enumerators. Recognizing
that a second field used as a modifier makes for easier to read definition, keep the option of a
modifier, but have it immediately follow the group in a standard location rather than bouncing
about within the definitions.
This means that the dash x and the dash d should be moved to follow the identifier and modifier
rather than precede it. There are additional comments on the standard on my web site, but they
are out of scope for this paper.
All said, the 2013 standard has been published and it is what it is. The validator must deal with
it.

Definition Summary
In summary, the class to read the definitions does the following:
1. Select and open the definition file
2. Read each token
a. Each cell in the Excel workbook, within a row, is one token.
b. Each row is a new definition.
c. Blank cells are significant and are retained.
3. Put each token into the proper location within an array of CStrings.
4. Build a unique key for the map consisting of:
a. The group.
b. First backslash. (Must be present)
c. The phrase after the backslash.
d. The second backslash, before the colon, if it exists.
e. The phrase after that second backslash.
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5. Load the CString Array into the map using the key.
Here is an image of the validator dialog after the definition file has been read.

Figure 6 Dialog After Building Definition

Note the two checkboxes in section TMATS Definition Map. The first, Use Default TMAD
file, provides the ability to use a hard coded file name. This significantly speeds up operations
during development. The file name is currently declared as: const CString
DEFAULT_DEFINITION_FILE = "E:\\BRYAN\\CHAPTER 9
TMATS\\tmats_definition_workbook.tmad";
Each developer is expected to change this as desired. When the checkbox is disabled a standard
open dialog will be presented to select your favorite file.
Note that the log file defaults to C:\LOG_FILES. Create that directory before running the
application or edit the constant and create it in the location of your choosing.
The second check box, Log Entire Definition Map, causes the class to start a new log file, log
each definition, then start a new log file. The definition log file will be named to indicate its
contents.
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Looking ahead, the same two check boxes are defined in the group to read in the TMATS data.
Note that at this writing, many of the definitions have yet to be entered into the definition file.
This is done by hand and is a rather tedious process that should be complete soon. Also note that
this project is under development and that the very nature of Open Source implies that updates
will be on going.

Build The Data Map
The next step in this validator project is to read the TMATS data and load it into a map. This
map will be similar to that of the definitions.
Please note that I have endeavored to differentiate and appropriately use the terms definition and
data. Please reference the glossary above.
The TMATS data is handled by class: C_Tmats_data. It uses a very similar process to read the
TMATS data and load it into a map.
Begin with a look at header file C_Tmats_Data_Declarations.h The constants used to access
the array of CString have been extracted out to an include file along with the typedef of the
record that holds each token and is loaded into the map.
Reading the data and building the map is done with a single call to method:
Build_TMATS_Data_Map(). There it opens the data file and calls Populate_Data_Map().
An immediate difficulty is discovered. While the standard states that TMATS is to contain only
seven bit ASCII characters, the example chapter 10 files I have perused contain some amount of
prefix data that is not seven bit ASCII. Since this application is destined to deal with chapter 10
files as well as pure TMATS files, this data must be managed.
At this time, lacking information about the contents and format of that lead-in data, the data class
simply looks for valid TMATS data and ignores all the non TMATS data. So far, with very
limited exposure to data files from multiple vendors, this is satisfactory.
The majority of the code in method Populate_Data_Map() is dedicated to finding the beginning
and the end of the TMATS data. Look for the comment:
// Begin the section to process each record of TMATS data.
This marks the beginning of the section that actually ingests the TMATS data. There are
essentially two lines of code that do all the work. Obviously these are methods containing much
code. The first is:
m_C_Get_CString_Tokens_And_Separators.Tokenize_The_Data(
mp_C_Log_Writer,
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m_one_line_of_data,
TMATS_DATA_SEPARATORS,
&m_one_data_record );

// the data read from the TMATS data file
// The separators found in a TMATS record
// The tokenized data

This method parses each line of TMATS data, tokenizes it, and loads it into the structure:
m_one_data_record, an array of tokens (CString) very similar to that used for the definitions.
The first 16 tokens are functionally identical to the definition structure with a one to one match.
Each is in an array of strings and data.token[N] for data is validated with definition.token[N].
The next worker is just one line of code:
m_tmats_data_map[ data_key ] = m_one_data_record;
Several things about these worker lines of code bear explanation.
Note that the first is a class and a method within that class. The TMATS definitions as
formatted for this application are somewhat precise and easy to parse. Each token is separated
by a comma and those separators are discarded. The separators of the TMATS data are an
essential part of each record and each is saved as a separate token. The differences are
sufficiently different to require a unique tokenizer.
Go back to header file C_Tmats_Data_Declarations.h and note constant:
TOKEN_DATA_24_DEFINITION_KEY. This tokenizer builds the same key as used by the
definition map and stores it along with the record of data. As the tokenizer processes each
character of the data, it arrives at this line of code:
if( add_to_key )
{
tokenized_data->token[ TOKEN_DATA_24_DEFINITION_KEY ] += current_char;

}
Referring back to the discussion of the definition and its map, each character that looks like
definition key material is copied into a token reserved for that key. After the record is stored and
the process moves on to validation, all the information is present within each data record to find
the appropriate definition.
The map for the data uses an integer for the key. It increments 0 to N and provides the ability to
sequence through the data map in the same order as the TMATS data in the file. The order of the
definitions is not critical while the order of the data is.
Tokenizing the data records requires multiple if statements, but is relatively straightforward. The
two major classes presented so far each perform one simple task: tokenize the definition and the
data. Then they store that information in their own map.
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During this tokenization process it would be easy to perform some amount of basic validation of
the data. However, that would cause the code that tokenizes the data to begin to serve two
masters. It is better to stay with a single purpose and keep it conceptually and technically as
simple as possible. With that, we continue on to the next phase, validation.

Basic Validation
I have reached this point in development of the application as the deadline for this paper
approaches. The validator presented here is decidedly not comprehensive. This is partly due to
time and partly due to no previous experience writing validator code. Work will continue and
the latest code may be found via the bulletin board and support pages previously noted.
The validator is encapsulated in class C_TMATS_Basic_Grammar_Checker. The method
Perform_Grammar_Check() initiates the process.
After the definitions and the data have both been loaded into their respective maps, the data can
be validated against the definitions. By way of quick review, the definitions have been loaded
into a definition class. That class can provide the definitions with random selection using a
CString key. The data has been loaded into a similar class that has sequential access rather than
random access. It can also provide the data records one at a time.
Since all the information has been loaded into maps, the top level of the validator is rather
simple. A while loop iterates through the data records one at time in the same order they were
read from the data file. After acquiring each data record, it uses the pre-stored key to fetch the
definition record. It then calls a method to conduct the validations:
Compare_Definition_And_Data(
&one_definition_record,

&one_data_record );
This method logs the results and prepares a notice that can be displayed in a dialog so return
values are not necessary.
Method Compare_Definition_And_Data() uses a simple FSM (Finite State Machine) and
processes the characters of the data record one at a time. The states are declared locally and on
entry we are guaranteed that the first character is the group. We are also guaranteed that the
group and all the parts of the identifier match the definition; otherwise the key prepared earlier
would not have found the definition record. Nonetheless, for symmetry and simplicity, all fields
of the TMATS data are verified using the definition.
The data record, an array of CStrings organized as one string per token, is validated one token at
a time. Many of the tokens are validated with a simple equality compare against the definition
record. The one-to-one match between the two records for the token entries makes this trivial.
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This type comparison is valid for all the tokens except the enumerators themselves and the
payload. Those get a bit more complicated.
By taking careful note of the contents of each token the FSM can determine the type of token
being evaluated. Once the state is set a simple switch selects the appropriate code section to
validate each token.
In this first validator the enumerators are simply scanned into an integer. When the conversion is
successful the field is declared valid. In later versions the various enumerators will have their
values tracked and checked against other enumerators for proper order. Check the web site for
the latest version.
The payload is significantly more difficult and requires its own method: Check_Value_Field().
This method is currently being tested but here are the fundamental concepts.
There are two distinct types of payload values. First is a defined set of options. For example
look at the stand for: P-d\SYNC1. This description is found in the standard:
THIS SPECIFIES THE DESIRED CRITERIA FOR DECLARING THE SYSTEM TO BE IN SYNC:
FIRST GOOD SYNC – 0
CHECK - NUMBER OF AGREES
(1 OR GREATER)

NOT SPECIFIED - ‘NS’
The allowed values appears to be “0” for first good sync, “NS” for not specified, or a counting
integer. The payload may contain one of two predefined options, or may contain an integer, in
text format of course. In the definition file each option is separated by a backslash. The token in
the definition record contains: 0\NS\dec. The result is that the grammar checker needs its own
tokenizer for the payload. As noted earlier, the dec in lower case, describes the allowed payload
rather than prescribing the exact characters, and is recognized as such by that characteristic of
being presented in lower case.
This definition token is parsed and each phrase is compared against the data token for an exact
match. If the lower case phrase is found before a match is recognized, the format of the allowed
values is determined. If “text” then there are really no restrictions. If a number, the type of
number is determine, int, decimal, float, etc, and the payload is converted to that type. If no error
is found, the payload is validated.
The deadline has made its approach and the paper must be finalized. The validation process
stops with this set of basic checks. Some advancements may be incorporated by conference time
so please register to the bulletin board and check the web site.
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Conclusion and Summary
At this point a format for an application and human readable version of the TMATS definitions
has been created and proposed as a candidate for a standard document.
A validator application has been created and is functional through the first level of validation.

Current abilities:
1)
2)
3)
4)
5)
6)
7)

Read the new definition document.
Store each record in a definition map.
Read the TMATS data.
Store each TMATS record in a data map.
Sequence through the TMATS record one at a time.
Fetch the appropriate definition record.
Perform a basic validation for each data record.

Some of the features:
1) The ability to log each definition record and data record for evaluation.
2) The ability to log details of each validation step.
3) A separate logging utility in a class that may be used by your projects. There are a
couple of nice features in this class.
4) Some asynchronous TCP/IP classes, not used in this application, but available in the
COMMON_CODE directory and written for Windows and Visual Studio.
5) The worker code is encapsulated in classes that are outside of the Visual Studio GUI
classes and hopefully will be easy to port to other platforms.

Desired updates include:
1) A more exhaustive validation.
2) The ability to edit fields within this application and write a new TMATS or chapter 10
files.
3) A new set of TCP/IP classes that use the Windows API directly. The current version uses
Microsoft wrapper classes and is too slow for the high data rates needed for telemetry
data. I found that out the hard way and had to revert to blocking TCP/IP calls. They are
significantly faster.
4) This list is already a bit ambitious and therefore ends here.
This application is declared Open Source in accordance with the GNU open source license. It is
available via the bulletin board and the web site noted earlier. It is being written primarily on my
own time and made available via my personal web site. This application and paper are being
created as a learning tool, as a utility needed by the engineering team where I work, and
hopefully, will be found useful at other sites.
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ABSTRACT
A position beaconing system for tracking small mammals, such as the Golden Lion Tamarin, was
developed and tested. GPS acquires location of the animal. The system utilizes a VHF radio
transmitter tuned to 144.390 MHz, which is located in the amateur radio band. APRS was
selected as the protocol for position, transmission, and recovery. This allows users to benefit
from any existing APRS enabled devices. The beacon was designed by attempting to optimize
operational longevity and minimize size. Consequently, the system is implemented on a single
board and enclosed for protection. As the system must be comfortable for the mammal, it was
manufactured from lightweight components and enclosed in a plastic housing. To attach the case
to the mammal, it is connected to a flexible, zig-zag, wearable antenna, which functions as a
collar.
KEY WORDS
APRS, Radio, Golden Lion Tamarin, GPS, Lightweight Tracker

INTRODUCTION
Massive scale global deforestation is threatening the lives of countless species. The hunt for
natural resources places biodiversity in jeopardy. Maintaining the populations of endangered
species is a problem which in part can be solved through engineering design. Animal
conservation researchers can make use of information about the location of animals to ensure
they are safe and thriving, whether they are indigenous or have been reintroduced to the wild.
One such animal which garners a significant conservational effort is the Golden Lion Tamarin
(GLT) Monkey. These primates are native to the Brazillian Rainforest near Rio de Janeiro. With
a population of only 1500 roaming southeastern Brazil and 490 captive in zoos, there is a need to
study and preserve the species. Reddish-orange in color, the GLTs are the largest of the
callitrichines, averaging 10.3 inches (261 mm) in length and weighing 1.4 lb (620 g). Since they
usually travel in groups of 2-8, by installing a tracking device on one GLT, the movement of one
group can be monitored [1].
1

To track the GLT, a collar will be placed around its neck, providing GPS coordinates to animal
researchers. The small size and weight of the GLT are the impetus for this project. Animal
researchers need a small, lightweight, long lasting, and affordable means to track GLTs. Current
products on the market do not meet the demands of these researchers as they are too large,
prohibitively expensive, or do not have the correct functionalities. Thus, conservationists need an
accurate device for small mammals. The size of the GLT and their environment demands a
specifically engineered solution. Coordinates of the GLT need to be found and stored, they must
be transmitted to researchers, the systems must use minimal power, and the system must be as
small as possible. Utilizing a zig-zag, flexible, wearable antenna [2] designed to work with the
Garmin DC40 and Astro 320 device, the size of the transmitter was reduced in this work.
DESIGN SOLUTION
The proposed solution is a GPS collar. This requires a GPS receiver as the means of acquiring
the animal location, a radio transmitter to send the information to researchers, low power
components, and an overall small system. The components chosen and their interactions with
one other can be seen in Figure 1.

Figure 1: Transmitter Design Overview
Two CR2450 batteries are placed in series to provide 6V, higher than the operating voltage
required for the HX1 radio. The batteries connect directly to three voltage regulators, two
switching and one linear, in order to power the circuit with 5V, 3.3V, and 1.8V. The
microcontroller powered by 3.3V then interfaces with the radio and GPS module in order to
communicate and send and receive data. This requires logic level shifting so the components
have the correct operating logic levels. The microcontroller also has an external 32kHz crystal
connected for low power operation. Not shown in Figure 1 is a resistor ladder which enables
sinusoidal signal generation. Then the radio connects to the collar antenna which transmits the
information.
The operation of the system in software is also important to consider. Figure 2 shows a general
overview of the system operation, although the voltage regulators are not enabled and disabled.
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Figure 2: High Level Overview of System Operation
The system is enabled with a switch at which point it immediately goes into a low power sleep
mode. A counter is enabled and counts until a user specified time is up. At this point, the GPS is
enabled and begins to search for a location lock. Once a lock is obtained, the GPS streams out
data about the location of the beacon. This data is parsed by the microcontroller and stored in
memory. With the location data stored in the form of an NMEA0183 string, it can be
immediately transmitted via the radio, or saved to transmit later. When ready to transmit, the
software modem is enabled. The outputs of the microcontroller go to the resistor ladder which is
able to encode the data. At the same time, the radio is enabled so the signal at the output of the
resistor ladder can be transmitted on the 144.390 MHz carrier frequency.
The GP-2106 GPS receiver is only 21x6x6 mm3 in size and 3.1 grams in weight [3]. In the
rainforest, the GPS signal will potentially be weak because of the dense foliage and heavy
rainfall. These factors necessitate that the system have a module with high sensitivity. The GP2106 is powered by SiRF Star IV and it can receive signals as low as -163dBm. In addition, the
GP-2106 has an integrated ceramic antenna. The component is ready to use off the shelf. It may
not be as receptive as a receiver with a large external antenna, but this is a necessary trade-off.
The major disadvantage of GP-2106, with relation to the rest of the system, is its input voltage is
1.8V, which differs from the input voltage of the microcontroller and radio (3V and 5V) [4][3].
For this reason, the system needs another voltage regulator to lower the input voltage from the
battery to 1.8V. Also the logic levels must be adjusted. Unfortunately, this increases the volume
of the package required. The GP-2106 will use two pins, 1_V8 and GND will receive power
from voltage regulator and connect to ground respectively. The other three: ON/OFF, RXD,
TXD pins will communicate with the MSP430 microcontroller [3]. The ON/OFF pin will receive
a pulse input from the microcontroller to turn on the system and switch it to full-power mode or
hibernate mode. The RXD pin is the main receiver channel to receive commands from the
microcontroller and the TXD pin is the main transmitting channel to output the measurement
data to the microcontroller.
The GPS unit in the system will capture the signal automatically and transmit the data to the
microcontroller through UART. The GP-2106 GPS unit uses a baud rate of 9600 for UART [3].
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Since the internal clock in the system is 8MHz, the register is set to 8MHz/9600 = 833.33. The
system uses GPGGA strings from the stream of NMEA0183 data, which include longitude and
latitude. In the string of GPGGA, a fixed bit will indicate if the GPS received accurate data. The
program reads the input of this pin and if it is 1, the microcontroller will record the updated
string of data.

SIGNAL TRANSMISSION
PROTOCOL
The Automatic Packet Reporting System (APRS) can be used for much more than position
reporting. The reader is encouraged to read more about APRS at www.aprs.org. The APRS exists
at a frequency for which a collar antenna could be designed (144.390 MHz). A downside to
using the APRS is that it exists, and was created for, the amateur radio bands. Testing was done
in a basement and signals transmitted into a dummy load. The amateur bands are recognized by
Brazil's spectrum regulatory organization ANATEL.
PACKET FORMATION
An APRS packet is built off of the AX.25 layer-link protocol with several fields in the frame
fixed. Implementation of the protocol was specified in [5, AX25]. Essentially, several seconds of
specific bit patterns, known as flag bytes, are transmitted to get the receiver ready to demodulate
the signal. It is required that the number of bytes in that destination frame equal 7. Further
reading on this can be found in [6, APRS Protocol Reference].
WAVEFORM FORMATION
Once the signal has been framed, it will be encoded into either a 1200 Hz tone for a one or a
2200 Hz tone for a zero in a manner known as AFSK at 1200 baud. It is important that when the
tone is switched that the phase be contiguous. This can be done effectively by implementing a
numerically controlled oscillator (NCO).
The selected MSP430, the MSP430G2553, does not have an onboard digital to analog converter.
Instead of implementing PWM to generate the audio signal, a simple four bit resistor ladder was
implemented. This reduced the amount of required code by allowing the look up table (LUT)
value that was already calculated to be written to the pin register directly. This method also
reduces the amount of calculations that have to occur between writing the next LUT value.
RADIO
A Radiometrix HX1 was selected as the sole radio component. The HX1 can be used for FM
modulation at a specified frequency upon purchase. This means that it can be fed either digital
high-low signals for modulation as fast as 3 kbps or, as was decided, an analog signal that fits
this bandwidth constraint. In addition, the HX1 comes in a very small package for a 2 meter
radio solution. This package can transmit as much as 300 mW of power without any additional
4

amplifiers. It was decided that should more power be required for better signal propagation an
additional amplifier would be added.
ANTENNA
Since a radio with a frequency of 144.390 MHz was chosen, an antenna had to be manufactured
using the technique described in [2]. A 26 gauge solid core insulated copper wire was used with
5 mm between zig-zags. The thickness of the insulation worked as a protective barrier to avoid
shorts on the antenna. There were 5 wired branches of which 1.5 branches were double wired.
The total length of each branch was 105 mm with a thickness of 30 mm. The best frequency
obtained was 141.5 MHz at -12 dB; the location of 143.75 MHz occurred at -11.25 dB.
LOW POWER MICROCONTROLLER
In order to extend battery life of the device, the MSP430G2553 will stay in low power mode
when it is not receiving or transmitting data. The MSP430G2553 provides three different modes:
active mode, low power mode 0, and low power mode 3 [4]. The current usages in each mode
are 300 μA, 85 μA, and 1 μA, respectively. For minimum power usage, the system will go into
low power mode 3 for a majority of the time. In low power mode 3, the only working clock is the
external 32k crystal [4], but for radio transmission, the 8 MHz internal clock is necessary to
generate the waveform. For this reason, the clock needs to be switched between these two
modes.
In the active mode, the system uses an internal 8 MHz clock; when it is ready to go into the low
power mode, the system will switch to external clock by setting ACLK [4]. In the low power
mode, the system uses CCR0 up mode interrupt for timing. The external crystal frequency is
32768 Hz and is divided by 8 twice in the program, so the actual frequency is 512 Hz. For this
reason, the CCR0 up mode interrupt is set to count up from 0 to 511, so the interrupt will occur
in exactly 1 second.
Since the system is designed to log the data twice a day, it will stay in low power mode for
nearly 12 hours. Also, entering into and exiting from the low power mode will require two
interrupts, which makes the system more complicated.
BOARD
Significant consideration was put into the organizational scheme for the board. Components with
related roles in the subsystem operation were placed close to one another. A considerable portion
of the circuitry is devoted to power. The three voltage regulators are located on the left of the
board and the logic level shifting is along the top. It was determined that all of the electrical
components should be on the front of the board with only the battery cell retainers on the back.
The radio was positioned in an attempt to isolate other parts of the circuits from RF effects. The
microcontroller, because of its central role in the operation is placed in the middle of the board.
Pins are broken out for programming and limited debugging, 3.3V, GND, TEST, and RST. There
is also a pin at the input voltage to verify that the batteries are still supplying the required 6V.
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The outputs of the board are placed along the perimeter: the SMA connector and the GPS ribbon
connector. The final dimensions for the board were 2.5 in x 1.6 in, which can be seen in Figure 3.

Figure 3: Board Layout and Routing
PACKAGE
A material that was electrically transparent, lightweight, and could be manufactured with a short
lead time was desired. ABS plastic is both durable and lightweight, thus it is frequently utilized
for electrical applications, making it the material of choice. With 0.25 mm thick strands, ABS
plastic can be 3D printed with fine resolution. The walls were designed to be 1.5 mm thick and 3
mm thick at the lip and groove connection between the top and bottom. The overall system
measures 2.7 cm x 4.9 cm x 7.3 cm, weighing 105.3 grams. Figure 4 illustrates the 3D printed
system.

Figure 4: Final Case Design 3D Printed with ABS Plastic

ANALYSIS AND RESULTS
The operation of the system was tested. The ability to obtain GPS coordinates was confirmed
along with the amount of time it takes for the GPS receiver to obtain a lock. The generated
waveform was recorded and analyzed, though further modification is required to generate a
signal which can be demodulated. The antenna was tested to find the loss of power at different
frequencies. Lastly, the overall system range and lifetime was tested.
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GPS
The outdoor tests indicate that the GPS uses approximately 43 seconds to capture the signal and
find the fixed data. Since the system will be used in the rainforest, which may not have strong
enough signals, an indoor test was also performed. Although the GPS takes longer to capture
signal, depending on the environmental conditions, the system still acquired fixed data indoors.
This means the system will likely work in the rainforest.
WAVEFORM AND RADIO
The generated waveform matched what was expected for the AX.25 protocol. However, it was
noticed that the bitrate fluctuated quite dramatically with temperature. This is because when the
device is in the 8 MHz mode, it is operating off of the MSP430’s internal oscillator. Any change
in the bitrate will reduce the likelihood of a packet being decoded. It is believed that this is the
reason why the ARPS packets were not decoded by either the Byonics Tiny Trak 4 or the KPC3+
receivers. Figure 6 shows the waterfall of two different signals. The top signal is a sample APRS
packet that decodes. The bottom half of the spectra plot shows the MSP430’s generated APRS
signal. What can be seen here is the slight difference. The MSP430 generates, in the initial flag
transmission portion, a peak very close to 2200 Hz. Also, the side lobes are shifted accordingly.

Figure 5: Generated Flag in blue, Baud in green

Figure 6: Spectra: Top Half (Sample Packet), Bottom Half (Generated Signal)
Next the waveform of several flags was captured after transmission through the HX1 radio and
antenna using a soundcard at a sampling frequency of 44.1 kHz. This waveform can be seen in
Figure 7. Analysis of the flag byte showed that the lower frequency portion shown is indeed
1200 Hz and the high portion of the flag is 2200 Hz. However, the expected length of the byte
did not match for all the flags.
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Figure 7: Captured Signal after TX via collar antenna
POWER
Continuous beaconing of the APRS flag (ASCII char' ') can be maintained for approximately 50
seconds before the switching power supplies shut off and the MSP430 is powered down. From
this point, the batteries need to be turned off such that they can recover. In order to increase the
range as much as possible, it was required to have the system turn on and acquire GPS
coordinates, thus drawing 100 mA and then go to sleep for several minutes. The radio is then
turned on and transmission can continue. If this process is not done, then the device will not only
be drawing 140 mA from the batteries during packet transmission, but also 100 mA for the 40
seconds it takes to acquire the GPS coordinates.
When the system is set to beacon at regular intervals rather than continuously, the lifetime is
significantly improved. When beaconing approximately every 76-77 seconds, the beacon lasted
just under 46 minutes. This resulted in 36 beacons. The recovery time of 1:16 is much shorter
than the system would actually operate in the field and is insufficient for allowing the batteries to
recover from the radio current draw. A small order of time in between beacons was necessary to
test in a reasonable time frame. The potential of the beacon is evident. If the beacons are spread
out to be daily or more, the batteries would recover and the system would be able to operate for
days. The longer the device is in sleep mode, the less damage is done to each of the batteries and
the device will last longer. Power usage drops significantly when the device is in sleep mode as
can be seen from the data taken from a USB current and voltage monitor [8, USB Tester].
RANGE
The maximum range for the zig-zag collar antenna, as determined by field range testing, was
determined and compared to that of an off-the-shelf 2M antenna. The results of these tests can be
found in Table 1.
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Antenna
2M off shelf
2M off shelf
2M off shelf
2M off shelf
2M off shelf
Collar Antenna
Collar Antenna
Collar Antenna

Range (m)
850
1000
1100
1300
1400
500
1200
1300

Perceived Signal Strength
clear
clear
clear
faint
none
clear
weak
none

Table 1: Read Range Data (4/28/2013)
CONCLUSION
The final system was electrically functional and operated as an effective small mammal tracker
in several metrics. Unfortunately, the modulation of the signal was not exactly such that
demodulation could occur and remotely provide a user with location data. There are certain
metrics in which the final system outperforms existing products. In particular, the operational
longevity, weight, and cost of the proposed design outperform the products such as the Garmin
DC40 collar.
The components selected, along with the ability to vary the beacon frequency, allow the system
to operate for extended periods of time, on the order of days. If the beaconing is too frequent, the
batteries do not have time to recover from the excessive current being drawn by the radio.
However, the goal of the product is to beacon no more than two times a day. The system is
modular and can be reprogrammed as well.
The size and weight minimization goal was consistently the most difficult to achieve.
Unfortunately, the target weight is a fraction of the weight of the final system. It became clear
that this is an inherent limitation to a system involving these components and enclosure. The
weight of the system is however appreciably less than that of the Garmin DC40, weighing in at
only 105.3 grams compared to the 227.5 grams of the Garmin device [9].
A benefit of this system is that it is entirely open source. This means anyone who is motivated
and enthusiastic about the project can make improvements to the design. Thus, this allows the
system to be an inexpensive solution for researchers. Bought on an individual basis, the system
would only cost approximately $150. At such inexpensive prices, the final design is not only a
viable solution to the problem of tracking small mammals, but it is much more affordable
compared to existing products, which are less suitable for this application-such as the Garmin
Astro 320 which costs more than $500 [9].
Unfortunately, the system came short on several requirements. The maximum range of signal
transmission was only slightly more than 0.7 miles compared to the existing 7 miles of the
Garmin device. Other metrics, such as further reduction in size and range of operation, could be
improved with redesigns. This is only a first operating version of the product and as such,
numerous improvements could be made.
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FUTURE RECOMMENDATIONS
There are many other ways to track a small mammal. One such viable method would be to place
a small radio beacon on the primate that transmits a single pulse every few hours. This pulse
would then be recorded at several known positions throughout the forest. Position acquisition can
then take place by either looking at the received signal strength of each beacon or via such digital
signal processing methods as calculating the difference of the time of arrival. Such systems allow
the tracker to be smaller and last much longer by offloading a significant portion of the tracking
equipment and software from the primate to a researcher's laptop.
The range of the tracker could be increased by adding an additional amplifier stage to the radio
subsystem. However, such an addition will cause an increase in weight/size and decrease in total
system lifetime.
If the tracker system outlined in this paper is to be implemented in the Brazilian rainforest,
decoding of the transmitted signal using off-the-shelf equipment is required. This means that
more time should be spent debugging the AX.25 protocol sections of the code. Additionally, the
problem of varying bitrates needs to be further investigated. Use of the MSP430's internal
digitally controlled oscillator is not recommended for actual signal generation in conditions with
such widely varying temperatures.
Another change that may be implemented in the future is the selection of components that have a
common operating voltage. This will not only reduce the cost of the system, but the footprint and
wasted power as well. Finding a 3.3V 2-meter radio that has this specification may prove to be a
difficult, yet worthwhile endeavor.
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ABSTRACT
The possibility of polarization diversity using left and right hand circular polarization (LHCP and
RHCP) in the presence of multipath propagation is examined. We show that there are differences
in the received signal for LHCP and RHCP for a number of realistic scenarios. Because multipath propagation can produce different LHCP and RCHP signals, there exists the possibility for
diversity improvement involving the two polarizations.

INTRODUCTION
Diversity techniques can be used to minimize the effects of multipath interference in wireless
communication channels. Polarization is one characteristic of wireless signals that can be exploited
for diversity gains. Receive antennas at test ranges use circular polarization. The receive antennas
can synthesize left or right handed circular polarization by using a vertical and horizontal dipole
and adding a phase shift to one component. The reason for using circular polarization instead of
vertical (V) or horizontal (H) is if an airborne test aircraft transmit antenna is linearly polarized,
then maneuvers alter the polarization of the transmitted signal so that it is rarely aligned with
the V and H polarizations of the receive antenna. Consequently, combining the receiver’s V and
H components to create a circular polarization produces a receive system that is immune to the
aircraft orientation.
This paper will examine left- and right-hand circular polarization (LHCP and RHCP) in aeronautical telemetry channels and whether they can be exploited for diversity gains in the test range
environment. We show that the variations in the polarization due to maneuvers of the aircraft
and ground bounce reflections create differences in the signal that may possibly be exploited for
diversity gains.

1

SYSTEM MODEL
The system model used in this work is outlined in Figure 1. The key components are the transmitter
(a “vertical” dipole mounted on the bottom of an aircraft), a receive antenna (a parabolic reflector
tracking antenna), and a reflecting surface. The analysis will be carried out in the two coordinate
systems shown. The (x, y, z) coordinate system, with unit-length vectors x̂, ŷ, and ẑ, is centered
at the reflection point and aligned with the reflecting surface. The (x0 , y 0 , z 0 ) coordinate system
with unit-length vectors x̂0 , ŷ0 , and ẑ0 , is centered at the receive antenna and aligned with the the
direction the antenna is pointing. We assume straight-and-level flight is parallel to the y-axis in
the (x, y, z) coordinate system. Consequently, the (x0 , y 0 , z 0 ) coordinate system is related to the
(x, y, z) coordinate system via a rotation about the y-axis by the antenna elevation angle θe given
by


ht − hr
−1
θe = tan
.
(1)
R
The rays representing the line-of-sight and reflected components all lie in the x − z plane in the
(x, y, z) coordinate system. The line-of-sight plane wave along with the two plane waves constituting the reflected wave, are illustrated in Figure 1. Associated with each of these waves are
electric and magnetic fields. The standard convention is used in defining these fields [1]. For the
line-of-sight wave, the electric field EL and the magnetic field HL are represented by vectors in a
plane normal to the direction of propagation. For example, the line-of-sight wave propagates along
the z 0 -axis in the (x0 , y 0 , z 0 ) coordinate system. The electric field vector EL is a vector aligned with
the x0 -axis and the magnetic field vector HL is a vector aligned with the y 0 -axis. The electric-field
vectors EL , EI , and ER , for the line-of-sight, indirect, and reflected waves, respectively, are shown
in Figure 1.
The polarization state of the plane wave is defined as the unit-length vector coinciding with the
electric field vector. This vector will be denoted p̂ in the discussion below. The polarization
state of the transmitted wave is determined by the spatial orientation of the transmit dipole. With
reference to Figure 1, the polarization states for the line-of-sight, indirect, and reflected waves are
unit-length vectors p̂L , p̂I , and p̂R coinciding with the vectors EL , EI , and ER , respectively.
The transmit antenna is a “vertical” dipole mounted on the bottom of the aircraft at an altitude
ht AGL. The polarization state of the transmitted signal depends on the pitch φa of the aircraft.
When φa = 0, the polarization vector of the transmitted signal lies entirely in the x − z plane of
the (x, y, z) coordinate system. When φa 6= 0, then there is a y-axis component to the polarization
state.
The receive antenna is a parabolic reflector at a height hr AGL. The receive antenna tracks the
position of the airborne transmitter. At the antenna focal point, a resonant cavity is equipped with
“cross” dipoles coinciding with the x0 and z 0 axes as shown. For the purposes of this study, gain
is less of a concern than polarization state of the received wavefronts. Consequently, we assume
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Figure 1: Geometry of single reflection telemetry channel.
that for small angles off boresight, the reflector, resonant cavity, and cross-dipole structure may be
replaced by a pair of dipoles at the origin of the (x0 , y 0 , z 0 ) coordinate system as shown.
To model a common multipath environment at test ranges in the western USA, a simple 2-ray
model is used as shown in Figure 1. This multipath reflection can be modeled as a single reflection
off a flat, smooth surface [2]. This surface is commonly a dry lake bed at test ranges in the western
USA [2] or ocean water at sea based test ranges [3]. The distances R, ht , and hr can be used to
find the incident angle, θi , of the multipath reflection and the elevation angle θe The beamwidths
of antennas used in aeronautical telemetry range from 3◦ to 6◦ [2] so only ground reflections with
incident angles close to 90◦ will cause multipath interference.
We first determine equations for the two electric fields incident on the receive antenna feed, EL
and ER . Next, we calculate the open-circuit voltage induced in the vertical receive antenna feed
due to EL and ER . Then, we calculate the open-circuit voltage induced in the horizontal receive
antenna feed due to EL and ER . Finally, the voltages from the vertically and horizontally polarized
components are combined to synthesize right- and left-hand circular polarizations. This result
allows us to examine the potential for polarization diversity in a multipath environment.
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ANALYSIS
Line-of-sight Component The line-of-sight wave can be represented as a uniform plane wave
in the (x0 , y 0 , z 0 ) coordinate system where ẑ0 is in the direction of the line-of-sight propagation [1].
Thus in the (x0 , y 0 , z 0 ) coordinate system
0

0

0

0

EL = E L [cos(φa )x̂0 + sin(φa )ŷ0 ] e−jkL ·r = ẼL e−jkL ·r

(2)

where E L is the intensity of the plane wave and φa is the aircraft pitch angle. The phase term
involves the dot product of two vectors, k0L and r0 . The vector k0L is given by
k0L =

2π
r̂
λ

(3)

where λ is the wavelength and r̂ is a unit-length vector representing the direction of propagation
in (x0 , y 0 , z 0 ) coordinate system. The vector r0 is a point in the (x0 , y 0 , z 0 ) coordinate system representing the point in space where the wave is observed.
Specular Reflection Component The physics of the reflecting wave are well understood. All
the major results in this section are derived from [1]. The geometry of EI is illustrated in Figure 1.
Here, the incidence angle θi is a function of ht , hr and R. As before, φa is the aircraft pitch angle.
The electric field corresponding to the indirect wave may be expressed in the (x, y, z) coordinate
system as
EI = E I [sin(θi ) cos(φa )x̂ + sin(θi ) sin(φa )ŷ + cos(θi )ẑ] e−jki ·r
(4)
where E I is the intensity of the uniform plane wave, r is the observation point in the (x, y, z) coordinate system, and kI is the vector representing the direction of propagation in (x, y, z) coordinate
system. To compute the properties of the electric field corresponding to the reflected wave, we
examine the vertical and horizontal components of EI individually. To begin, we have
EI = EIv + EIh

(5)

EIv = E I [sin(θi ) cos(φa )x̂ + cos(θi )ẑ] e−jkI ·r

(6)

where

EIh

−jkI ·r

I

= E sin(θi ) sin(φa )ŷe

(7)

The vector representing the electric field of the reflection may be written as
R
ER = ER
v + Eh

(8)

I
−jkR ·r
ER
v = Γv E [− sin(θi ) cos(φa )x̂ + cos(θi )ẑ] e

(9)

where

ER
h

I

= Γh E (sin(θi ) sin(φa )ŷ) e
4

−jkR ·r

.

(10)

In Equations (9) and (10), Γv and Γh are the reflection coefficients given by [1]
r r
0
0
− cos(θi ) +
1 − sin2 (θi )
1
1
r r
Γh =
0
0
cos(θi ) +
1 − sin2 (θi )
1
1
r r
1
cos(θi ) −
1−
0
r r
Γv =
1
cos(θi ) +
1−
0

0
sin2 (θi )
1
0
sin2 (θi )
1

(11)

(12)

where 0 and 1 are the the permittivity of free space and of the reflecting media, respectively.1
Combining (9) and (10) gives
h
i
ER = E I − Γv sin(θi ) cos(φa )x̂ + Γh sin(θi ) sin(φa )ŷ + Γv cos(θi )ẑ e−jkR ·r
(13)
In the (x0 , y 0 , z 0 ) coordinate system, ER is
ER = E I [−Γv cos(θr ) cos(φa )x̂0 + Γv sin(θr )ẑ + Γh cos(θr ) sin(φa )ŷ0 ] e−jk∆ρ e−jkR ·r
R −jkR ·r

= Ẽ e

(14)
(15)

where ∆ρ is the difference between the length of the line-of-sight path and the length of the path
taken by the indirect and reflected rays, and θr is the angle between the line-of-sight ray and the
reflected ray and is given by


ht − hr
−1
.
(16)
θr = (90 − θi ) + tan
R
Open-Circuit Voltage Phasors The open-circuit voltages induced in the vertical and horizontal
receive antenna elements due to EL and ER are derived in the Appendix and given by
h
i
Vocv = E L ` cos(φa ) − E I `Γv cos3 (θr ) cos(φa ) + cos(θr ) sin2 (θr ) e−jk∆ρ
(17)
Voch = E L ` sin(φa ) + E I `Γh cos(θr ) sin(φa )e−jk∆ρ

(18)

where ` is the length of the vertical and horizontal dipole elements.
The free space permittivity is 0 = 8.85 × 10−12 F/m. For dry earth and sea water the permittivities are, respectively,
3 × 10−4
5
1 = 30 +
1 = 810 +
jωc
jωc
1

where ωc is the RF carrier frequency in rads/s.
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LHCP and RHCP Voltage Phasors Most antenna feeds used in aeronautical telemetry synthesize LHCP and RHCP signals using the voltages from the vertical and horizontal dipoles. The
LHCP and RHCP open-circuit voltages are
VocLHCP = Vocv + jVoch .

(19)

jVoch

(20)

VocRHCP

=

Vocv

−

The LHCP and RHCP open circuit voltages can be different. In this case there is a possibility for
diversity improvement in the presence of multipath fading. The amount of diversity improvement
depends on how different VocRHCP and VocLHCP are. The differences in two realistic scenarios are
quantified in the next section.

NUMERICAL RESULTS
Here, VocLHCP and VocRHCP are evaluated in two realistic scenarios: an over-the-earth scenario motivated by the setting at Edwards AFB and an over-the-ocean scenario motivated by the setting at Pt.
Mugu NAWC. In both cases the incidence angle θi is very close to 90◦ . Consequently, θr is small
and we may safely assume the field intensities for the line-of-sight wave and the indirect wave,
E L and E I in (17) and (18) are the same. Furthermore, we set E L ` = E I ` = 1 to normalize the
results.
Edwards AFB Setting The scenario explored in this section is motivated by the Cords Road
flight corridor near Edwards AFB. The Cords Road flight corridor is an east-west flight path illustrated in Figure 2. Here the aircraft is at the point shown on the Cords Road flight path at an
altitude of 50000 AMSL. The receiver is Building 5790 located on a small hill top at an altitude of
29660 AMSL. The reflecting surface is at an altitude of 23000 AMSL.
Figure 3 plots the magnitude and phase of the RCHP and LHCP open circuit voltage phasors as a
function of the aircraft pitch angle φa . The carrier frequency is 1485.5, the center of lower L-band.
This plot shows that when φa = 0, the LHCP and RHCP are the same. This is the expected result
because there is no electric field aligned with the horizontal dipole in receive antenna. As the pitch
angle φa increases, the LHCP and RHCP phasors become more different.
Figure 4 plots the magnitude and phase of the LHCP and RHCP open circuit voltage phasors
across the L-band frequencies for a fixed pitch angle φa = 10◦ . The frequency response displays
the characteristic lobing associated with a strong specular reflection [2]. The interesting feature
here is that the nulls for the LHCP and RHCP channels occur at different frequencies. This opens
up the possibility that some sort of selection diversity could improve performance in this scenario,
but this is a topic for another paper.
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Cords Road
(Flight Path)

Aircraft Position
35° 5.16′ N 117° 46.80′ W

Bldg. 5790 (Receiver)
34° 53.62′ N 118° 0.68′ W

Figure 2: A map showing the positions used to define the 2-ray channel multipath channel scenario
for Edwards AFB.
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Figure 3: The open circuit voltage phasors corresponding to LHCP and RHCP as a function of the
pitch angle φa for fc = 1485.5 MHz and for the geometry summarized in Figure 2.
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Figure 4: The open circuit voltage corresponding to LHCP and RHCP as a function of frequency
(over lower L band) for a pitch angle φa = 10◦ and for the geometry summarized in Figure 2.
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Pt. Mugu Setting The scenario explored in this section is motivated by the sea range in the
Pacific Ocean near Pt. Mugu NAWC. The main telemetry receiving site is located at Laguna Peak
at an elevation of 434 m AMSL as shown in Figure 5. We assume the transmitter is a missile
launched from the surface and airborne over San Nicolas Island at an altitude of 1000 m AMSL.
(The assumption of a single vertical dipole mounted under the aircraft is stretched here, but we
can still observe some useful general trends.) Because most missile tests are conducted in S-Band
(2200–2290 MHz), we use frequencies in S-Band to evaluate the LHCP and RHCP outputs.
Figure 6 plots the magnitude and phase of the LHCP and RHCP open circuit voltage phasors as
a function of the aircraft pitch angle φa . The carrier frequency is 2245 MHz, the center of lower
S-band. As before, when φa = 0 LHCP and RHCP coincide, but quickly diverge as φa increases.
LHCP and RHCP become different more quickly with increasing φa at S-band than at L-band
because the wavelength is shorter at S-band.
Figure 7 plots the the magnitude and phase of the LHCP and RHCP open circuit voltage phasors
as a function of frequency for a fixed pitch angle φa = 30◦ . Again, we observe the characteristic
lobing on both LHCP and RHCP but with the nulls at different frequencies. This shows that at
most frequencies across S-band, the LHCP and RHCP signals are different, and this opens the
possibility to performance improvement through polarization diversity.

CONCLUSIONS
The question we set out to answer was this: Is there any potential for diversity gain with RHCP
and LHCP signals in the presence of multipath propagation typically observed in aeronautical
telemetry? To answer the question, we derived the open-circuit voltage at the output of vertical
and horizontal antenna elements and used these voltages to obtain expressions for the LHCP and
RHCP voltages synthesized in an antenna feed. Multipath propagation was modeled by a specular
ground (or ocean) bounce. Evaluation of the expressions for some realistic scenarios showed that
it is often the case the the LHCP and RHCP voltage phasors are different. When the LHCP and
RHCP voltages are different, there is potential for diversity improvement, but the precise method
for exploiting that diversity remains to be worked out.
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Laguna Peak
34°06’29.38’’ N 119°03’54.75’’ W

San Nicolas Island
33°14’20.59’’ N 119°30’8.42’’ W

Figure 5: A map showing the positions used to define the 2-ray channel multipath channel scenario
for Pt. Mugu NAWC.
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Figure 6: The open circuit voltage phasors corresponding to LHCP and RHCP as a function of the
pitch angle φa for fc = 2245 MHz and for the geometry summarized in Figure 5.
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Figure 7: The open circuit voltage corresponding to LHCP and RHCP as a function of frequency
(over S-band) for a pitch angle φa = 30◦ and for the geometry summarized in Figure 5.
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APPENDIX
The relationship between an arbitrary incident electric field Ei and the open circuit voltage Voc at
the antenna terminals is [4]
1 4πjρejkρ i
Voc =
E p̂ · Et (r).
(21)
I0 ωc µ
where I0 is the corresponding current in the antenna element, ρ is the distance between the antenna
element and electric field, k = 2π/λ is the wave number, ωc is the carrier frequency in rads/s, µ is
the permeability of the propagation medium, E i is the electric field intensity, p̂ is the polarization
vector for the electric field (i.e. p̂ is a unit-length vector coinciding with Ei ), and Et (r) is the
far-field electric field at location r. For the line-of-sight field, E i p̂ in (21) is given by ẼL in (2)
whereas for the reflected wave E i p̂ in (21) is given by ẼR in (15).
The term Et (r) may be expressed in terms of the current density J(r0 ) at location r0 in the antenna
element. The corresponding current moment is
Z
0
N(r) = ejkr·r J(r0 )dr0
(22)
where the integral is over the antenna element volume. Et (r) may be expressed as [4]
Et (r) = −


jωc µe−jkρ 
N(r) − r̂ [r̂ · N(r)]
4πρ

(23)

where r̂ is a unit-length version of the vector r between the antenna element and the point where
the electric field is observed. This expression may be simplified by converting to the spherical
coordinate system (ρ, θ, φ) with unit-length basis vectors ρ̂, θ̂, φ̂. Now, the current moment may
be expressed as
N(r) = Nρ ρ̂ + Nθ θ̂ + Nφ φ̂.
(24)
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and the vector r is simply r = ρρ̂ and r̂ = ρ̂. In the spherical coordinate system, the dot product is
h
i
r̂ · N(r) = ρ̂ · Nρ ρ̂ + Nθ θ̂ + Nφ φ̂ = Nρ
(25)
so that the term inside the parenthesis in (23) becomes
N(r) − r̂ [r̂ · N(r)] = Nρ ρ̂ + Nθ θ̂ + Nφ φ̂ − Nρ ρ̂ = Nθ θ̂ + Nφ φ̂

(26)

Consequently, the far-field electric field may be expressed as

jωc µe−jkρ 
E (r) = −
Nθ θ̂ + Nφ φ̂ .
4πρ
t

(27)

This term is a function of both the observation point for the electric field and the current density of
the antenna element. Substituting (27) into (21) and simplifying gives
Voc =

Vertical Polarization
density is


1 i 
E p̂ · Nθ θ̂ + Nφ φ̂ .
I0

(28)

For a vertically oriented dipole such as that shown in Figure 1, the current
Jv (r) = I0 `x̂0 δ(r)

(29)

where δ(r) is the three-dimensional Dirac impulse function that places the current source at the
origin of the coordinate system and ` is the length of the vertical dipole serving as the antenna
element. The vector current moment is
Nv (r) = I0 `x̂0 = I0 ` sin(θ) cos(φ) ρ̂ + I0 ` cos(θ) cos(φ) θ̂ − I0 ` sin(φ) φ̂
|
{z
}
|
{z
}
| {z }
Nρ

Nθ

Nφ

from which the open-circuit voltage is


i
Voc = E p̂ · ` cos(θ) cos(φ)θ̂ − ` sin(φ)φ̂


= E i p̂ · ` cos2 (θ) cos2 (φ) + sin2 (φ) x̂0


+ cos2 (θ) cos(φ) sin(φ) − cos(φ) sin(φ) ŷ0

− [cos(θ) sin(θ) cos(φ)] ẑ0 .
For the line-of-sight electric field, E i p̂ = ẼL from (2) and θ = φ = 0, so we have
h
i
L,v
L
0
Voc = E cos(φa )x̂ + sin(φa )ŷ · `x̂0 = E L ` cos(φa ).
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(30)

(31)

(32)

(33)

For the reflected electric field E i p̂ = ẼR from (15) and θ = θr , φ = 0, so we have
h
i
VocR,v = E i − Γv cos(θr ) cos(φa )x̂0 + Γh cos(θr ) sin(φa )ŷ0 + Γv sin(θr )ẑ0 e−jk∆ρ
h
i
2
0
0
· ` cos (θr )x̂ − cos(θr ) sin(θr )ẑ
h
i
= −E i `Γv cos3 (θr ) cos(φa ) + cos(θr ) sin2 (θr ) e−jk∆ρ . (34)
The open-circuit voltage at vertical dipole terminals is
h
i
Vocv = VocL,v + VocR,v = E L ` cos(φa ) − E i `Γv cos3 (θr ) cos(φa ) + cos(θr ) sin2 (θr ) e−jk∆ρ . (35)
Horizontal Polarization For a horizontally oriented dipole such as that shown in Figure 1, the
current density is
Jh (r) = I0 `ŷ0 δ(r)
(36)
where δ(r) is the three-dimensional Dirac impulse function that places the current source at the
origin of the coordinate system and ` is the length of the vertical dipole serving as the antenna
element. The vector current moment is
Nh (r) = I0 `ŷ0 = I0 ` sin(θ) sin(φ) ρ̂ + I0 ` cos(θ) sin(φ) θ̂ + I0 ` cos(φ) φ̂
|
|
| {z }
{z
}
{z
}
Nρ

Nθ

(37)

Nφ

from which the open-circuit voltage is


i
Voc = E p̂ · ` cos(θ) sin(φ)θ̂ − ` cos(φ)φ̂


= E i p̂ · ` cos2 (θ) cos(φ) sin(φ) − cos(φ) sin(φ) x̂0


+ cos2 (θ) sin2 (φ) + cos2 (φ) ŷ0

− [cos(θ) sin(θ) sin(φ)] ẑ0 .
For the line-of-sight electric field, E i p̂ = ẼL from (2) and θ = φ = 0, so we have
h
i
VocL,h = E L cos(φa )x̂0 + sin(φa )ŷ · `ŷ0 = E L ` sin(φa ).

(38)

(39)

(40)

For the reflected electric field E i p̂ = ẼR from (15) and θ = θr , φ = 0, so we have
h
i
0
0
0
R,h
i
Voc = E − Γv cos(θr ) cos(φa )x̂ + Γh cos(θr ) sin(φa )ŷ + Γv sin(θr )ẑ e−jk∆ρ · `ŷ0
= −E i `Γh cos(θr ) sin(φa )e−jk∆ρ .

(41)

The open-circuit voltage at vertical dipole terminals is
Voch = VocL,h + VocR,h = E L ` sin(φa ) + E i `Γh cos(θr ) sin(φa )e−jk∆ρ .
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TRI-BAND GROUND STATION ANTENNA FOR EARTH
OBSERVATION SATELLITES
B. Baggett1, S. Parekh1, D. Sinyard1, B. Chandler1, R. Morris1
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ABSTRACT
The need for increased downlink data rates and bandwidth for Earth Observation (EO)
missions is driving mission planners to consider Ka-Band (25.5 to 27.0 GHz) downlinks to
replace or augment the existing X-Band (8.025 to 8.400 GHz) services. Future ground
stations will be required to support both bands as well as S-Band (2.0-2.3) GHz telemetry and
command functions.
This paper discusses the inherent tradeoffs in such a design, and proposes an implementation
which permits simultaneous data reception in X-Band and Ka-Band, while providing TT&C
functionality at S-Band. Analytical and measured data for the implementation are provided.
KEY WORDS
Ka-Band, Tri-Band, Earth Observation, Dichroic, Subreflector,
INTRODUCTION
The last decade has seen an explosion of commercial and scientific EO satellites in low earth
orbit. Since the early days of Landsat-4, the great majority of these satellites provide their
high rate downlink in the 8025 to 8400 MHz EO band. Typically the same ground antenna
employed for the high rate downlink is used to provide simultaneous telemetry and command
at S-Band. The limitations of the bandwidth available in the current X-Band spectrum
allocation is forcing systems designers to consider the provision of wideband downlinks in
the 25,500 to 27,000 MHz band.
From a theoretical standpoint movement from X-Band to Ka-Band downlinks would seem to
be a straight-forward design challenge. However, a number of heritage and technical issues
complicate the design of these ground stations:
1)
There is a significant installed base of X-Band ground stations. Many of these
were recently built to support WorldView-1/2/3, Pleiades-1A/1B, and Landsat-8.
Reuse of these new capital assets is of great interest.
2)
The stations deployed for “mid-latitude” coverage are principally 7.3-m S-/XBand stations that are lightly loaded ; typically observing less than ten passes per
day. There is significant reluctance to adding additional antennas at these sites. The
current owner/operators are motivated to achieve a relatively simple upgrade to add
Ka-Band capability the existing systems.
3)
The ever increasing need for bandwidth is likely to drive systems designers to
include simultaneous X-Band and Ka-Band downlinks on future satellites.
4)
Tracking at Ka-Band, where half-power beamwidths will approach 0.1 degrees
poses satellite acquisition difficulties. The antenna now becomes much more
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sensitive to ephemeris and station alignment. To ameliorate this problem, the antenna
needs to have autotracking acquisition capability in all three bands.
REQUIREMENTS
As discussed in the paragraph above, the tri-band antenna system must support legacy XBand high rate downlinks (for constellations like DigitalGlobe’s WorldView and the Astrium
Spot/Pleiades) and S-Band TT&C as well as the future Ka-Band wideband requirements.
The legacy requirements are easily derived from existing missions. Ka-Band requirements
are somewhat more speculative, but some preliminary work on these future systems is given
in [1], [2] and [3]. A summary of these specifications is given in the table below:

Requirement
Frequency Range
(GHz)
G/T (dB/K)
EIRP (dBW)
Autotrack
Capability
Polarization
Axial Ratio (dB)

Tab. 1. Summary of System Requirements
Ka-Band
X-Band
S-Band
Receive
Receive
Receive
25.5 to 27.0
7.985 to 8.4
2.2 to 2.3

S-Band
Transmit
2.025-2.120

35.0
N/A
Yes

31.0
N/A
Yes

19.0
N/A
Yes

N/A
54.7
N/A

Simultaneous
RHCP/LHCP
1.5

Simultaneous
RHCP/LHCP
0.5

Simultaneous
RHCP/LHCP
1.5

Selectable
RHCP/LHCP
1.5

OPTIONS
There are many potential configurations to provide an S/X/Ka-band solution, each offering
advantages and disadvantages. Tab. 1 below summarizes the approaches considered. Taking
all the performance parameters into account, Approach 4 appears to offer the best solution.
Fig. 1. shows the basic geometry of this approach. The selected optics provide high aperture
efficiency and good autotracking performance at all three bands as well.
The 7.3-meter reflector used in
the design has an F/D ratio of
0.4, which supports high
accuracy autotracking at S-Band.
The surface accuracy of the
reflector can be adjusted to a
value of better than 0.36 mm
RMS using photogrammetric
alignment. With this level of
accuracy the attendant losses at
Ka-Band are held to
approximately 0.53 dB.
Fig. 1. Selected Antenna Geometry.
2
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:
Tab. 2. Summary of Tri-Band Antenna Architectural Approaches
Parameter

Approach
1
Prime S/Ka
Prime Focus

2
Splash Plate
Prime Focus

3
Coaxial X/Ka
Prime Focus

4
Turnstile X/Ka
Prime Focus

Cassegrain

Cassegrain

Cassegrain

Cassegrain

Prime Focus

Offset

Cassegrain

Cassegrain

Unacceptable at
Ka-band

Acceptable

S-band: Standard
X-band: 78%
Ka-band: 86%

Tracking

Difficult to
package Kaband tracking
coupler

Difficult to
package Ka-band
tracking coupler

Subreflector

Most complex
configuration

Two frequency
selective surface
designs required:
splash-plate and
subreflector

Ease of Retro-fit

Simple swap of
prime focus
feed

G/T

S-band: Low
X-band:
Compliant
Ka-band: Low

Unacceptable
mechanical
complexity,
challenging
alignment
S-band:
Compliant
X-band:
Compliant
Ka-band:
Compliant

S-band:
Standard
X-band: 60%
Ka-band: 35%
S-band: 5
element
X-band: 5
element
Ka-band: TE21
Incorporate
features from
existing S/Xband and S/Kaband
subreflectors
Simple swap of
vertex mounted
feed
S-band:
Compliant
X-band: Low
Ka-band:
Marginal

S-band:
Compliant
X-band:
Compliant
Ka-band:
Exceeds

Description
S-Band Feed
Optics
X-Band Feed
Optics
Ka-Band Feed
Optics
Efficiency

S-band: 5
element
X-band: 5
element
Ka-band: TE21
Incorporate
features from
existing S/Xband and S/Kaband
subreflectors
Simple swap of
vertex mounted
feed

Fig. 2 is a schematic of the optical design showing the critical dimensions in inches.
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Fig. 2 Schematic of Antenna Optical Design (inches)
DICHROIC SUBREFLECTOR DESIGN
The dichroic subreflector is required to act as a near perfect reflector for the Cassegrain
optics at X and Ka-Band, while approaching transparency for the prime focus mounted SBand radiators. The added constraints of this tri-band operation required a significant
departure from the more customary single-layer design.
A new optimized subreflector employs multiple layers of circuitry and dielectric material in
order to achieve the desired frequency response across all three bands of interest. It was
designed and optimized using a dual circuit approach that allows the simultaneous reflection
of X and Ka-Band signals, while allowing S-band signals to
pass through. The double square loop (DSL) elements were
chosen because their resonant frequencies are fairly stable
with respect to changes in incident angle. Also, the grid
geometry is symmetrical in both the x and y directions,
making the double square loop is a good choice for circular
polarization applications. Fig. 3 shows the designed
circuitry layer.
The optimized design includes multiple circuit layers
separated by an air gap. This air gap was added in order
Fig. 3. Subreflector circuit design
4
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to achieve the desired frequency response at S-band. In this design, X-Band and Ka-Band
signals share the same physical reflection layer. This is important to note as this prevents any
de-focusing issues between X and Ka-Band in the main reflector optics.

Fig. 4. S-Band Transmission Loss vs. Freq.

Fig.5. X-Band reflection Loss vs. Freq.
The results of the design are shown in Figs. 710 below. The subreflector produces
transmission losses at S-Band which are held to
under 0.30 dB across the band.
Reflection losses at X-Band are held at under
0.40 dB across the band. Ka-band losses are
held under 0.15 dB across the band.

Fig. 6. Ka-Band Reflection Loss vs. Freq.
DUAL BAND HORN
The dual-band Cassegrain feed horn network must provide high gain at both X-band and Kaband, while simultaneously providing similar illumination of the subreflector at both bands.
The feed must also meet axial ratio requirements at X-band of ≤0.5dB to support
simultaneous polarization downlinks.
A. Common Horn
The dual-band radiating feed assembly is designed to provide simultaneous operation in both
X-band and Ka-band for both tracking and data collection in a circular polarization (CP)
mode. The radiating element consists of a single horn which propagates both frequencies.
The horn is a simple lightweight design and is specially optimized to provide similar
radiating amplitude and phase patterns in both X-band and Ka-band. Figs. 7 and 8 show the
computed far-field amplitude patterns of the horn at 8.2 GHz and 26.2 GHz.
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Fig. 7. Horn Amplitude Patterns at 8.2 GHz

Fig. 8. Horn Amplitude Patterns at 26.2 GHz

The two frequency bands have the same phase-center location within the horn aperture.
Combined with the optimized low-loss design of the dichroic subreflector, this common horn
approach yields high efficiency operation in both frequency bands while also providing for
simultaneous receive capability and mechanical simplicity.
B. Ka-band Network
The common horn provides a single Ka-band interface, located at the horn throat. It is at this
point that the Ka-band receive and tracking network is attached. A TE21 mode coupler
provides tracking signal outputs at both RHC and LHC
polarizations. At the output of the coupler, a single device acts
as both the polarizer and orthomode transducer (OMT). At the
output of the OMT, both RHC and LHC data signals are
provided to low noise amplifiers (LNAs). A low axial ratio is
maintained throughout the Ka-band network in order to support
dual polarization downlinks. The ground station reception
capability is further aided by the cross polarization cancellation
techniques of available advanced earth observation modems.
C. X-band Network
The horn also couples to an X-band receive network via its
integrated turnstile junction
which provides the X-band
signal at four symmetricallydisplaced side openings.
These four separate signals are
Fig. 9. X-band Network
then carried around the Kaband mode coupler and into a recombination network.
This consists of an X-band combiner, a polarizer, and an
OMT. At the output of the OMT, separate RHC and LHC
signals are made available to the LNA input.
Four small horns surround the main horn radiating aperture
to provide a five-horn monopulse tracking operation in Xband. These horns are carefully mechanically integrated around the rest of the X-band
network. These signals are recombined with the data channel signals to form a traditional
single channel monopulse tracking signal.
Fig. 10. X-band Tracking Layout
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SYSTEM PERFORMANCE
The overall systems performance meets or exceeded the basic system performance
parameters, as shown in Tab. 3. Another benefit of the design is that the feed designs can be
used in a 9.14-m aperture with the same F/D without modification to achieve a gain increase
of approximately 2.0 dB.
Tab. 3. Performance of Tri-Band Antenna Design
Parameters

S-Band

X-Band

KaBand

Aperture Efficiency (Illumination, Spillover,
Subreflector Loss and Reflector Surface Tolerance
Loss)

68%

85%

35%

Dichroic Loss (dB)

-0.3

-0.6

-0.3

Noies Temp Contribution due to Dichroic Surface (K)

9.0

6.0

4.0

Predicted G/T (including dichroic losses) (dB/K)

19.0

31.5

35.88

Tab. 4 and 5 below show the how the allocated losses and efficiencies effect the system net
gain and G/T performance at Ka-Band.
Tab. 4 Ka-Band Gain Budget
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Tab. 5 Ka-Band G/T analysis

It must be noted that none of the analysis include the losses and system noise temperature
increases that would result from placing the antenna under a radome. Those losses may
exceed 1.0 dB in practice.
CONCLUSION
The requirements for future Tri-Band earth observation satellite ground stations have been
analysed. Following a trade study of candidate configurations for an antenna capable of
meeting this requirement an architecture was selected, the key components (dichroic
subreflector and dual-band horn) were designed and used to determine the system
performance.
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DUAL-BAND (S & C) NESTED CONCENTRIC CAVITY CONICAL SCANNING RF FEED
FOR AUTO-TRACK TELEMETRY SYSTEMS
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Orbit Communications Ltd.
Netanya, Israel

ABSTRACT
Recognizing the need for dual band tracking in missions where mobility and weight are crucial factors,
Orbit Communications Ltd. has successfully designed and tested an S & C dual band, dual polarized feed
with a total system bandwidth greater than 80%. The feed uses high RPM conical scan auto-track
technology combined with two co-located concentric apertures that is able to achieve excellent tracking
accuracy in a small volume that can efficiently feed small dishes, starting from 1.2 meter. This solution
meets the needs of field deployment and tactical forces looking for compact and easy-to-assemble field
telemetry.
The outermost cavity operates at S-Band and the inner cavity at C-Band. The antenna is fed with
orthogonally polarized inputs, enabling polarization diversity in all bands. The coaxial cavities provide
nearly uniform feed beamwidths as well as coincident phase centers in both bands, which make it an
optimal feed for a parabolic dish. The conical scan rotates at up to 3000 RPM, giving excellent tracking
fidelity. The entire feed system has a low blocking diameter of just 18 cm (7”) that make it possible to
feed the entire range of parabolic dish diameters.

INTRODUCTION
Multiband functionality is a growing need in the next generation of tracking and telemetry antennas.
Current solutions make use of dichroic sub-reflectors to meet this requirement. Dichroic sub-reflectors
are difficult to design and manufacture and require very large main reflectors. Alternatively, electronic
scanning antennas may be used to generate sum and difference patterns but require a large feed that is
not always compatible with the smallest of reflectors.
ORBIT’s innovative conical scan design is able to overcome current limitations by having two co-located
concentric apertures. This innovative concept takes ORBIT’s patented Tri-Band electronic scanning
antenna one step further by having the coaxial cavities physically separated from the elements that
excite them. This allows the concentric apertures to spin freely at a high RPM, independently of the
feed network.
FEED CONCEPTS
The feed consists of two waveguide apertures. The outer one, which works at S-Band, is a coaxial
waveguide, while the inner one is a simple circular waveguide that operates at C-Band. The S-Band
coaxial waveguide is excited by 4 probes located 90 degrees apart. 4 probes are used for better
impedance matching, axial ratio performance and pattern balance. Return Loss results for the antenna
feed can be seen below in Figure 1. Return Loss is a measure of the portion of the input signal reflected
back to the source. By reducing the Return Loss, more power is coupled into the antenna resulting in
higher gain and G/T.

Figure 1 – S and C Band Return Loss

The S-Band probes excite the primary non-TEM mode of the waveguide, the 𝑇𝐸11 mode. The cutoff
frequency of the waveguide is approximately where the mean circumference between the inner and
outer conductor is one wavelength. The equation that defines the cutoff frequency for the 𝑇𝐸𝑛𝑚 mode
in coaxial waveguide is given below:

𝑓𝑐 =

′
𝑝𝑛𝑚
𝑐
2𝜋𝑎

′
′
′
′
𝐽𝑛′ 𝑝𝑛𝑚
𝑌𝑛′ 𝑝𝑛𝑚
𝑏/𝑎 − 𝐽𝑛′ 𝑝𝑛𝑚
𝑏/𝑎 𝑌𝑛′ 𝑝𝑛𝑚
=0

[1]
[2]

Where,
𝑓𝑐

-

The cutoff frequency for the 𝑇𝐸𝑛𝑚 mode in coaxial waveguide

′
𝑝𝑛𝑚

-

Location of the mth zero of the nth order equation given above

𝐽𝑛′ (𝑥) , 𝑌𝑛′ (𝑥)

-

The derivative of nth order Bessel function of the first and second kind

𝑎, 𝑏

-

Inner and outer diameter of the coaxial waveguide, respectively

Proper balancing of waveguide diameters is necessary to ensure that only the desired 𝑇𝐸11 mode will
propagate, and that the undesired 𝑇𝐸21 mode will remain below cut-off over the entire bandwidth as
defined as 2.185 – 2.485 GHz. Furthermore, the inner waveguide acts as both the center of the S-Band
waveguide as well as the C-Band waveguide, balance must be achieved so that only the 𝑇𝐸11 mode of
the C-Band cylindrical coax is able to propagate, over the proscribed bandwidth of 5.091 – 5.250 GHz,
while not harming the modes of the S-Band waveguide. An image of the desired modes can be seen
below in Figure 2. The dotted and solid lines in the outer ring are the orthogonal linear E-fields of the SBand coaxial waveguide. The inner lines represent a single linear polarization of the C-Band circular
waveguide.

Figure 2 – E-Field Lines in TE11 Waveguide Modes for S & C Bands
Each consecutive probe is then fed with a feed network that gives a 90 degree phase lag relative to its
right hand neighbor to generate RHCP (Right hand circular polarization). When they are excited with a

90 degree phase lead LHCP (left hand circular polarization) is generated. Proper feed network design
allows for reception of both polarizations simultaneously. Alternative feed networks could also generate
dual orthogonal linear polarizations. Simultaneous orthogonal polarizations allow the system to be
sensitive to all signals from all transmitters.

CONICAL SCAN CONCEPTS
For proper operation an amplitude based tracking antenna must create an amplitude modulated (AM)
signal that the receiver can interpret as an error signal that tells the controller how far off boresite the
target is located. The controller will then command the pedestal to move to new coordinates that cause
the error signal to approach zero. In a conical scan antenna this AM signal is achieved by steering the
main beam of the antenna slightly off boresite. The main beam is steered by having the phase center of
the feed antenna displaced axially from the focal point of the parabolic reflector. The steering angle of
the antenna is defined by the following equations for small angular deviations:
𝜃𝐵 = 𝐵𝐷𝐹 ∙ tan−1

𝛿
𝐹

𝐹 −2
1 + 0.36 4 𝐷
𝐵𝐷𝐹 =
𝐹 −2
1 + 4𝐷

[3]

[4]

Where,
𝜃𝐵

-

Steering angle of the main beam

𝛿

-

Axial displacement of the feed phase center from the focal point

𝐵𝐷𝐹

-

Beam deviation factor

𝐹/𝐷

-

Focal length divided by diameter of the parabolic dish

As the nutating feed goes about a 360° rotation the signal will oscillate sinusoidally due to the
corresponding rotation of the main beam about the boresite of the reflector. The amplitude of the
sinusoid gives the magnitude of the error signal which is proportional to the angular offset of the target
to the boresite of the antenna. The frequency of the sinusoid is equal to the rotational speed of the
feed. By sampling the error signal at four points, error values can be calculated for both azimuth and
elevation and corresponding corrections can be made. Figure 3 shows an Azimuth cut of the main beam
taken during feed nutation. It can be seen that at 0 degrees the error approaches zero and increases
continuously as the antenna moves further from boresite.

Figure 3 – Antenna Pattern During Feed Nutation

It is important to properly steer the main beam to optimize tracking gain versus boresite gain loss. As
seen by equations 3 and 4 the greater the feed offset the greater the steering angle of the main beam.
As the main beam steering angle increases, the boresite gain of the antenna will decrease. The degree of
beam peak steering is not frequency dependant, whereas the beamwidth is frequency dependant.
Consequently, for a given fixed feed offset, the difference between the boresite gain to the peak gain
will increase as a function of frequency, resulting in reduced system boresite gain and G/T. Conversely, if
the main beam is not steered enough there will be insufficient delta between beam peak and boresite
gain, leaving the AM error signal with too little resolution for accurate auto-tracking function. Figure 4
illustrates these concepts.
When dealing with a conical scanning feed that operates over the range of 2.185 to 5.250 GHz, there can
be no suitable delta that will satisfy both conditions over the entire band. To compensate for this the
phase center of both apertures are not co-located. There is a slight offset in the axial displacement of
the phase center between S and C band. Consequently, the two conductors of the S-Band waveguide are
not concentric which can cause impedance matching and axial ratio difficulties. The angular offset was
carefully selected to ensure that the S-Band performance was not harmed by correcting the C-Band
steering angle. Figure 5 below shows resulting measured axial ratio values.

Antenna Patterns with 180° between Feed Rotation
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Figure 4 – Antenna Patterns of Opposite Steered Beams

Figure 5 – Axial Ratio Results for S and C Band

CAVITY FEED DESIGN – MECHANICAL CONSIDERATIONS
Two central principals in the design of the conical scan antenna were that the antenna should be able to
rotate at a very high RPM, but that no rotary joint be required. The components of the antenna that are
connected to the stator and the components that are connected to the rotor must be totally separated
to avoid friction and drag that can lead to damaged parts and reduced performance. The parts that are
attached to the stator include all waveguide probes and feeds that are in turn connected to the static
coaxial cables. The coaxial waveguide cavities that cause the main beam steering, must be attached to
the rotor and therefore physically disconnected from the stationary parts.

REFLECTOR & FEED BLOCK DESIGN
For the program to which the S & C Conical Scan antenna was designed a 1.2m dish was selected. The
focal length of the reflector is 0.546m, which corresponds to an f/D ratio of 0.455. The feed was
designed such that the angular range of +/- 57.5° should be between 8 and 12 dB down from the feed
peak gain for optimal reflector efficiency.
A 1.2 meter dish is less than 9 wavelengths in diameter at the lowest frequency of operation, making it
very small electrically. Complicating matters is the blocking caused by the feed and RF frontend housing,
which was a significant fraction of the overall reflector diameter. This blockage causes a reduction of the
gain in S-Band. The housing was redesigned to reduce the blocking diameter. The final outer diameter of
the S & C feed housing was reduced to 18cm (7”).

RANGE TESTING
The 1.2m S & C conical scan antenna was tested on Orbit’s outdoor farfield test facility. 360 degree
Azimuth patterns were taken with the feed in static and dynamic states. Figure 6 shows patterns taken
in S Band. The upper graph is a plot of the main beam that displays both static and dynamic patterns. It
can be seen from the graph how the upper envelope of the dynamic pattern conforms to the static
pattern on one side of boresite and to the lower envelope on the other side of boresite. This is due to
the feed offset being oriented along this plane. The peak of the static beam is steered toward the left
hand side of the graph, which will represent the maximum edge of the rotating pattern. Conversely, the
right side of the graph will then coincide with the minimum of the rotating pattern, since the beam is
steered away from that side. The lower graph is a full 360 pattern of the antenna for the static case.
Tracking error curves, or S-Curves, were also measured. ‘S-Curve’ is a nickname for a curve representing
the relation between the actual boresight error of a tracking antenna and the antenna error value
reported by the tracking system. Normally the curve is expected to be almost linear in the 3-dB range of
the antenna boresight. Another important characteristic of the tracking antenna, closely related to the
S-curves, is the crosstalk. When the antenna is displaced from the boresight along one of its axes,
ideally, the antenna error should report only for this axis. With a practical tracking antenna some false
error values will be reported in the orthogonal axis. This phenomenon is referenced to as a ‘crosstalk’.
The crosstalk should be minimized by proper antenna design and calibration.

Figure 6 – S-Band Measured Patterns of Rotating and Fixed Feed

Figure 9 – S-Curves in S and C Bands, showing linear response in range of 3dB beam width for
orthogonal polarizations

SUMMARY
We have shown the design essentials and the performance highlights of the novel Dual Band S & C
conical scanning auto-tracking antenna. The final antenna was measured to have acceptable levels of
return loss, axial ratio, gain and tracking accuracy. The final dual band feed was packaged to fit into a
maximal outer diameter of 18 cm (7”) with a weight of 9 kg (20 lbs). Coupled with the successful mating
with a 1.2m dish, the dual band conical scan has proven to meet even the most lightweight and mobile
requirements. Larger reflectors could also take advantage of this technology with even greater
efficiency.
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ABSTRACT
The flight test mission services need higher data rates due to increased system complexity and
the need for more accurate, higher rate, and better data acquisition. The existing L or S band
frequency spectrum allocation was a limiting factor to meet this increased data rate
requirement. The World Radio-communication Conference (WRC 2007) attributed new
additional frequency spectrum allocations in the C band for Aeronautical Mobile Telemetry
(AMT). The international flight test community has taken this opportunity to immediately
take advantage of the new C-band range 5091-5250MHz.
This paper presents the multi-band feed product designed by the RF & Antenna Laboratory of
ZODIAC DATA SYSTEMS company. This feed is foreseen to be used in prime focus
configuration on any diameter parabola dish providing telemetry and tracking channels in
three L, S, and C bands.
Here, are described the concept and the technology achieved taking into consideration the
performance and industrial constraints. Moreover, this contribution focuses on the
electromagnetic simulations of radiating elements, the feed network and RF system
integration. This paper is structured as follows: firstly, the objectives and the motivation for
developing a prime focus feed which works in L, S, C bands are presented. In particular, the
market constraints and approach to find the best solution satisfying the feed RF requirements,
and mechanical constraints, such as weight, size and cost, are discussed. The second section
describes the 5 step development cycle: principle and technology, design of the telemetry
channels and tracking function, cohabitation of the different radiating elements, and problems
of the channels isolations. The third section discusses the performance achieved using
electromagnetic simulations. The fourth section talks about the integration of RF system feed.
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The paper concludes by discussing future work using the same concept that is applied to other
telecommunication or telemetry frequency bands.
INTRODUCTION
Today, a majority of users works with S-band and L-band telemetry and they also need
tracking function. In most cases, the ground stations for telemetry have an antenna diameter
dish which varies between 6 and 14 feet and is mounted on high dynamic pedestals. In the
future, the telemetry will be partially done in C-band, but most users will still want to keep Sband and L-band. With this in mind, we envisage the ideal antenna as being able to provide all
the telemetry bands L, S and C with tracking function.
The high servo-control dynamic of an antenna involves two mechanical conditions. The first
is linked to the weight of mobile components, the feed and struts should be as light as
possible. The second talks about the dish diameter: it could be small approximately 6 or 8 feet
and the feed size should be as small as possible. Given the RF constraints providing the
telemetry channel and tracking function in three bands, this presents a real challenge for
antenna designers. So, what is the best technical solution that will satisfy the requirements?
and what is the best compromise between the complexity and the price?

MARKET CONSTRAINTS AND APPROACH
Before evaluating tri-band feed solutions, the two antenna configurations are briefly
described. The first is the Cassegrain dichroic sub-reflector configuration. It requires that one
of two feeds has to provide two bands L and S at prime focus, and the second C band in
Cassegrain configuration. Furthermore, it should be noted that the sub-reflector could present
problems by the small dish diameter. Moreover, the dichroic sub-reflector is costly. The
second antenna configuration is the prime focus antenna configuration which is lower cost
than the Cassegrain antenna, but the feed needs to provide tri-band in the same box.
Thus, we need to define the most simple antenna structure and meet the minimum
specifications. The proposed prime focus feed design is optimal for F/D=0.4: parabola dish
diameter D ≥ 4 feet and F = focal length. This feed is able to work simultaneously in three
bands: C-band, bandwidth = 5%, S-band, bandwidth = 10%, and L-band, bandwidth = 12%.
The feed has to receive the telemetry data (sigma channel) and perform auto-tracking using
Single Channel Monopulse (SCM) and with a good tracking slope (delta channel). The feed
must work in two circular polarizations left and right hand. For mechanical considerations, the
feed must be compact and light.
To identify the best design solution of the tri-band feed, we have outlined the four main
principles used for generating the sigma and delta channels from literature and illustrated in
Figure 1:
• Solution 1: uses an array of four radiating elements: the same radiating array can
synthetize sigma and delta.
• Solution 2: uses an array of four radiating elements for delta, and a single radiating
element for sigma.
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• Solution 3: This differs significantly and uses multiple coaxial mechanical radiating
cavities: the sigma signal is generated with four orthogonal probes and the delta signal
is generated with eight probes at 45 degrees.
• Solution 4: consists of one printed radiating element to generate the sigma channel
and eight printed radiating elements to generate the delta channel.
With Solutions 1 and 2, it is not possible to correctly synthetize the delta radiation patterns to
have a good illumination of the parabola dish (F/D=0.4). This is true especially for the upper
frequency band. The network factor of the four elements is too high for geometrical reasons.
The third solution using coaxial cavities radiating elements is reasonable and should achieve
good RF performances closed to horn characteristics. However, the complexity and the tuning
are difficult. Moreover, the weight and the size are not really compatible with the
specifications. The fourth solution provides good dish illumination and good characteristics in
terms of weight and size and thus seems to be the best compromise. In spite of sub-optimal
performances, overall it is sufficient for telemetry applications.

Figure 1

PRINCIPLE AND TECHNOLOGY AND PHASES OF DEVELOPMENT

To design this complex antenna structure, we have used the following methodology. Phase 1
begins by focusing the development on the sigma channel, for one band frequency, the
highest band, i.e. the C-band. Then in the second phase, the sigma design for the other bands
is deduced using a homothetic function. The overall sigma design is located at the center of
the feed along the propagation axis.
3

The third phase is the design of the array that generates the delta channel or tracking function,
for one frequency band. In the fourth phase, the delta design for the other bands is deduced
using a homothetic function. To do this, it is necessary to integrate the three arrays of eight
elements with different geometry in the same volume. The solution is to optimize the constant
dielectric and other geometrical parameters. Finally, the fifth and last phase consists of
analysis and optimization of the isolation between the sigma and delta channels in the same
band. Several iterations were needed to reach the required performance levels.
Here, the sigma and delta radiating elements are described. For the sigma channel that
receives the telemetry data, we have chosen the aperture coupled patch [1] compatible with
the frequency bandwidth. The elements are printed on high quality RF substrate. All the
sigma elements are placed at the center, with the sigma element for the C-band being in the
upper position, the sigma S-band element in the middle position and the sigma L-band
element at the bottom, as shown in Figure 2. The radiating element of the delta is a simple
single half printed patch. To generate the complete delta pattern, we use the equivalent of
waveguide TE21 modes, shown in Figure 3, by using of eight elements placed at 45°
following a central symmetry. The amplitude and phase are realized with a network feed
composed of hybrid couplers in a microstrip technology. This complete design, including
multi-band sigma and delta functions described above, was patented [2].
We remark that the phase center for each band is not located at the same point. It is possible
to evaluate the axial defocusing. We chose the phase center for the upper frequencies, i.e. Cband in order to optimize the performance in this band and to minimize the phase default in
other bands. The displacement in L-band is of 0.15*λL-band and 0.12*λS-band. So, we can
consider that the axial defocusing is minimized.

Figure 2
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Figure 3

RESULTS OF ELECTROMAGNETIC SIMULATIONS

To design all the radiating elements and RF devices, we have used the CST Micro Wave
Studio software. This software is based on one Finite Integral Technique (FIT) to solve the
Maxwell’s Equations. The FIT with advanced techniques gives a good simulation accuracy
results. The transient solver works properly with hexahedral meshing, but it should be used
with caution due to the geometry of this design.
Despite of the time domain solver, the resonant structures, the aperture coupled patch or other
printed patch, it was necessary to split the development into several simulation models in
order to minimize the simulation time. For global analysis of all bands, it is strongly
recommended to use parallel computing: up to 10 ports by band and up to 12 ports for all
bands.
The final results of S-parameters are really good. About the adaptation of the radiating
elements impedance, the return loss is good for all sigma channels L, S and C, and it is
reasonable for all delta ports. After many runs of optimization, the isolations between delta
and sigma channels are better than 15dB in each band, and the isolations between different
frequency bands are better than 20dB.
The optimization of sigma radiation patterns has been done without major difficulties. But, for
the delta radiation patterns, the optimization has been more difficult due to isolation and
geometry issues. The sigma and delta patterns for the C-, S-, and L-band are illustrated in
figures 4, 5 and 6 respectively.
In synthesis, once the S-parameters performance has been reached with a good field
distribution, i.e. illumination of angle at -10dB closed to 128°, we can expect a good optical
efficiency. The global efficiency of the tri-band L-S-C antenna station is estimated to between
60 and 70%. The radiation patterns of the sigma and delta are detailed by 2D plots in the
Figures 4 to 6.
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Figure 4

Figure 5
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Figure 6

RF SYSTEM INTEGRATION OF FEED
To understand the RF system integration of this tri-band feed, Figure 7 illustrates the
complete chain. This chain starts from the head feed, radiating elements sigma and delta
through to the telemetry and tracking ports with two polarizations, the right (RHCP) and left
hand (LHCP). Each feed network has two sigma RHCP and LHCP ports and two delta RHCP
and LHCP ports: each independent active module is connected at these four ports. The active
modules are composed of filters, low noise amplifiers, modulators and couplers, and are
specific for each band. The modulators and couplers allow the Single Channel Monopulse.
The triplexers are connected to the outputs of the active modules. The triplexers are
mandatory, as it is not possible to route six RF channels through the pedestal azimuth rotary
joint. Moreover, the tri-band receiver, like RTR (Radio Telemetry Receiver), is already
available on the market with the capability to accept tri-band signals on its RF input ports.

7

Figure 7

CONCLUSION
With accurate simulations, we can conclude that with this design the overall required
performance for L-S-C bands are achieved. This allows a true simultaneous tri-band L S C
feed for flight test applications to be designed. The difficulties of creating connections
between some of the critical radiating elements and feed network have been solved. Globally,
the design of and the integration of the complete RF system feed is valid and satisfies the
mechanical constraints.
The two main aspects of this design are to keep the maximum symmetrical figures of
radiating elements and take apart the aerial port perturbations. From this design, it is possible
to consider others frequencies but the designer needs to assume the available bandwidth of
aperture coupled patch and to assume the losses involved by the technology and complexity
of design. RF losses are important but not critical for flight test applications as is the case for
telecommunications applications.
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Abstract
This paper shows the design and testing of a test bed at Morgan State University as part of the
development of a Link Dependent Adaptive Radio (LDAR). It shows the integration of variable rate
QAM/OFDM modulation and a variable rate Punctured Convolutional Coder. It also shows a dynamic
aeronautical channel simulator developed to capture the dynamics of these channels. Performance results
are show for combinations of modulation, coding and channel variations that provide motivation for the
potential of the LDAR system.
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Introduction
The INET project was launched by both Director of the Central Test and Evaluation Investment Program
(CTEIP) with the primary objective of advancing networking and telemetry technology. The proposed
system aims to increase and enhance data transfer and communication between aircraft and ground
stations and between the aircraft themselves over an aeronautical channel. For the physical layer of the
Telemetry Network system, the INET project plans to use a variation of the 802.11 Wireless LAN
Protocol. This offers the potential for higher data rates and higher spectral efficiency in support of the
increased demand for more data. This papers looks at how a link dependent adaptive radio (LDAR) (1)
protocol can enhance data rates by controlling the radio link to operate at near capacity rates over a
variety of conditions.
An aeronautical telemetry channel provides communication between aircraft and ground stations. The
aeronautical channel offers significant and unique challenges. The channel is characterized by multipath
distortion due to the interaction of the direct path, reflected path and associated clutter. These effects are
exaggerated by the presence of Doppler shifts that can be as high as 15kHz. This distortion contributes to
rapid changes in channel behavior which in turn leads to limitations in performance. LDAR performance
will require analysis of aeronautical channels with an emphasis on tracking the dynamics of the channel,
and matching these with adaptive rate structures.
Link Dependent Adaptive Radio (LDAR)
Georgia Tech Research Institute (GTRI) and Morgan State University have undertaken the LDAR
program in an effort to maximize the throughput for telemetry links while ensuring an acceptable level of
link quality and reliability. This includes the development and test of a prototype system that adapts its
modulation scheme based on channel conditions in a telemetry environment. LDAR selects a modulation
scheme that maximizes throughput while ensuring a minimum level of link quality given the current
channel conditions. This is accomplished by estimating the channel and link quality to determine what

mode of operation would meet the objective. Multiple parameters are adapted to maximize throughput
while maintaining link quality which may include the waveform and constellation, signal bandwidth,
number of subcarriers, and forward error correction schemes. When the signal is strong and the channel
benign a high rate 64QAM might be possible with 6 bits/Hz spectrum efficiency, while degraded channels
might operate at 4QAM with a Rate = ½ code. The key is to choose the best structure for the current
channel condition.
Orthogonal Frequency Division Multiplexing (OFDM) and Coding
The technical approach to this effort is focused on the development of a high performance OFDM based
modulation scheme which incorporates 4/16/64 QAM modulation and variable rate Convolutional coding
(2) at rates 1, 3/4 and 1/2. This provides transmission options over a range of 6 to 1 in the choice of rate.
This approach also includes a simple equalizer required for QAM operation. Orthogonal Frequency
Division Multiplexing (OFDM) is a combination of modulation and multiplexing. It is a powerful
modulation technique that increases bandwidth efficiency and reduces the multipath effect. By dividing
the bandwidth into smaller channels, narrowband channels are created from a wide band environment.
These narrowband subcarriers experience flat fading. When multipath occurs selected tones are faded but
the data can be recovered using error correcting codes. OFDM also incorporates a cyclic prefix to remove
inter-symbol interference and to maintain orthogonality in the presence of multipath.
Forward Error Correction (FEC) is a method by which errors can be controlled during data transmission.
Convolution codes are error correcting codes that are used to add redundant information to the user's
message, and then use this redundant information to correct errors at the receiver. In interleaving, symbols
of the coded sequence are either transmitted a number of times or permutated using interleaving
techniques to overcome burst error on the channel.
Methodology
The LDAR test configurations consist of an OFDM test bed which incorporates variability in Code Rate
and in M-ary QAM modulation. It also includes an aeronautical channel simulation that can be configured
to simulate channel dynamics. The coding selected here follows the IEEE 802.11a Convolutional coding
with puncturing. In this case puncture rates 1, 3/4, and 1/2 provide test options. The OFDM & M-ary
QAM operation can be configured with M=64, 16, 4. Overall this provides for a combination of nine (9)
possible rate configurations which provide options for enhanced spectral efficiency. Others have shown
(2) a mapping of channel distortions can be related to spectrum efficiency as illustrated in figure 1.

Figure 1: Mapping of Spectrum Efficiency versus Channel Distortion
Figure 1 shows notionally that regions of spectrum efficiency can be quantified and used to adapt the link
structure to a configuration that matches the capacity of the channel. The test bed elements are shown
below in figure 2. Each element is described below.

Figure 2: LDAR Test Bed
By varying the QAM rate and the coding rate the data bits/symbol can be varied from 1 bit/symbol to 6
bits per symbol in uniform steps as shown in table 1.
Table 1: Variable Rate Structure for LDAR Test Bed
QAM Bits/Symbol
2
2
2
4
4
6
4
6
6

Code Rate
1/2
3/4
1
1/2
3/4
1/2
1
3/4
1

Data Bits/Symbol
1
1.5
2
2
3
3
4
4.5
6

OFDM
Orthogonal Frequency Division Multiplexing (OFDM) is a powerful modulation technique that increases
bandwidth efficiency and helps to mitigate inter-symbol-interference (ISI) and inter-channel interference
(ICI). OFDM is a technique to combat frequency selective fading. The basic idea of OFDM is to divide
spectrum into several sub-carriers. By dividing the bandwidth into smaller channels, narrowband
channels are created from a wide-band environment. These narrowband subcarriers experience flat
fading, which is an important characteristic for the aeronautical multipath problem. Each narrow band
subcarrier supports an M-ary Quadrature Amplitude Modulation scheme with M=4,16, or 64. This can
provide 2, 4, or 6 bits per data symbol that can be adapted to the channel.
Cyclic Prefix
Convolution encoding causes parts of adjacent OFDM symbols to overlap causing the independently
transmitted symbols to interfere with each other. This effect can be mitigated by introducing a guardinterval, referred to us as a cyclic prefix, between the symbols. OFDM system is used to increase the
symbol duration and reducing ISI.
Aeronautical Channel
The aeronautical radio telemetry channel is a complex wireless connection between an aircraft and a base
station. Such channels are complicated by the multipath distortion and the Doppler related to high speed
aircraft. This channel can be modeled as the convolution of an input signal with a channel impulse with
N_tap paths or taps as:

Where Gi are the complex path gains, Ti are the relative path delays, fo is the radio frequency offset, and
fdi are the individual Doppler shifts for each path.
The typical airborne connection can be represented as a 2 ray model with just the direct path and a
reflected path. Such a channel has been captured by Rice (4). Our model for this channel is a fixed G1 for
the direct path and a Rician G2 for the reflected path. A comparison to the Rice data is shown below on
the left and the simulation on the right.
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Figure 3: Airborne Channels – Rice (left) vs. Simulation (right)
The simulation is captured at four snapshots which shows the migration of the null in the channel
which is related to the differential in Doppler shift from the directed and reflected path. These
differences are on the order of 0.1Hz to 10Hz.Such dynamics may be important to determine the
stationarity of the aeronautical channel for LDAR applications.
Another example is the Rice channel for the Taxi Runway scenario which shows 4 distinct paths
including 2 clutter paths. The Rice data is shown on the right and our 4 tap model is shown on the left
in figure 4. Figure 5 shows the dynamic frequency response which includes additional dips due to the
clutter and the variable Doppler effects.
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Figure 4: Impulse responses: simulated (left), Rice (right)

H(jw)

3
2
1
0

0

20

40

60
80
Frequency

100

120

140

0

20

40

60
80
Frequency

100

120

140

0

20

40

60
80
Frequency

100

120

140

0

20

40

60
80
Frequency

100

120

140

H(jw)

3
2
1
0

H(jw)

3
2
1
0

H(jw)

3
2
1
0

Figure 5: Runway Taxi with Clutter Frequency response
Seven channels have been adapted from Rice’s data to provide a variety of channels for our test bed.
These provide some variability for showing how channels may vary in time.

Convolution Coding
A punctured variable rate convolution coding (3) provides forward error correction to allow multiple
code rates suited to the channel. The schematic of the Convolution coding applied in this work is
shown in Figure 6. The Number of inputs bits, (k), is 1 and the number of outputs bits (n) is 2. These
blocks are called the shift registers. Number of registers (K) is 7. This is also called the constraint
length. U is the information sequence U=(u1 u2 u3 ….) entering the encoder. Then the input is an
impulse, the response to the system are generator polynomials (g1 g2). Only one bit from the input
can go to the first register at a time and output corresponding to it is obtained in the output terminal.
When the next bit comes, the previous bit shifts by one and another set of outputs are obtained in
output terminal. This process continues until all the bits are ended in output. The generator
polynomial is [g1=171, g2= 133] here[3]. After combining g1 and g2, the generator matrix called the
G-matrix is produced. Encoded data (V) is achieved by convolving U and G matrix. This briefly
explains how the Convolution code works. After encoding, the data is sent to the channel. As
mentioned earlier, code rate is the ratio of input and output. Thus, a code rate of R=k/n = ½ will
mean that only half of the input bits are transmitted through channel.
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Figure 6: Schematic of Convolution coding for K=7
Results and Discussion
This LDAR test bed can produce many combinations of test configurations. A few of our preliminary
tests are shown below. Figure 7a show a calibration of our system by comparing OFDM QAM at various
rates to the theoretical values. Variances for the 256QAM are due to the lack of Gray Coding. Figure 7b
shows the performance of the punctured Convolutional code with rates 1, 3/4,1/2.

Figure 7a Theoretical BER Vs Simulation 7b with Variable Coding
Figure 8a below shows the performance of QPSK, 16QAM and 64QAM for an AWGN channel with and
without rate= 1/2. This chart shows how the coding provides improvement in error performance on the
order of 5dB coding gain. Figure 8b shows the performance of QPSK over seven (7) difference Rice
channels. It can be seen here that the performance is severely degraded on three of these channels where
the cyclic prefix length was not sufficiently long.

Figure 8: Error Performance with and without Coding (8a:left), Performance on Rice Channels ( 8b: right)
Conclusion

The paper presents the design and test results from MSU’s LDAR test bed. A variable rate system has
been developed with varies both M-ary QAM rate and Convolutional code rate to provide nine possible
rate configurations. An aeronautical channel simulation has also been developed to simulate captured
Rice channels and to provide the dynamics of these channels. These combinations of data rates and
channels can now be tested to provide insight into the methods needed to predict and adapt transmission
modes suited to the mix of channels expected in aeronautical telemetry applications.
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Abstract
Constrained codes also known as modulation codes are a key component in the digital magnetic
recording systems. The constrained codes forbid particular input data patterns which lead to some of
the dominant error events or higher media noise. In data recording systems, a concatenated approach
toward the constrained code and error-correcting code (ECC) is typically used and the decoding is done
independently. In this paper, we show the improvement in combining the decoding of the constrained
code and the ECC using generalized belief propagation (GBP) algorithm. We consider the performance
of a combined modulation constraints and the ECC on a binary symmetric channel (BSC). We show
that combining demodulation and decoding results in a superior performance compared to concatenated
schemes. Furthermore, we compute the capacity of the joint ECC and modulation codes for 1-D and
2-D constraints.
Index Terms
Constrained Codes, Error-Control Codes (ECCs), Reverse Concatenation, Joint decoder/demodulator.

I. I NTRODUCTION
Modulation codes are first introduced for data storage by Marcus et al. [1] to improve the
performance of the system by matching the characteristics of the recorded signals to those of the
channel. Various classes of modulation codes have been developed for different purposes in data
storage systems. Run length limited (RLL) codes are one of the widely used family of constrained
codes [2]. RLL codes are usually used in order to prevent the loss of clock synchronization.
Maximum transition run (MTR) codes limits the maximum run of transitions written on the
disk [3]. Due to the data dependent nature of the media noise, consecutive transitions leads to
increasing the media noise which results in degradation of the performance.
Typically, modulation codes are followed by an error correction code (ECC) while the modulation code is designed to match the channel and the ECC is designed to correct the errors caused
by the channel or even in detection. An error sequence in the input of the modulation decoder may
result in error propagation since modulation codes unlike ECC codes are nonlinear in nature.
Error propagation would result in overwhelming the error correcting capability of the ECC
decoder. There are many works in order to provide a encoder that captures both error-correction
and modulation properties. In order to solve the error propagation issue, there have been a lot
of attention on reversed concatenation [4], where basically the encoders are concatenated in
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the reversed order. In this way, many channel errors can be corrected before reaching to the
modulation decoder, and therefore decreasing the chance of error propagation.
In [5] and [6] , Wijngaarden and Immink introduced a novel concatenation scheme in which a
modulation code is designed in a way so that specific positions are unconstrained such that those
positions can take on any symbol without violating the constraint. In these codes, a systematic
ECC is used and the the parity bits are inserted into the unconstrained positions without violating
the constraint. Therefore the codewords satisfy both parity-check constraints and the modulation
constraints. In a different approach, Vasic et al. [7] proposed a method in which deliberate bitflipping is used to impose the k-constraint in the LDPC codewords. In this way by using strong
codes with high minimum distance, it is expected that ECC would be able to correct both the
deliberate errors and the channel errors.
In this paper, we propose a joint modulation/ECC decoder which performs sub-optimal decoding on the full graph using generalized belief propagation (GBP) [8]. The GBP decoder operates
on an undirected graphical model. It infers the symbol a posteriori probabilities (APPs) using
a message passing algorithm which takes into account the existence of loops in a graph. GBP
decoder can be used with the modulation schemes in which the codewords generated by the
scheme satisfy both the error-correction and modulation constraints in order to perform joint
decoding such as the unconstrained position method [5]. Furthermore, the capacity of the lowpass constraints are calculated based on [9]. The capacity of the joint ECC/modulation code is
also determined.
The paper is organized as follows: In Section II, the concatenation and the joint scheme of
ECC and modulation decoders are described and the performance comparison is given. Section
III defines the capacity problem in 1-D and 2-D modulation codes and provides the estimates
of the capacity for local constraints. Section IV concludes the paper.
II. J OINT M ODULATION /D ECODING
In digital storage systems, the constrained code is followed by an error-control code (ECC).
The inner modulation code serves the general function of matching the recorded signals to
the physical channel, while the outer error-correction code is designed to remove any errors
remaining after the detection and demodulation process. The constrained code and the ECC
code are typically designed and decoded independently. In one type of concatenation, message
bits are first encoded by ECC and then passed to the modulation codes. This type of concatenation
is known as forward concatenation (FC). The problem with the forward concatenation is that
the output of the constrained encoder is not necessarily an ECC codeword, and the decoding
of the constrained code often results in error propagation which the outer ECC code could not
able to correct. An alternative approach is provided by reverse concatenation (RC). The idea
is to first encode the message bits using the modulation encoder, and then apply a systematic
ECC encoder to produce parity bits. Since the parity bits do not necessarily meet the modulation
constraint, they are then in turn encoded by the second modulation encoder. The block diagram
of the reverse concatenation is shown in Fig. 1.
The separation of decoder and demodulator causes performance loss. Using GBP method
for joint demodulation/decoding allows us to recover the performance loss due to separation
of demodulation and decoding. The GBP demodulator performance is very close to the MAP
demodulation. Furthermore, GBP can also be utilized to decode LDPC codes. An LDPC code
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Fig. 1.

Block diagram of the reverse concatenation technique
Modulation Code Constraints

LDPC Constraints(Checks)

Fig. 2.

Combined Tanner graph of the LDPC and the modulation code constraints for 2-D channel.

can be defined by the parity check matrix Hm×n where there are m parity check constraints
on n variable bits. These constraints can also be represented by a Tanner graph. By adjoining
the modulation code constraints to the LDPC code constraints, GBP can be applied as a joint
demodulator/decoder. Fig. 2 depicts a Tanner graph which is a combination of the Tanner graphs
of the 2-D modulation code and the LDPC code. The upper squares represent the 2-D modulation
code constraints and the lower squares represent the LDPC code constraints. Variable nodes
are represented by circles inside the grid. This approach is general and it is not defined for
1-D or 2-D data and constraints. In order to get a sense of possible improvements of joint
demodulator/decoder compared to concatenated demodulator and decoder, we simulated joint
demodulation/decoding using GBP for 1-D case and RC is also simulated as a benchmark. The
modulation code used in this simulation forbids two consecutive transitions. Let C ⊂ X be the
set of admissible patterns. The indicator function is defined as:

4

(
1, x ∈ C
f (x) =
0, x ∈
/C

(1)

The constraint, which is imposed on C, can be factored into smaller locally defined constraints
which contain the three consecutive bits. The local constraints can be formulated as
(
0, if xi = xi+2 6= xi+1
fa (xi , xi+1 , xi+2 ) =
(2)
1, else,
where xi , xi+1 and xi+2 are three consecutive bits and fa is the local constraint. The indicator
function for this code can be written as the product of local constraints of (2) each having some
subset of x as arguments:
Y
f (x) =
fa (xa )
(3)
a

The ECC code used in the simulations, is C(155,64) Tanner code of rate 0.41. The rate of the
constrained code is 0.6977. In the joint scheme, we only send the codewords which satisfy our
constraint. The overall rate is estimated by using GBP on the tanner graph of Fig. 2 based on
[9] which is equal to 0.28. We used the same ECC code for RC method. The first constrained
code is also the same. However, we used 0.5 rate modulation code for the secondary constrained
code. Therefore, the overall block length of the codeword sent to the channel is (155+91) = 246
and the overall rate is 0.18 for the RC scheme. Fig. 3 shows the performance of these schemes.
Although the block length used for RC is higher and also the rate is lower, the performance of
the GBP joint demodulator /decoder is even slightly better.
III. C APACITY OF 2-D MODULATION CODES
For TDMR systems, the constrained codes are viewed as 2-D codes. Therefore, we are
investigating 2-D constraints to mitigate the media noise caused by grain size irregularities. Since
the input transition between the neighbors is the source of media noise, we choose constraints
based on 2-D low-pass constraints which forbid two consecutive transitions in both horizontal and
vertical dimensions. In [10], Ashley et al. introduce a framework for designing encoders that
transform arbitrary data sequences into two-dimensional arrays satisfying certain constraints,
in particular, low-pass constraints. Since a finite state machine can not be defined for 2-D
constraints, the decoding of these codes is not trivial.
In order to find the capacity of the constrained codes, the number of message patterns that
satisfy the constraint must be estimated. The capacity of 1-D constrained code is given as:
log2 Z (n)
(4)
n→∞
n
where Z(n), the partition function, denotes the number of 1-D message patterns of size n that
satisfy the constraint.
Similar to the 1-D case, the 2-D capacity of modulation codes are as follows:
C1D = lim

C2D = lim

n,m→∞

log2 Z (m, n)
mn

(5)
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Fig. 3.

Comparison of the GBP joint scheme and the RC method

(a)
Fig. 4.

(b)

(a) Forbidden pattern for the 1-D constrained code. (b) Forbidden pattern for the 2-D constrained code.

where Z(m, n), the 2-D partition function, denotes the number of 2-D message patterns of size
m × n that satisfy the constraint. In the general case, the partition function is defined as:
X
Z=
f (x)
(6)
x∈X

where f is the indicator function of the set of admissible patterns. In statistical physics, the
Helmholtz free energy is defined as:
FH = −ln(Z)

(7)

The partition function and the Helmholtz free energy are important quantities in statistical
physics since they carry information about all thermodynamic properties of a system. Hence,
computing the partition function is related to find the capacity of the constrained channel
using (5). The Helmholtz free energy is then estimated using the region-based free energy
approximation technique [9]. GBP is then used to compute the beliefs which in turn used to
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Fig. 5.

Estimated capacity versus channel length for the 1-D constraints with the forbidden patterns shown in Fig. 4(a)

estimate F̂H . The region-based free energy F̂H can then be used to estimate the partition function
Z using (4). For more details, we refer the reader to [9].
Here we present the results of applying GBP to estimate the finite-sized noiseless capacity of
1-D and 2-D low-pass constraints. Fig. 4(a) shows the forbidden patterns which is defined in
(2). For this constraint, Fig. 5 shows the capacity versus the channel width n over the interval
[4, 155].
Shown in Fig. 4(b) are the forbidden patterns of the 2-D constraint of which we estimate the
capacity. For this constraint, Fig. 6 shows the capacity versus the channel width (n, n) over the
interval [4, 20].
IV. C ONCLUSION
In this paper, we showed that by combining the decoding of the constrained code and the ECC
significant improvement in performance can be achieved. We implemented the GBP algorithm
as the joint decoder/demodulator and showed its superior performance compared to concatenated
schemes such as reverse concatenation. Moreover, we compute the capacity modulation codes
for local 1-D and 2-D constraints.
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ABSTRACT
Cobham Electronic Systems, Inc. has developed a digital potentiometer circuit to allow for
digital compensation of frequency and temperature variations in the VCO/PLL frequency control
loop of a telemetry transmitter. The ability to reprogram the RF center frequency of a telemetry
transmitter is a useful feature and is required on many telemetry programs.
When setting the frequency modulation deviation (FM Modulation Index) of a telemetry
transmitter, the exact setting will change with RF center frequency due to the variation of the
transfer function of the VCO (Kvco). Typically, a resistor divider is used to set the frequency
modulation deviation level by setting the output data signal amplitude. However, since Kvco
varies with respect to RF center frequency, a method of adjusting frequency modulation
deviation for each frequency setting is required. The shunt resistor in the resistor divider is
replaced with a digital potentiometer to provide the necessary adjustment, using the on-board
microprocessor to store a look-up table of settings versus frequency. A key feature of the digital
potentiometer circuit is a method to increase the frequency bandwidth of the potentiometer.
Digital potentiometers typically have frequency bandwidths measured in kiloHertz to
MegaHertz, which limits their use in setting the frequency modulation deviation of high data rate
telemetry transmitters.
The circuit consists of a 256 position digital potentiometer and several resistors that are used to
adjust the slope of the resistance vs. digital code curve and to translate the curve up and down
along the Y-Axis. Adding external resistors to the digital potentiometer helps to increase the
frequency bandwidth of the digital potentiometer. The selection of the maximum resistance
range of the digital potentiometer is also important, as the potentiometer bandwidth is greater
when a small portion of the total resistance is used. This paper will explore various methods of
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increasing the effective bandwidth of a digital potentiometer, with the goal of making them
suitable for use in dynamically setting the frequency modulation deviation via digital control.

KEY WORDS
Transmitter, Frequency Modulation Deviation, Digital Potentiometer, Increased Bandwidth

INTRODUCTION
COBHAM has produced a set of rugged, small, low cost transmitter modules for use in telemetry
applications. These transmitters utilize direct frequency modulation, which results in a
miniaturized system. These transmitters are compliant with IRIG 106-09, using PCM-FM
modulation, and can provide an output power level of up to 1 watt. Some are stand-alone
transmitters, and others combine a digital encoder and regulated power on a single integrated
printed wiring board. These single-card telemetry units provide 1 Watt of transmitted power,
with a digital encoder capable of 1 Mbps data-rate in a compact, rugged design that can survive
setback accelerations of 15 kG, at temperature extremes of -40°C to +85°C.
Cobham has built upon this foundational telemetry technology to develop a telemetry transmitter
that has a maximum output power of 25 Watts, including high data rates up to 10 Mbps, the
ability to receive digital commands from a host computer to set transmitter power, frequency and
data rate, and a re-programming feature to allow the transmitter firmware to be changed to
provide flexibility. The ability to change frequency imposes limitations on the modulation
circuitry, as the variations in the transfer gain of the VCO, measured in MHz/Volt, varies with
respect to the selected RF transmit frequency. This issue is illustrated in a block diagram shown
in Figure 1.
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Figure 1 – PLL/VCO Block Diagram
To set up the modulation for a PCM-FM transmitter system, the modulation deviation frequency
must be set to 0.35 times the input data rate. The modulation input is digital serial data that has a
low logic level of zero, and a high voltage level of 3.0 to 3.3V. The VCO will typically have a
transfer gain (Kvco) of 40 MHz/Volt or higher, which would result in a modulation deviation
frequency of 120 MHz. For a 10 Mbps data rate, the desired modulation deviation frequency is
3.5 MHz. Therefore the amplitude of the data needs to be reduced, and this is accomplished with
the voltage divider created by R1 and R2. For a programmable frequency system, with Kvco
changing with respect to frequency, this divider needs to also be variable. A digital
potentiometer would be an obvious choice to replace the resistor divider

DISCUSSION
Figure 2 shows a block diagram of the PLL/VCO circuit with a digital potentiometer in place of
R2.

Figure 2 – PLL/VCO Block Diagram with Digital Potentiometer
Please note the addition of C1, which is the wiper capacitance of the digital potentiometer. This
is the component that limits the bandwidth of the device. There are also capacitances at each end
of the resistor element of the potentiometer (40pF), but the effect of these capacitances is
negligible. A digital potentiometer typically defines its bandwidth with the wiper set at the
midpoint. In this case we will look at a 2.5K Ohm pot, with R1=R2=1.25K, and C1=160pF.
Figure 3 shows the frequency response plot, with the -3dB point at 1.62 MHz.
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However, in a typical application, with a 2.5 MHz datarate, the proper attenuation ratio to
achieve a modulation deviation frequency of 0.35 times the datarate is 0.01575. This is achieved
with R1=10K and R2=160 Ohms. This circuit is shown in Figure 4, and Figure 5 provides the
frequency response, with a -3dB point of 5.63 MHz. Even though the total resistance is
approximately the same, the -3dB bandwidth is much wider due to the 160 Ohm resistor. The
takeaway here is that the bandwidth of the potentiometer is greater when the wiper is near either
end of the adjustment range than it is at the midpoint. The value of 160 Ohms is achieved by
placing a 220 Ohm resistor (R3) from the wiper pin to ground. This is necessary due to the
wiper resistance, which is also 160 Ohms. The potentiometer cannot be adjusted to achieve the
required resistance and have any usable adjustment range, so with 220 Ohms in parallel to the
wiper, the wiper resistance is set to 591 Ohms to achieve a parallel equivalent of 160 Ohms,
which within the usable range of the potentiometer. Please note that for this analysis R4 is
unpopulated.

Figure 3 – Frequency Response of Wiper Pin
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Figure 4 – Potentiometer Circuit with Parallel Resistors
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Figure 5 – Frequency Response with R3 = 220 Ohms, and R4 Unpopulated

For applications that require even greater bandwidth, an additional resistor can be added in
parallel to R1. In this case we will add a 10K resistor (R4) to create an equivalent resistance of
5K. The value of R3 will be changed to 92 Ohms to create an equivalent resistance of
approximately 80 Ohms, which is half of the previous value of 160 Ohms. This is necessary to
maintain the desired attenuation ratio. Figure 4 provides a diagram of the new circuit, with R3 =
92 Ohms and R4=10K Ohms, and Figure 6 provides the simulation results.
As can be seen, the bandwidth of the circuit is 12.7 MHz, which is a bit more than double what it
was in the previous example. However, there is a price to pay for the extra bandwidth. The
effective tuning range of the potentiometer is reduced accordingly. For the circuit of Figure 4
with just R3 = 220 Ohms added, the effective tuning range is 92.6 Ohms to 203 Ohms, but when
R4 = 10K Ohms is added, and R3 = 92 Ohms, the effective tuning range is reduced to a range of
58.4 Ohms to 88.9 Ohms. So the need for a specific tuning range and the need for a particular
frequency bandwidth have to be traded off against each other. To provide options, one can look
for specific digital potentiometers that have a lower wiper capacitance. There are digital
potentiometers available that have wiper capacitances as low as 10 pF, but with a potentiometer
resistance of 50k Ohms. The use of parallel resistors can reduce the effective resistance, and
increase the effective bandwidth, to get the specific resistance required, and take advantage of
the much lower capacitance to realize a workable design.
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Figure 6 – Frequency Response with R3=92 Ohms, R4=10K Ohms

TEST DATA
The digital potentiometer used for these tests was an Analog Devices AD5162, with a total
potentiometer resistance of 2.5K, and an advertised wiper capacitance of 60 pF. However, this is
a typical value, and is not the guaranteed maximum capacitance. The circuit diagram of Figure
2 was used to take the frequency response data, which is shown in Figure 7. The potentiometer
was set to its midpoint, and the frequency response was measured, resulting in a -3 dB
bandwidth of 1.59 MHz. The capacitance in the simulation model was then adjusted to match
this performance, which resulted in C1 = 160 pF. This value of C1 was used for the simulation
data in Figure 3 , and suggests that there is stray capacitance being added by the evaluation
board, in addition to whatever uncertainty there is in the actual wiper capacitance of the
potentiometer. Therefore a wiper capacitance (C1) of 160 pF was used for the simulation data as
an estimate of the actual capacitance seen by the potentiometer.

Figure 7 – Measured Frequency Response of the Circuit in Figure 2
The circuit was then altered to the configuration of Figure 4, with R3 = 220 Ohms and R4
unpopulated, and the frequency response was again measured, with a -3dB bandwidth of 3.8
MHz, which is shown in Figure 8. This is a significant increase (more than double) over the
1.59 MHz bandwidth in Figure 7.
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The circuit was then altered again to add R4 = 10K Ohms and R3 changed to 92 Ohms, and the
frequency response was again measured, resulting in a -3dB bandwidth of 7.8 MHz, as shown in
Figure 9. It is lower than the simulated value of 12.7 MHz, but adding parallel resistors clearly
shows a bandwidth improvement, again better than double (2.05X).

Figure 8 – Measured Frequency Response of the Circuit in Figure 4, with R3 = 220 Ohms,
R4 unpopulated
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Figure 9 – Measured Frequency Response of the Circuit in Figure 4, with R4 populated
with 10K
CONCLUSIONS
Digital potentiometers are very useful in applications where a digitally controlled resistance is
needed. Cobham has used them in the past to digitally adjust RF power, but applying it to adjust
modulation deviation frequency is a new application. As data rates increase, the frequency
bandwidth of the potentiometer becomes an issue, which is limited primarily by the wiper
capacitance. Since the bandwidth is determined by the interaction of the potentiometer
resistance and the wiper capacitance, and since the capacitance cannot be altered, the obvious
solution is to change the resistance by adding other resistors in parallel. As this paper has
shown, the frequency bandwidth of a digital potentiometer can be easily improved by 4.9X, and
even higher ratios can be achieved through careful component selection. However, there is a
price to pay, as the tuning range of the potentiometer decreases when parallel resistors are added.
Keeping that in mind, this method of compensating the modulation deviation frequency with
respect to variations in the Kvco of the VCO due to changes in RF center frequency can be
applied to almost any telemetry transmitter application that needs a digitally variable resistor or
resistor divider.
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ABSTRACT
In the past several years there has been a good amount of effort expended in migrating telemetry streams
to IP-based infrastructure, especially in the area of ground-based transport. This has yielded a number of
benefits, from leveraging the properties of IP transport to enable multicast transport, to the integration of
the wide number of COTS equipment that also is IP-based, such as digital video encoder/decoders into
range networks. This paper will provide a model for identifying areas to accelerate the integration of IPbased assets into the range infrastructure at the application level. In particular the integration of metadata
between the telemetry and video application interfaces will be explored.
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INTRODUCTION
To guide the following discussion, a range architecture model will be defined that identifies the
components and processing steps to support the different functions required on a test range. The model
will be based on an IP-Based architecture, consisting of transport, processing and display and postprocessing elements that are typically encountered on a test range. This model is based on experience
gained working with range personnel in the deployment of telemetry, video and associated metadata and
represents the collective requirement sets of a number of ranges; most real world ranges will encompass a
subset of the architectural model. The intent is to provide range architects with a solution set where all
application interfaces are supported, and ancillary data and timing information is shared between all
stream types.
In addition to the identification of application interfaces and streams, the range architectural model will
address the following ancillary functions:
1. Metadata– It is frequently desired to ingest ancillary information in the form of metadata with
application streams such as telemetry and video, which is then coded for transport via the range
network. While a number of vendors support metadata insertion, the metadata can be lost if care
is not paid to the treatment of metadata at each stage in the processing chain. Additionally, the
metadata types and implementation methods for telemetry streams and video streams in their
native format are not compatible.
2. Timing– In particular it is desired to ingest timing synchronously with all sources to enable the
objective measurement of transport latency and subsequent synchronization with additional
streams.

3. Post processing – Functions such as display, storage, and editing can make use of the metadata
and timing information if a common stream format can be identified, disseminated between
vendors and supported in COTS solutions. One example is to make telemetry stream metadata
available through all application interfaces so that it can be displayed with an associated video
stream or used as a search entry in archived storage without re-processing the stream for each
requirement.
Subsequent to its definition, the range architecture model will be compared with the current state of the
art of existing standards and vendor implementations. As the equipment used to support various
application interfaces comes from diverse industries and manufacturers, a number of standards for items
such as management and metadata have come into existence. The standards relevant to each application
interface will be reviewed.
In areas of divergence, interworking solutions will be proposed including:
1. Work with COTS vendors to solicit development that will provide seamless metadata
connectivity between the telemetry and video industries.
2. Provide middleware/gateway solutions as required to enable commonality by generating source
streams. An example of our efforts to generate source metadata and timing streams to COTS
video encoders and subsequent processing and display will be presented.
Finally, an example implementation will be presented to demonstrate how real world applications
correspond to functional blocks defined in the model. The example will demonstrate how application
incompatibilities were identified and addressed to enable functional blocks to share data.

RANGE ARCHITECTURE MODEL
The range architectural model is based on workflows frequently encountered in ranges that support the
acquisition, transport, management and dissemination of real-time information streams. These streams
include the source telemetry and video streams that document the results of range operations. In addition
to these streams, a number of ancillary streams exist that provide additional information about the range
environment. Examples of these streams are timing and metadata information. The goal is to efficiently
acquire these streams and process them to create a unified data set that describes all information in
compatible formats. This challenge produces a unique set of requirements in the information processing
of range data. Current range requirements include:










Remote acquisition of range telemetry and video sources
Transport of telemetry and video sources from remote sites to central site
Ingest and transport of metadata, time-correlated with telemetry and video sources
Ingest of range timing information and insertion into range audio and video sources
Storage and management of encoded telemetry and video streams
Remote management of end equipment
Editing, production and archival of stream content
Distribution and display of streams
Support for security including transport through crypto and propagation through trusted
guards and gateways

The workflow is divided into a number of architectural elements. Each element supports a basic function
that is required for the system solution. The range architecture model is shown in Figure 1.
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Figure 1 - Range Architecture Model
The functional blocks of the range architectural model are interconnected via the IP/Ethernet
infrastructure as implemented in the Transport block. The individual elements and their functional
relationships are detailed below.

Sources
Range sources are the raw information streams that define range activity, and include telemetry streams
and video streams. In addition to the raw information streams, specialized timing and metadata streams
provide additional data to enable further description of the source streams.
Source Telemetry Streams
The source telemetry streams in this model will be confined to PCM streams that traverse the ground
transport network. The interface is specified to be the standard Clock/Data interface for PCM telemetry
streams, defined in the IRIG 106 documents.
Source Video Streams
The video streams are defined by a number of standards, depending on the source resolution and signal
format, and include the following types:



Composite (CVSB) – Analog video source (NTSC), and is defined by RS-170.
SDI / HD-SDI / 3G-SDI –Digital video streams at standard definition and high definition
resolutions [14], [15], [16]
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Source Timing Streams
Timing – This document will address timing distribution via three methods:




IRIG - Timing distribution via IRIG (Inter-Range Instrumentation Group) is implemented as a
serial stream containing IRIG timing information.
NTP - Network Time Protocol (NTP) is a networking protocol for clock synchronization over IP
networks
IEEE-1588 – Precision Time Protocol (PTP) supports timing distribution across IP networks at an
accuracy superior to the NTP method

Source Metadata Streams
Telemetry Metadata—Telemetry metadata as defined by the RCC. In general two methodologies exist
for the carriage of metadata information:



Legacy, or in-band metadata signaling, as defined by IRIG 106, Chapter 10, where telemetry
information as defined by the TMATS [5] is encoded into the PCM stream on Channel 0.
Out-of-band metadata signaling as defined in [2] consisting of a XML stream that defines the
content and configuration of telemetry stream sources.

Video Metadata—The video industry uses a different format, based upon KLV encoding as defined by
standards from SMPTE [7] and MISB [6], that define the dataset, as well as the methodology for the
insertion of metadata into compressed video streams [8], [19].

Coding
The Coding function supports the conversion and multiplexing of the sources into streams that can be
carried by the Transport infrastructure.
Telemetry Coding—Telemetry coding consists of the encapsulation of the PCM stream into a packetized
IP stream as defined by RCC standard 218-10 [13].
Telemetry Metadata Insertion—Two methods of metadata insertion into telemetry streams are considered:



Legacy, or in-band metadata signaling, as defined by IRIG 106, Chapter 10, where telemetry
information as defined by the TMATS [10] is encoded into the PCM stream on Channel 0.
Out-of-band metadata signaling as defined in [4] consisting of a XML stream that defines the
content and configuration of telemetry stream sources.

Video Coding-- The Coding technique for video sources include compression of the video source along
with ingest of metadata and timing information where appropriate [11]. Depending on the native
resolution, a video source can have a native bit rate of from 270 Megabits/second to 2.97 Gigabits/sec.
The compression operation reduces the encoded bitrate to 5 – 10 Megabits/second.
Video Metadata Insertion-- The recommended method of metadata insertion is MISB 0604.2 [12],
synchronous method. The use of the synchronous method ensures time correlation of metadata to the
video content when the metadata is extracted at the receive side of the network.
Telemetry Timing Insertion--Timing insertion into the coded telemetry streams enables real time
information to be added to the source telemetry streams. Timing information can come from two sources:
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IRIG supports legacy systems and supports local clock distribution
IEEE-1588 supports network wide clock distribution

Video Timing Insertion –Timing insertion into the encoded vide stream is provides time insertion to video
streams. Timing information can come from two sources:



Master Clock Source, using GPS reference
NTP (Network Time Protocol) supports network wide clock distribution

The video stream can have timing insertion performed in the following ways:




For composite video streams, timing is inserted in the Vertical Blanking Interval (VBI). Insertion
of absolute date and time information is defined by the standard SMPTE 309M [17]. This
supports timing distribution between locally attached video streams.
For digital video streams, timing information is inserted in the Vertical Ancillary data packet
(VANC) per standard MISB 605.3 [18].
For MPEG encoded streams, timing information is inserted into the Program Elementary Stream
(PES) per MPEG standard ISO 13818 [11]

It can be seen that from both the source type and timing insertion perspective, a number of methods are
currently used to insert timing information into telemetry and video streams.
The selection of timing insertion points is a critical activity of system design and the implementer needs
to carefully assess the components that make up the functional blocks and determine where timing
insertion and extraction points such that the source streams have timing information correctly inserted,
and that subsequent processing steps do not remove the inserted timing.

Transport
The Transport infrastructure is the mechanism carries the video, audio and ancillary streams that have
been generated by the Encode functional block.
The video and audio streams are transported as Multicast IP streams across the range infrastructure.
Multicast streams enable the following features:



Native support for “one-to-many” transport to allow multiple users simultaneous access to a
stream. This allows concurrent distribution, viewing, and archival of any stream.
Efficient bandwidth utilization via IGMP signaling - Using IGMP signaling combined with
IGMP-aware end equipment results in the transport of streams only to end users that desire
stream access, increasing the efficiency of network bandwidth utilization.

Management
The Management function provides the following features:
1.
2.
3.
4.

Monitoring of health and alarms of network connected elements
Configuration of equipment
Connection Management
Metadata Gateway
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Items 1-3 are addressed elsewhere and will not be detailed in this document. Item 4 is of particular
interest and will be described in more detail.

Metadata Gateway
In the identification of the functional blocks and signal processing elements that comprise the range
architectural model, it has become clear that that a number of mechanisms to support metadata
creation and processing are currently in existence. When combined with the number of vendors and
organizations currently engaged in the deployment of range components, a wide range of proprietary
metadata formats and differing terminologies have come into being. This lack of standardization
makes it difficult for one functional block to share metadata with another.
To resolve the incompatibilities arising from different metadata implementations the concept of the
Metadata Gateway is introduced. The concept of a metadata proxy has been discussed [3] as a method to
provide a growth path from legacy systems and accompanying metadata into network-based architectures.
It is proposed that this concept will now be expanded to support the migration and interworking of
metadata elements from diverse functional blocks in the range architecture model to enable sharing of the
metadata.
The basic functionality for a Metadata Gateway is shown in Figure 2.
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FILTER VIDEO/TM
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TO UDP STREAM FOR
INGEST TO VIDEO
ENCODER
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VIDEO + METADATA

DIGITAL VIDEO
ENCODER
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RULES

STORAGE

GUARD
3
UDP METADATA

FILTER VIDEO, TM
METADATA TO BUILD
MAM FILE
TM XML

TM
SOURCES

TM ENCODER

TIMING

DATA PROC
FILTER

TM XML

MEDIA ASSET
MANAGER
IRIG SERIAL
NTP

TIMING

METADATA
GATEWAY
FILTER DATA
AGGREGATE TM,
VIDEO METADATA
TIMSTAMP METADATA

Figure 2 – Metadata Gateway
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The migration of source streams to the IP infrastructure is the occasion that enables the creation of the
Metadata Gateway. Once source streams such as video and telemetry are coded into IP streams, they,
along with the source metadata content can be accessed by the Metadata Gateway to enable the
interworking of metadata with each of the information streams. The interworking function is
implemented in the form of a server and middleware that resides on the Metadata Gateway, enabling the
import, filtering, and conversion of metadata streams.
In this example, the Metadata Gateway performs the following functions:
1. Video Metadata Insertion – The Metadata Gateway generates a UDP Metadata stream to enable
the insertion of metadata into the video stream via the video encoder. The elements of the UDP
stream can be groomed from a number of sources such as local data, user input or telemetry
metadata in the form of XML files. The migration to the IP infrastructure makes the metadata
information from diverse functional blocks available to the Metadata Gateway to be disseminated
and used.
2. Guard Propagation—Format metadata such that the resultant video stream conforms to the rules
set of a trusted guard and propagates through the guard to be archived.
3. Media Asset Manager (MAM)—Support the generation of content description for inclusion in a
Media Asset Manager file system. The availability of video and telemetry metadata allows the
cross referencing of the different metadata types with alternate source streams. For instance, a
telemetry event can be cross referenced to a video event and the two events time-correlated.
Time alignment is performed based upon the timestamps embedded in each of the source streams.

Storage
The Storage facility supports the capability to archive and retrieve data in non-realtime.
The telemetry community has defined the storage requirements through IRIG 106 Chapter 10, which has
been discussed widely in the literature [1], [4].
In the video community, a number of vendor-specific storage solutions exist that are typically
implemented using Network Attached Storage (NAS) systems as the storage element.
An important support component of the Storage functional block is the Media Asset Manager, which
supports annotation and cataloging and storage of the streams as they are ingested into the Storage
subsystem. The video and audio streams can be categorized and accessed by date and time, or by
individual metadata tags, such as Source ID, location, or security level.

Content Creation
The Content Creation subsystem supports the retrieval, editing, and creation of content, based upon the
video and audio assets captured into the Storage subsystem.
Content Creation supports the following features:




Creation of “clips”, sub sections of source streams for later evaluation
Time correlation “clips” to ensure that content from diverse sources is temporally aligned
Storage of final clips onto secondary storage assets (eg DVD)
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Distribution
Distribution allows the range streams to be disseminated and viewed in a variety of user endpoints. The
distribution options described in this document support multi-user desktop distribution as well as
distribution and display on large displays for room viewing.

EXAMPLE - VIDEO METATADA INSERT AND DISPLAY
To further describe the model and provide a real world example, a process will be presented where a
video stream is encoded, has metadata inserted, is carried through the transport system, and merged with
the decoded video at the Distribution. Please refer to Figure 3 in the following description.
The process details the steps to merge the Coding and Distribution functions such that the metadata
inserted into the video stream and the Coding functional block can be used at the Distribution functional
block. The goal is to ingest metadata at the video encoder, transport the video + metadata streams to the
endpoint and display the metadata coincident with the video streams at the end point. The process will
use the following guidelines:




Use COTS gear wherever possible
Make use of standards wherever possible
Develop and use gateway and middleware technology to enable interworking, where no
alternative exists

In current implementations, this function is performed by inserting the relevant data into the active
portion of the video. This implementation has the following drawbacks:



By inserting the data at the source video, it is “burned into” the active video and cannot be
changed or removed in subsequent processing stages
The information inserted into the active video cannot be separately accessed by downstream
processing elements

The process detailed here resolves these drawbacks, and utilizes the metadata as an independent stream
that can be accessed and used “as required” by any of the processing blocks in the range architecture.
The following items from the Range Model are detailed in this example.





Coding – Source video is encoded, metadata is inserted into the video stream.
Management – A metadata stream is generated for ingest by the video encoder using a Metadata
Gateway
Transport – The video + metadata stream is transported via COTS Ethernet switch
Distribution – The video is decoded for display, the metadata is de-multiplexed and overlaid onto
the decoded video stream.

The Digital Video Encoder is a COTS device that supports the ingest of metadata via a UDP stream. The
UPD format and metadata ingest are supported by a number of COTS video encoder products.
The Metadata Gateway performs the UDP stream generation. The format for the UDP stream is based on
an existing standard for the insertion of metadata into a video stream currently used in UAV applications.
In this instance, a reduced implementation, consisting of five variables and a timestamp, was generated.
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Figure 3 – Video Metadata Insert and Display
Subsequent to coding and transport, the metadata-bearing digital video stream was connected to a COTS
Set Top Box (STB), which decoded the video for display. Additionally, the STP rendered the metadata as
a graphics plane and was overlaid onto the decoded video. This function was enabled by middleware
encoded into the STB.
The information overlaid onto the video is taken from the Dataset and can be dynamically changed via the
Metadata Gateway. The Mission ID and Platform are ASCII values; the correspondence of these values
from the Dataset to the overlaid video is shown in the figure. The MISB standard for metadata insertion
supports insertion into the video stream at the native video frame rate of 30 frames per second. Thus the
metadata/overlaid data can be updated at rates of up to 30 times per second. MISB provides guidelines
for the construction of Datasets and defines a “slow update” Dataset and a “fast update” Dataset to
support the different update and information rates for a system implementation [15], [9], [10].
This example is an example of a process where COTS components can be combined with a Metadata
Gateway to enable the sharing of metadata across functional blocks in the range architecture model, and
can be extended to support the extension of metadata to other functional blocks.
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CONCLUSION
While a number of different standards exist that define the coding, metadata and timing aspects of the
diverse stream types, the impact of the IP-Based network architecture provides the basic tools to support
interworking. The addition of a system component such as the Metadata Gateway provides a platform to
enable this interworking function, and provide the mechanism to share metadata between stream types,
vendors and diverse standards implementations.
An example implementation of a Metadata Gateway was presented to demonstrate the merging of
metadata from the Coding functional block to the Display functional block. It is envisioned that his
implementation can be extended to support future interworking requirements.
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USING CHAPTER 10 USER DATAGRAM PROTOCOL (UDP)
STREAMING AND ETHERNET TECHNOLOGIES TO
SUPPORT GROUND-BASED AIRCRAFT TESTING
Michael Diehl, Steven Kuipers, Jason Swain, and Tab Wilcox
Air Combat Systems Directorate, U.S. Army Yuma Proving Ground, Yuma, AZ 85367

ABSTRACT
During a recent U.S. Army Yuma Proving Ground (YPG) ground test, an unexpected change in
test location resulted in the implementation of an innovative ad hoc network solution to complete
the planned test matrix. The original plan was to use an aircraft ground test facility; however,
safety requirements resulted in the aircraft being placed 50 meters away from the facility. This
distance was too great to use the existing connections; consequently, data collection and analysis
were adversely affected until this time expedient solution was implemented.
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INTRODUCTION
Recent testing at the U.S. Army's Yuma Proving Ground (YPG) required a unique set-up to
safely and efficiently conduct an aircraft ground test. Testing involved the evaluation of an
aircraft's non-eye safe laser designator to assess its functionality and performance after a recent
upgrade. Ultimately, an ad hoc network approach had to be implemented to complete the ground
test portion. This approach worked so well that YPG has already begun to expand its ground test
capability based on this methodology for use in the future. Not to be understated was the
capabilities provided by the use of IRIG 106 Chapter 10 and Telemetry Attributes Transfer
Standard (TMATS), which were key elements of this timely solution.

ABOUT YPG
YPG is a subordinate command of the Army Test and Evaluation Command and is one of the
largest military installations in the world. Located in southwestern Arizona, it encompasses
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1,308 square miles. YPG personnel conduct tests on nearly every weapon system or piece of
military equipment in the ground combat arsenal. With a mission to provide premier test
services to the U.S. Government and her allies, YPG conducts, reports, and supports
developmental tests, experiments, production tests, integrated developmental/operational tests, as
well as provides training support. In 2011, YPG fired over 384,000 artillery, mortar, and missile
rounds, more than 415,000 miles were driven on military vehicles, over 1,900 airdrops were
conducted, and over 2,100 aircraft sorties were flown. These numbers more than double when
events conducted in support of training are counted. YPG was the busiest Army proving ground
in 2011 and again in 2012.
The Aviation Systems and Electronic Test Division at YPG is responsible for testing of aviation
ballistic weapons and missiles, unmanned aerial systems, aircraft systems, precision guided and
unguided air delivered systems, personnel parachutes, sensors and surveillance systems, and
electronic warfare systems. As a developmental test activity, the goal is to help the developer
field their systems and provide the Soldier with the safest, most lethal equipment.
Instrumentation is a critical part of meeting this goal, and is used to either capture the reported
information from the item under test or capture the "true" performance of the system. In either
case, it is critical that the instrumentation accurately capture the necessary data.
Three YPG facilities were used during this test. The first was the Cibola aircraft test range.
Established in 1971 specifically to test the Army's armed helicopters, it has been continually
improved since then to meet the needs of modern test and evaluation. This heavily instrumented
open air test range is where all the flight testing for this laser designator evaluation was
performed.
The second facility utilized was the Laguna Army Airfield (LAAF). LAAF is a fully functional
airfield located on YPG featuring two runways 6,000 feet in length, multiple hangars, and the Air
Delivery test facility. The facility utilized was the Weapons System Test Integration Lab
(WSTIL) ground test facility co-located in a hangar at the LAAF. The WSTIL was specifically
designed to support ground testing of armed aircraft, such as the one involved in this test.

TEST ITEM BACKGROUND
For this effort, YPG was tasked to evaluate the laser designator as the item under test. Laser
designators have been utilized by the Army for decades and are a key component for precision
weapons delivery. The test item was a component of an electro-optical/infrared sensor system
that was part of the aircraft's mission equipment used for surveillance, reconnaissance, and
targeting. This sensor system had been in use for decades, and the new laser designator was
designed to be a modern replacement for the original component. The test item had to have
identical form, fit, and function. This was especially critical because the fielding of this new
laser designator was to be spread out over several years based on the attrition of the legacy laser
units. As the legacy units failed, they would be replaced with the new laser designators;
consequently, identical form, fit, and functionality was essential since a mixture of old and new
units would be in operation concurrently for many years.
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This particular laser designator was essentially a modern replacement for an item that was
designed in the 1980s, so ensuring form, fit, and functionality was not a trivial task. Since its
original design, there have been tremendous advancements in the field of electronics, lasers, and
manufacturing so the challenge was not the technology but rather the seamless integration into
the aircraft.
Much had changed on the aircraft in the decades since the sensor system was first integrated onto
the aircraft, so ensuring proper interface was one of the most challenging aspects of the entire
development effort. When the sensor system was originally designed, it was done in conjunction
with the aircraft development. The process included an integrated team comprised of engineers
from the sensor developer, aircraft manufacturer, and other groups. The large integrated team
had a considerable amount of pooled experience that could be devoted to complex integration
issues. When this single laser was upgraded decades later, the level of integration experience
was considerably less.
Finally, validating a new non-eye-safe laser design can be challenging for the manufacturer
because of the operational hazards. When utilized tactically, they are used to designate targets at
distances measured in miles but manufacturers can only test their lasers at very short ranges (tens
of meters) in a controlled laboratory environments. These factors often leave many integration
items untested by the manufacturer prior to field testing.

TEST DESIGN
Many things were considered by the YPG team when designing this test. A test of a laser
designator should ideally be conducted in open air, at long range, and in a variety of conditions
because this best replicates the conditions that the system would be employed in. As designed,
this test would have both ground and flight test phases. This is a common approach to reduce
test costs associated with flight testing. Our customer was an aircraft program manager and he
was constantly balancing cost and schedule impacts while developing this product. YPG worked
to develop the best mix of ground and flight testing that minimized cost and schedule while
gathering enough data for a thorough evaluation. Flight testing would be conducted on the
Cibola range to assess long ranges and the ground testing out to 1,500 meters at LAAF.
The YPG team focused on testing the functionality since the preliminary form and fit evaluation
was completed prior to the aircraft's arrival at YPG. The plan was to test functionality in two
main areas: performance and integration. The performance of the laser would be tested in areas
such as duty cycle, beam divergence, stability, and accuracy. To test the laser performance,
approximately twenty different test scenarios with repetitions were planned. If executed and
instrumented correctly, these trials would provide enough information to assess the various areas
of performance with a high degree of accuracy. Most of these test scenarios had to be completed
while the aircraft was in flight due to the distance specified for the trials, as well as the need to
evaluate performance with real-world aerodynamic and environmental effects present. For
example, the vibrations associated with an aircraft in flight had to be included when evaluating
laser spot stability.
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Integration, on the other hand, required testing to verify thousands of possible mode/switch
combinations that could result as the aircrew utilized the sensor system. During the time of the
original development, the ability to effectively segment software modules was not possible;
consequently, the test design had to also verify functionality of the various other sensor system
components. Furthermore, the sensor system interacted with other subsystem on the aircraft as
well. For example, to determine the geographic location of a target the crew would use the
sensor system. The process required use of the laser designator and a transfer of data between
the sensor system and the navigation systems. These external data exchanges would also need to
be verified to validate the integration. Consequently, interface testing, even when using
appropriate statistical analysis techniques, required hundreds of iterations to be performed to
gain the necessary confidence that the laser designator has indeed been successfully integrated.
For the sake of cost and efficiency, the plan was to maximize the ground test trials for interface
verification.

TEST EXECUTION
This paper focuses on the ground test portion of the evaluation; however, it was the flight testing
portion that required the aircraft to be instrumented. This instrumentation suite was ultimately
used during the ground test and developed by YPG to record aircraft data onboard while also
transmitting a key subset of this data real-time to the Mission Control facility. Telemetered data
includes pilot and co-pilot display video, MIL-STD-1553 parameters, intercom system audio,
and independent time space-position information, which allowed real-time analysis as well as
command and control to be done during flight testing.
The first order of business to attend to after the aircraft arrived at YPG was to install/check out
the flight test instrumentation package. Once accomplished, the preparation to start the ground
testing began. The plan was to utilize the WSTIL and its Test Control Center (TCC). The TCC
would be the “mission control” during the ground test, allowing the WSTIL extensive
capabilities to monitor, document, and analyze the results to be utilized during this test. The
WSTIL made the mission easier to support logistically, since there was ample space for people to
gather and monitor data as the ground test was being conducted. More benefit is realized during
the analysis/reporting phases of testing, where collaboration and organization of information
produced better products faster.

THE PROBLEM
The ground test plan called for extensive non-eye safe laser trials to be conducted at the LAAF.
This type of test has been done for many years, and standard operating procedures are in place
that allows this to be conducted safely. Based on the desired test conditions and the current
airfield activities, the test aircraft had to be located approximately 50 meters in front of the
hangar that housed the WSTIL for safe operations.

4

This aircraft location was not an issue for executing all the planned ground test trials; however,
data collection, situational awareness, and data reduction were negatively affected. The aircraft
only has two crew stations, both of which are used to conduct the test matrix, leaving no space
for support personnel. A Test Officer is on-site conducting the test; a data collector documents
the events and different mode combinations for the Test Officer; and a ground safety officer is
also required and is in constant communication with aircraft and airfield tower. These
individuals, and any other required personnel, had to stand around the aircraft and look into the
cockpit as crew members executed each test point. This was cumbersome for support personnel
and placed them inside the hazard region of the laser designator during test execution.
The WSTIL was not viable due to the distance to the aircraft. When the WSTIL was designed,
two of the assumptions were that the test aircraft would be co-located in the same hangar and the
test aircraft would not need any additional instrumentation to be connected to the WSTIL.
Simply stated, the interfaces from the aircraft to the WSTIL (MIL-STD-1553, Video, Audio,
etc.), were to be directly wired in their native format. These native formats would not support
transmission at the distance required for this particular test. Utilizing the aircraft’s on-board
telemetry package would require setting up a telemetry ground station in the WSTIL, which was
not realistic or cost-effective. So although the benefits of utilizing the WSTIL were in sight, a
simple time expedient solution was required to successfully complete the test.

THE SOLUTION
As is often the case, necessity is the mother of invention. As the test team collaborated and
brainstormed options to utilize existing wired WSTIL interfaces, a solution began to evolve.
One team member recalled that when the hangar and WSTIL were built, power and Ethernet
lines were routed to several locations on the tarmac with one drop at the physical aircraft test
location. With a small network switch change and adding a couple extension cables, the
Ethernet connection could be routed into the WSTIL. But how could the test team quickly get all
the necessary data (video, bus parameters, etc.) on a single Ethernet connection? Another team
member realized that the IRIG 106 Chapter 10 recorder installed on the aircraft as part of the
instrumentation package had the capability to produce an Ethernet data stream composed of any
data being sent to the recorder. Although the recorder already had the capability, this was a new
application at YPG.
The recorder could be setup in broadcast mode and output a UDP stream that multiplexed
multiple types of data together. For this test, two 1553 data streams, two standard definition
video streams, and an audio stream were in the UDP stream. The only new hardware that had to
be added was a new interface cable for the recorder. The Removable Memory Module for the
recorder was setup with a static IP and net mask. As soon as the recorder was powered up, the
recorder started sending packets on that address. Any information sent to the recorder was
present in the UDP stream. Ethernet stream had the added bonus of already being in a Chapter
10 compatible format for data display purposes.
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The WSTIL had a considerable amount of Chapter 10 display capability and could easy record
the Chapter 10 stream. The WSTIL had previously been used extensively for post-flight analysis
utilizing Chapter 10 files recorded during flight testing, which made it a straightforward task to
have those tools available for this ground test. The output of the recorder was hard wired into a
network switch in the WSTIL, which allowed multiple users to subscribe to the stream and view
information.
The Test Officer selected the 1553 bus parameters to monitor the appropriate receive and
transmit messages in order to determine if a command transmitted to a remote terminal on the
aircraft 1553 bus was correctly interpreted by the receiving remote terminal. For example, when
the sensor is commanded to point to a particular angle, the Test Officer can determine if the
sensor moved to the correct angle. Those bus parameters were added to the recorder's TMATS
setup file. Chapter 10 Software in the WSTIL displayed Pilot and Co-Pilot video, Integrated
Communication System (ICS), and the 1553 bus parameters during the mission. The video and
audio were used for situational awareness. The key 1553 parameters were used by the data
collectors to ensure the aircraft was in the proper configuration for a particular test point, taking
that burden away from the Test Officer. This allowed for more accurate data collection and
fewer repeated events due to improper configuration.
The next significant improvement to the ground test was the realization that the laser test set
could be run remotely. One of the key capabilities of a laser designator is its ability to lase at
different rates. The different rates are used to sort out the battlefield and allow multiple
precision weapons to be utilized at once. Consequently, one of the primary objectives of the
ground test was to verify the new laser designator was capable of producing the hundreds of
different rates. In order to verify that the test item was indeed performing correctly, a PC based
laser test set was utilized. The test set used a laser sensor to verify the desired rate was achieved,
but also required an operator to be in close proximity of the laser termination point. This meant
the operator's workstation had to be located within the surface danger zone of the laser
designator. Although proper personal protective equipment was available to the operator, the
safety requirement is to remove all personnel from the hazard area if possible.
Furthermore, logistics involved numerous back and forth radio calls to coordinate the test matrix
and collect the necessary data. The solution was to relocate the laser designator operator into the
WSTIL with the other support personnel. Point-to-point wireless radios were used to connect to
the laser test set. These radios operated in the 5.4 GHz band, which would not interfere with
other tests using normal telemetry frequencies. The radios were stand alone and had been used
at YPG before, so they already had the necessary approvals to operate. The radios connect using
Ethernet technology, but for this setup, only the radio test set and computer controller were on
the network. The laser test set and one radio were out in the open and located about one
kilometer away from the WSTIL hanger. The second radio was outside the hanger door and
connected to the WSTIL with an Ethernet cable. The radio frequency (RF) modem was
connected to the network switch, which allowed a remote desktop connection from any computer
in the WSTIL.
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Once an RF connection was established with the laser test set, the Windows remote desktop
application was used to display the laser test information on a computer in the WSTIL. This
computer was collocated with the computer that was displaying the aircraft information.
Consolidating the test team in one place had the added benefit of them being able to analyze
aircraft operational information and data from the laser test set together; this made test operations
more effective and efficient.
This test also showed that a hard-wired connection was not required for the Chapter 10 UDP data
stream. An RF radio similar to one used for the laser test set could be used instead, increasing
flexibility since the aircraft could be located anywhere around LAAF. Future plans include
setting up an RF radio at the test aircraft, sending the Chapter 10 UDP Ethernet stream out of the
recorder into the WSTIL, and then routing the stream onto the network. Real-time streaming
data would be available for Test Officers to view from their desks. The Chapter 10 recorders in
the WSTIL have the ability to be remotely controlled and can playback test data for Test Officers
as well. Additionally, since data is being recorded on a dedicated server, multiple users could
access the data at the same time without adversely affecting the stream coming from the aircraft.
The server also has a video control panel that allows any video coming into the WSTIL to be
displayed on large display monitors.

CONCLUSION
The test was a success. Existing hardware was used to expand capabilities to the benefit of the
mission. Although Ethernet is not a new technology, its application for remotely controlling
laser test sets had not previously been considered. For YPG, the focus of Chapter 10 had always
been recording and reproducing data, not real-time display. The Chapter 10 UDP output has
many potential real-time uses beyond this mission that YPG is just starting to explore.
The customer was very satisfied with the support they received. By remotely controlling the
laser test set, the potential for injury to the laser designator operator was eliminated; the data
collectors were able to see and hear everything that was going on in the cockpit without standing
adjacent to the aircraft; and test execution was improved. This resulted in more accurate data
being collected in a shorter period of time. Moreover, YPG expanded current capabilities
utilizing existing hardware.
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ABSTRACT

The focus of this work is the development of a complete network architecture to enhance
telemetry performance using a mobile base station (MBS). The present study proposes a means
of enabling both the mobile ad-hoc network (MANET) and a cellular network to operate
simultaneously within the same spectrum. In this paper the application of a modified k-means
clustering to organize several hundred TAs in a complex network environment is presented. A
mobile base station is added to the network to locate the congested area and support the network
but positioning itself in the mixed network environment. A scenario with two base stations (one
mobile and one stationary) is simulated and results are presented. It is observed that use of an
additional mobile base station could greatly increase the quality of communication by providing
uniform distribution of node traffic and interference across the clusters in a complex telemetry
environment with several hundred TAs.
KEYWORDS
Ad- hoc networks, K-means clustering, Mixed Networks, Spectrum Efficiency, QoS.
INTRODUCTION
Spectrum efficiency is the key challenge in modern telemetry systems. Network telemetry
requires moving from a dedicated link structure to a network structure, which is a very complex
problem and involves spectrum management tools. This work has focused on providing
solutions for two critical needs identified by the Central Test and Evaluation Investment Program
(CTEIP). They are: “the need to be able to provide reliable coverage in potentially high capacity
environments, even in Over-The-Horizon (OTH) settings” (Cellular Network), and “the need to
make more efficient use of spectrum resources through dynamic sharing of said resources, based
on instantaneous demand thereof” (Ad hoc Network). Existing telemetry standards employ a
radio frequency (RF) link standard, which allows only unidirectional data transfer from a test
article (TA) to a ground station over a dedicated channel per TA. This limits the capacity of the
1

system, as resources are not efficiently utilized. Additionally, this standard does not allow data
exchange between over the horizon test articles.
In an ongoing effort at Morgan State University (MSU), a new scheme to organize and manage a
large telemetry network has been developed. A mixed network structure that employs a
combination of cellular and Ad-hoc networks has been previously proposed for networked
telemetry. Significant improvements in quality of Service (QoS), and clustering of the complex
aeronautical networks have been observed and published in several venues [1] [2] [3] [4]. The
proposed technique classifies the test articles into line-of-sight (LOS) and over-the-horizon
(OTH) nodes. It then uses an aggregate measure of SNR, traffic, and interference among nodes,
to cluster the OTH nodes into clusters that connect with the LOS network through optimal
selection of gateway nodes. The results of our clustering algorithm with optimal gateway
selection have been published in previous ITC conference [5].
Extra measures need to be taken to guarantee reliable and continuous communication for TAs
that are flying in aeronautical channels that have large scale communication paths and sudden
changes in the channel topology. Current telemetry technology requires line-of-sight
communication between the ground station and the test article [6]. High ground speed of the
mobile nodes is also another factor that needs to be accounted for in the network design. The
Integrated Network Enhanced Telemetry (iNET) project was proposed in the bid to move to an
enhanced network telemetry infrastructure. The iNET project seeks to enhance the current
dedicated RF links from the test articles (TAs) to the ground station (GS).The traditional IRIG106 point-to-point standard is used in aeronautical telemetry application to ensure interoperability between test articles (TAs) and the ground station (GS) [2], [3]. In our previous work,
we implemented a mixed network architecture that illustrated that a cellular-Ad-hoc hybrid
network can be used to provide coverage for TAs that are beyond the coverage area of the GS,
while maintaining the desired level of QOS for all the TAs in the network. The mixed network
uses clustering techniques to partition the aggregate network into clusters or sub-networks based
on properties of each TA, which currently include signal strengths, and location [3] [7] [8]. The
mixed network management technique is dynamic in all senses and ensures connectivity at any
given time. It is shown that, this architecture can be used to provide seamless communication to
wireless TAs that are beyond the coverage area of the ground station, while maintaining the
desired level of QOS for all TAs in the network [1] [4].
Figure 1 shows a typical aeronautical communication network with several aircrafts scattered
around a ground station (GS). Due to high distance and/or obstacles such as mountains between
a test article and the ground station, the line-of-sight (LOS) component of the channel might not
exist for a number of TAs at all times. In that case, the communication between the over the
horizon articles and the GS must be based on reflected paths and other multipath components.
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Figure 1: An aeronautical network
Recently, the use of cooperative networking has gained significant grounds for being the ultimate
solution to address the over the horizon nodes problem. The proposed mixed network
architecture is a realization of cooperative networking technology. In a parallel effort at MSU,
the research work on mixed networks is extended to offer a similar network management
technique to decongest the cellular network by offloading high bandwidth data users to
compatible local area networks (LAN). Early work on 5G cellular technology suggests use of
such technique for broadband cellular communication; however 5G standards are far from
development.
The main contribution of this paper is the application of a single-stage clustering algorithm to
find the optimum location of a mobile base station (MBS) in order to provide the highest average
SNR and lowest average delay for all the users. Selection of the optimal location for the MBS
that is rotating around the fixed base station is done based on minimizing the same aggregate
measure used for clustering the OTH nodes.
MIXED NETWORK
Mixed networking is classifying test articles in the network into two groups i) TAs that can
directly communicate with the ground station (cellular nodes) and ii) TAs that are currently or
permanently over the horizon (Ad-hoc nodes). After this classification, in the conjunction of the
cellular and Ad-hoc regions several gateways are identified to relay the information between
neighboring Ad-hoc nodes and the infrastructured network. The trivial benefit of this structure is
the expanded coverage area of a ground station to communicate with the over the horizon nodes.
While this technique provides a direct or an indirect link to all of the TAs, managing the Ad-hoc
nodes and selecting appropriate gateways for seamless communication, are two of the complex
problems that need to be solved in order to realize such structure. Figure 2 shows a simplified
mixed network environment in which TAs are classified as operating in cellular mode (CM), Adhoc mode (AHM) or serving as gateway nodes (GM). The presence of the gateway nodes ensures
the connectivity between the cellular and ad-hoc networks.
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Mixed Network

Figure 2: A simple mixed network topology
The Ad-hoc nodes are grouped into several sub networks or “clusters” to enable the routing
mechanism to support minimum delay during direct communication with the base station. One of
the issues facing the nodes operating in AHM is the shortage of gateway nodes that can be used
to relay the information to the BS. Another limitation arises when there is congestion in the adhoc network where either the number of TAs or the required bandwidth by the TAs in that adhoc cluster is beyond the capacity of a gateway node. We assume that the mixed network is a
dynamic network because all of the nodes are mobile. Since gateway nodes play a critical role in
the overall operation of the mixed network, we assume that an additional MBS is available in the
configuration. The overall performance of this complex network depends on the clustering
algorithm that is used to classify TAs to either the cellular network or one of the ad-hoc cluster
cells such that the average SNR for all users is maximized while distributing the traffic flow as
uniformly as possible.
In our previous work, we used an enhanced K-means clustering algorithm that uses traffic and
interference measures in addition to the traditional Euclidean distance measure to assign the Adhoc nodes into several clusters cells. Significant improvements in overall QoS and delay of the
clustered networks have been reported in [1], [5]. In this work, clustering of the Ad-hoc nodes is
performed with two base stations in the network. Figure 3 shows the randomly placed nodes
with two base stations. After the enhanced k-means clustering is performed, a gateway is
identified for each cluster by testing the average route cost for all the users in that specific
cluster. Afterwards, the MBS is rotated around the fixed base station and the overall performance
measures of the mixed network are recorded. The optimum location of the MBS is chosen at the
end of this circular trajectory. To optimize the location of the moving base station the following
cost function is minimized:
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where θ is the angle of the location of the moving base station and D(θ) is the average distance of
users from the gateway. U(θ) is the number of users in each cluster, and α is the weight control
for the measures. Note that if α = 1 selecting the θ which minimizes J(θ) ensures that minimum
average SNR is provided for the users. If α = 0, selecting the θ which minimizes J(θ) ensures that
traffic is distributed uniformly in the network.
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Figure 3: Randomly placed nodes (TAs) with two base stations
Figure 4 shows the trajectory of the MBS around the central BS. To find the optimum location
for the MBS, j(θ) is computed for increments of θ and the angle corresponding to the minimum j
cost function selected.
Mobile base
station

θ

Figure 4: Trajectory of the MBS
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Figure 5 shows 8 instances of clustering while the MBS is rotating around the central BS. The
MBS is shown with black centered large dot and the static BS is shown by red centered large dot.
The clustering is done dynamically in real time. The figure shows two base stations; one fixed
(red dot) and one mobile (indicate color). It has 7 cluster cells shown in different colors and their
corresponding gateway nodes shown as black dots. As the MBS is rotated around the fixed BS,
the ad-hoc cluster cells get re-clustered and their gateway nodes are recomputed based on their
corresponding location from both the MBS and fixed BS, while maintaining the optimum traffic
distribution in the overall network.

Figure 5: 8 snap shots from clustering of the nodes with a rotating base station
The cost function, j(θ) is shown in figure 6 after completing the trajectory (2π radian for θ). For
α=0.8 the minimum of the j(θ) happens at 0.41*2π radian. This is the optimum location for the
MBS on the specified trajectory. The radius of the rotation can be varied to find a global
minimum for the given cost function.

Figure 6: Normalized cost function for the rotating base station
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CONCLUSION
In this paper an algorithm for selection of locally optimized location for a moving base station in
a complex telemetry environment is discussed. In order to equalize the loads on the ad-hoc
clusters in a mixed network environment, a MBS is relocated on a circular trajectory. A cost
function to jointly minimize the variance of the number of users in each cluster and maximize the
average SNR for all users is defined and the location corresponding to the minimum cost is
selected to be locally optimal. For global optimization, the trajectory needs to be expanded and
different distances (i.e. different radiuses) from the central BS must be tested. However the
possible values for the radius of rotation are limited by the fact that if the MBS if too far out then
existence of a gateway node will not be realistic. If the MBS is too close to the central BS, the
diversity gain of using two BSs will be compromised. In the future attempts the various radius
and different trajectories for the MBS will be analyzed.
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ABSTRACT
High speed real-time data transportation is most important for telemetry systems, especially for
large-scale distributed systems. This paper introduces a STDM (Sync Time Division
Multiplexing) network structure for data transportation between devices in telemetry systems.
The data in these systems is transported through virtual channels between devices. In addition, a
proper frame format is designed based on PCM format to meet the needs of synchronization and
real-time transportation in large-scale distributed telemetry systems.

KEY WORDS
Networked Measurement, Large-scale Distributed System, Real-time Transmission, Data
Acquisition, Synchronous Digital Hierarchy

INTRODUCTION
The most crucial aspect of an ideal large-scale distributed telemetry system is that any function
module in different devices of the system is able to act in synchronization just like in a single
device. For this purpose, an adequate communication mechanism must be introduced, in which
the acquired measurements can be transported, synchronized through assigned time slots, while
asynchronous data streams can be transported through channels formed by one or more time slots.
This will keep the synchronization and original time sequence between measurements, which are
the key factors for data transportation of telemetry systems. In addition, the transparent
transportation of asynchronous data streams will also be an important factor for constructing
telemetry communication networks.
PCM format, compliant with Chapter 4 in IRIG-106 [1], has been widely used in data
transportation in traditional telemetry systems. It is only a quasi STDM structure, and mainly
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designed for single data acquisition devices. Bus-based architecture with PCM format
transportation agreement is the common solution for transportation inside the traditional
distributed telemetry systems, but it is hard to meet the needs of high-speed communication
inside the large-scale distributed telemetry systems. It is necessary to find a new solution for this
problem. An immediate thought is an approach based on Ethernet to construct a high-speed
synchronized communication network in the telemetry systems. However, it is not a good choice
due to some innate fatal defects when applying to synchronized communication in telemetry
systems:
a) Packing and unpacking the Ethernet packages will cause a lot of system delays. In addition,
the length of delay cannot be determined.
b) The time sequence of data will be disordered after switch of packages in Ethernet. This will
cause further delay because of the need to reorder the data based on the time tag in the data.
c) In most cases, the frame will be discarded when an error occurred during transportation, and
the error will be magnified in the onboard environment.
Based on the above points, modifications to Ethernet method have to be made to achieve the
synchronization of communication and to keep the original time sequence of the data, as well as
the transparent transportation of asynchronous data streams. These modifications involving
tremendous difficult work must be made not only in the application layer, but also in the physical
layer of Ethernet. Furthermore, the network with such modifications would need a long period to
mature.
In fact, there is a better way of communication in large-scale distributed systems. Similar to the
evolvement from PDH (Plesiochronous Digital Hierarchy) to SONET/SDH (Synchronous
Optical Network / Synchronous Digital Hierarchy) in communication industry [2], [3], [4], [5], it
is possible to construct a STDM network structure for data transportation and management in
telemetry systems based on SPCM (synchronized PCM format) with optical-transfer
synchronous digital hierarchy.

STDM RECONSTRUCTION BASED ON SPCM
As PCM Standard, mainly for radio transmission in telemetry systems, is designed for
point-to-point communications, convention for timing service is not considered. It had been
working fine till the large-scale distributing structure was introduced in telemetry systems. In a
system based on standard PCM, both the source and the receiving end have to be working in
their own clocks, which have no relationship in their frequencies and phases. Therefore, a
large-scale distributed system with pure PCM is basically asynchronous, and it does not have the
ability to exchange data among its nodes as well.
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In a large-scale distributed data acquisition system, the data needs to be transmitted to the
receiving end through multiple nodes. The nodes in the network may need to receive and send
multiple data streams at the same time. Regarding the PCM time division protocol, there is no
association between the time slots of each PCM stream in the system. Figure 1 presented an
example to illustrate the time slots of different PCM streams in the time domain.

Figure 1. Relationship of Time Slots of Multiple PCM Streams
Based on PCM Standard, to reconstruct a STDM communication network for large-scale
distributed systems, there are at least four parts to be done:
a)
b)
c)
d)

A unique system clock and its management for the whole system;
Channel management, used to replace the time slot management in PCM system;
Transportation management;
Additional channel exchange abilities.

Firstly, it is necessary to ensure that every node in the system can get time from the system clock.
That can be done by locking its working clock into the network circuitry clock through the clock
recovery technique and PLL (phase lock loop) technique. The working clock at each node should
be synchronized to the system clock according to the clock management protocol. In addition,
conventions for circuitry time recovering and tracking must be made to ensure that the location
of every bit of transported data in the time zone is known and determined while each node is
sending or receiving.
Secondly, original PCM divides and assigns bandwidth based on time slots as basic units of a
transporting frame. This method was very efficient and convenient in data transportation in
earlier years, as the transmission bandwidth is the most valuable resource and the size of the data
transported in a single time interval is relatively small then. However, with the rapid advance of
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electronics and communications, the transmission bandwidth can achieve far more than that in
the years when the PCM Standard was established. In contrast, the standardization of
manageable granularity in data transportation is becoming more important. Virtual channels
composed of such manageable granularity could be used in data transportation to increase system
reliability. The normalization of the transmission unit is also very important to reduce the system
complexity in a data transportation network. Therefore, the frame rate, frame length, word length,
and other parameters should be normalized for a time division multiplexing protocol in a
large-scale distributed system. For example, we can define several types of frame formats for
fixed frame rate, frame length, and word length. All of the transported and switched data is based
on these formats. This can greatly reduce the complexity of the system.
Thirdly, the data transmission channel will go through a number of different nodes in a
large-scale distributed data acquisition system. It is difficult to debug or troubleshoot if the
warning or statistics information of system performance is insufficient or missing. Therefore, it
is very useful to add a management channel to transport necessary performance monitoring and
alarming information, such as channel and circuit transmission performance statistics,
communication error information, etc. The completeness of this information determines the
maintainability of the system.
Finally, PCM is a point to point communication protocol and it does not have the ability to
exchange data between devices. The data exchange capabilities will be the most basic function
for a large-scale distributed system. There are two possible options, one is packet switching, and
another is the channel switching. For STDM networks, a more appropriate way is to use the
channel switching. Channel switching is relatively more flexible, with lower latency, but with
smaller delay. The channel switching data transportation does not produce conflict and timing
sequence confusion.
There will be little conflict in data transmission processes after the STDM network
reconstructions mentioned above, and each data transmission channel will be totally independent
of others. This will contribute a lot to the reliability of the data transmission in the system. In
such a STDM network, each data acquisition device will be assigned exclusively one or more
channels to convey its data output. The asynchronous data source, such as bus data, will be the
same as well. If the granularity is 2Mb, for example, a 4Mb MIL-1553 bus data source will be
assigned two channels to transport 100% of its data.

A STDM NETWORK FOR DATA ACQUISITION
After a thorough research of SDH transportation protocol of ITU-T G serial [3], [4], [5], it is
found that a large-scale STDM network could be constructed based on ITU-T G serial SDH
protocols, which completely covered the performance requirements of transportation bandwidth,
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transmission delay, error monitor and control, and clock sync for telemetry systems. Several key
factors should be taken into account when implementing such a protocol for the STDM network:
a) The classification of data in telemetry systems and assignment of data into virtual channels’
net load;
b) A special channel for timing only, and a absolute system time sync protocol;
c) Several channel multiplexing suitable for telemetry systems to reduce the complexity of
channel multiplexing;
d) Elimination of useless overheads in SDH for telemetry systems;
e) Modeling of system data crossing in transportation network for telemetry systems to
optimize the abilities of system data crossing;
f) A proper network management channel and conventions for telemetry systems, which
differs greatly with that for communication systems.
Based on SDH and researches of above 6 considerations, we constructed a 2.5G STDM network
prototype (see figure 2). In this prototype, we use 4 video acquisition devices to provide stable
large data stream at 500Mb/s, an Ethernet interface device to provide a data stream at 100Mb/s,
and a high speed recorder for the transmission target. The Ethernet interface device is also served
as data exchange between STDM and Ethernet. In addition, a timing mechanism similar to 1588
timing protocol [6] has been applied as well.
This prototype now illustrated only the high-speed data sync-transportation between devices and
synchronization of data acquisition (through sync shutter signal in this prototype). In fact, SDH
network is now supporting much more complicated data transportations in communication
industrials. We believe that STDM will best serve telemetry systems as well. Currently our
another prototype is under testing that involves much more measurands from different data
acquisition devices and will provide an environment much more close to a real distributed data
acquisition system.

Figure 2 A STDM Data Acquisition Network Prototype
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We have made a lot of experiments on this prototype, which showed that a STDM network
might have following aspects:
a) Full synchronization
With the circuit clock recovery technique in the prototype, every node’s working at the same
system clock resource recovered from network’s circuit. As the bit rate of the network is 2.5Gb/s
(one of the most common communication chips), the accuracy of the system clock is 1/2.5 ns.
Experiments showed that every node could sample synchronized with an error less than 10ns.
b) Real-time transportation
Based on STDM network and SPCM format, transported data are inserted into net load by a
method called ADM (add-drop multiplexer) and are arranged by their grades. This ensured that
data are transported in real time independently.
c) Transmission delay with certainty and consistency
As all the transmission process is accomplished by hardware and hardware’s each operation will
be accomplished in a certain number of system clock ticks, the transmission delay in STDM
network could be determined.
Delay compensation was also introduced in our prototype, so the system clock synchronization
and sampling synchronization will not be affected by the transmission delay. Then the time
sequence of the transported data will not be disordered.
d) Multiple topology structure support
TM (termination multiplexer), ADM and DXE (digital cross-connect equipment) could be used
to achieve a various network topologies’ support. In fact, we have used one chip in our prototype,
in which all TM, ADM and DXE were integrated. It is very easy to let the chip work in the
designated mode by a simple configuration.
e) Static routing
In a specific test task, in contrast to the data transportation in communication industrial, the data
transportation in distributed acquisition system is simpler, with unitary functions and fixed
destinations. Therefore static routing could be used in STDM network for telemetry systems. We
have applied static routing in our prototype, and found that the hardware for the prototype is
greatly simplified.
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f)

Transportation management

As information of system performance and error were introduced into the STDM network, it is
very convenient to manage the data transportation in distributed system.
Comparisons below might be taken into account when constructing data transportation network
for a telemetry system:
PCM

STDM

Ethernet

Networking Supporting

No

Yes

Yes

Network Management

None

TMN+SNMP

SNMP

Transmission Delay

Short, Determined

Short, Determined

Long, Undetermined

Clock Synchronization

None

Strict Synchronized

None

System Scale

Small

Great

Large

Time Sequence Retain

Yes

Yes

No

Data Collision

None

None

Yes

Bandwidth Assignment

Exclusive

Exclusive

Shared

Bit Rate (at most)

30Mbps

10Gbps

10Gbps

Access Flexibility

No

Configuration Needed

Direct Access

Where TMN stands for Telecommunication Management Network, and SNMP stands for Simple
Network Management Protocol.
It is obvious that STDM network is a better solution for inside data transportation in a large-scale
distributed system.

CONCLUSION
Above all, an STDM network could best meet the performance requirements of data
transportation inside a large-scale distributed telemetry system. In addition, the complexity and
cost for designing and constructing the system is lower, and the constructed system would have
much forward and backward compatibility.
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Using fiber as the media for an STDM network, we constructed a data acquisition prototype, and
easily reached a bit rate at 2.5Gbps for communication in the prototype, with sync accuracy
complying with ITU-T G.813 [3]. Furthermore, the most important thing is that the time
sequence is retained after data transmission.
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Abstract:
A Flight Test Instrumentation (FTI) system may consist of equipment that either supports
PTPv1 (IEEE 1588 Std 2002) or PTPv2 (IEEE 1588 Std 2008). The challenge in such time
distributed system is the poor compatibility between the two PTP protocol versions. This
paper describes how to combine the PTP versions in the same network with minimum or no
manual configuration.
Keywords: Ethernet, Time Synchronisation, PTP version translation
1. INTRODUCTION
Ten years ago there were very few network based data acquisition systems. One reason for
this was the fact that there was no network based time synchronization solution that provided
the accuracy and precision required for data acquisition systems, particularly the accuracy
needed for wideband analog measurements. The release of the IEEE 1588 Precision Time
Protocol (PTP) Version 1 standard in 2002 radically changed that.
PTP was a critical turning point for the FTI community since it enabled them to adopt
networked based solutions for data acquisition systems, and move away from an IRIG-B
synchronized system. Initially, with an Ethernet based data acquisition systems, there was a
simplified Keep It Simple and Stupid (KISS) approach in terms of the network
implementation and design, and it was based on the PTP protocol version 1 (PTPv1). The key
factor driving this was the perceived risk of adopting a “new” Ethernet technology. It is fair to
say that now the use of Ethernet technology for on-board FTI applications has been proven as
a reliable backbone infrastructure for on-board data acquisition. As a result of the widespread
acceptance of Ethernet there is increasing demand to take advantage of more networking
technologies, standards and protocols to support advanced operations and system-wide
optimization, for example using Quality of Service, packet filtering, IGMP snooping, etc.
The PTP standard was updated in 2008 to version 2 (PTPv2). The update to the standard was
driven by the industrial, utility, and telecommunications sectors where PTP is used to provide
high accurate time synchronization between machines or telecom base stations. The drawback
of the version update is the backward compatibility between both versions, and without a
translation device, the compatibility between a V1 and V2 equipment is not possible.
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The remainder of this paper is structured as follows: Section two provides an overview of the
Precision Time Protocol (PTP) and the main difference between the two versions. The coexistence of these time protocols within a single system creates a challenge for the network
design, particularly since PTPv2 is not backward compatible. The solution for such hybrid
systems is described in chapter 3 and involves the use of a PTP protocol translation technique
that allows both PTPv1 and PTPv2 Slave Clocks to be synchronized by the same Grand
Master Clock that either runs PTPv1 or PTPv2.
2. PRECISION TIME PROTOCOL
The impact of PTP for FTI systems cannot be understated. The release of the PTPv1 standard
was effectively the catalyst that facilitated the paradigm shift towards the adoption of Ethernet
technologies to replace the traditional proprietary N-wire solutions. Before the development
of PTP, the time synchronization accuracy of N-wire solutions was <1µsec or using standard
networking protocols such as the Network Time Protocol (NTP) was <1msec, neither of
which was sufficient to meet the timing requirements of the data acquisition system. By using
the PTP protocol, all distributed DAUs in a networked FTI system, regardless of topology or
the number of devices, can be synchronized to within 100ns.
2.1 GENERAL ABOUT PTP
PTP is a network protocol originally defined in the IEEE 1588-2002 standard that allows the
distribution of precise time synchronization information across a network with a high degree
of accuracy. This accuracy is achieved using hardware assistance to generate PTP packet
timestamps as close to the Ethernet wire as possible. The PTP architecture comprises at least
one Grand Master Clock and a distributed system of Slave Clocks in the DAUs and other sink
devices. The Grand Master Clock continuously transmits synchronization messages to the
Slave Clock at defined intervals. These time messages are sent to a specific multicast address.
2.2 PTP V1
In order to ensure the most precise value of the timestamp T1 embedded in the
synchronization message (Sync), the Grand Master Clock sends a Follow-up message that
contains the timestamp T1 after the transmission of the Sync message. The Slave Clock
receives the Sync and the corresponding Follow-up message at a time T2 measured by its own
clock. At this point, the Slave Clock only knows the time when the Grand Master Clock sent
the Sync and Follow-up message, but it does not know the one way propagation delay for the
time messages nor does it know its time offset from the Grand Master Clock. To do this,
another message exchange is required to measure the delay between Slave Clock and Grand
Master Clock. For this purpose, the Slave Clock sends a Delay-Request packet to the Grand
Master Clock at time T3. The Grand Master Clock receives the request packet at time T4 and
issues a Delay-Response message that carries the measured value T4 back to the Slave Clock.
The Slave Clock now knows the times, T1, T2, T3, and T4 that enable it to calculate the delay
and offset. Note that the Delay-Request-Response exchange between the Slave Clock and
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Grand Master Clock occurs at pseudo-random intervals to prevent a flood of messages at the
Grand Master Clock from all the DAUs in the system.

Figure 1: PTP v1 Operation
PTPv1 Algorithm
Where:
Δ1=T2-T1
Δ2=T4-T3
Propagation delay = (Δ1+Δ2)/2
Offset =(Δ1-Δ2)/2
For the purposes of reliability, there may be more than one Grand Master Clock in the
network. In this case, the Slave Clocks use an algorithm called the Best Master Clock
Algorithm (BMCA) to automatically select the best clock in the network. The BMCA enables
the Slave Clock to synchronize to the best clock in the network as determined by several
criteria including an administratively assigned priority or preference, the clock quality in
terms of its stratum and accuracy, estimated stability, and observed variance.
A Slave Clock in the network assumes that the propagation delay to be the same for both
directions between the Grand Master Clock and the Slave Clock. This is far from true in an
FTI data acquisition network. Such a network is heavily asymmetric in that the DAU generate
and transmit a lot of data upstream but receive very little data on the downstream. This means
that the Delay-Request messages originating from the Slave Clock may experience higher
Ethernet switch latency upstream than the corresponding Sync messages from the Grand
Master Clock. The PTPv1 standard proposes Boundary Clock implementations in the
Ethernet switches in order to solve this problem, while [4]suggests a different and much
simple technique that is based on PTP transparency for PTP event packets. This PTP
transparency technique has been introduced in FTI networks that are based on PTPv1, see [5]
for details. Note that the PTPv1 standard does not specify PTP transparency.
Another limitation of the PTPv1 protocol for FTI systems is that the minimum interval
between PTPv1 Sync messages cannot be set lower than one second.
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2.2 PTPV2
PTPv2 adds several enhancements such as a formal specification for the Transparent Clock
implementation in the switch, smaller Sync messages for bandwidth optimization, faster
update rates, and extensibility options to allow, for example, health information about the
synchronization status of the system.
A Sync rate of e.g. 8 Sync messages per second can significantly improve the time
synchronization accuracy on the Slave Clock, particular in an environment with fast
temperature changes. How much the accuracy can be improved on a Slave Clock depends on
the oscillator choice and clock servo implementation.
PTPv2 path delay measurements can be performed in two different ways: With the End-toEnd (E2E) or the Peer-to-Peer (P2P) mechanism. Essentially PTPv2 E2E uses the same Delay
Request-Response mechanism as defined in PTPv1 as illustrated by Figure 2. PTPv2 P2P
adds a peer delay mechanism which measures the peer-to-peer link delay using an additional
message exchange comprising: Peer Delay Request (Pdelay_Req), Peer Delay Response
(Pdelay_Resp), Peer Delay Response Follow-up (Pdelay_Resp_Follow_Up) messages. The
peer delay mechanism is limited to point to-point links between peer devices e.g. DAU and
the peer switch, switch and peer Grand Master Clock. These peer messages are completely
confined between the peer devices and not forwarded any further unlike the “Delay requestresponse” messages
PTPv2 also defines Signaling, and Announce messages. In PTPv2 the mechanism for
synchronization is separated from the mechanism to determine the “Grand Master ClockSlave Clock hierarchy”. The Best Master Clock Algorithm has been improved in PTPv2. In
PTPv1 the Best Master Clock Algorithm (BMCA) information is in the Sync message, and
can only accept the information “Grand Master is preferred”. In PTPv2 the BMCA selection
information is carried in an Announce message, and has a value from 0 to 255, with 128 the
default. Both Sync and Announce messages are sent periodically by the Grand Master Clock
but Sync messages are normally sent with a higher frequency. Management and signaling
messages are used to query and update the PTP data sets maintained by clocks. These
messages are used to transport a sequence of one or more Type Length Value (TLV) entities.
In particular for FTI systems, these messages can be used to customize a PTP system, to
generate certain events and for initialization and fault management to manage/monitor the
health of the system synchronization status.
Where PTPv1 did not formally define the transparency implementation, in PTPv2 there are
two types of Transparency Clocks (TC) defined, an End-to-End (E2E) TC and a Peer-to-Peer
(P2P) TC. An E2E TC measures the time (queuing and switching delays) taken for a PTP
packet to transit the switch and provides this information to clocks receiving this PTP
message, but it does not provide corrections for the propagation delay of the link connected to
the port receiving the PTP message. Instead it relies solely on the use of the delay requestresponse mechanism to make corrections for propagation delays. On the other hand, a P2P TC
is a Transparent Clock that, in addition to providing Ethernet switch delay information, also
provides peer-to-peer cable propagation delay information in the PTPv2 packets.
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Figure 2: PTP v2 Operation
3. PTPV1 AND PTPV2 TRANSLATION
As a consequence of the adoption of PTPv2 as the de-facto time synchronization standard,
new equipment is being released with PTPv2 support. Replacing old equipment with PTPv1
support has a serious cost impact. It is desirable to reuse PTPv1 compatible equipment as well
as introducing new equipment supporting PTPv2. Thus a PTP version translation mechanism
is needed in order to combine PTPv1 and PTPv2 nodes in the same FTI network.
Figure 3 shows an FTI system consisting of both PTPv1 and PTPv2 end nodes.

Figure 3: FTI system with PTPv1 and PTPv2 end nodes
To complicate matters even further as PTPv2 is not backward compatible with PTPv1. This
means, for example, that PTPv2 Grand Master Clocks cannot synchronize PTPv1 DAUs or
vice versa. But more seriously, PTPv1 TC switches cannot handle PTPv2 packets and this
effectively renders the PTPv1 TC switch to become a non-PTP switch for a PTPv2 system. A
single non-PTP switch in the system can degrade the synchronicity of the entire FTI network
because:


A PTPv2 switch will not be able to determine the path latency between itself and the nonPTP switch.
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The non-PTP switches will not update any of the PTPv2 switches on the switch latency
they are adding to the system.

The solution to the PTP version interoperability issue is, nevertheless, the Ethernet switch.
FTI Ethernet switches with Transparent Clock (TC) support according to both PTPv1 and
PTPv2 protocol stack can be used in order to combine PTPv1 and PTPv2 DAUs in the same
network.
Figure 4 shows an example of a network that contains equipment that either support PTPv1 or
PTPv2.

Figure 4: mixed network
An Ethernet switch port is either identified as a PTPv1 or PTPv2 capable port. The switch
must run the PTPv1 TC protocol on a PTPv1 capable port and vice versa on a PTPv2 capable
port.
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3.1 VERSION DETECTION
Whether a port is PTPv1 or PTPv2 capable can either be static configured or automatically
detected on run-time. The automatic detection of the PTP version can be achieved based on
the following rule set:
 The switch port shall be default be configured as a PTPv1 capable port
 The switch port will only change to PTPv2 if a PTPv2 P2P message is received on the
port.
The reason for this principle is driven from the fact that a PTPv1 clock configured as a:
“Slave Clock only”, never will send any PTP packets before the clock has received a valid
PTPv1 Sync message. The same applies to a PTPv2 only Clock that is configured for E2E as
the delay mechanism, while a PTP Slave only Clock configured for P2P will on its own
initiate a P2P message immediately after the link is established.
This approach requires that manual PTP version configuration is used on the switch for clocks
configured for PTPv2 and E2E as the delay mechanism. For this reason we suggest that P2P
is used for future mixed system that needs automatic detection of PTP version.

5. CONCLUSIONS
Time synchronization is an important property of a data acquisition system. Time
synchronization is critical in order to ensure synchronous sampling of channels, accurate time
stamping, and coherency in a distributed data acquisition system. Although PTPv1 may
provide what a system require, PTPv2 is now the de-facto standard for time synchronization
in a LAN. Combining PTPv1 and PTPv2 equipment in the same data acquisition systems is
not easy due to the fact that PTPv2 is not backward compatible with PTPv1. Several data
acquisition devices support firmware upgrades which somewhat eases this upgrade procedure.
But it is not always possible to do a PTP firmware upgrade on equipment, the device may
need to be physically replaced which could be problematic especially if it has already been
installed in the aircraft. In order to get around this problem, FTI Ethernet switches with
support for both PTPv1 and PTPv2 can be used to perform PTP protocol translation from
PTPv2-to-PTPv1 and vice versa.
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ABSTRACT
External stores separation campaign is very risky therefore its preparation presents a big technical
challenge for the instrumentation group. Determination of store trajectory requires the integration of
two hi-speed hi-resolution video cameras into FTI. Link bandwidth precludes the development of a
real-time application to be used at the Ground Telemetry System (GTS) for separation validation. To
improve efficiency IPEV, with FINEP funding, is developing a system where the separation
trajectory is computed on-board and in real-time. Computed parameters are merged into FTI to be
processed into GTS and compared to the estimated trajectory. The proposed architecture is presented
and discussed.
KEY WORDS
Flight Tests; External Store Separation; Trajectory; Hi-Speed Video; Hi-Resolution Image.
INTRODUCTION
Flight test is a section of the aeronautical engineering and its main purpose is the determination of
the actual characteristics of an aircraft and/or a system (e.g. Flight Control System - FCS) to be used
for product development, certification or qualification.
Flight test and safety are closely coupled. At one side the primary concern is the test flight safety (i.e.
to bring back the test bed) during the Flight Tests Campaign (FTC). At the other side there is the
aircraft operational safety that relies into the accuracy of gathered information (Figure 01).
In the early days of flight tests the data gathering relied mostly on qualitative data where the overall
accuracy was not so good. Nowadays, with the improvement of the digital electronic devices, FTC
data acquisition relies mostly on quantitative data.
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Figure 01 - Flight Test Safety Links
For a given FTC the data acquisition and analysis process takes place into two segments (Figure 02).
• During the flight, at the airborne Flight Test Instrumentation System (FTI), it is performed
data acquisition, sampling, quantization, formatting and storage; and
• In real time and/or after the flight, at the Ground Telemetry System (GTS), stored and/or live
data is retrieved, decomutated, processed and sliced to enable the execution of the data
reduction analysis and the elaboration of the test report for the customer.

Figure 02 – The Data Acquisition Process
In addition to match the specific need of some flight test campaigns the FTI sensor set could require
the inclusion of external sensors such as:
• Differential Global Navigation Satellite System (GNSS) receiver, for performance FTC;
• Ground weather reference system for Air Data Computer (ADC) calibration FTC; and
• Airborne hi-speed hi-resolution video cameras for external store separation FTC.
In particular the external store separation FTC scenario is highly risky because the non-linear and
unpredicted aerodynamics couplings between the released store and the aircraft structure (e.g. Wings
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and stabilizers) could lead to a catastrophic collision condition (Figure 03). Therefore the 6 Degree
of Freedom (6DoF) store trajectory determination [1] is mandatory for such FTC.

Figure 03 – Test sequence of a catastrophic external stores release.

Unfortunately the FTI and the Real-Time Telemetry Link (RTL) limited bandwidth imposes several
restrictions for the development and implementation of a real-time application to be used at the GTS
for the verification of the separation safety.
To overcame such limitation IPEV is developing a novel system where the store separation trajectory
will be computed on-board into the camera pod and in real-time or near real-time. In this case the
computed trajectory can be easily merged into the FTI without bandwidth overloading. Then such
data should be processed at the GTS to be compared with the estimated trajectory.
STORES SEPARATION FTC
As inherent hazardous FTC the execution of this campaign [2] should be carefully planned and
executed by the test staff, therefore its associated test program should preview the execution of
several test points to provide a smooth transition from the separation central envelope condition (i.e.
Less risky) up to the most critical one. In addition before the execution of any flight the test
3

engineers should execute a risk assessment process that employs wind tunnel test runs; numerical
simulation tools using Computational Fluid Dynamic techniques [3] and pit drops tests to predict if
the required release condition could be safe or not.
In summary the required information from this campaign is the initial store trajectory and dynamics
(i.e. separation Time Speed Positioning Information - TSPI) with 6DoF, such information will be
used to:
1.
2.

Verify the degree of conformance between the real and the estimated trajectory to certify if
the release condition is safe or not and to clear the execution of the next test point; and
To provide the real store separation parameters to be used for the refinement of the aircraft
Operational Flight Program (OFP).

For store TSPI data acquisition, the FTI setup for this FTC usually includes a photogrammetric pod
with two or more synchronized airborne hi-speed (e.g. Up to 400 frames/s) hi-resolution (e.g. Up to
720p) video cameras (Figure 04).

Figure 04 - Photogrammetric pod used for external stores release FTC.

After the mission the acquired video frames images are downloaded from the test bed for TSPI data
extraction. The post mission analysis requires the usage of dedicated software tools (e.g. TrackEye http://www.imagesystems.se/image-systems-motion-analysis/products/track-eye.aspx) that compute
the store release 6DoF trajectory. Typically at this phase it is executed the following tasks:
1.
2.
3.
4.
5.
6.

Image coordinates localization and tracking of reference points (Figure 05) previously
defined on the test bed and store surfaces;
Compensation for lens distortion errors of the tracked reference points coordinates;
Data correlation of coordinates acquired from two or more fixed cameras;
Reference points 3-D position computation using triangulation method;
6DoF store trajectory determination;
Results displaying and storage.
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Figure 05 - Test Bed and Store Reference Points.

In real-time the test crew has a limited ability to determine the degree of conformance between the
real and the predicted release trajectory in order to clear the execution of the next test point. The
available real-time information for this application is limited to the chaser perception or to the usage
of low rate video images embedded into the FTI stream (i.e. 30 fps @ 720i).
The implementation of a RF Link for transmission of Hi-speed (i.e. 400 fps), Hi-Resolution (i.e.
above 720i) video images requires a very high bandwidth. As example a single a 1,280 x 720 pixel
image sampled at 400 fps and compressed to 0.8 bit/pixel rate with a JPEG 2000 algorithm requires a
296 Mbps bandwidth which is not yet feasible [4]. It should be noticed that down sampling and
compression jeopardizes trajectory accuracy.
As consequence:
1. Data processing should be executed as post-mission operation, requiring a long time to
produce the desirable results; and
2. The stores separation FTC efficiency becomes very low (i.e. It requires several flights).
The combination of the results that arises from previous software development for the determination
of the aircraft altitude for Air Data System (ADS) calibration FTC [5, 6] IPEV’s Research and
Development Division (EPD) with funds provided by Financiadora de Estudos e Projetos (FINEP)
proposes a new architecture for real-time on-board determination of the stores separation 6DoF
trajectory.
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This novel system should allow the safe execution of more than one store separation test point in a
single test flight. As consequence the efficiency of such FTC will raise without jeopardizing the
flight safety.
SYSTEM ARCHITECTURE
The system architecture (Figure 06) is composed by:
1.
2.

3.
4.
5.

Two hi speed hi resolution video cameras with real time output;
Two onboard computers to:
a. Auto track the aircraft and store reference points;
b. Compensate the tracked point’s coordinates for lens distortion errors; and
c. Compute the store 6DoF trajectory.
A GPS/IRIG-B time reference for FTI data correlation;
A Giga bit local network for data distribution; and
Interface to export real time data to FTI system.

Figure 06 - Proposed Architecture.

The core of this system is the Ultra-Fast Video Tracker Algorithm that computes the target TSPI
parameters. Such algorithm is the key element that assures a satisfactory real time performance of the
system.
But it should be noticed that the bottleneck of this architecture is the transfer process of data between
the cameras and processors. Even considering the usage of a Gigabit network, the required overhead
time to pack and unpack the video stream is still an issue that could jeopardize the real-time
performance of the system.
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But there is a blinking light the latest optical tracking software developments executed at IPEV EPD
[7] proved that the tracking algorithm performance could be drastically improved if the camera and
processor are integrated into a single unit. As example IPEV along with ITA University designed an
optical tracking software application fully integrated into an iPhone 4S. Such mobile device
integrates into a single unit the camera and processor. Test results with such architecture presented
satisfactory performance for a real-time application (i.e. ADS Calibration FTC).
Now the problem is to find and/or convince a supplier to provide an airborne hi-speed hi-resolution
camera fully integrated with a generic processor where the user could develop and integrate its own
video processing software. The lack of this option could result into quasi real-time performance that
still produces satisfactory results.
For this application it should be noticed that the real-time accuracy requirement could be relaxed as
compared to the post mission data analysis. As result the real-time solution could use image frames
with lesser resolution (i.e. 720i or less) to minimize data transfer bandwidth and to provide better
real-time performance. Such analysis should be executed before the FTC by specific tool that takes
into account the previewed trajectory path for the store and the Dilution of Precision (DOP)
parameter that reflects the geometry between the cameras and the target.
CONCLUSIONS
The proposed architecture for a new Fast On-Board Tracking System to be used for External Stores
Separation FTC is presented. The key element of this system is an Ultra-Fast Video Tracker
Algorithm that computes the target TSPI parameters in real-time.
The main goal of this system is to provide the capability for the execution of more than one
separation in a single flight, without jeopardizing the test safety. In addition the real-time
parameterization of the stores trajectory into the test bed allows:
• The reconstruction of Hi Speed and Hi Resolution separation images at the GTS without
overloading the telemetry link;
• The determination of the correlation factor between the actual trajectory and the simulated
one, for flight safety assessment; and
• An efficiency increase for the store separation FTC, reducing its costs and time.
Next steps for this development include:
• The execution of pit drops for algorithm tuning;
• The integration of the prototype into a test bed; and
• The execution of a dedicated FTC.
Preliminary tests show that system performance could be improved if we could use/find an airborne
Hi-Speed Hi Resolution camera device that is directly coupled to the processor where the application
runs. In this case the overload time required to transmit images frames from the camera to the
processor will no longer slow down the real time performance of the system.
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Transitioning from NTSC to HD Digital Video Vol. 2
Paul Hightower
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Abstract
In our first installment, analog and HD video terms were compared. It was shown that resolution
is three-dimensional in HD.. High HD data rates force the use of video compression in order to
transport video. Compression compromise
compromises video detail and introduces latency. Latency affects
the overlay of time critical measurements. It is therefore important to time stamp at the source.
In this volume, the focus is on the key regions of the HD video frame and metadata.
metadata SMPTE
specifications are the foundation on which MISB builds its use of metadata. It will be shown that
only two KLV packets can hold all TSPI and calibration data with frame-by-frame
frame updates.
upda
This
capacity is new in HD.. Metadata is permanently merged with images and the time that both
were collected. We show how employing the KLV metadata packet can result in a single video
record where picture taking and data taking are all in lockstep. Using KLV metadata enables one
to record clean video while retaining the ability to place crosshairs and data during playback.

Key Words
HD-SDI,
SDI, metadata,KLV,MISB,timestamp

A Brief Review
As a quick review, the familiar analog video waveform needing a 6 MHz channel is replaced by
a bit stream of 1.5GBPS to 3GBPS. These new data rates give rise to
many new challenges such as the
means to move HD
HD-SDI video from
source
to
destination.
Methodologies range from advanced
fiber technologies to highly effic
efficient
compression technologies.
In the past, the goal has always been to transport raw source video from a remote camera or other
device to a display, video control and overlay equipment and recording devices. The nearest
equivalent in HD video is the SDI (serial data interface) stream. This interface is defined by
SMPTE and specifies 1.5 GBPS (720p, 1080i) and 3 GBPS (1080p) rates. Higher pixel
resolution formats are on the horizon that will require bit rates up to 24 GBPS. High bit rates
require the introduction
troduction of compression schema and new infrastructures to move video from
point to point. All compression introduces latency between the picture-taking
taking event and the
destination across the transport system. A 3 GBPS video stream might require 30:1 or more
compression to move it across even an advanced fiber infrastructure. Compression processes at
this level and beyond can introduce image latency of 70ms
0ms (JPEG 2000 and high bandwidth
transport) to 2-55 seconds over a copper Ethernet channel. Often video
eo must move through

multiple infrastructures which may make it impossible to even estimate latency. These
properties of SDI change the topology of video instrumentation. Time stamping and insertion of
other time coherent data operations must be moved to the source rather than the destination.
Video Formats
The data carried by the SDI stream is comprised of the video, audio, synchronization and data.
One could say that analog video carried these same information types, but the playing field is
much more complicated. With analog video RS170 and RS170A were the only formats that we
generally cared about in the US. HD, however, encompasses a wide range of formats known as
720p, 1080i, 1080p, 2K, 4K and more.. There are more frame rates to support as well.
well In analog,
frame rates are generally 30Fps. In HD, there are many directly supported from 24Fps, 30Fps,
60Fps, 120Fps (new) and maybe higher. The table below lists three widely used and familiar
formats along with key parameters of the structure and ccontent and the defining specifications.

Format also embodies the sampling method. At the camera, technology and resolutions have
changed, but there are still three filtered images
images, one filtering all but the red component, one
filtering all but the blue and
nd one filtering all but the green (RGB). Based on the realities of
physiology of the human eye, more bandwidth is given to the brightness information
(luminescence)) than the color information (chroma) that forms the image we see. In analog,
video luminescence
escence is carried in a 3.5 MHz channel and color information is pressed into a 1
MHz phase modulated signal.
Digital video can be carried with equal content of each component and is referred to as an RGB
representation. The three RBG samples combine to form one pixel (picture element). This is
ITU 4:4:4 encoding.. If each color is broken into 255 shades, more than 16 million colors can be
represented which is generally accepted as beyond the limit of differentiation by the human eye.
As resolution (lines x samples)) grows to HD levels and beyond, reduction in the number of bits
to be transported becomes a central issue.. Taking the lessons from analog video, the 4:2:2

encoding scheme (examples1 shown at the right
right) has been widely adopted. In this instance, one
8-bit
bit sample comprises the luminescence (luma) data. Every two luma samples share a color
sample that are the R and B
components.
Green is
derived from the R, B and
Luma elements in a manner
similar to that used in
analog composite video.
This technique sacrifices
little if any visual quality to
the human eye, but saves 8
bits of data for every two
RGB pixels.
This is
significant. For example, using 4:2:2 encoding in a 1080p/60 video stream, the SDI data rate is
reduced by 591,360,000 bps.
Resolution
Resolution is defined by the video bandwidth in analog video. Resolution is also expressed in
number of scan lines and perhaps the number of video samples per line. Frequently we
characterize standard definition (SD) video as having 480 visible llines
ines (525 total) and 640
samples (pixels) per line. This is 480i video. The effective sampling rate is 13.5 MHz (Luma).
This is multiplexed with a 6.25 MHz sampling rate for the chroma signals. At these sampling
rates one can reproduce the analog equi
equivalent
valent signal at a luma bandwidth of 3.4 MHz and a color
bandwidth of 1.6 MHz.
In HD, resolution is also defined in part by line count (e.g. 720, 1080).. The horizontal resolution
is defined by sample count (pixels) which may be 1280, 1920
1920, etc. The encoding
oding method can
also be different which affects the ultimate resolution as well as the number of values a pixel can
be (pixel depth). Sample rate essentially defines the effective bandwidth. There are two critical
rates, 74.25MHz (720p) and 148.5MHz (108
(1080p). The analog equivalent bandwidths (4:1) are
approximately 18 MHz (luma 720p) and 37 MHz (luma; 1080p). The combination of sample
rate, pixel depth, encoding scheme and line count result in the bit rate required to transport SDI.
SDI
When SDI systems were
re specified by SMPTE, two primary bit rates were chosen, 1,485
1,4 Mbps
(720p and 1080i) and 2,970 Mbps (1080p). In order to make two bit rates work for the target
resolutions, the number of total lines of a frame and the total number of samples in a line were
adjusted for each format. The pixel and line counts associated with each format are those we can
see referred to the active
ctive video area. In each line, the pixels between start of active video (SAV),
end of active video (EAV) is the portion of the line we see. In the vertical direction, the start line
of the visible area differs as does the number of buffer lines below the visible area.
SDI Format
Each video line is arranged with markers (SAV and EAV) line counter, CRC and the image
samples. The diagram
ram below shows the arrangement for a 4:2:2 sampled video.
1

Graphic from “Chrominance Subsampling in Digital Images”, by Douglas Kerr

The sample order for a pair of pixels (two luma) is Cb:Y0:Cr:Y1. All sampless are 10 bits deep, 8
data bits plus parity and not-parity
parity bits. This organization is constant for every line. One can
compute the supporting bit rate by multiplying the line count (total) x samples/line (total) x
frames/second x 20 bits (luma + ½ of color sample). For example, a 720p/60 video stream
develops a bit rate of 750 (lines) x 1650 (pixels) x 60 (fps) x 20 = 1,485,000,000 bps
The Vertical Ancillary (VANC) data space resides between the SAV and EAV of a group of
lines above the visible video area and a few lines below. This arrangement is similar to the
analog vertical blanking area.
Data Spaces
Data space
ce was not originally a part of the analog
video design. However, the vertical blanking space
became a location where a limited amount of data
could be placed “out of sight” provided it was
carefully introduced to avoid tripping up video sync.
Items include
ude closed captioning, vertical interval time
code (VITC), and other data.
Specialized data has also been integrated in an edge
encoding approach originally developed in 1977 here at
ITS. One bit per line could be in
inserted. While this is in the
visible space, it did not encroach sufficiently to prohibit use
in many applications. This
his technique could embed 480
bits/frame yielding a 1800 byte/sec data rate.
In HD video the area between the EAV and SAV is a
“dark” space where horizontal ancillary data (H
(HANC) can
be placed. Technically this space is at the end of eeach line,
but the ancillary data stored is used by the image to follow.
The HANC space holds a variety of data
types including the 16-channel
channel audio,
SMPTE time and frame count, subtitling,
film codes, content authoring, billing data,
broadcast date, etc. The data types and their
formats are defined in the SMPTE Metadata
Elements Dictionary,, RP210. Version 13 of
this registry contains more than 2200 data
types.
Image to the right depicts the parameters for
a 720p format organized into a single frame

Image from http://forum.doom9.org/showth 1

of HD video. As you can see, there are 370 samples for each line in the HANC.
In the limit, a 720 data stream can hold 262KB
KB of data per frame just in the luma channel. In a
practical sense, about 300 lines are intended for buffer space and a few more lines of the HANC
space are reserved by SMPTE to contain payload data and other mandatory elements. There are
also wrappers defined for data payloads that subtract from the variable data that may be
transported with the video. The amount of overhead depends on the data type, but 10%-20% is
a reasonable rule of thumb.
Similarly, there are “dark” lines above the
start of video in the vertical sense. For a
720 signal, it is shown that 25 lines aare
completed in the frame before the first
visible line. This space between the SAV
and EAV markers is the VANC space. The
few lines (4) remaining below are reserved
for buffer space.
In the limit, one can place 32KB of data in
each frame in the VANC space
pace above the
active video area. These data can be different
from frame to frame resulting in a data rate up to 1.9 MBps. SMPTE, broadcast and cinema do
not employ this space to any great extent
extent.. Line 14 is universally used as a line at which scenes
are switched and contains a SMPTE time marker. The VANC space is used to transport closed
captioning.
A 1080 frame contains
40 lines above the
video
area
where
VANC data can be
written. A VANC line
has 1920 luma samples
that can carry up to
74KB of data. At 30
Fps,
this
format
supports
up
to
2.2 MBps
and
4.4 MBps at 60 Fps.
Looking at the formats
table at the right and
highlighting HANC and
VANC spaces, one can
see at a glance the
number of lines and
samples
that
are
available to carry data.

Data/Video Fusion
In transitioning from Analog to HD Digital Video, the goal of fusing the data associated with an
image in a video stream is achievable in the HD-SDI framework (e.g. 74KB of data can be stored
per image as opposed to 60 bytes). This enormously expanded capacity presents the opportunity
to fuse data and video into one time coherent stream. Taking advantage of this new capability
may reduce if not eliminate the post processing needed to match images with its relevant data.
Further, permanent overlay of data is no longer required. Using the KLV packets as data
transport mechanism permits us to view and record uncluttered video. One can select at display
time what data is overlaid, what color it is and where it is on the frame. A common video stream
can be sent to an array of displays with data decoders set to pick off and overlay different
elements of the data on each display (e.g. customer vs. operator video).

KLV Packets
A KLV packet (Key-Length-Value) is one of many data packets that can be placed in the HANC
or VANC space. SMPTE created the KLV wrapper to permit an author to define its own data
and data format and carry this data along with the video. In general, KLV packets are classified
by SMPTE as type 1 and type 2. Type 1 packets are only placed in the HANC space and type 2
KLV packets are only placed in the VANC space. The HANC space is crowded with more than
2,000 data items that may be written with perhaps only 700 lines to put them on. The VANC
space is not used much up to this point. Having the VANC space relatively unencumbered is a
safe place to write image coherent data. The VANC space leaves HANC data (e.g. sound,
payload, film codes, and SMPTE time) alone without risk of corruption or data loss.
Several years ago, the Motion Imagery Standards Board (MISB) purchased a block of dictionary
numbers from SMPTE for KLV type 2 packets so that it may assign them in a standard way for
universal use. There are 900 or more currently registered. MISB publishes the list of keys in its
dictionary 807.x (807.8 as of this writing). This dictionary and the list of MISB standards can be
found at http://www.gwg.nga.mil/misb/stdpubs.html.
Given their importance, let us explore in detail the KLV wrapper prescribed by SMPTE. The
SMPTE specifications define what SDI is; the bit stream content, sampling techniques, image
formats, ancillary data formats, sampling rates and clock rates. SMPTE also provides
synchronization mapping relating key points in the HD format to corresponding points in the
analog tri-level sync signal (Genlock) used to synchronize cameras and other equipment.
KLV SMPTE Wrapper
The KLV type 2 wrapper is comprised of the Ancillary Data Flag (ADF), a Data Identifier
(DID), a supplementary Data Identifier (SDID), a Data Count (DC) the User Data Word (UDW)
and the check sum (CS). The organization and specified values of the wrapper are shown in the
figure to the right.
Each element of an ancillary data item, including the KLV data packet, is 10 bits. This bit depth
is consistent with the sample depth used for the imagery.

The ADF sequence is a fixed pattern
that is NOT permitted within the
video.
It informs any display
decoder that the subsequent samples
are data. The Data ID (DID)
identifies what data is present.. In
this case, 0x244 identifies a KLV
packet. The supplementary data ID
(SDID) identifies this KLV packet
as type 2. The next sample (DC) is
the length of the UDW in sample
counts from 1-255.
255. The last part of
the wrapper is a check sum. This struc
structure is detailed in SMPTE-291M.
291M. The list of registered
DID identifiers can be found at www.SMPTE
www.SMPTE-ra.org.
The UDW; the KLV data packet
The UDW is where the KLV packet goes, inside
this wrapper. Each element of the UDW is a 10
10bit element where 8 bits is a normal binary byte.
The remaining two bits are an even parity bit and
an odd parity bit. The general structure of a
KLV packet is shown here.
As the KLV name suggests, the UDW for a type
2 packet contains a key value (dictionary look up
index) a length
th in bytes of the value to follow. A
special feature of the KLV packet is also present that is comprised of three samples;
sample the message
ID (MID) and the packet sequence counter (PSC)
(PSC). These samples are used to extend the length
of V beyond a single packet. This feature is used by MISB for a few dictionary items.
There
here is overhead when using KLV packets. The net number of bytes available for V is limited
to 235 bytes (e.g. UDW length of 255 bytes, less 3 bytes for the MID
MID/PSC,
PSC, 16 bytes for the key
and 1 byte for the V length).. Each packet in total can consume up to 262 samples on a horizontal
line. While this results in 11% overhead
overhead, the 1080 format can carry 280 different data streams
updated at the frame rate. Each data stream can be comprised of multiple data streams.
Therefore, the VANC space employing KLV packets is a tool that can truly fuse imagery and
data together.

The Microsecond Timestamp Packet
MISB defined the Microsecond Timestamp Packet (MTP) as a type 2 KLV metadata packet.
Within this packet there is
an 8-byte value that is the
number of microseconds
since January 1, 1970.
The status byte is used to
identify the quality of the

time value itself (e.g. was it synchronized to a time standard (GPS), was it valid compared to
other timestamps, etc.).
MISB prescribes that if the MTP is to be written the VANC packet must begin at the first sample
after EAV of line 9 of the frame2. Using the MTP, time can be marked to 1µsecond resolution
on every frame.
In 2011, ITS introduced its first HD-SDI inserter product which included the ability to write and
read the MTP. Since then, ITS has introduced the 6055C line of multi-channel inserters which
are all capable of writing and reading the MTP. This equipment collects time to within 2µsec of
the EAV event with a resolution of 1µsec on each frame. When in decode mode frame time can
also be overlaid on the video on the same frame in which it is written in the VANC.

A proposed general purpose packet
There is an upgrade to the ITS HD-SDI insertion engine that can read/write up to two additional
KLV packets into each frame. Up to 235 bytes can be written within the “V” of a VANC KLV
packet. It is not much data if you want to record prose, but for instrumentation it is quite a lot.
ITS has been working with Trackeye and the test ranges to assemble a proposed Instrumentation
KLV packet. Included are items such as pointing angles, lens settings, camera settings, sensor
data, tracking data, meteorological data, etc.

Description

2

Bytes

Below is a design of the proposed Instrumentation Packet.
Range
Low

High

-

-

Resolution

Units

-

ASCII

1.0000000000

POSIX (µsec)

Test ID

10

T0

8

Geodetic Datum

1

-

0=WGS84, etc.

-

Binary

Run Number

1

1.00

255.00

1.0000000000

Binary

Classification

10

-

-

-

ASCII

Temp

2

(60.00)

200.00

0.1000000000

C

Pressure

2

10.00

36.00

0.0100000000

mm hg

Humidity

1

-

100.00

1.0000000000

RH

Wind Speed

1

-

200.00

1.0000000000

mpg

Direction

2

Mount ID

10

-

-

-

ASCII

Camera ID

10

-

-

-

ASCII

Camera placement

1

location on the mount

H resolution

2

320.00

16,384.00

1.0000000000

pixels (luma)

V Resolution

2

262.00

8,192.00

1.0000000000

lines

Image bit depth

1

4.00

36.00

2.0000000000

Bits

0- 18,446,744,073,709,600,000.00

Bit 15=0, then lower byte defines 4 points/quadrant, Bit
15=1, direction is 0-360 in 1 degree steps

Binary

ASCII

This is a bit of a problem for 1080i video as there is no line 9 as a part of field 2.

Bytes

Description

Range
Low

High

Resolution

Units

-

Binary

Encoding

1

Image mode

1

Integration time

2

Trigger time

8

Time offset

2

Timestamp mode

1

Frame Rate

2

10.00

1,000.00

1.0000000000

Frames/sec

Lens ID

2

-

65,536.00

1.0000000000

Binary

Zoom factor

2

-

64.00

0.0010000000

deg (example)

Units

1

0=FOV deg,1=binary,2=% of zoom, 3=?-

binary

Focus setting

2

-

4,096.00

1.0000000000

binary

Azimuth

4

(180.00)

360.00

0.0000214577

Deg

Elevation

3

(90.00)

105.00

0.0000214577

Deg

Mount timestamp

8

1.0000000000

POSIX (µsec)

Range

4

1.0000000000

meters

Range Timestamp

8

1.0000000000

POSIX (µsec)

Object(target) ID

3

-

-

-

binary

Tsens AZ

3

(180.00)

180.00

0.0000214577

Deg

Tsens EL

3

(90.00)

105.00

0.0000214577

Deg

Tsens Range

4

-

106,470,793.00

1.0000000000

meters

Tspeed

3

1.00

7,571,256.00

1.0000000000

m/sec

Tx

4

-

106,470,793.00

1.0000000000

meters

Ty

4

-

106,470,793.00

1.0000000000

meters

Tz

4

-

106,470,793.00

1.0000000000

meters

Theading

3

-

360.00

0.0001000000

deg

Ttemp

2

(60.00)

2,000.00

1.0000000000

C

Spare

8

-

RGB=0,YCrCb=2,BYU=3, etc -

0x=mono,1x=color,x=0=interlaced,1=progressive, etc.
-

41,666.00

0- 18,446,744,073,709,600,000.00
-

20,833.00

1.0000000000

µsec

1.0000000000

POSIX (µsec)

1.0000000000

µsec

start=0,middle=1,end=2, etc-

0- 18,446,744,073,709,600,000.00
-

106,470,793.00

0 - 18,446,744,073,709,600,000.00

Binary

Binary

TBD

This V design only consumes 156 bytes of the 235 available. The data can be updated frame to
frame and can be written in time alignment with the image to which it is associated.
ITS equipment writes and reads the KLV VANC packets. It can unwrap it from the SMPTE
wrapper, parse the fields and can overlay any or all of the fields or present them to the Ethernet
interface. That means if all of the elements in the chain support preservation and reproduction of
the VANC packets, one could record clean unobstructed video and at playback time decide what
data to view, where in the frame to place it and what color with which it should be written.
The other KLV packet can hold an additional 235 bytes of image/mission coherent data. Either
packet, could hold data that may be classified and not decodable by any unsecured decoder. The
concept is to permit a system to send a key, K, and the length, L, of the V to follow. The V

could be a binary block cipher. The KLV decoder could be instructed to unwrap the V cipher
and deliver it to the Ethernet interface. Our equipment can also deliver packet 1 data as a block.
Either or both blocks may be prepended or appended with the value of the timestamp (MTP V)

of the frame thereby offering exact correlation between the image and the data. In total, the
multi-packet system would place 1, 2 or 3 pack
packetss on command on line 9 of every frame.
This proposal
oposal illustrates the power of just three VANC KLV pack
packetss used for instrumentation in
an HD-SDI video stream.

Conclusion
Transitioning from analog NTSC video to HD
HD-SDI
SDI digital video presents significant technical
challenges and opportunities. The HD ttechnology embodies several current and emerging
sampling methods, compression techniques and formats
formats; many more than commonly used in
analog video. One of the most serious technical challenges is transport of video from source to
destination with image integrity
tegrity and low latency. In order to ensure accurate time stamping and
data coherency with video, timestamps and perhaps the data itself must be impressed on the
video at the source rather than the destination.
HD video formats having metadata space also offer a significant opportunity beyond improved
image quality. The VANC space makes the transport of video and its related data possible
through a single bit stream. The data may be directly tied to the individual video image without
post processing to correlate
orrelate video and data. Further, use of the VANC space eliminates the
necessity to contaminate recorded video with data overlay. The location, color and selection of
what data is to be displayed may be chosen at playback time. This capability is likely to change
the topology of video instrumentation now and in the future.
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ABSTRACT
This paper described the details of subjective validation for visually lossless compression of
stereoscopic 3 dimensional (3D) images. The subjective testing method employed in this work is
adapted from methods used previously for visually lossless compression of 2 dimensional (2D)
images. Confidence intervals on the correct response rate obtained from the subjective validation
of compressed stereo pairs provide reliable evidence to indicate that the compressed stereo pairs
are visually lossless.
Keywords: Stereoscopic images; visually lossless coding; JPEG2000; crosstalk; human visual
system.

1. INTRODUCTION
The main difference between 2D images and stereoscopic 3D images is depth information.
Human viewers can easily perceive the position of each object in a stereoscopic image according
to depth information. Stereoscopic 3D images have been applied in many applications such as
aerial stereo photography and 3D stereoscopic surgery that requires exact knowledge of depth
information. Uncompressed stereo pairs require double the amount of data compared to ordinary
2D images since a left and a right image are contained in a stereoscopic image. Visually lossless
compression can be used to reduce the amount of data efficiently without losing information that
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would be useful to the human visual system (HVS).
One simple approach to visually lossless compression of stereo pairs might be to compress the
left and right images independently as ordinary 2D images so that each of them is visually
lossless individually. Unfortunately, due to crosstalk caused by leakage between the left and right
channels present in current 3D display technologies, initial results obtained in this fashion did
not meet expectations. Although the compressed left and right images were visually lossless
when each of them was displayed in 2D mode, the compressed stereo pairs were not visually
lossless when displayed in 3D mode. Thus, the crosstalk effect must be considered for visually
lossless compression of stereoscopic 3D images.
In our previous paper [1], a methodology for the measurement of visibility thresholds (VTs) for
3D displays with active shutter glasses was provided. These measured VTs are then used in the
models defined by equation (1) in [1] to find appropriate VTs for visually lossless compression
of stereo images. These models are functions of not only the wavelet subband and coefficient
variance, but also of gray level I in both the left and right images. The novel visually lossless
compression algorithm for monochrome stereo pairs proposed in [5] is then used to compress the
left and right images of a stereo pair jointly according to the VT of their wavelet coefficients.
In order to validate the visual losslessness of the resulting compressed images, subjective
experiments should be conducted. Two well-known methods, sequential two-alternative
forced-choice (2AFC) testing [4] and spatial three-alternative forced-choice (3AFC) testing [2],
[3] have been used in the literature to evaluate whether quantization distortions in compressed
2D images can be detected. In the first method, two copies of the image (one original and one
compressed) are displayed sequentially in time. Subjects are forced to make a choice of the one
with best quality between these two copies (guessing is permitted if necessary). The second
method simultaneously displays three copies of the image. Two of the copies are original and one
is compressed. The three copies are presented side-by-side on the screen in random order.
Subjects are then asked to choose which one differs from the other two. Again, guessing is
permitted if the subject cannot find any difference.
A sequential 3AFC method has been used in subjective sound quality evaluations [11]. In this
method, three audio clips are presented sequentially to subjects. Two of the clips are original and
one of the clips has been compressed. The subjects are forced to choose the clip that is different
from the other two.

2

2. VALIDATION OF VISUAL LOSSLESSNESS
3AFC testing was used in [2] and [3] due to its inherent advantages over 2AFC. Specifically, the
3AFC method can provide more rigorous results than 2AFC method. If the compressed images
truly are visually lossless, then subjects will be forced to make their decisions by guessing. In
this case, the population proportion of correct answers obtained from 2AFC and 3AFC methods
would be 1/2 and 1/3, respectively. The converse also holds for 3AFC. That is, a population
proportion of correct answers equal to 1/3 indicates that the images are visually lossless.
However, the 2AFC testing method has an inherent problem that can cause an ambiguous
interpretation of a population proportion 1/2.
A scenario that can cause ambiguous interpretation of results obtained via 2AFC method arises
when the compressed images are very high quality, but subjects still can perceive differences
between the original and the compressed images (the compressed images are only nearly visually
lossless). In this situation, the resulting population proportion could also be 1/2, since these two
images may be distinguishable, yet neither looks clearly better than the other. The 3AFC testing
method can avoid this problem because two uncompressed copies are contained in each trial. The
subjects can easily make a correct choice if the differences between the compressed and the
uncompressed images can be perceived.
In [2] and [3], spatial 3AFC testing was performed. Accordingly, three copies of a 2D image
were displayed side-by-side on the screen. Unfortunately, the spatial 3AFC method is not
appropriate for visual testing of stereoscopic 3D images. This is due to the fact that three full
resolution copies of stereo pairs do not fit side-by-side on the screen. Visibility of artifacts, as
well as 3D perception of stereoscopic images can be adversely impacted if the dimensions of the
images are decreased by cropping or subsampling. Thus, such techniques should be avoided
during perceptual testing. For this reason, the sequential 3AFC method was adopted for this
work.
The 3D vision system used to obtain the results presented below includes the Nvidia Quadro FX
3800 graphics card and active shutter glasses. A USB IR transmitter is used to synchronize the
glasses with a Samsung SyncMaster 2233 RZ display (22” with 1680 × 1050 resolution, 120 Hz
refresh-rate, 300 cd/m2 brightness, 1,000:1 typical contrast ratio, and 170o/160o Viewing Angle).
The display resolution d for the SyncMaster display is 35.45 pixels/cm. When the viewing
distance υ is 60 cm, the resulting visual resolution r is 37.12 pixels/degree, which is derived via
equation (1) in [9]. All visual experiments were conducted with normal office lighting
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conditions.

(1)

(2)

(3)

(4)

(5)

(6)

(7)

(8)

(9)

(10)

(11)

(12)

(13)

Fig. 1. The thirteen monochrome stereo images used in the validation of visually lossless
stereoscopic compression (only the left image of each stereo pair is shown). (1) Aloe, (2) Art, (3)
Computer, (4) Wood, (5) Teddy, (6) Moebius, (7) Dwarves, (8) Drumsticks, (9) Bowling, (10)
Dolls, (11) Midd, (12) Reindeer, and (13) Books.
Thirteen stereo pairs were used in the subjective experiments described below. These images
were obtained from the Middlebury stereo datasets [6], [7], [8]. These thirteen stereo pairs are
shown in Figure 1. The compressed stereo pairs were obtained from the visually lossless coding
method proposed in [5] according to VTs derived by the models provided in [1]. Fifteen subjects
with normal or corrected-to-normal vision participated in the validation. Each subject viewed the
full sequence of thirteen stereo pairs six times. The order of thirteen stereo pairs was randomized
in each sequence. The total number of subjective trials was then 15 × 6 × 13 = 1170. In each trial,
one compressed copy and two original copies of a stereo image were displayed in random order.
These tree copies were displayed sequentially. The images were displayed in stereo mode, with
the subjects wearing 3D shutter glasses. According to a number shown in the upper left corner of
the screen, the subjects were asked to use the keyboard to indicate which copy was different from
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the other two. No feedback was provided to the subjects to indicate whether their choice was
correct.
No time limit was placed on each trial so that the subjects could observe each copy of the image
as many times and for however long they wanted. The subjects could move backward/forward
between the three copies of the image via the left/right key on the keyboard. To avoid the
phenomenon of persistence of vision, a black screen was displayed for 0.5 seconds while
switching between two copies. Despite the fact that the visually lossless compression method [5]
was designed at a typical viewing distance υ = 60 cm between subject and display, the subjects
were allowed to approach to screen as closely as they wanted during the validation.

3. RESULTS
Figure 2 shows the resulting sample proportion of correct choices obtained from the subjective
validation of the compressed monochrome stereo pairs. As mentioned before, under the
assumption that the images are visually lossless, the population percentage of correct choices
would be 1/3. This value is represented by the red dotted line in the figure. The blue rectangle
bars are used to indicate the obtained sample proportion of correct choices for each individual
compressed stereo image.
Overall Sample Proportion of Correct Choices: 0.32222
0.4
0.35

Sample Proportion of Correct Choices

0.3333
0.3

0.25

0.2

0.15

0.1

0.05

0

1

2

3

4

5

6
7
8
Image Order

9

10

11

12

13

Fig. 2. Validation results. The blue rectangle bars represent the individual sample proportions of
correct choices for each image individually. The assumed population proportion of 1/3 is
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represented by the red dotted line.
The overall sample proportion (averaged over all 13 images) was calculated to be 𝑝̂ = 0.32222.
A confidence interval for the population percentage can be calculated [10] via
𝑝̂ ± 𝑍 ∗ ∗ √𝑝̂ (1 − 𝑝̂ )⁄𝑛. (1)
Here 𝑛 is the sample size and the value of Z* is determined according to the desired confidence.
For a 95% confidence interval, the value of Z* is 1.96. For 𝑛 = 1170 and 𝑝̂ = 0.32222, the
upper bound and lower bound of the 95% confidence interval are 0.3490 and 0.2954,
respectively. Since the hypothesized population mean 1/3 is well within this 95% confidence
interval, it is claimed that the compressed monochrome stereo pairs are visually lossless under
the viewing conditions employed.

4. CONCLUSIONS
In order to validate visual losslessness of compressed stereo pairs, subjective visual tests were
conducted via the sequential 3AFC testing method. The sequential 3AFC testing method
provides convincing evidence that the compressed stereo pairs are no different than the original
stereo images for a human viewer. Since the hypothesized population proportion of correct
choices is contained within the 95% confidence interval of the sample proportion, as obtained
from the subjective validation, visual losslessness is claimed for the monochrome stereo pairs
compressed using the compression method proposed in [5].
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ABSTRACT
The RISA imaging team is tasked to research, develop, implement, and test a multispectral
imaging system capable of supporting multiple NASA exploration objectives. This year's NASA
team is responsible for characterizing the newly implemented liquid lens, implementing a
charging circuit complete with rechargeable batteries and a solar panel array, and redesigning the
already developed wireless data transmission system. The charging circuit will be fully designed
by our electrical engineering team using Gallium Arsenide solar panels provided by AZUR
SPACE Solar Power. The implementation of this solar panel array will enable the final system to
be completely independent of any power consumption from the spacecraft. The wireless data
transmission system will be redesigned to utilize a compression technique as opposed to entireimage compression, as the previous system had implemented. This edit, in conjunction with an
interfacing bypass through hardwiring of the image sensor to the Gumstix COM, will drastically
increase the data transmission rate. These modifications will therefore increase the rate at which
NASA can send and receive data and/or the communication of rate of the camera commands
through the designed GUI.
As a result of new mission objectives and requirements associated with new age space vehicles,
little physical capacity is available, especially compared to past NASA Space Shuttles.
Employing a multi-purpose imaging system alleviates the need of manifesting multiple
individual imagers by incorporating the numerous desired functions into one system. The final
version of the imager, which is expected to be completed in follow-up work, is intended to be
flight ready and will be used in the crew cabin, on the exterior of NASA vehicles, and on Lunar
and other planetary surfaces.
For this year’s imager, the preliminary design review was broken down into four sections: the
battery, the solar panel, the charging circuit, and wireless hardware. In each of these sections,
multiple designs were considered, but the charging circuit and wireless system were decided to
be custom designed by the team.

BATTERY DESIGN RESULTS
In the battery design review, five batteries were reviewed; Lithium Polymer, Silver Zinc,
Lithium Titanate, Zinc Bromide, and Zinc-Air. Following obstacles during the implementation
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cycle, another battery was reviewed and ultimately used in the final design; Nickel Metal
Hydride.
After assigning values and doing a trade-off analysis for all of the batteries, the Silver Zinc
battery was decided to be the best fit for the system. This is due to its extremely high energy
density, power, efficiency and self-discharge rate. However, the battery does not have as high of
a voltage compared to the second and third best battery. This can be easily dealt with by
designing the power circuit around the inclusion of two batteries rather than one.
Due to an update in the charging circuit and the solar array (which will be reviewed later), the
Silver Zinc battery and the Lithium Polymer batteries were decided to be ineffective due to
problems with compatibility as well as an issue with the seller. Considering this, the Nickel
Metal Hydride battery was determined to be the best fit for the overall system power
requirements. The main reasoning for this choice is due to its nominal cell voltage and energy
density. Two of the main power design requirements stated that that the battery must fit inside
the current enclosure and that it must be compatible with the Gumstix Overo Fire COM. Nickel
Metal Hydride C cells have a nominal voltage of 1.2 Volts, which when put in series inside of a
battery pack can have an overall voltage of 6 Volts. The Gumstix Overo Fire COM is a module
that runs on 5 Volts and has an internal regulator that works more efficiently the closer the input
voltage is to 5 Volts. Aside from this benefit, one area that this battery does not perform well in
compared to the others is the overall efficiency of the battery. However, due to the lower voltage
difference between the battery and the Gumstix COM, it was determined to be a better fit for the
system.

SOLAR PANEL ASSEMBLY DESIGN RESULTS
In the solar panel design review, four different solar panel types were considered; Indium
Gallium Phosphide, Thin Film, Crystalline Silicon, and Gallium Arsenide.
After the trade-off analysis for the solar cell types, Gallium Arsenide cells were decided to be the
best fit, despite their high cost. There were numerous benefits of the Gallium Arsenide cells
compared to the cost. Due to the team’s large budget, this factor was easily overlooked.
Once Gallium Arsenide cells were selected, many companies were contacted to place an order
for the proposed 2 cell design. We soon realized that purchasing such a small amount of cells
was very uncommon, and that every company required a minimum purchasing limit. After
months of failed purchasing attempts, AZUR Space Solar in Germany agreed to send the team
three triple junction GaAs solar cells free of charge to help us move forward with the final
design.

CHARGING CIRCUIT RESULTS
In our preliminary design, a suitable commercial off the shelf charging circuit was not found that
met the specifications of the system. Mostly, charging circuits are designed for must larger
systems with much larger voltages. Because of this, a general solution was devised to create a
custom charging circuit for the system. The new implementation plan is to use a maximum
power point tracker (MPPT) along with a much smaller custom circuit for use in the system.
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WIRELESS SYSTEM RESULTS
While performing the initial design of the system, it was recommended that we implement a
custom wireless design which modified the data access of an 8-bit bus located on the SC2M8
(image sensor). Prior to this school year, NASA determined that there was a data bottleneck in
the system at this data connection. After multiple sources of consultation during the design
process, it was decided that the data would be accessed using a parallel connection as opposed to
a USB serial connection. This was the only option that would completely eliminate the
bottleneck, so there wasn’t a need for a trade-off analysis (the only other option was to leave the
data connection as it was).
Due to incomplete documentation from last year’s team, we were awestruck when we discovered
a detrimental error with the camera. The camera does not always connect to the router, and when
it does connect, it loses its connection if bumped by any slight disturbance. Since none of the
software on the camera had any correlation to bumps, it was easily determined that the issue was
purely hardware related. Also, its action of occasionally connecting without any modification to
the code further solidifies that the issue is hardware related. After carefully examining the solder
connections and shielding of each of the electronics stack layers, no source of the issue was
found. The only possible errors that we determined were plausible were: a noisy rectifier (when
the camera is powered via wall socket), or antenna effects of the wire coming from the rectifier
in combination with the camera’s power wire. Of these two sources of error, the more likely
cause is the antenna effect. We determined that this might be the case because the only physical
object that moves during a test is the long wire supplying the camera with power. A slight
change in the movement of the antenna might introduce frequencies to the system that knock the
camera out of its connection to the router. To avoid this issue, we recommend adding a simple
low-pass filter at the input of the power cord so that all of these high frequencies will be ignored.
With the addition of the charging circuit, there is no need for a long power cable, so this might
eliminate the antenna effects as well.

FINAL CONCEPT DESIGN
The RISA imager currently has 3 main subsystems. These systems include the optical system,
the electrical/software system, and the mechanical system that houses it all. For this year’s
modifications to this imager, the team will be mainly be modifying the electrical/computer
subsystem. The optical students on the team are currently in the process of testing the
functionality of last year’s final product and will not be redesigning the lens system. For this
reason, the majority of the designs will focus on the electrical and computer system. However,
the additions to the electrical system require some hardware additions. The main hardware
addition is the solar assembly, which has been added to ensure prolonged use without relying on
outside sources of power. The high level design concept for this year’s additions is on figure 1.
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Figure 1. This year’s changes to the current system

OPTICAL ANALYSIS
The original plan for the 2012 – 2013 optical team was to characterize the lens both in Zemax
and in the lab by using a variety of tests. The parameters to be tested were; Focal Length, BFD,
location of cardinal points, Modulation Transfer Function, Distortion, and 3rd Order Aberration
Content.
Unfortunately, the camera’s electrical systems experienced some failures connecting the camera
to the router, which prevented the team from having full control of the liquid lens and thus the
focal length of the entire system. Although there was some initial test data taken, it is not of the
nature required for serious characterization as it was mostly taken for purposes of refining the
testing procedures. Despite its limited use it is provided for reference of future teams.
In order to find the basic lens parameters we used a basic nodal slide setup. This test was
performed with only the lens barrel. Therefore no voltage was applied to the liquid lens.
According to the VariOptic datasheet for the liquid lens, when 0 volts are applied the radius of
the liquid lens should be 10.91 mm. When the liquid lens is in this configuration, the lens system
should have an effective focal length of 38.73167 mm and a BFD of 19.39824 mm.
This type of setup is not completely accurate. The main reason for this is collimation of the
source. Collimation is achieved by using a mirror to back reflect light through a large copier lens
to form a point on the surface of the source. Extremely accurate collimation is not possible
because of imperfections in the observation capabilities of the testers. However, this test can give
a good approximation of the first order parameters, which gives us a reasonable confidence about
whether or not the system was constructed well.
In order to make sure the results were more accurate and gave a good picture, two different nodal
slide setups were used. In the first setup the effective focal length is 43 mm +/- 2 mm and the
back focal distance is 25 mm +/- 1 mm. In the second setup the effective focal length is 40.7 mm
+/- 2 mm and the back focal distance is 23.5 +/- 1 mm. In summary, we can trust the optical
system is behaving according to the predictions of the previous team.
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OPTICAL TESTING
For the field of view test, no filter was used. The camera was set-up to take an image of the ruler
from about 1086mm away so that the image of the ruler is a distance of 194mm in the horizontal
direction. This produced a full-field of view of 10.208° without the filter. During FY12, the
team previously tested this field of view. With the micron sensor the FFOV was measured to be
9.8°, which provides a 4.16% error.
In testing for the modulation transfer function of the system; the original plan was to use the
electrically tunable filter to go in 10 nm steps from 400 – 720 nm. At each wavelength the team
planned to snap a picture of the slanted edge portion of the ISO 12233 target and then run this
image through a program called Imatest in order to determine the modulation transfer function of
the system at that wavelength. We would then later use NIR filters to determine the modulation
transfer function of the system using NIR light.
Unfortunately during testing the camera system failed to connect to the wireless router as well as
incurring a number of other issues. The team determined that there was most likely some sort of
hardware failure because a slight bump to the camera would cause the system to lose connection.
Because of this the team was not able to utilize the focus control of the liquid lens. In addition,
the USB interface was also not functioning correctly which made taking images with the camera
impossible.
The test subject for our astigmatism testing is a spoke pattern without any filter. Since the
resultant lines were not noticeably blurred in the horizontal or vertical directions, there should be
low astigmatism within the optical system. These images are not ideal and the team would have
preferred to take more and run them through computer analysis to find astigmatism values, but
issues with the camera prevented it.
When the filter was applied, the image darkened. This means that with proper illumination and
the filter applied to the correct wavelength band for the source, and then a clean image was seen.
With the filter tuned to 500nm, now some lines from the spoke pattern are visible.
For these images, the target chart was placed a farther distance away at about 107.5 inches or
273.05 centimeters away. This test image is captured without the filter because it was too far
away and the source illumination was too low for any light to be reflected back and visibly seen
by the camera. Solutions for this include brighter or stronger sources or moving the chart closer.
For next time, a broadband source such as an incandescent light should be used so that the chart
can be seen throughout different wavelength bands.

ELECTRICAL ANALYSIS
In order to test the power design a series of steps must be completed. A simulation must be ran
inside of a spice program to test for the correct voltages and currents at each node. Different
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inputs and defective parts must also be tested to ensure the circuit shows the correct and desired
behavior. Next the parts were ordered and tested in the lab. Since the LT3652 is a SMT
component and adapter must be used to test the components on a solder-less breadboard. The
same tests from the simulation must be conducted in lab and the results compared. If these
results are fairly similar a printed circuit board design can then be created in a PCB design
program. Once the PCB was received the final circuit was constructed and must again run the
same tests to ensure that the results as comparable and it is ready to become part of the
prototype. Hardware modifications must be made at the simulation stage of testing.
The result of the Prototype stage produces the following outputs:
Vin
3V
4V
5V
6V
7V
8V
9V

Vbat
Vout
0.5V
0.4V
0.9V
0.9V
1.6V
1.5V
3.4V
3.4V
4.5V
4.4V
6V
5.9V
6V
5.9V
Table 1: Power Output Test Results

Vout
6.5V

Vbat
Iout
Ibat
0.1A
1.5V
0.38A
Table 2: C-Si Module 7V/379mA Test Results

Vout
1.6V

Vbat
Iout
Ibat
0.1A
8.9V
.48A
Table 3: C-Si Module at 9V/500mA Test Results

Battery
Voltage
6.03V

Charge time
at 100mA

Charging
Charging time
time at
at 500ma
250ma
31.88 hours
12.75 hours
6.38 hours
Table 4: Charge Time at Various Amperages

ELECTRICAL SUBSYSTEM ACCEPTANCE TESTING
In the electrical requirements and acceptance test planning, there were two major components
that out team focused on; wireless data transmission rate and the solar assembly. Testing of the
wireless data transmission subsystem is largely incomplete due to the fact that the system
unexpectedly stopped working during optical testing, disabling the programming team from
making changes to the software or hardware and also testing of the data transmission subsystem.
The solar assembly, however, was able to be tested, and all requirements related to this system
were theoretically completed. Again, due to the system failure, we were unable to practically
complete testing, but the calculations showed that the requirements were met. The system can
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theoretically be run for more than 12 hours on a single charge, and the system does have a solar
based rechargeable battery.

MECHANICAL SUBSYSTEM
This year’s team did not modify last year’s imager enclosure, but the addition of a solar panel
array required additional mechanical designs to be implemented. NASA anticipates that next
year’s team will make more headway on the mechanical enclosure that encapsulates the
electronics stack and SC2M8. Until then, a generic solar array enclosure was designed separate
from the electronics enclosure. The purpose of this enclosure is to protect the solar cells from the
roughness of basic transport; the cells are extremely fragile and can crack at the slightest impact.
Being as there were no Mechanical Engineers on this year’s team, the mechanical design needed
to be as simple as possible. Due to a last minute change from NASA, the solar cell enclosure had
to be redesigned since the CDR. The dark areas within the center are supposed to represent each
solar cell, and they are also supposed to account for the metal connector tabs above and below
each cell. Notice that there are two metal pieces that make up the outer parts of the assembly.
This assembly is modeled as anodized aluminum in order to preserve the electrical
characteristics of the solar cells. The glass that covers the solar cells is Fused Silica type, and is
made by Esco Optics. The glass is specially designed to transmit in the spectral range that the
solar cells operate, and is also radiation hardened. Lastly, this glass is protected against
outgassing, which is the process of a solid breaking up into a gas that could potentially corrode
other components.
The glass fits in to the aluminum casing with sufficient space for the solar cells and
interconnecting wires, and is held in place by the metal lid that is the top piece of figure 5.15.
This lid is held in place by 8 screws that screw directly into the bottom base plate. If this base
plate is desired to be attached to the rest of the camera, the lid is required to be taken off first due
to the access of four screw holes. The solar cells rest on top of a vibration dampening material
called Sorbothane, as suggested by NASA.
Due to the sticky nature of the Sorbothane, the cells did not need to be adhered using doublesided tape (which was the original thought). The wires that attach these cells in series were
chosen so that they would be able to handle the maximum currents being outputted from the
cells. These 22 gauge wires are rated to handle up to 9A of instantaneous current. To feed these
wires into the rest of the camera, holes were drilled through the bottom of the enclosure so the
wires can connect to the custom charging circuit

CONCLUSION
The main purpose of this document is to lay out each requirement and show if our final system
fulfilled each requirement, and how exactly it achieved it. These systems include solar assembly
(which includes solar panel array, charging circuit, and battery), data transmission system and
optical testing and analysis. Upon completion of the year, some of our subsystems came out as
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well as expected, but some did not. Notable successes include; the solar assembly and the optical
testing. The solar assembly subassembly theoretically successfully fulfilled all requirements. Of
the optical testing that was completed, the results were positive and the testing results in this
document shows that. The shortcoming of this project was the data transmission system, which
was unable to be implemented due to a system failure caused by the previous team’s design, and
is currently unable to be fixed by the current team. Due to the system failure, some of the optical
system tests were unable to be completed. The system was successful in the fact that the budget
was not an issue whatsoever, and we were able to complete the project with money to spare.
With more time, the first thing accomplished would be to get the system working again. It is a
huge detriment to have a non-working system, especially when changes in coding need to
happen. After the system is working, optical testing and field testing of the solar assembly needs
to be completed, followed by changes to coding to account for the new parallel connection to the
SC2M8. Once all of that is completed, code optimization is recommended as well as possibly
redesigning the mechanical enclosure, as it is currently not very ergonomically useful.
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FUTURE OF FLASH

Chris Budd
SMART High Reliability Solutions, Inc.

ABSTRACT
Solid-State Drives (SSDs) are an enabling technology for data recorders. SSDs can survive
where Hard-Disk Drives (HDDs) cannot. SSDs deliver better performance with lower power
consumption than HDDs.
However, the end of Single-Level Cell (SLC) NAND flash may be near; Multi-Level Cell
(MLC) NAND flash soon may be the only choice for industrial applications.
System designers have two distinct concerns before implementing SSDs:
1. Cost: MLC NAND flash makes SSDs as affordable as HDDs
2. Endurance: SSDs are reliable and endurance assured with today’s controller technology
SSDs are leading the charge in transforming data storage in several applications, telemetry
included.
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INTRODUCTION
In these times of fiscal austerity, there is enormous pressure to economize and reduce project
budgets. This dynamic is forcing System Architects and Designers to consider lower cost
alternatives that may compromise reliability or performance. This paper is targeted at System
Architects and Designers responsible for developing storage systems for defense and aerospace
applications demanding the highest possible reliability and performance at an affordable cost.
Solid State Disks (SSDs) are increasingly the storage media of choice due to the ability to endure
rugged conditions while delivering extreme performance. High cost per MB of SSDs relative to
mechanical disk drive alternatives has been an inhibitor to market adoption, but SSD prices have
been rapidly declining to the point where they are increasingly used in many applications,
including mission critical ones where failure is not an option.
SSDs based on Multi-Level Cell (MLC) flash media can provide cost improvements over Single
Level Cell (SLC) flash technology, generally at 30 – 40% of the SLC price. Until very recently
MLC flash media SSDs provided very limited write endurance and as a result were considered
unacceptable for use in defense/aerospace applications.
The good news is that technology exists in the form of advanced flash management techniques
applied to MLC flash enabling storage system designers to lower cost, increase capacity,
improve performance and approach the write endurance of SLC flash. These improvements
become more important as semiconductor process dimensions rapidly shrink from one
generation to the next, bit density increases, but other metrics such as write endurance, data
retention, ECC requirements and even media reliability are all declining.

1. SSDS ARE AN ENABLER
Flash memory-based SSDs have been available for more than 15 years. In their early years,
SSDs targeted harsh environmental conditions. However, in the last couple years, SSDs have
started a revolution in the storage industry. SSDs now provide more advantages over traditional
HDDs. In addition to their ruggedness, SSDs continue to increase in performance with every
generation and have surpassed the performance of HDDs. Even with this performance
advantage, the power to operate an SSD is lower than the power to operate an HDD.

1.1 RUGGEDNESS
The ruggedness of SSDs has been its main advantage since its inception. HDDs have a rotating
magnetic platter and a heads that fly over the surface to read and write data. Conversely, SSDs
have no moving parts. Therefore, SSDs can survive in more stringent environments than HDDs.
One obvious environmental condition where SSD have an advantage is shock and vibration. The
shock specification for SSDs is typically 50g of an 11ms pulse while the vibration specification
is typically 16.4g rms; both of these specifications are simultaneous with the SSD operating.
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Another environmental condition is temperature. MLC-based SSDs are usually available in the
standard commercial (0 °C to 70 °C) while SLC-based SSDs offer industrial temperature ranges
(-40 °C to 85 °C). Over these same temperature ranges typical HDDs will encounter problems
such as:
•
•

At cold temperatures, the HDD may have trouble starting the spindle motor.
At hot temperature, the HDD may experience degradation of the moving and the
magnetic components.

There are press releases about MLC-based SSDs specified to operate over industrial-temperature
ranges. However, temperature has extreme effects on MLC devices (Gary Tressler, 2011). To
overcome these effects, much design work needs to be done in the flash controller. Therefore,
much testing needs to be done to validate the results. Before using such devices, the author
recommends careful analysis of the test results.
If SSD designers worked in conjunction with system designers using SSDs, together they could
solve the temperature concerns of using MLC flash over industrial temperatures. Some
possibilities include using hot and/or cold plates to prevent SSD operation beyond the
commercial temperature range; in addition, forced air over the SSD could mitigate against
operation over temperature limits.
1.2 PERFORMANCE
One of the new features of SSDs in recent years is their performance. Performance can be
measured in several ways; however, typically, it is defined in terms of MB/s or IOPS. The MB/s
measurement expresses how much data the SSD can read or write with sequential, large blocks
(128KB); this measurement is an important metric for data recorders that need to write large
amounts of information. The IOPS measurement expresses how many read or write operations
the SSD can process in one second usually with random, small block (4KB) transactions; this
measurement is an important metric for transactional systems such as databases or even file
systems.
Using sequential, large-block accesses, a single SATA SSD can deliver around 500 MB/s read
and close to 500 MB/s write throughput with an inexpensive I/O controller that is found on most
PC motherboards (Tom's Hardware SSD Charts, 2012). A single SATA 10,000 RPM HDD,
meanwhile, can deliver up to a maximum of 200 MB/s read and 200 MB/s write sustained
throughput (Tom's Hardware HDD Charts, 2012). Using more complex I/O controllers, HDD
and SSD performance can be improved by adding more drives and striping the data across
multiple drives. Assuming perfect linear scaling per drive, it would require three HDDs to
surpass the MB/s performance of one SSD with a large block sequential access work load.

Using random, small-block access, a single SATA SSD can deliver 80,000 read IOPS and over
20,000 write IOPS with the same inexpensive I/O controller (Tom's Hardware SSD Charts,
2012). A single SATA 10,000 RPM HDD, meanwhile, can deliver around 300 read IOPS and
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close to 300 write IOPS (Tom's Hardware HDD Charts, 2012). Assuming perfect linear scaling
per drive, it would require 267 HDDs to match the random read IOPS of one SSD.
Another performance measurement is access time. Generally IOPS and access time are related –
high IOPS implies low access time from command reception to the start of the data transfer.
Most SSDs are below 0.1 ms while most HDDs are above 10.0 ms (Tom's Hardware SSD
Charts, 2012) (Tom's Hardware HDD Charts, 2012).

1.3 POWER
HDDs have moving parts such as motors, heads, arms, and actuators in addition to the internal
controllers; all these components consume power. SSDs on the other hand, contain only the
internal controller with the NAND flash packages. Without the mechanical components, SSDs
are able to deliver better performance with lower power consumption than HDDs. (Ku, 2013)
Another comparison point is the performance output per power consumed by the device. Here
again, SSDs score far better than HDDs; SSD can deliver over 20,000 database I/O operations
per Watt while HDDs do not even deliver 50 database I/O operations per Watt (Tom's Hardware
SSD Charts, 2012) (Tom's Hardware HDD Charts, 2012).

2. THE END OF SLC MAY BE NEAR
The fastest and most reliable SSDs have traditionally contained SLC NAND flash. When MLC
NAND flash became commercially available, it offered twice the density of SLC, but at the cost
of reduced write endurance. MLC, nonetheless, dominated the consumer space where write
endurance and overall reliability with 24x7 operation is not as critical as it is in enterprise and
industrial applications such as telemetry.
Both SLC and MLC have gone through process node reductions to continue to improve the bit
density of the devices. These increases in bit densities have reduced cost per GB of storage
while benefitting both consumer and enterprise/industrial markets with increases in overall SSD
capacities effectively doubling with every generation.
However, with more revenue available from sales of MLC, flash manufacturers tend to introduce
the new improvements with MLC flash before introducing them for SLC flash. Currently, most
readily available SLC and MLC flash use process nodes are in the 20-nm range, with MLC
devices in the high 10-nm range reaching mass production now (Athow, 2013).
Current roadmaps from these flash manufacturers do not yet show SLC devices in the 10nm
range. Increasing percentage demand for MLC over SLC is causing the flash manufacturers to
question their return on investment for an SLC product offering in the 10-nm range. Therefore,
enterprise and industrial applications like telemetry may be forced to use MLC flash in the near
future.
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3. MLC FLASH-BASED SSDS
Even with all the advantages of SSDs, some system designers have been reluctant to implement
SSDs. Two main reasons for this reluctance is the cost per GB of the SSDs and the concern over
SSD write endurance. MLC definitely will help with the cost since the bit density is twice that
of SLC, but MLC generally has less endurance than SLC unless it is used with a flash controller
incorporating recent technology advances.
3.1 COST
MLC increases the capacity of each flash package, thereby reducing the cost per GB of the
package. MLC prices continue to drop as their commodity status increases with implementation
in a plethora of consumer electronic devices. However, the raw cost per GB of MLC flash-based
SSD is still more than the raw cost per GB of the HDD. Most SSDs cost more than $1.00 per
GB while most HDDs cost less than $0.50 per GB (Tom's Hardware SSD Charts, 2012).
Another cost metric is cost per IOP. Again, the extreme performance of the SSD far outweighs
the cost. Most SSDs are capable of less than $0.03 per IOP while HDDs are usually over $0.50
per IOP, and some over $1.00 per IOP (Tom's Hardware SSD Charts, 2012) (Tom's Hardware
HDD Charts, 2012).

3.2 ENDURANCE
MLC flash has always had lower write endurance than SLC flash, and for each reduction of
process node dimensions, the write endurance gets worse. See figure 1 for an illustration
showing this trend of decreasing write endurance.
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Figure 1: Sample illustration of write endurance

Traditionally, the method to extract similar endurance from one generation to the next was to
increase the strength of the error correction codes (ECC). In fact, the flash manufacturers
actually require additional ECC bits with each process node in order to guarantee the write
endurance. See figure 2 for an illustration showing this trend of increasing ECC requirements.
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ECC bits/512B block versus Process Dimensions
E
C
C
b
i
t
s
/
b
l
o
c
k

35
30
25
20
15
10
5
0

4x nm

3x nm

2x nm

1x nm

SLC ECC bits/block

1

4

8

16

MLC ECC bits/block

2

8

16

32

Process Dimensions in nm

Figure 2: Sample illustration of ECC requirements

ECC techniques have improved as well with most SSDs transitioning from a Reed-Solomon
ECC algorithm to a BCH ECC algorithm. However, to make an MLC flash-based SSD viable in
a critical 24x7 operation, the SSDs needs to employ more than just ECC.
Another technique to extend the endurance of an SSD is called over provisioning which is
basically adding extra flash such that the wear can be spread over a larger range of flash thereby
increasing the endurance of the overall SSDs. Still another technique is to use this additional
flash to maintain a redundant array of the data much like the Redundant Array of Inexpensive
Disks (RAID) does with HDDs or even SSDs.
These improvements have made SSDs able to use lower cost MLC flash and still provide
extreme performance with plenty of endurance to meet the traditional 3-year warranty.
CONCLUSION
Flash memory-based SSDs have made substantial improvements over their greater than 15-year
existence. While SSDs have always had superior environmental specifications, they now have
surpassed HDDs in performance while still maintaining lower power consumption. In addition,
the cost and write endurance concerns of the past have been addressed through various
techniques and technological advances.
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SSDs are leading a revolution in the storage industry. Many system designers have qualified
SSDs in their applications and proven the value of SSDs. SSDs are no longer confined to high
price, extreme environments, but SSDs are now found in enterprise and industrial applications
such as telemetry.
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NOMENCLATURE
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
9

HDD or Hard-disk drive: Traditional storage device using rotating, magnetic platter.
MLC or Multi-Level Cell: A flash technology which stores more than one bit per transistor cell
using more than two voltage levels on the floating gate; most commonly referred to two bits per
cell using four distinct voltage levels
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 done at an erase
block level consisting of several of pages
SATA or Serial ATA: A storage bus interface where the data is transferred serially rather than
through parallel data wires in previous generations.
SLC or Single-Level Cell: A flash technology which stores one bit per transistor cell using two
distinct voltage levels on the floating gate
SSD or Solid-State Drive: Storage device typically using the same form factors as traditional
hard disk drives, but without the moving parts
TB or Terabyte: 1012 bytes
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FIELD PROGRAMMABLE GATE ARRAY APPLICATION
FOR DECODING IRIG-B TIME CODE

Jarrod P. Brown
96th Range Control Squadron
96th Test Wing
Eglin AFB, FL

ABSTRACT
A field programmable gate array (FPGA) is used to decode Inter-Range Instrumentation
Group (IRIG) time code for a PC-based Time-Space-Position Information (TSPI)
acquisition. The FPGA architecture can latch time via an external event trigger or a
programmable periodic internal event. By syncing time with an external IRIG Group
Type B (IRIG-B) signal and using an 8 megahertz (MHz) internal clock, captured time
has 125 nanosecond (ns) precision. A Range Instrumentation Control System (RICS)
application utilizing the FPGA design to capture IRIG time is presented and test results
show matching time accuracy when compared to commercial IRIG time capture hardware
components.
KEY WORDS
Field Programmable Gate Array, IRIG-B, Time-Space-Position Information, Decode,
Range time application

INTRODUCTION
Range instrumentation like the AN/FPS-16 radars at Eglin AFB, FL, capture Time-SpacePosition Information (TSPI) to collect time-stamped azimuth, elevation, and range data
for mission analysis. A Range Instrumentation and Control System (RICS) used by the
96th Test Wing collects TSPI and distributes it across a wide area network in real-time. In
order to accurately depict the position of moving targets and to maintain consistent time
across all applications on the network, a precise time-stamp must be captured. Most range
instrumentation sites use Global Positioning System (GPS) receivers to obtain time and
output the time in Inter-Range Instrumentation Group Type B (IRIG-B) format. The data
collection subcomponent of RICS referred to as the Data Interface Adapter (DIA)
captures pedestal azimuth and elevation from range instrumentation and also captures
time from a GPS receiver.
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Currently, the DIA requires a Time and Frequency Processor PCI card to interface time
produced by a GPS receiver to the DIA software. The card latches IRIG-B time from the
GPS receiver in a register that can be accessed by the DIA software via the PCI bus.
Other PCI cards required in the DIA are a PCI network card, PCI synchro card, and
Acromag PCI carrier card. The carrier card interfaces with embedded Industrial I/O Pack
(IP) modules to capture digital inputs, generate analog outputs, and execute custom logic
instantiated on a field programmable gate array (FPGA). Two custom PCI cards were
previously replaced with custom logic instantiated on the Acromag FPGA IP module.
Additional logic can be added to the FPGA to decode IRIG-B time code and store the
time in local registers accessible by the DIA software, allowing the Time and Frequency
Processor PCI card to be replaced as well. The benefits of such a design include reducing
the PCI slot requirement of the DIA by replacing the Time and Frequency Processor PCI
card, simplifying the hardware required to build the DIA, and providing flexibility to
customize functionality of the IRIG time code application.

IRIG-B TIME CODE FORMAT SPECIFICATION
The IRIG time code standards are developed and maintained by the Range Commanders
Council (RCC) standards body of the Telecommunications and Timing Group denoted as
IRIG Standard 200-04 [1]. The standard defines a family of six serial time code formats,
each using different bit rates. IRIG-B has a pulse rate of 100 pulses-per-second over a
one-second time frame. Therefore each of the 100 encoded symbols of the frame has a 10
millisecond (ms) index count interval. All IRIG time code formats use pulse-width
coding. A pulse width of 50% the index count interval, or 5 ms, is decoded as a “1”
symbol. A pulse width of 20% the index count interval, or 2 ms, is decoded as a ‘0’
symbol. And a pulse width of 80% the index count interval, or, 8 ms, is decoded as a ‘P’
symbol typically referred to as the position reference symbol. Figure 1 shows the pulse
widths of the three symbol types.

Figure 1. Pulse widths of IRIG-B symbols [2]
An IRIG-B frame consists of 10 words. The ‘P’ symbol is used to separate words. Each
word has 10 symbols where the last symbol is always ‘P’ and the middle symbol is
always ‘0’. The remaining 8 symbols in each word translate to a two-digit integer value.
Figure 2 shows the IRIG-B time frame message format. The first word contains seconds,
the second word contains minutes, the third word contains hours, and the fourth and fifth
words contain the three-digit value, days. The ninth and tenth words contain straight
binary seconds-of-day. For more information on the message format, reference IRIG
Standard 200-04 [1].
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Figure 2. IRIG-B time frame message format [1]
IRIG-B time code format can be transmitted as an un-modulated direct current level
switch (DCLS) signal or it can be amplitude-modulated with a carrier signal. The typical
carrier signal used to modulate IRIG-B is a sinusoid wave carrier signal with a frequency
of 1 kHz and mark-to-space ratio of 10:3. The modulated signal is better for transmitting
over long distances; however, additional hardware is required to demodulate the signal
before decoding [1].

FPGA DESIGN FOR DECODING IRIG-B
The IRIG-B time code signal can be decoded in real-time using logic on an FPGA device.
A custom logic component is described using Very High Speed Integrated Circuit
(VHSIC) Hardware Description Language (VHDL) to decode the pulse width time code
into symbols [3] and latch the symbols at the end of each frame. The frame is then
translated into seconds, minutes, hours, and days of the year as described in the IRIG-B
format specification. In addition to the time encoded in the IRIG-B message, sub-second
measurements are calculated using the internal clock on the FPGA IP module. Figure 3
shows the block symbol of the time decoding component. The inputs to the component
are listed on the left half of the symbol, and the outputs are listed on the right half of the
symbol. The IRIG decode component can be instantiated in any FPGA design entity by
creating a component port map and connecting signals to the inputs and outputs.
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Figure 3. IRIG decode component block symbol
The IRIG time decoding and latch logic are formed by one process statement. The flow
diagram of the sequential logic in the process statement is shown in Figure 4. Custom
data types are defined in a VHDL package to enable object oriented abstraction of IRIG
symbol and frame data. A custom data type called irig_symbol is defined as ‘0’, ‘1’, and
‘P’, matching the three symbols in an IRIG message. Another data type called irig_frame
is defined as an array of one hundred irig_symbol bits.
The process statement sequential logic is started every time a rising edge is detected on
the clock signal. The first statement implemented is an increment in the clock cycle
counter used to calculate the sub-seconds value of time. The number of clock cycles
counted is converted to nanoseconds based on the frequency of the internal clock.
Resolution of 100 ns can be obtained with a 10 MHz clock. If the IRIG-B input signal is
high during the clock cycle, another counter called the pulse interval counter is
incremented. This clock counter is used to determine how long the IRIG-B signal is held
high. If the IRIG-B signal captured on the previous clock cycle is low and the current
IRIG-B signal is high, then a rising edge is detected and the previous symbol can be
decoded into irig_symbols using the pulse interval counter. When the pulse interval
counter is approximately 2 ms then the symbol is decoded as ‘0’. If the signal is high for
approximately 5 ms then the symbol is decoded as ‘1’ and if the counter is approximately
8 ms then the symbol is decoded as ‘P’ [3].
Another counter is used to count the number of symbol pulses to keep track of the symbol
index. The index counter is incremented when the rising edge of the IRIG-B input signal
is detected [4]. On the rising edge of a new symbol, the previous symbol is stored in the
symbol array frame, irig_frame, by the current index. The start of a new IRIG frame is
determined when two ‘P’ symbols are decoded consecutively and the index is one
hundred [4]. When a new frame is detected, the irig_frame is latched and stored in local
memory registers, the index is reset to zero, and the process is repeated for the next
frame. Therefore the current time is always available to the user. Due to the timestamp
DISTRIBUTION A. Approved for public release: distribution unlimited

4

location at the beginning of the IRIG-B message frame, decoded time lags actual time by
one second [4]. As a result, one second is added to the decoded time to compensate for
the time lag. This can be accomplished in software after time is decoded and read from
memory using the mktime function in the <ctime> C++ library.
Rising Edge of Clock

Increment sub-second counter
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No

No

No

Event
enabled
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trigger
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Figure 4. Decode and latch process statement flow diagram
Finally, the process statement checks an input flag to see if event interrupts are enabled. If
the event source is internal a separate clock cycle counter is incremented. The counter is
compared to an internal event period input register to trigger an event. If the event source
is external an external trigger input is monitored. An event is triggered on the rising edge
of the external latch signal. When an event is triggered the irig_frame and current subDISTRIBUTION A. Approved for public release: distribution unlimited
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seconds are latched and stored in local memory registers and a time event output triggers
an external interrupt.
Type-conversion functions are defined in the custom VHDL package to pull time
information from an irig_frame format and route time data directly into separate registers.
The functions convert the IRIG symbol array frame into seconds, minutes, hours, days, or
seconds of the year in integer or standard logic vector format. The package also includes a
function used to validate the IRIG frame for correct format. This function can be used to
provide signal-lock status information to the user.

FPGA PCI INTERFACE LOGIC
The FPGA must interface with DIA software via the PCI bus connections and digital
inputs and outputs (DIO) connections. The structure layout of the FPGA design and
interface hardware is shown in Figure 5. The PCI interface logic of the FPGA design
routes signals between the PCI carrier card and components in the FPGA architecture.
The logic is written in VHDL and provided by Acromag. Both the IRIG decode
component and PCI interface logic are required to input IRIG time code, decode time, and
store accurate time in memory accessible by DIA software. The FPGA is connected to
several IP bus signals such as system clock, data bus, address bus, and interrupt requests.
The signals are used to provide PCI bus interface to clock divider, interrupt request,
memory logic, and custom logic. The IRIG-B DCLS time code signal and external event
trigger are input to the FPGA using DIO pins.
PCI Carrier Card
8 MHz Clock

Interrupt Bus

Data/Address Bus

Interface Logic
Clock Divider

Interrupt Request

Memory Register

IRIG Decode/Latch Logic
FPGA
IRIG-B DCLS

External Event

Digital Input/Output 50-Pin Connector

Figure 5. Diagram of FPGA structural layout
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A programmable clock generator integrated circuit (IC) is available on the Acromag
FPGA IP module. Clock divider logic on the FPGA interfaces with the IC, system clock,
and internal memory to program the clock to any desired frequency value between 250
KHz and 100 MHz. The clock divider VHDL logic to program the IC is also provided by
Acromag. The interrupt request portion of the PCI interface logic routes an interrupt
request signal from the decode and latch component to the PCI carrier board which then
passes the interrupt request onto the host. DIA software contains an interrupt service
routine (ISR) which is called when an interrupt request is received on the PCI bus.
The PCI bus can also communicate with FPGA internal memory via the data bus, address
bus, and select lines. By using DIA software to read or write to the IP module’s address
on the carrier card, data can be transferred between the PCI bus and the FPGA. VHDL is
used to describe custom memory architecture within the interface logic with read and
write functionality. Signals from internal registers containing time information such as
days, minutes, seconds, nanoseconds, as well as status bits are routed to the memory
interface logic and are accessible by the PCI carrier card.

SYSTEM DESCRIPTION
The DIA computer is physically connected to a radar system and is the main data
acquisition device. The computer is comprised of an obsolete rack-mount ATX
motherboard with six PCI slots and several custom and commercial data PCI cards for
input and output [5]. By replacing the PCI-based Time and Frequency Processor with an
FPGA solution, the PCI slot requirement can be reduced to three allowing the
motherboard to be replaced with a modern motherboard. The multithreaded DIA software
is implemented in C/C++ and runs under a real-time operating system, VxWorks by
WindRiver Systems [5].
One of the PCI cards the DIA uses is an Acromag PCI bus carrier card. This card
interfaces industry-standard IP modules to a PCI bus on a PC-based computer system.
The custom IRIG-B decoding FPGA design is programmed on an Acromag IP-EP200
Series IP module with Altera Cyclone II FPGA which is placed onto the Acromag PCI
carrier card. Inputs to the Acromag FPGA IP module via a 50-pin connector include a 10
pulses-per-second data collection trigger and an IRIG-B DCLS time code signal.
VxWorks software running on the DIA PC uses C++ libraries to access memory registers
on the FPGA and handle interrupts.
Figure 6 shows the primary data flow through the DIA. Data collection is initiated via an
interrupt from the FPGA module. The FPGA module can either generate internal interrupt
events itself at a periodic rate or interrupts can be triggered by an external event from the
GPS receiver unit. When an event occurs, event time is latched in local memory on the
FPGA. The detection of an FPGA time interrupt causes the GPS ISR to place a message
on the data collection message queue to inform the data collection thread that data is
ready. The data collection thread reads the latched IRIG time from the FPGA as well as
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space-position data from the radar and builds a data packet for transmission on the RICS
network and local data recording.
Data Trigger (10pps)
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Thread
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Figure 6. DIA data flow [5]

TEST RESULTS
The FPGA application for decoding IRIG-B time code was tested with RICS. The test
setup took advantage of using both the custom FPGA design and the existing Time and
Frequency Processor concurrently. The devices were triggered simultaneously to capture
time using a 10 pulses-per-second signal from the GPS receiver unit. The parallel test
setup allowed both devices to latch and decode the current IRIG-B time code on the rising
edge of the external event signal. The time was recorded for 22 seconds, and saved in a
log file. Each data point should be exactly 100 ms apart. The time difference between
each device and an ideal reference time data set is plotted in Figure 7. The largest
discrepancy over the time internal is 21 µs using the bc635 card and only 0.125 µs using
the FPGA.
The existing time capture method used on the DIA for RICS is a Symmetricom bc635
PCI Time and Frequency Processor. The bc635 time card decodes a modulated IRIG-B
signal from the GPS receiver unit and stores the time in local memory accessible by DIA
software. The bc635 card has 100 ns precision and has the ability to latch event time on
an external event or a programmable internal timer. The internal periodic event capability
was also tested with RICS. The custom periodic timer on the FPGA was set to 10 Hz
using DIA software. The FPGA device triggered events every 100 ms. The event was
output on an external pin and used to trigger a software interrupt on the DIA to record
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time. The event trigger output was verified using an oscilloscope. The correct spacing of
the internal periodic timestamps was verified in the log file.

Figure 7. Test results

CONCLUSIONS
Test results show the accuracy of the time decoded using the FPGA is comparable to
commercial hardware such as the bc635 PCI Time and Frequency Processor. The FPGA
range application reduces the hardware required to collect TSPI data at radar sites;
resulting in a simpler, more efficient, and cost effective data collection system. For
applications already utilizing FPGAs for other requirements, the IRIG time decoding
logic component can easily be added to the application with no additional hardware
required. The FPGA solution also provides flexibility to add features and customize
functionality which may not be available in commercial hardware.
The FPGA design captures IRIG-B DCLS time code with resolution down to 125 ns.
Future work could increase the clock rate using the Acromag clock divider already on the
chip to attempt finer resolution time-stamps. Additional features such as GPS flywheeling when an IRIG signal is dropped or IRIG-A support could also be added to the
design.
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ABSTRACT
The desire to control an LRU and/or MIL-STD 1760 store via an independent 1553 stream on current
weapon platforms created the need for the development of the BCT-302 1553 Test Bus Card. This
solution solves the issues of integration without the need to perform an aircraft OFP change. The BCT302 is a customized MIL-STD-1553 card for use in Teletronics Technology Corporation, (TTC),
Airborne Instrumentation Multiplexer (AIM) and High-Speed Avionics Data Acquisition Unit
(HSAVDAU) products.
The BCT-302 card consists of two redundant MIL-STD-1553 ports. Each port is independently
configurable by the AIM/HSAVDAU host processor to function as a Bus Controller (BC), Remote
Terminal (RT) or Bus Monitor (BM).
The system is capable of cherry picking parameters from any 1553 bus and retransmitting assembled
messages to a weapon and/or an LRU in a 1553 format.
This paper describes the design requirements of the BCT card and how those requirements were met
during an AIM-9X launch on an F-22.
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LRU, Instrumentation, 1553, Test Bus
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INTRODUCTION
The desire to control an LRU and/or MIL-STD 1760 store via an independent MIL-STD-1553 stream
on current weapon platforms created the need for development of the BCT-302 1553 Test Bus Card.
The design goal was a proof-of-concept demonstration to launch a new weapon using the aircraft
instrumentation system as the MIL-STD-1553 interface and without requiring an aircraft OFP change.
The system solution was required to utilize the existing F-22 ARIP instrumentation system which is
based upon Teletronics Technology Corporation’s (TTC) AIM/HSAVDAU product family. An
alternate system solution utilizing the QRP (Quick Response Package), also AIM/HSAVDAU based,
was additionally required. This necessitated the development of a card (BCT-302) to reside in an
AIM/HSAVDAU chassis that provided the capability of two-way MIL-STD-1553 communication with
any LRU or weapon. The initial weapon supported was an AIM-9X.
The AIM/HSAVDAU system is capable of cherry picking parameters from any aircraft MIL-STD1553 bus. This capability was required in system solution to obtain time and inertial data from the
aircraft and reformat/assemble the data in the 1553 format required by the weapon. The system used an
existing BIM-553F card to monitor the 1553 bus. Future capability could include PI-bus, or PCM
inputs.
The AIM/HSAVDAU system also supports the capability to record and telemeter data for mission
safety. The record format is IRIG Chapter 10.
The basic BCT-302 card requirements included:
-

-

Operation in an AIM/HSAVDAU chassis.
Provide two (2) MIL-STD-1553 compliant bus connections (ports)
Dual redundant bus
Each port independently configurable to operate as:
- Bus Controller
- Remote Terminal
- Bus Monitor
Support input/output discretes required by AIM-9X and aircraft side interface
Support minimum set of discretes required by missile for launch
Support minimum set of messages required by missile for launch
Aircraft drives valid RT address to missile via address interface
Aircraft drives valid RT address to BCT-302
System solution will support a single missile per card
System is configurable via TTCWare configuration software
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BCT-302 Hardware Design
The initial goal for the BCT-302 hardware design was to support an AIM-9X missile and future
weapons that are MIL-STD-1760 compliant.
The BCT-302 card was designed to operate within an AIM/HSAVDAU chassis occupying a single I/O
slot. Multiple BCT-302 cards can function within a single AIM/HSAVDAU chassis. The BCT-302
card is comprised of two independent dual-redundant MIL-STD-1553 ports. Each 1553 port is
software configurable to be Bus Controller (BC), Remote Terminal (RT), or Bus Monitor (BM). The
1553 interfaces and their associated RT addresses and parity are accessible via two DB-25 connectors.
In addition six discrete outputs, implemented using solid-state relays, and four 28VDC/open discrete
inputs are provided on the connectors. The card provides an onboard temperature sensor to monitor the
thermal condition of the BCT-302. The card provides non-volatile EEPROM for storing board-related
manufacturing information (model, serial number, etc.).
As a bus controller, the BCT-302 supports periodic and a-periodic messages within major and minor
frames. This is the primary mode of operation for control of a weapon. As a remote terminal, the BCT302 provides multi-protocol supports, including MIL-STD-1553A, MIL-STD-1553 Notice 2,
STANAG-3838, General Dynamics 16PP303, and McAir A3818, A5232, and A5690. As a bus
monitor, the BCT-302 selects and captures 1553 messages based on RT addresses, transmit/receive
messages and sub-addresses. The Remote Terminal and Bus Monitor modes of the BCT-302 card were
intended for future applications.
The discrete inputs and outputs support external control functions for the initial weapon application
and future applications.
Figure 1 depicts the BCT-302 card and Figure 2 illustrates the BCT-302 connector layout.
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Figure 1 BCT-302 Card

Copyright 2013, Lockheed Martin Corporation. All rights reserved
Cleared for public release 9-5-13, 88ABW-2013-3958, AER201307036

Figure 2 BCT-302 Connector Layout
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SYSTEM DESCRIPTION
The BCT-302 acts as a MIL-STD-1553 bus controller to the missile and supports several discrete I/O
interfaces to a control panel, launcher, and missile. Two other AIM/HSAVDAU cards are utilized in
this application. A BIM-553F MIL-STD-1553 data acquisition card is used to passively monitor (or
snoop) a single aircraft MIL-STD-1553 bus for specific messages containing time and inertial
information. The BIM-553F card is part of the aircraft standard instrumentation configuration. The
OVH-300, a CPU card, is present in each AIM/HSAVDAU chassis and executes the instrumentation
system software. The instrumentation system software was updated to support the BCT-302 card and
missile launch application.
The supported missile is MIL-STD-1760 compliant. Several BCT-302 discrete signals are assigned to
support the MIL-STD-1760 signal set. Other discrete I/O, beyond MIL-STD-1760, were required and
assigned to the BCT-302-1 to support the missile launch and for safety of flight considerations. All
BCT-302 discrete I/O are under software control and monitoring. Discrete inputs to the BCT-302
support Weapon Present, Power Available, Doors Open, Launcher Extended, Safe-to-Launch, and
Weapon Release. Discrete outputs from the BCT-302 support 115VAC/28VDC Power Control,
Launch Enable, Release Consent, and Umbilical Retract. A small panel box was constructed for the
pilot interface to the BCT-302. The panel box includes switches for controlling the Power Available,
Safe-to-Release, and Weapon Release discrete inputs to the BCT-302. The balance of discrete I/O
signals exist between the BCT-302 and launcher/missile: Weapon Present, Release Consent, Launch
Enable, and Umbilical Retract. Figure 3 illustrates the configuration.
The system software controlling the BCT-302 implements a strict state machine to control and launch
the missile. The initial state of the system is the missile in a powered-down state, the launcher is
retracted, and weapons bay doors are closed. All discrete inputs and outputs are off with the exception
of Weapon Present. Refer to Figure 4 through Figure 6 for the launch sequence. The pilot begins the
launch sequence by opening the weapons bay doors and extending the launcher. Software detects this
condition via the Doors Open and Launcher Extended discrete inputs and will permit power up of the
missile. When the pilot turns on the power switch on the panel box, software detects this change via
the Power Available discrete input and asserts the Power Control discrete output, thereby powering up
the missile. Software starts a MIL-STD-1553 message exchange between the BCT-302 and missile to
begin initializing the missile. Snooped time and inertial data message from the BIM-553F card are
transformed and continuously passed to the missile to provide it with time synchronization and inertial
data. Software continuously monitors the missile state via MIL-STD-1553 message exchange. This
includes the MIL-STD-1760 Store Monitor message and other missile-specific messages.
Once the missile reaches a ready state, software will permit launch of the missile. The pilot turns on
the Safe-to-Launch switch on the panel box. Software detects this condition via the Safe-to-Launch
discrete input and then asserts the Launch Enable discrete output. Next the pilot depresses the
Weapons Release switch on the panel box. Software detects this condition via the Weapon Release
discrete input and begins a timed discrete/message sequence to the missile. Software asserts the
Release Consent discrete output followed by a MIL-STD-1760 Store Control message with Commit to
Separate Store set (the launch message). The missile begins its launch sequence and responds with
Copyright 2013, Lockheed Martin Corporation. All rights reserved
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Committed to Separate Store in the MIL-STD-1760 Store Monitor message. Software detects the
Committed to Separate Store response and asserts the Umbilical Retract discrete. Once the missile fires
and leaves the launcher rail, software detects it’s away via de-assertion of the Weapon Present discrete
input. The pilot concludes the launch sequence by turning off Safe-to-Launch and Power on the panel
box and then retracts the launcher and closes the weapons bay doors.
The system software controlling the BCT-302 was designed to ensure safe conditions at all times.
Additionally, the BCT-302 FPGA implements a heartbeat/watchdog mechanism to ensure an aliveand-well exchange between software and hardware. Any detected fatal software or hardware fault
would immediately terminate power to the missile and de-assert all other discrete outputs to preclude a
launch.

Figure 3 BCT-302 System Configuration
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Figure 4 BCT-302 Launch Sequence
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Figure 5 BCT-302 Launch Sequence (continued)
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Figure 6 BCT-302 Launch Sequence (continued)
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Test Strategy
The test strategy to validate the functions of the BCT-302 consisted of the following
phases:
- Design Verification Test (DVT)
- Integration test in the aircraft vehicle system lab
- Aircraft ground test with missile simulator and/or test missile
- Aircraft captive carry flight with test missile
- Live missile launch from aircraft
The major validation goals common to each phase were the following:
-

Verify monitoring of aircraft 1553 messages, data transformation, and
remapping to missile 1553 messages
Verify bus controller to RT transactions
Verify discrete input/output operation
Verify time synchronization between aircraft, BCT-302, and missile
Verify all missile phases of operation from power-up to launch
Verify status information

The test strategy was designed to progressively validate the system solution starting in a
lab environment with aircraft and missile simulations, evolving to an aircraft and test
missile environment, and ultimately concluding with a live launch from an aircraft.
Figure 7 depicts the design verification test configuration. The configuration supports
verification of the major validation goals. An AIM-2004 chassis hosted the BCT-302
card under test, a BIM-553F bus monitor card, and other resources to record data and
export status information over a CAIS bus. A personal computer (PC) hosted aircraft and
missile simulation applications that utilized an installed Ballard MIL-STD-1553 card to
act as an aircraft bus controller and missile remote terminal on separate 1553 channels.
The simulated aircraft message channel connected to a BIM-553F bus monitor card. The
missile channel connected to a BCT-302 1553 port operating in bus controller mode. The
aircraft simulation transmitted inertial and time 1553 messages. The missile simulation
responded to bus commands from the BCT-302. A stub connection was placed on the bus
between the BCT-302 and Ballard card missile channel to permit a separate BIM-553F
port to record the 1553 message exchange between the BCT-302 and missile for analysis.
A discrete test box connected to the BCT-302 supported exercising discrete I/O required
for the application. A CAIS test box was used to observe status information exported via
the CAIS from the AIM system.
Figure 8 depicts the instrumentation system on the aircraft. This configuration was used
in all post DVT testing in the vehicle systems lab and on the aircraft.
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Figure 7 BCT-302 DVT Configuration
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Figure 8 Aircraft Instrumentation System with BCT-302 Card
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CONCLUSION
The BCT-302 system development has been a success. Without the need for an OFP
change to develop a weapon for the warfighter, the possibilities are endless. The test
program has been completed and the BCT-302 is being utilized for weapons development
on the F-22. There are currently several other development programs for which the BCT302 is being considered.
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ABSTRACT
The University of Arizona’s Aerial Robotics Club (ARC) sponsors the development of an
unmanned aerial vehicle (UAV) able to compete in the annual Association for Unmanned
Vehicle Systems International (AUVSI) Seafarer Chapter Student Unmanned Aerial Systems
competition. Modern programming frameworks are utilized to develop a robust distributed
imagery and telemetry pipeline as a backend for a mission operator user interface. This paper
discusses the design changes made for the 2013 AUVSI competition including integrating
low-latency first-person view, updates to the distributed task backend, and incremental and
asynchronous updates the operator’s user interface for real-time data analysis.
Keywords: Unmanned Aerial Vehicle, UAV, Pattern Analysis, Computer Vision, Distributed Systems, Convex Optimization, Queueing Theory
1. INTRODUCTION
A capable imagery system has been well documented with the 2011 and 2012 updates. We
have previously shown two systems that capture high-resolution 10MP images synchronously
and send them to an image server on the ground that runs machine vision and pattern
recognition functions displaying the results to a user. Previously, this was always thought of
as a serial imagery pipeline and assumed image processing functions would execute quickly
to provide an interactive feel for the human operator. This failed in 2011 as the processing
functions took minutes to run on each image resulting in large image queue build-up and
negating any real-time responsiveness. In 2012 the system was revamped using an optimized
1

machine vision library to reduce runtime which gave the user real-time imagery with real-time
results. The improved system required high-end consumer computing hardware and required
manual tuning of functions within the pipeline to meet the low latency requirements. In this
paper we propose a distributed framework with asynchronous functions, running on the
network, to process a generalized real-time image stream with telemetry for a user interface.
Further, the proposed system has a natural flexibility in the amount of computing power
that is applied to each function. This is accomplished with a global optimizer that observes
processing times and proportions computing resources appropriately. As defined by the user,
results from different functional pathways are more important and effect the system at each
optimization iteration. Different optimization approaches are formalized and then examined
to allow the system to meet user requested benchmarks.
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Figure 1. Changes from a serial pipeline (left) to a parallel queued system (right).

1.1. LAARK Implementation
Low Altitude Aerial Reconnaissance Kit (LAARK) is composed of the avionics carried in the
JUPITER airframe. The CloudCap Piccolo 2 autopilot is used for air vehicle stabilization
and waypoint navigation as well as a telemetry source for the onboard FitPC2 computer.
The onboard computer uses the telemetry to control the gimbal camera stabilization system
and for image metadata. Images are snapped at a rate that guarantees full ground coverage
120◦ from direction of travel at 35 knots. Images are sent over standard 2.4GHz WiFi to a
ground client residing on the LAARK network. The analog video stream from a GoPro Hero
3 is transmitted over 5.8GHz and provided to the LAARK network and is then displayed
through the Oculus Rift VR headset. Imagery is guaranteed at a rate of 10Mbps within a 22

mile radius with the use of omnidirectional and sector antennas. Range of video transmission
has not been tested.
10MP IDS
Cameras on
Gimbal

FitPC2
2Ghz Intel Atom
300mW Wifi

2.4Ghz

900Mhz

Piccolo II
Autopilot
System

GoPro
Hero3

5.8Ghz

Oculus Rift
VR Headset
LAARK
Parallel
Queue
Network

Figure 2. LAARK components diagram; in airframe (top) and ground (bottom). Imagery utilizes
2.4GHz, telemetry and autopilot 900MHz, video 5.8GHz.

LAARK software has been developed to detect small 4x4 foot targets for the Seafarer Chapter
AUVSI competition. The system performs filtered object recognition for triage and then
reports shape, alphanumeric character, color and location. The results are reported to a
user interface in the browser. LAARK has been extended to include real-time video to an
Oculus Rift VR headset using a USB digitizer to capture analog video and do transformations
in OpenCV. The parallel queue system is utilized to display results at varying rates. A serial
system would result in a video display at the rate of the slowest updating component, with
parallel queues the system displays frames at max frequency (30Hz NTSC standard 480i)
while updating other features like airspeed or detected targets at slower rates. The air
computer ran Ubuntu 12.10, computers on the LAARK network ran OS X or Linux and the
CloudCap groundstation software ran in Windows XP.
2. FILTERING AND CLASSIFYING OBJECTS
Automatic Target Recognition, or ATR, can be described as a series of algorithms or devices
that actively detect objects from a collection of one or more sensors. ATR does not necessarily
constitute object detection in imagery, but instead is generalized to any sensor. It is often
3

• Numpy — Scientific Computing
• ZeroMQ – Message Queue Implementation
• Redis – Data Structure Server
• OpenCV – Image Transformations and Object Detection
• py-rq — Queue Implementation
• CVXOPT — Convex Optimization
• somagic — Unix USB Analog Capture Drivers
Figure 3. List of utilized open source packages

the case that a multitude of sensors, such as GPS, acoustic, and imagery, will all be used in
conjunction to contribute to the success of an accurate target recognition algorithm.
It is often necessary to filter results from a classifier to determine characteristics of the targets.
In this section a method of filtering targets is detailed in a case-analysis as described in the
previous section.

Figure 4. Six stages of progressive chip analysis.

Object recognition can be characterized by the output from the object classifier. At this part
of the chip analysis pipeline, it is assumed that an image chip is available for processing.
This is represented by the leftmost image in Figure 4. Next, filtering on the background is
used to remove noise and provide a clear representation of the target. A simple mean and
standard deviation of chip corners filters out pixels which fit within the constraint. Stages
three and four then perform a binarization technique to remove remaining interior colors for
object detection. Colors are binned by HSV which then allows easy filling, masking, and
extraction. The final stage, shown as the rightmost chip in Figure 4, is generated by analysis
on contours via decision trees and/or approximation.
Target classification is provided by the Viola and Jones algorithm for rapid object detection
using a boosted cascade of simple features. This approach is built into OpenCV’s [1] objdetect module. In addition, the existing implementation was improved with extended Haar
4

features from Lienhart and Maydt [2] [3].
3. LIMITATIONS OF A SERIAL IMAGE PROCESSING ARCHITECTURE
During competition years 2011 and 2012, an easy-to-understand serial pipeline architecture
had been implemented for telemetry processing. Year 2012 saw a previously monolithic
image processing portion of the serial pipeline refined into separate classification stages
detailed in section 2. Chip analysis (Figure 4) details the processing function separation
into stages which then were modeled into a serial pipeline shown in left Figure 1. Due to
architecture decisions of not allowing more than one ingress image into the pipeline during
a full processing of the queue, no parallel gains from a distributed architecture could be
realized. Abstraction of network facilities through a message queue layer provided the level
of indirection necessary for future work to fully exploit a parallel workload within the image
processing queue.
4. IMPLEMENTATION FOR A PARALLEL PROCESSING
ARCHITECTURE
The system is composed of an image and telemetry source, workers for each function and an
optimizer. Workers are assigned to queues by the optimizer and each queue is separated by
function. A Redis [4] key-value datastore is used in conjunction with the RQ [5] Python queue
implementation for communication. The system starts with the initialization of the optimizer
and the local worker pool as other machines come online they post their participation to
the Redis database and are used in the next optimization loop. A base configuration is
established that assigns at least one worker per queue. As imagery is received jobs get added
to the queue by a ground station client that interfaces with the camera system via a ZeroMQ
[6] socket.
5. CONVEX OPTIMIZATION FOR AN OPTIMAL PARALLEL
PROCESSING CONFIGURATION
Providing the necessary parallel-capable architecture changes, attention was then turned
to optimally CPU-loading compute nodes amongst the various processing queues. While
finding a performant layout for a small network of queues and/or machines can be found
with a quick trial-and-error method, it was soon realized that a more general solution was
needed to scale for future system growth.
We begin with the formal extension of convex optimization over M/M/1 queues to minimize
service delay for a Markovian queueing system of N queues. The proof that such a construct
is convex and efficiently solvable is detailed in Chiang, Sutivong, and Boyd [7]. Specifically,
we seek to minimize the sum arrival rate λ of images and sum service rate µ of classified
chips. We place lax constraints on the average queue delay W , total delay before service D,
5
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Figure 5. State diagrams of a worker, queue, and optimizer. Queues can be aligned in series or
parallel and have unlimited number of workers. The system is observed by a signal optimizer.

and strict restraint on queue occupancy Q. Each queue is supported by constraints Wi , Di ,
Qi , and optimizes over λi and µi . Effectively, we seek to manipulate the depth Qi , or more
concretely the number of processing nodes needed in the i’th queue, given ingress λi work
to be completed relative to egress µi work completed for a particular queue. Formally, the
optimization is programed as:

minimize

N
X
i=1

αi

µi
λi

subject to Wi ≤ Wi,max
Di ≤ Di,max
Qi ≤ Qi,max
λi ≥ λi,min
N
X

µi ≤ µmax

i=1

where optimization occurs on the arrival rate λi and service rate µi . The weight αi gives
the weight, or priority in our context, of the i’th queue. The process of minimization over
the weighted sum of service load ratios gives a per queue query that tells if processing nodes
should be added or removed. For each queue we consider µλii to be the ingress/egress ratio
φi and perform an action on the occupancy of queue Qi based on the value of φi .
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The manipulation of queue occupancy for each queue is then a simple case-based inspection
of the respective φ. When φi < 1 , the optimizer is stating that Qi can receive more ingress
traffic as its egress traffic is greater. If φi > 1, there is a larger amount of ingress traffic feeding
into Qi than what is being completed and egressed. Specifically, in the image processing
pipeline each of these scenarios is stating when a queue is over-provisioned and processing
nodes could be removed or under-provisioned and processing nodes must be added. The
process of removal within a finite resource pool is implemented as a swap operation between
the under-provisioned queue Qi and an over-provisioned queue Qj where i 6= j. When φi = 1,
ingress and egress are balanced and no node manipulation is performed on the occupancy of
Qi .
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6. FRUITS OF PARALLEL POWER: AUGMENTED REALITY HEADSETS
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Figure 6.

Since the image source has been generalized for the system we can now use it to easily
run object detection from any source. By taking advantage of the optimized parallel nature
changing resolutions and image frequency affects the system in such a way that does not
delay displaying frames to the user. Added functionality gets ran in the background and
reports to the user at a readily available time. With a serial pipeline one would need to
tweak and tune the functions to ensure the through rate hit the 30 frames per second max.
The split image view is required to drive the oculus rift as a video display device. Imagery
is captured into the system using an off the shelf analog video digitizer. Once captured, a
simple function is written to split the image with a slight overlap. Radial distortion is then
applied to each image to mock the natural distortion of the eye. On projection the user
regains some natural feeling of space from a 3D environment. This, along with LAARK
intelligent object detection, adds a new dimension to UAV human interfaces.
7. CONCLUSIONS
The previous uses of a network abstraction layer via messaging queuing provided a stable
platform for modification which led to the early ideas of true parallel processing. The
use of computer vision algorithms which had feature detection as a partitionable operation
8

naturally fit into the idea of a parallel processing queues. Extended to the Markovian queue,
we were able to provide optimal configuration of processing nodes within each queue for
minimizing varying constraints. This ability to distribute workloads optimally provided the
increased available resources to perform more interesting tasks such as augmented reality
through HMD setups.
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ABSTRACT
This paper describes the design and implementation of an autonomous robot to navigate indoors
to a specified target using an inexpensive commercial off the shelf USB camera and processor
running an imbedded Linux system. The robot identifies waypoints to aid in navigation, which
in our case consists of a series of quick response (QR) codes. Using a 1080p USB camera, the
robot could successfully identify waypoints at a distance of over 4 meters, and navigate at a rate
of 50 cm/sec.
Keywords: robot, indoor navigation, image processing, imbedded Linux

INTRODUCTION
This paper describes the system level design of a small robotic platform that has a sensor
package and on-board data analysis processor which will allow it to autonomously navigate in an
indoor environment. The objective of the project was to design a system which can be used for
reconnaissance in an environment where the terrain is reasonably flat, such as in a residential or
commercial structure. We assumed the design of the structure would be unknown in advance,
either because the information was not available, or because it was in a format that was not
convenient to the robotic system. The robot would execute a program that would allow it to
systematically explore and map the environment.
To successfully map an area, the system needs a way to both sense its surroundings, and
determine its location [1]. Since the intended application is for indoor environments, we
assumed services such as the Global Positioning System would not be available because the
structure could attenuate or reflect the signals to the point that they would not be useful. As an
alternative, inertial navigation and distance measuring by using either an odometer (counting
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revolutions of a wheel) or non-contact distance sensing using optical techniques can be used.
These techniques, taken as a group, will be referred to in this paper as inertial position sensing.
One of the difficulties in using inertial position sensing is that position and heading errors
accumulate in the system, and it can be difficult to detect and remove. This leads to maps which
can have significant distortion. This problem is particularly severe when the robot rotates, or
changes its heading. A very small error in the estimation of the angle of rotation will cause the
internally generated map to be skewed. This problem becomes increasingly severe as the robot
moves, or executes multiple turns. As a result the robot can eventually find itself back in a room
it has previously visited, however the map it has generated internally can indicate otherwise.
A positioning system that does not suffer from accumulation of error could rectify this problem,
but we assume that is not available for this application. This problem is routinely encountered
by humans, and solved through the use of landmarks [2-5]. A human observer will notice unique
objects or perspectives within a room in a building. When the human returns to the same room,
they notice the same objects, and conclude they must have returned to the same location. In
some cases this is done through a system specifically designed for that purpose, such as room
and floor numbers. However even in a less structured environment, humans can often determine
when they have returned to a location they have visited before.
In the design of this system, we plan to use a single camera to identify objects that appear to be
unusually, if not globally unique, in an environment. The image of these objects will be stored in
memory, so the device can recognize when it has located them again. While any objects can be
used for this purpose, we chose to use quick response (QR) codes which we placed on walls in
the structure specifically for his purpose [6]. These codes would most likely not be available in
an environment where the user of the structure was not cooperating with the robotic system.
However there may be a number of commercial applications where this would be useful. For
example there may be systems that are used to monitor, clean, or transport items within a
building. These devices are often powered by rechargeable batteries. When their batteries need
to be recharged, they must locate a power outlet or other recharging station. In these applications
it would be reasonable to identify such a location with a QR code posted nearby.

ROBOT DESIGN
The primary focus of this project was the design of a vision system and associated image
processing hardware and software to locate landmarks or waypoints. Because of this, a
commercial off the shelf robotic platform was used. A number of platforms were considered,
and in the end we selected a small tracked vehicle, as shown in Figure 1. This was chosen
because of its ability to travel over both smooth terrain and overcome small obstacles. Another
useful feature is the zero-radius turning. This allows the robot to scan an entire room from one
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Figure 1 Robotic Platform
location while most wheeled vehicles require the robot to move forward or in reverse to allow it
to change its heading.
When selecting a processor, microcontrollers were initially considered but proved to have
insufficient memory to be able to store and process the large images required to correctly
identify waypoints from a distance. In the end, the Raspberry Pi [7] embedded Linux system was
selected because of its abundance of processing power, availability of general purpose
input/output (GPIO) to control motors, the onboard USB ports, and the ability to store the
operating system image on a removable SD card. The Raspberry Pi model B is an inexpensive
commercial off the shelf single board computer developed by the Raspberry Pi Foundation and
available from many sources. The processor is based on a Broadcom BCM2835 system on a
chip. This chip contains an ARM1176JZF 700 MHz processor and VideoCore graphics
processing unit. There is a public domain operating system based on Debian and Arch Linux
which can be run on this architecture. A photograph of this board is shown in Figure 2.
Our project utilized a webcam to take pictures of our current surroundings. Originally, we
believed that the least expensive webcams would be sufficient for our needs. However during
testing and evaluation we found that it had a significant restriction on the size of the image we
collected. While the specifications of the device indicated 1280 x 1024 pixel resolution, in
practice it was incapable of achieving an actual resolution above 640x480 pixels. This was
insufficient for our application, so we elected to upgrade to a webcam that supports
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H.264/MPEG-4 Part 10 advanced video coding. This camera allowed us to capture compressed
images at up to 1920x1080 pixel resolution. This allowed landmarks to be identified when they
were up to 4.2 meters away.
During our early testing, we noticed that our Raspberry Pi would randomly stop recognizing our
webcam when we took pictures. This issue led us to create an onboard powered USB hub that we
could programmatically turn off and on through our GPIO pins. The idea behind this was that it
would limit the amount of time that our webcam would be on and in doing so, minimize the odds
of the webcam disconnecting. After we swapped to powering our Raspberry Pi through the GPIO
pins, we found that the webcam no longer had this issue.

Figure 2 Raspberry Pi (Courtesy Raspberry Pi Foundation)
Upon further analysis, we found the issue came from the current limitation of the micro USB
connection used to power our Raspberry Pi in testing.
A 7.6V, 2200 mAh lithium polymer battery was used to power the entire robot. The motors were
powered with 7.6V via the H-bridge while the Raspberry Pi, camera, and Wi-Fi adaptor (which
was used for debugging) were powered via a 5V switching regulator made by Sparkfun
Electronics, which is based on a Lineage Power Pico TLynx power module. The projected
4

current consumption was 1 amp from the motors, 1 amp from the Raspberry Pi, and 1 amp from
the camera and wifi module for a total of the 3 amps, which could easily be supplied by the
lithium polymer battery, which had a maximum current of 60 amps, and the regulator, which had
a maximum current of 6 amps. The measured average current consumption for different stages of
the QR code search is shown in figure 3. A full circuit diagram is shown in figure 4.
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Figure 3 Current Consumption

IMAGE PROCESSING AND NAVIGATION
Since all waypoints were being identified with a QR code, we were able to leverage open source
software solutions for this application. The QR code library we originally used confirmed the
presence of a QR code and what data the QR code contained. However it failed to indicate the
area of the image that contained the code, or its dimensions. This is not surprising, since that is
the most common use of QR code software. However for navigation purposes this was
insufficient, so it was necessary to modify the software to allow it to return the pixel coordinates
of the code within the image.
The robot’s movement is modeled after a tank as this allows zero-radius turning. Being able to
turn without travelling facilitates easily scanning an entire room for a QR code and making
heading corrections as the robot travels to the QR code. One of the most challenging aspects of
designing the robot was determining the position of the robot relative to the QR code (distance
and angle) with the limited sensory input from the camera. The zero-radius turning helped
5

alleviate this challenge by allowing the robot, even as an open loop system, to turn and drive the
angles and distances specified by the software with acceptable accuracy.

Figure 4 System Design

To estimate the distance, the focal length of the webcam was calculated by equation (1) in a
controlled test environment.

𝑓=

𝑑∗𝑍
𝐷

(1)

Where f is the focal length, d is the width of the QR code in pixels, Z is the known distance away
from the QR code, and D is the width of the QR code in inches. Using this focal length, the
distance was approximated using equation (2).

𝑍′ =

𝐷∗𝑓
𝑑′

(2)

Where Z’ is the unknown distance and d’ is the measured pixel width of the QR code.
Upon finding a QR code, the robot turns and travels the calculated distance by assuming a fixed
motor speed measured during testing. The calculated distance to the QR code is related to turning
on the motors for a certain amount of time by equation (3)

𝑇=

𝐷′
𝑉

(3)

Where T is the time that the motors remain on, D’ is the distance to the QR code calculated
earlier, and V is the motor speed calculated during testing. The same theory was used to turn the
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robot the calculated angle. Using this method, the robot could navigate to directly below the QR
code roughly 2 cm from the wall on which the QR code was mounted.
One challenge to accurate navigation was imbalanced motors. While the robot only incorporated
two motors (left and right), they were not speed balanced so the robot would not drive straight
even when both motors were running on the same voltage. The motors were driven by a
STMicroelectronics L293D H-bridge to enable two-quadrant (bi-directional) operation of the
motors via the Raspberry Pi GPIO. To balance the motors, pulse width modulation (PWM) was
used. A ratio between the duty cycles used on the left and right motors was determined to
balance the motors and was implemented regardless of the motor direction. PWM was also used
to slow the motors because the motor speed at a 100% duty cycle was unacceptably fast (50
cm/sec) and threatened the stability of the robot during turning.
An additional challenge was controlling the motors at startup. The output of the GPIO pins of the
Raspberry Pi proved unpredictable and uncontrollable whenever the processor was initially
booting. This was problematic as the random GPIO signals could activate the motors during boot
up. This risk was mitigated by using a logic circuit between four GPIO pins and the enables of
the H-bridge, effectively creating a hardware level “password” that only the QR code-finding
program could supply. After implementation of this logic circuit, no more problems with motor
operation at startup were encountered.
CONCLUSION
An autonomous robot was designed and built to navigate indoors to a specified location
designated by a QR code using an imbedded Linux system and a webcam. Possible future work
could include the introduction of either a second camera with stereo image processing or an
infrared distance sensor to more accurately gauge distances and, with additional programming, to
avoid obstacles. Providing feedback to the navigation algorithm via encoders on both motors
would also be valuable as it would provide confirmation of the distance travelled by the robot
and any change in direction. With these improvements, larger areas could be searched and the
functionality could even be extended to room mapping.
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ABSTRACT
This paper describes the sensor and actuator package for a 6-axis articulated arm which is part of
a robotic vehicle entered in the Mars Rover Challenge competition. The robot is intended to
perform some of the same duties as a human, but be remotely controlled. It uses an articulated
arm for many of these duties. Because of the large number of degrees of freedom, it would be
tedious to control each joint individually. A system was developed to measure the state of each
joint, transmit this information back to a base station, and semi-autonomously control the arm.
Keywords: Robotics, Control, Autonomous Control, Remote Sensing

INTRODUCTION
The Mars Rover Design Team (MRDT) entered a rover in the University Rover Challenge
(URC) competition held in mid-2013. The rover included a multi-jointed robotic arm, which had
to be controlled from a remote location. This paper describes the design of the control system
for this arm, which allowed coordinated movement with minimal operator intervention. The
design goal was to use simple commands from the controller, and turn them into complex,
coordinated movements of the arm. This will allow the operators to focus on the high level
objectives, rather than requiring them to manipulate the individual joints of the arm.
The URC [1] is a competition organized by the international Mars Society, a non-profit
charitable organization seeking to get the public involved in cultivating Mars pioneers, get
worldwide governmental support for Mars exploration and research, and encourage private Mars
settlement and exploration. The University Rover Challenge is an international collegiate
competition that has taken place every year since 2007. There are constraints placed onto each
team and vehicle such as no combustible engines unless they can operate in the Martian
atmosphere. However there are other constraints in compliance with United States laws - such as
all wireless communications must comply with US Federal Communication Commission
regulations and airborne vehicles must comply with US Federal Aviation Administration
restrictions.
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Some of the URC regulations that impact the robotic arm design include:
• Be able to operate in temperatures up to 38ºC, airborne dust, and very light rain
• When combined with rover, no exceed a gross vehicle mass of 50kg
• Be controlled by any number of people, however all are at a remote location (inside a tent
or trailer) where there is no visible access to the rover
• One person may be outside of tent/trailer, but only to steer a directional antenna. They
may not communicate with individuals controlling the arm
• Be sturdy enough to dig 5cm into soil to collect a sample to be tested later
• Be able to pick up a lightweight but large box and set it on the ground
• Press buttons and move switches designed for human use
• Measure voltages up to 100v across exposed terminals on solar panel

INVERSE KINEMATICS SIMULATION
To obtain the required range of motion, it was necessary to have a number of joints on the arm.
While it was technically possible to have a human operator at a remote location manipulate each
joint independently, it would be much easier to operate the rover if the operator could just
specify the location the arm needed to move to – and allow a processor on board the rover decide
how to move each individual joint. To help design and test this system, we developed a
mathematical model and computer simulation of the arm.
To develop a model, first we looked at the final design and labeled the axis of rotation for each
joint with a Z vector. Next the X axes were determined to provide the most straightforward
transformation between each of the joints. Figure 1 shows the resulting axis assignment.

Figure 1. Simulation Axes
Next a link diagram was constructed, describing how to translate from each frame of reference
using rotations and translations about and along the x-axis and z-axis. Figure 2 shows the link
diagram generated to describe the transformations between joints:
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θ
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a
0
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α
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0
0

−π / 2
0

0
0
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Figure 2: Link Diagram
Each row is used to generate a matrix to translate between successive joints. The general form
for a given incremental transformation matrix is given in equation (1)
 cos(θ ) − cos(α ) sin(θ ) sin(α ) sin(θ ) a cos(θ ) 


 sin(θ ) cos(α ) cos(θ ) − cos(θ ) sin(α ) a sin(θ ) 
 0

sin(α )
cos(α )
d


0
0
1 
 0

(1)

The overall transform from the base to the end effecter is found by multiplying all of the
successive individual transformations. If this is done symbolically then the final matrix can be
used to derive equations for computing the inverse kinematics. The transformation matrices,
notated with T, for this model are shown in equations 2 through 7
 cos(θ1 )

sin(θ1 )
T01 = 
 0

 0
 cos(θ3 )

sin(θ3 )
T23 = 
 0

 0
 cos(θ5 )

sin(θ5 )
T45 = 
 0

 0

0 sin(θ1 )
0

0 − cos(θ1 ) 0 
1
0
d1 

0
0
1
− sin(θ3 ) 0 a3 cos(θ3 ) 

cos(θ3 ) 0 a3 sin(θ3 ) 

0
1
0

0
0
1

0 − sin(θ5 ) 0 

0 − cos(θ5 ) 0 
−1
0
0

0
0
1

 cos(θ 2 )

sin(θ 2 )
T12 = 
 0

 0
 cos(θ 4 )

sin(θ 4 )
T34 = 
 0

 0

− sin(θ 2 ) 0
cos(θ 2 ) 0
0
1
0
0
0 sin(θ 4 )
0 − cos(θ 4 )
1
0
0
0
 cos(θ 6 ) − sin(θ 6 ) 0

sin(θ 6 ) cos(θ 6 ) 0
T56 = 
 0
0
1

0
0
 0

a2 cos(θ 2 ) 

a2 sin(θ 2 ) 

0

1

0

0
d2 

1
0

0
d3 

1

(2,3)

(4,5)

(6,7)

When these matrices are combined symbolically the resulting matrix can be used to derive
inverse kinematic equations. The matrix for this model is too big to reasonably fit on this paper,
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and in its purely symbolic form, it’s not necessarily that useful. However, individual elements of
the final transformation can be used to determine information about the position and orientation
of the end effecter relative to the base. A representation of the transformation matrix is shown in
equation 8. Figure 3 shows the convention of the normal, orthogonal, and approach vectors on
the end effecter hand.
 N x Ox Ax Px 


 N y Oy Ay Py 
(8)
 N z Oz Az Pz 


0
0 1
 0

Figure 3: End Effecter Axes
Notice the first three elements of the first three columns of the transformation matrix give the N,
O, and A vectors in the world frame of reference, and the first three elements, of the first three
rows, give the X, Y and Z vectors relative the end effecter’s frame of reference. The first three
elements of the last column, <Px,Py,Pz>, give the end effectors absolute position in world space.
As stated before, the complete transformation from the base to the end effecter is too large to fit
in this paper, but individual elements will be shown in the process of determining the inverse
kinematics. Equation 9 shows the transformation from the base to the third joint.

 cos(θ1 ) cos(θ 2 ) cos(θ3 ) − 
 − cos(θ1 ) cos(θ3 ) sin(θ 2 ) − 
sin(θ1 )
 

cos(θ ) cos(θ ) sin(θ ) 
1
2
3


 cos(θ1 ) sin(θ 2 ) sin(θ3 ) 


 cos(θ ) cos(θ ) sin(θ ) − 
 − cos(θ3 ) sin(θ1 ) sin(θ 2 ) − 
2
3
1

− cos(θ1 )
cos(θ ) sin(θ ) sin(θ ) 
T03 =  sin(θ1 ) sin(θ 2 ) sin(θ3 ) 
2
1
3





 cos(θ ) sin(θ ) + cos(θ ) sin(θ ) cos(θ ) cos(θ ) − sin(θ ) sin(θ )
0
3
2
2
3
2
3
2
3



0
0
0


a 2 cos(θ1 ) cos(θ 2 ) +



a 3 cos(θ1 ) sin(θ 2 ) cos(θ3 ) −  
a cos(θ ) sin(θ ) sin (θ )  
1
2
3
 3

a 2 cos(θ 2 ) sin(θ1 ) +



a 3 cos(θ 2 ) cos(θ3 ) sin(θ1 ) −  
a sin(θ ) sin(θ ) sin (θ )  
1
2
3
 3


 d1 + a2 sin(θ 2 ) + 




a 3 cos(θ3 ) sin(θ 2 ) + 

a cos(θ ) sin (θ ) 

2
3
 3


1


(9)

Since position is the only concern for the first three angles, only the elements in the last column
will be of concern. With that we get (10)
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Px =
a 2 cos(θ1 ) cos(θ 2 ) + a 3 cos(θ1 ) sin(θ 2 ) cos(θ3 ) − a 3 cos(θ1 ) sin(θ 2 ) sin (θ3 )
Py =
a 2 cos(θ 2 ) sin(θ1 ) + a 3 cos(θ 2 ) cos(θ3 ) sin(θ1 ) − a 3sin(θ1 ) sin(θ 2 ) sin (θ3 )

(10)

Pz =
d1 + a2 sin(θ 2 ) + a 3 cos(θ3 ) sin(θ 2 ) + a 3cos(θ 2 ) sin (θ3 )

The goal is now to use this information to develop equations that relate θ1, θ2 and θ3 to a known
3 dimensional vector in real space. Once we have derived our first three angles, we can use this
information to construct the transformation matrix from the base to joint 3 where

θ1 = tan −1 ( Py / Px )
Simplifying term
Pd
=

Px 2 + Py 2

 Pd 2 + Pz 2 − a2 2 − a32 
θ3 = cos 

2a2 a3


 a3 sin(θ3 ) 
θ a = tan −1 

 a2 + a3 cos(θ3 ) 
−1

 Pd 

 Pz 

θb = tan −1 

θ=
θ a + θb
2
Which can be seen graphically in figure 4

Figure 4. One Joint to an Adjacent Joint Angle Approximation
To calculate the last three joint angles, first the desired forward direction is represented as a
vector in world space. When T03 is multiplied with the forward vector the result is the forward
direction relative to the third joint. From there each element is paired with its respective element
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in the third column. This forms three equations that are used to solve for angles 4 and 5. The
same process can be repeated with the desired normal vector and the first column of T36 to find
angle 6 as shown in (11)
 cos(θ 4 ) cos(θ5 ) cos(θ 6 ) −   − cos(θ 6 ) sin(θ 4 ) −


− cos(θ 4 ) sin(θ5 ) −d3 cos(θ 4 ) sin(θ5 ) 




 cos(θ 4 ) cos(θ5 ) sin(θ 6 ) 
 sin(θ 4 ) sin(θ 6 )

 cos(θ ) cos(θ ) sin(θ ) +  cos(θ ) cos(θ ) −


5
6
4
4
6
T36 =  
− sin(θ 4 ) sin(θ5 ) −d3 sin(θ 4 ) sin(θ5 )  (11)



 cos(θ 4 ) sin(θ 6 )

 cos(θ5 ) sin(θ 4 ) sin(θ 6 ) 


cos(θ 6 ) sin(θ5 )
cos(θ5 )
d 2 + d3 cos(θ5 ) 
− sin(θ5 ) sin(θ 6 )



0
0
0
1



from which we can see

θ 4 = tan −1 ( Ay / Ax )


− Ay



 Az sin(θ 4 ) 

θ5 = tan −1 
θ6 =

Nz
sin(θ5 )

ARM CONTROL PROCESSOR
The team reviewed a wide range of microcontroller based systems which could control the arm
motors. We found the Arduino [2] open source electronics prototyping platform was commonly
used for this purpose, and fit our needs well. All of the Arduino boards interface very easily with
a computer, and they have their own software suite that makes uploading new code incredibly
simple. The Arduino software is based on C++, which made adding additional code easy. Since
the Arduino Uno uses a 16 MHz ATmega328 microcontroller that satisfies all of the
requirements we have for our project, we elected to use that model. It has 6 output pins capable
of sending pulse-width modulated signals, which we thought we might need to control servos on
each of the 6 joints on the arm. The Uno also has 6 analog input pins capable of reading a
voltage between 0 and 5V, which is necessary for one of the Mars Rover competition
requirements - reading a voltage across 2 exposed terminals. The analog input pins also are
useful for reading feedback from a potentiometer or similar device to give positional feedback
from one or more joints. That means there are another 8 completely unused digital I/O pins that
would work well for our original communication protocol between the arm and the rest of the
robot.
ARM FABRICATION
The final arm design consisted of two linear actuators to control the arm links, which are closest
to the square link geometry. Linear actuators were believed to be a more rugged design than
servos to dig 5cm into the topsoil for sample collection. Two end effectors were designed, one
for scooping up soil samples and the other is intended for fine movements such as pushing
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buttons and reading voltages. Figure 5 shows the final arm design, with the end effector
removed.

Figure 5. Arm Without End Effector
The block diagram which describes the functionality of the arm motors and sensors is shown in
figure 6.

Figure 6 Arm Controller Block Diagram
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REAL TIME CONTROL CODE
Once we had a simulation of how the inverse kinematics calculations on the arm were intended
to function, we needed to port it to the Arduino microcontroller. The flow diagram for the
Arduino code is shown in figure 7. It made the most sense to transform the code from the
simulation into a few C++ classes that the Arduino software could access as libraries. Aside from
simply translating the code into C++ syntax, the biggest consideration that needed attention was
the choice of variable types. The code had to be both memory-efficient and time-efficient
because of the hardware constraints of the microcontroller, but also needed a great deal of
precision to make sure the calculations were performed as accurately as possible. Most integer
values were stored as short integers to conserve space, since none of them would be going
outside the range of a short int. The floating point values, however, had to store information such
as angles and coordinates, and were given double precision types to be sure our calculations
remained accurate.

Figure 7. Code Flow Chart
With the inverse kinematics calculations in place, the only remaining addition to the code was
the actual controlling of the motors on the joints. All six of the Arduino board’s analog output
pins are in use, each sending a pulse-width modulation signal to one of the arm’s motors. Some
of the signals are used to directly control position on positional servos, which are regulated by
internal feedback, and don’t need to send feedback to the Arduino. Two of the pulse-width
modulation signals, however, are controlling the speed of the linear actuators that are supporting
the two primary joints of the arm. The actuators’ direction is controlled by a combination of
high and low signals on two wires sent to the internal DC motor. The actuators also have internal
potentiometers that give feedback that has to be read in by analog input pins on the Arduino,
which our code interprets to determine the actuator’s position. This means that each of the linear
actuators is using up a total of four pins on the Arduino board in order to function properly. With
the removal of the input instructions on individual pins, however, there are enough pins to allow
this to work successfully.
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CONCLUSION
The inverse kinematics simulation accurately predicted the movement required out of each of the
arm joints to allow it to move to the desired location. There were some challenges with the
mechanical design which caused some vibration in the arm movements. However by slowing
down the rate at which the arm moved, we were able to successfully control its movements.
REFERENCES
[1] The Mars Society, University Rover Challenge, <http://urc.marssociety.org/>
[2] Arduino Open Source Prototyping Platform, <http://www.arduino.cc/>
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ABSTRACT
The University Rover Challenge is a competition to build a scaled down version of a nextgeneration Mars rover. This paper describes the comprehensive systems engineering based
approached used by the Missouri S&T Mars Rover Design Team. This student run,
interdisciplinary team of approximately 50 students followed a comprehensive systemsengineering based approach to the conceptualization, design, implementation, test and evaluation
of the project. This has allowed students to leverage their discipline specific expertise, while
simultaneously facilitating the cross-disciplinary communication which is essential to the
successful completion of the project. The team’s performance in the competition will provide
metrics to analyze the efficacy of this organization and approach.
Keywords: System Engineering, Robotics, Remote Sensing

INTRODUCTION
Missouri University of Science and Technology’s Mars Rover Design Team (MRDT) was
founded in the spring of 2012 with the goal of competing in the Mars Society’s University Rover
Challenge (URC). The URC challenges teams to construct a “next-generation Mars rover”, a
remote controlled vehicle with the purpose of assisting astronauts in a Martian colony. The
challenge specifies a series of tasks which the rovers must complete, while placing constraints on
the rovers’ design and construction, including limiting teams to a $15,000 budget and 50 kg
weight limit [1].
In order to compete in this challenge, the MRDT organized itself to reflect the structure of a
small to mid-sized engineering firm with administrative, executive, financial, and technical
branches, as shown in Figure 1. This paper describes the organization, operation, and design
process followed by the MRDT’s technical branch, as well as an analysis of the rover’s design
and implementation.
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Figure 1 – Team Operating Structure

PRELIMINARY DESIGN AND TEAM ORGANIZATION
As a first year team, the MRDT was faced with first structuring its team, breaking down the
competition requirements, assigning appropriate subsystems to the appropriate teams, and then
beginning the preliminary design process.
TEAM ORGANIZATION
Upon its conception the MRDT organized its technical branch into four major sub-teams: Body
and Hydraulics, Power, Communications Systems, and Auxiliary Systems. These teams, in
addition to multiple senior design teams, were responsible for the various subsystems of the
rover. Body and Hydraulics was responsible for many of the rover’s physical systems, including
the body/suspension, electronics housing, and auxiliary equipment mounts. The Power team was
responsible for providing power to the rover’s electrical equipment, and was also responsible for
the rover’s propulsion systems. The Communications Systems team was responsible for the
rover’s controls, remote sensing, computational, and wireless communications systems. Finally,
the Auxiliary Systems team was responsible for the task-specific systems which would be placed
on the rover, such as the box drop mechanism or sample analysis and return mechanism. Senior
design teams were tasked with building and controlling a robotic arm, as well as implementing a
custom wireless communication system.
COMPETITON TASKS
The 2013 URC was broken down into five tasks: Astronaut Assistance, Sample Return, Terrain
Traversing, Equipment Servicing, and Presentation tasks. The Astronaut Assistance task requires
teams to deliver payloads to four or five astronauts at locations specified by Global Positioning
System (GPS) coordinates. The Sample Return task requires teams to utilize their rovers to
retrieve soil samples, perform an in-situ experiment, and produce a panoramic photo of the
sample site. The Terrain Traversing task tests the rover’s performance in treacherous terrain. The
Equipment Servicing Task focuses on the functioning of the rover’s robotic arm, requiring the
rover to clean a solar panel, make voltage measurements, and manipulate the buttons and
switches of a control panel. Finally, the Presentation task requires teams to give a presentation on
team structure and the rover’s design, with feedback from competition judges.
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DESIGN PROCESS
Once the MRDT was aware of the 2013 URC competition tasks and had organized itself into its
four technical sub-teams, the team began by breaking down the competition rules and
determining what sort of technical hardware was necessary to meet each requirement. In this
way, the team developed a functional model of the rover as a whole. After developing a
functional model, the team assigned the design and construction of each physical subsystem of
the rover to a specific sub-team.
At this point the team left the design and implementation of these systems up to each sub-team.
Sub-teams were to spend approximately three months on a design phase. Four months were
allocated for the construction of the rover, and finally one month was allocated for testing and
evaluation.

2013 ROVER SYSTEM BREAKDOWN
The following is a breakdown of the technical subsystems present on the 2013 rover.
BODY
The Rover’s body consisted of rocker-bogie suspension [2] and fiberglass-balsa composite
electronics housing. The rocker-bogie system is currently NASA’s preferred suspension system
for exploration craft. The system ensured that at least four of the rover’s six wheels remain in
contact with the ground at all times, even in rough terrain.

Figure 3 - The rocker-bogie suspension overcoming an obstacle.
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BATTERIES
The rover utilized four 12V, 10Ah lithium iron phosphate batteries, each capable of sustaining a
9.6A current. The four batteries were divided into two groups of two batteries each. Each group
was wired in series for a total potential difference of 24V. These groups where then wired in
parallel. The batteries were then wired to a custom PCB which acted as a Buck converter system.
The board contained multiple DC-DC converters which stepped down the 24V source to 15V,
12V, and 5V. The board also contained power over Ethernet injectors wired to the 15V bus.
PROPULSION
Four of the rover’s six wheels were attached to 25:1 gearboxes which were in turn attached to
NEMA 23 [3] stepper motors with integrated controllers and encoders. The motors were
operated at 24V. The rover communicated with the motors via five 12V tolerant GPIO pins and
an RS-485 programming port.
COMPUTATIONAL AND REMOTE SENSING
Parsing and routing of incoming and outgoing data on the rover was facilitated by a Raspberry Pi
[4] embedded Linux computer. On one end, the Raspberry Pi was connected to the rover’s
wireless communications equipment via an Ethernet bus. The Raspberry Pi simultaneously
routed data via USB to various microcontrollers, each responsible for a discrete element of the
rover, such as robotic arm controls, drive motor controls, or an element of the rover’s array of
sensors. Onboard sensors included GPS, ambient temperature, a barometric altimeter, and an
integrated three axis accelerometer and three axis gyroscope unit.
WIRELESS COMMUNICATIONS
Communication between the rover and the base station was facilitated by a system of two radios:
a 2.4GHz radio and a 420MHz radio. Packets are dynamically routed to the appropriate radio via
an onboard networking computer. The 420MHz radio system was the product of a senior design
project. On the rover the 2.4GHz radio was attached to an omnidirectional antenna with 15 dBi
gain and the 420MHz radio was attached to a compact dipole antenna. At the base station the
2.4GHz system utilized both an omnidirectional antenna atop a 26 foot antenna mast, and a
parabolic antenna attached to a ten foot azimuthally tracking mast. Meanwhile, the 420MHz
radios are connected to two Yagi antennas with 20 feet of vertical separation to facilitate antenna
spatial diversity.
ROBOTIC ARM
The rover included a five foot aluminum robotic arm as required by one of the competition tasks.
The arm had four to six degrees of freedom (dependent on the end effector used). Three spatial
degrees of freedom were facilitated by two linear actuators at joints in the arm and a 180 degree
servo at the base. One to three degrees of rotational freedom were facilitated by servo motors in
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the wrist mechanism (part of which was integrated into each end effector). End effectors
included a gripper, voltmeter probes, and cleaning apparatus for the competition’s equipment
servicing task, and a sample soil experiment apparatus and soil scoop for the competition’s
sample return task. Controls for the robotic arm were facilitated by on onboard microcontroller
unit which utilized an inverse-kinematic controls scheme to facilitate simplified operator
controls. The mechanical design of the arm was the product of a mechanical engineering senior
design project, and the controller for the arm was the product of an electrical engineering senior
design project.

2013 COMPETITION PERFORMANCE
The Missouri S&T Mars Rover Design Team’s performance in its first year of competition is
broken down in Table 1:
Sample
Return
Task

Astronaut
Equipment
Assistance Task Servicing Task
53

5

Terrain
Traversing
Task
0

Presentation
Task
0

Total

85.5 143.5

Table 1 – Missouri S&T’s performance at the 2013 URC; 100 points possible in each task.
In its first year, Missouri S&T scored a total of 143.5 points out of 500. Figure 4 depicts the
distribution of total scores (out of 500) of the 10 teams present at the 2013 URC. The median
score was 206.5 points. 15 teams signed up to compete at the URC; however, only 10 attended.

Distribution of Total Scores of 10 Teams at
URC
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Figure 4 – Total point distribution among the 10 teams present at the URC [5].
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To summarize the MRDT’s performance in each of the four technical events: the MRDT did not
participate in its first assigned task, the Equipment Servicing Task, due to wiring failures which
required prolonged repairs during the competition. Thus, the MRDT received no points in this
task. In the Astronaut Assistance task, the MRDT successfully deployed payloads to some
astronauts; however, stalling of the rover’s stepper motors hindered its ability to reach all the
astronauts in the field. Going into the Sample Return Task, the MRDT faced multiple technical
obstacles, including a microcontroller software bug and wiring issues with the robotic arm (due
to damage during transport). The MRDT opted to make quick repairs to the robotic arm, which
resulting in temporarily removing the inverse kinematic controls on the arm. Unfortunately, the
MRDT was still plagued by integration issues with the arm as well as a hidden microcontroller
software bug. The team still successfully presented its sample experiment methodology and
research and was awarded 53 points. Finally, the MRDT competed in the Terrain Traversing
Task. The team nearly succeeded in earning some points in this task, but again was plagued by a
software bug and stalling with its stepper motors. The MRDT, along with four other teams,
received zero points in the Terrain Traversing Task.

FAILIURE MODE ANALYSIS
Failures in the MRDT’s competition rover can be sourced to a few specific physical/technical
flaws as well as a few managerial/design-process failures. They are explored below.
TECHNICAL FAILURES
The rover’s primary technical failure was the selection of stepper motors for propulsion. The
stepper motors offered high precision and torque, however, were prone to stalling in treacherous
terrain. The team determined that stalling was typically caused by rapidly changing output torque
requirements for each motor. Situations such as sharp turns or significant changes in terrain
would frequently result in motor stalls.
Wiring failures were also common leading up to the competition. Electronics connections
through the electronics housing were facilitated by LEMO-style quick-disconnect push-pull
connectors, which became prone to failure due to a lack of wire strain-relief mechanisms.
Additionally, the use of unshrouded header connectors when connecting to PCBs often resulted
in loose connections.
Finally, the MRDT elected to follow a modular design objective for its 2013 rover. While this
facilitated the quick replacement of damaged components, it created duplicate functionalities and
an increase in the number of potential failure points. An integrated approach (such as
consolidating multiple microcontrollers into a single microcontroller unit) would have reduced
the number of potential failure points.
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PROJECT SCHEDULE
Project scheduling issues were a serious failure mode during the design and implementation of
the 2013 rover. As it was the team’s first year in this competition, its members did not have a
sufficient understanding or mental model of a functional URC rover until late in the design and
construction process. The team also spent significant time organizing itself for the first time. A
rough outline of the schedule the team planned to follow is shown in Figure 5.

Figure 5 - A rough proposed 2012/13 project timeline.
Unfortunately, this timeline did not account for the length of time required to organize and
perform research for a new project. As a result, the design process for some sub-teams extended
into the construction and testing phases, further hindering their ability to adequately complete
subsequent phases of the engineering process. This was accounted for in part by the team’s
inexperience in this competition, but was also due to the lack of scheduled time for system
integration, i.e. time for mechanical and electrical teams to integrate their systems with one
another. This is especially important in the case of senior design projects. A revised project
timeline follows.

PROPOSED IMPROVEMENTS
As the MRDT prepares for participation in the 2014 URC, there are multiple improvements
which can be made to its engineering process which would directly improve the managerial
failure modes the MRDT faced, as well as work to avoid its technical failure modes. First of all,
a revised project schedule would account for elements of the engineering process which were not
included in the MRDT’s initial organization. This includes allotting time and determining
methodologies to follow for research, project definition and the development of quantitative
specifications, design reviews, system integration, and improved testing methodologies. One
potential revised schedule is shown in Figure 6.

Figure 6 - Proposed project timeline dividing the process into five phases.
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This project schedule is organized into five phases: research, design, construction, integration,
and testing. The initial phase is the research phase. This phase consists of the product/project
definition process and the establishment of design requirements, as well as time to conduct
research into potential solutions to various design requirements. An important product of this
phase is quantitative design requirements and specifications, as well as product testing
methodologies which correlate to each of these specifications. This will ensure that the products
of the design and construction phases meet the requirements which the team sets out during this
phase. The research phase is also an important time for the team to determine which major
features it would like to see present on the rover, such as a robotic arm. This phase is rather
lengthy as the team’s manpower is more limited during the summer months.
The research phase is then followed by a three month design phase. The first month is spent
designing the mission critical systems which the rover will need regardless of the year-specific
competition rules, i.e. the rover’s body, robotic arm, power system, propulsion system, computer
systems, and wireless communications systems. Around the end of this first period of the design
phase, the official competition rules will be released, which will specify the various pieces of
auxiliary equipment which must be present on the rover. This provides the team with two weeks
to make the necessary changes to their design before the preliminary design review (PDR). The
PDR will be the first design review and will allow an independent board of advisors to evaluate
the team’s proposed solution to the requirements purported by the URC and those established by
the team during the research phase.
Following the PDR, the team will have one month to improve their designs and take into account
feedback from the PDR. This will also provide the team with time to develop prototypes to test
their proposed solutions. One month after the PDR, the team will face a critical design review
(CDR). The CDR will be a full analysis of the team’s proposed solutions, incorporating full
designs and possibly full prototypes. The CDR will evaluate both how well the team’s designs
meet the various specifications it has set forth, and the feasibility of the construction and
integration of the team’s designs. Finally, following the CDR, the team has two weeks to make
the appropriate changes before a design freeze at the end of the year. At this point the team shall
not make any design changes unless absolutely necessary, and the construction phase begins.
In this proposed timeline, the Construction phase has been shortened to two months in order to
allow for sufficient time for systems integration. The Integration phase provides sub-teams with
time to integrate their various products with one another. This is especially important for the
MRDT’s Communications sub-team which is tasked with facilitating the controls and
communication between each subsystem on the rover. At the end of the one-and-a-half month
Integration phase, the team is faced with the deadline of unveiling the rover. At this point the
team is expected to have a functionally complete rover.
Finally is the one month testing phase. This should not be the first time the team tests each of the
Rover’s various subsystems, a task which should have taken place during the construction and
analysis phases. Instead, the Testing phase is time for the team to test each systems efficacy at
meeting the design requirements the team specified during the Design and Research phases, as
well as provide the team time to train operators of the rover.
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CONCLUSION
As a result of the MRDT’s performance in the 2013 URC, the team learned a great deal about
how to improve itself in future competitions. The team’s technical sub-team structure sufficiently
handled the design and implementation process for each of the individual components of the
rover. The team’s proposed project timeline and technical implementation; however, faced some
critical flaws. By incorporating a technical design review process and allocating time for system
integration, the team can avoid serious design flaws and meet a project timeline which will
ensure successful participation in future University Rover Challenges.
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ABSTRACT
This paper describes a telemetry and command communication link used as part of a rover
entered in the University Mars Rover competition. The link is capable of transmitting multiple
real time video streams, along with other telemetry data from a rover to a base station
approximately one kilometer away, under non-line-of-sight conditions. Low data rate commands
are sent to the rover, to control its movement. To simulate conditions on Mars, the link cannot
use existing cellular or satellite communication infrastructure. The data link uses the 70 cm
Amateur Radio band for transmission in both directions.
Keywords: Telemetry and Command, UHF Systems, Robotics, Remote Sensing

INTRODUCTION
The Mars Society is a private non-profit charitable organization which promotes the exploration
and settlement of the planet Mars. Since 2010 the organization has been hosting an annual
competition known as the University Rover Challenge (URC). The university teams construct
robotic devices, or rovers, which would be capable of operating on the surface of Mars, and are
tested at the Mars Society desert research station (MSDRS) near Hanksville, Utah. This paper
describes a telemetry and command communication system designed for one such rover.
The rovers must be able to operate without a tether or other device for power communications
and control. There is no firm specification on the power source, other than it is able to power the
device for one hour, and be able to be operated in the Martian environment. The gross rover
mass is limited to 50 kg, although there are no other restrictions on dimensions. Regulations
mandate that the rover be assembled from off-the-shelf components, with a total value of no
more than 15,000 USD. The rover has a robotic arm which is used to collect soil samples, and
perform simple maintenance tasks, such as measuring voltages or removing light debris from
solar panels. To aid in navigation and maintenance tasks, the robot is equipped with video
cameras.
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While the rover may perform some operations semi-autonomously, the higher level decisions are
made by humans at a remote location. This necessitates sending telemetry data and video
information over a wireless communication link from the rover to the base station, and also
requires that command information be sent to the rover over a return link. The wireless link is
required to conform to United States Federal Communications Commission standards and
regulations. The regulations for the competition does not allow for lighter than air vehicles for
observation, but they are allowed to deploy communications antennas or relay devices.
The terrain at the MSDRS ranges from flat to vertical, and the competition guidelines specify
that the rover must be able to negotiate slopes up to 15%. From this the team inferred that it will
be necessary to have a communication system which can operate in a non-line-of-sight channel.
The system design involved modifying a commercial off-the-shelf 2.4 GHZ Ethernet router so it
could operate in the 70 cm / 435 MHz amateur radio band. This was coupled with an
omnidirectional antenna structure on the rover, and Yagi base station antenna.

PROPOGATION ANALYSIS
The system design called for all communication on board the rover, and at the command center,
to be TCP/IP based. An inexpensive way to accommodate communication between the two
locations would be with a commercial Ethernet access point and router hardware. Much of this
hardware operates at 2.4 GHz or above. The team had some concerns about the ability of this
equipment to operate in a non-line-of-sight environment. To determine if this was a problem, we
used a commercial RF modeling program to measure the channel attenuation at the MSDRS site
at both 2.4 GHz and 435 MHz, as shown in figure 1.
For antennas approximately 2 meters above the surface, the attenuation at 2.4 GHz appeared to
be up to 200 dB. We were concerned that it would be difficult to close the link power budget
when facing this much path attenuation. The attenuation in the 70 cm band was less severe, with
peak values of approximately 150 dB. Based on this 50 dB difference in link gain, we elected to
construct a system that would operate at 435 MHz.
70 CM RADIO OPTIONS
We investigated two options for implementing a 435 MHz TCP/IP router and access point. The
first was to use a commercial off-the-shelf (COTS) Ethernet access point, Linksys® model
WRT54-G router, shown in figure 2. This device uses spatial diversity through two transmit and
receive antennas. It has a Broadcom BCM5354 processor which is clocked at 240 MHz, with 8
MB of RAM and a 2 MB flash memory for firmware. In its original configuration, it can
communicate using 802.3, 802.11b and 802.11g wireless Ethernet standards.

2

Figure 1 Propagation Analysis at Mars Society Desert Research Station Competition Site
Perhaps the most appealing aspect of this particular router, is that the manufacturer released the
firmware source code under the terms of the GNU General Public License [1]. This has allowed
third parties to write software for the routers, including OpenWRT [2], Tomato [3], and DDWRT [4]. For this project we elected to use OpenWRT. This is a GNU/Linus based firmware
for devices such as gateways and routers. It was quite easy to load the routers used on both the
rover and the base station with OpenWRT and establish point-to-point communications between
them using wired connections.

Figure 2. Initial Router Solution
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We then established wireless communication between the devices using the MadWiFi [5] drivers
specified by the wireless card manufacturer. However, despite the radios being able to see each
other, we were unable to get an Ethernet link through the wireless connection. This was a
problem with the protocol we were using. The protocol we used was a simple master-client
connection. This is similar to the protocol used by any wireless device when connecting to a
network. We ended up having to switch to a different master-client protocol which emulates a
wired Ethernet bridge. This allows both sides of the link to see through the link.
Once we established communication at 2.4 GHz, we went about modifying the WRT54-G to
allow it to transmit in the 435 MHz / 70 cm band. This involved replacing a crystal oscillator
and reprogramming a PLL to move the carrier frequency. While we were successful at changing
the oscillator frequency, the device started to exhibit instability during booting. We began
researching that problem, and see no reason theoretically why it cannot be overcome – however
we failed to fully debug the router prior to the deadline for the competition.
Because of time constraints and the difficulties encountered with modifying the inexpensive
router, we exercised an option to use a more expensive off-the-shelf radio solution which was
originally intended for the 70 cm band. The DL435 radio shown in figures 3 and 4 transmits up
to 600 mW of power at 435 MHz. We chose to load the OpenWRT router and MadWiFi linux
kernel drivers on the device, making it appear identical to the original solution to network
devices.

Figure 3. Alternative Router Design
The telemetry, video and command link required connection speeds up to 5 Mbps. We were
originally concerned about this, since Part 97 of FCC regulations [6] limit data rates to 100 kbps
in this band. However after researching this issue we found that we could legally transmit 5
Mbps using orthogonal frequency division multiplexing (OFDM) modulation.
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Figure 4. Alternative Router Design
To verify a connection could be established at the required data rates, we configured a simulated
base station and rover. The rover was a completely isolated system that was only connected to
the radio. The base station used a conventional internet service provider to a laptop computer.
To verify we could achieve the necessary data rate, we streamed recorded video from the rover.
After establishing we could stream multiple video channels, we set about measuring the link
throughput. The first program we tried is called Netcast, however it appeared to give us some
false readings. We then tried a program known as Iperf and its associated graphical user
interface Jperf. This program running as a client and server connection was able to get an
average bandwidth of 11.2Mbps.
ANTENNA DESIGN
We needed to design an antenna system for both the rover and the base station. We had initially
hoped to use omnidirectional antennas at both ends, to simplify overall system design. However
we were unable to obtain a sufficient signal to noise ratio to close our communication link.
Further analysis indicated that a directional antenna at one end, and an omnidirectional antenna
at the other should be sufficient. To minimize the complexity of the rover, we chose to place the
omnidirectional antenna on it. The competition rules allow the use of a directional antenna at the
base station, and also allow a user to control the direction of this antenna. That, in addition to the
mathematical analysis and simulation, made us suspect that other teams had encountered similar
difficulties, and that we were probably proceeding in a reasonable manner.
Our first attempt at an omnidirectional antenna for the rover was to use a quarter wave dipole
vertical/whip antenna. These antennas radiate in all horizontal directions, but do not radiate well
vertically. The competition parameters indicated the rover would never be more than 15 degrees
from horizontal, so our antenna would never be more than 15 degrees from vertical. This gave
us some concern, especially when the antenna was tipped away from the base station. A classic
vertical antenna is placed on an infinitely large ground plane, and the antenna does not radiate a
signal below this plane. The rover would not provide an infinite ground plane; we expected that
we would still get some radiation below that plane.
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The biggest problem turned out not being that the ground plane was too large, but that it was too
small. We determined that it would be difficult to establish a significant ground plane at the
elevated position that the antenna was located on the rover assembly. We expected that it would
be difficult to obtain the correct loading impedance for the antenna, and that its radiation pattern
would not be acceptable with a very small ground plane.
Our next attempt was to use a half wave dipole antenna design. The difficulty with a dipole is
that it has excellent broadside gain, but deep nulls at either end, as illustrated in figure 5. Since
we were not concerned about radiating the signal vertically, we considered mounting the dipole
vertically on the rover. However it appeared it would be difficult to obtain the proper matching
impedance for the radio transmitter when we configured the antenna and transmission cable in
that orientation.

Figure 5. Simulated Dipole Radiation Pattern
Our final solution for the rover antenna was to use an array of two horizontal dipole antennas,
rotated 90 degrees from each other, as shown in figure 6. It is a bit difficult to see one of the
dipole antennas in this figure, as it points directly at the camera directly below where the
transmission line enters the structure.
For the base station antenna design, we considered a parabolic dish and Yagi design. The dish
was going to be difficult and expensive to fabricate, mount, and steer, so we opted for a Yagi
antenna. We calculated the element lengths for both a 3 director and 4 director antenna array.
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For the three director antenna we found
•
•
•
•
•

Antenna Length=0.8λ=0.69*0.8=55.2 cm
Reflector Length=0.482 λ=0.482*0.69=33.26 cm
Emitter Length=0.424 λ=0.424*0.69=29.69 cm
Length of each Director=0.428 λ=0.428*0.69=29.53 cm
Distance between Elements=0.2 λ=0.2*0.69=13.80 cm

And for the 4 director antenna we found
• Antenna Length=1.2 λ=1.2*0.69=82.8 cm
• Reflector Length=0.482 λ=0.482*0.69=33.26 cm
• Emitter Length=0.420 λ=0.420*0.69=29.53 cm
• Length of each Director=0.428 λ=0.428*0.69=28.98 cm
• Distance between Elements=0.25 λ=17.25 cm
•
We wanted all the directors to be the same length, so the measurements above are not exactly the
same as the ideal calculations gave. It also appears that we needed a tolerance of 0.03 λ which
we did not think we could achieve with the inexpensive fabrication method we planned to use.

Figure 6. Rover Dipole Antenna Array
We used a commercial program known as YagiCAD to analyze both the 3 and 4 director
designs, along with a number of others. There did not appear to be significant advantage to
using 4, 5 or 6 directors, when compared to our base design of 3 directors and 1 reflector. The
final radiation pattern of our antenna design is shown in figure 7, and one of the antennas we
constructed is shown in figure 8.
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Figure 7. Yagi Radiation Pattern
We expect multipath reflection may be an issue when this system is used, which is why we only
looked at radio solutions that allowed the use of two transmit and two receive antennas. We
constructed two Yagi antennas to be used at the base station. While they could be mounted on a
common mast, it would be better if they were displaced both vertically and horizontally from
each other, as illustrated in figure 9.
The MadWiFi radio driver has the ability to switch between antennas to select the one with the
highest signal to noise ratio at any moment. We could have used more advanced technology,
such as multiple-input multiple-output modulation techniques. However it appeared that simply
using the highest SNR was sufficient for our application, and did not involve modifying the radio
modulation and demodulation software.
To verify the beam width of the Yagi antennas, we connected a frequency generator to one Yagi,
and a dipole antenna to a spectrum analyzer approximately 10 meters away. We rotated the Yagi
360 degrees, and recorded the power level registered on the spectrum analyzer. The
mathematical analysis indicated that we should have a 3 dB beam width of 48 degrees, and our
measurements indicated it was approximately 40 degrees. We considered these to be in close
enough agreement to allow us to use this design in the competition.
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Figure 8. 1 Reflector, 3 Director, 435 MHz Yagi

Figure 9. Spatial Diversity
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CONCLUSION
We successfully designed and implemented a two way digital radio communication link to
download video and telemetry data from a rover to be used in the Mars Society University Rover
Challenge. Commands can be uploaded to the rover from the base station using the same
system. The system appears to be a TCP/IP router to the external hardware, and operates in the
70 cm amateur radio band. It uses an omnidirectional antenna array on the rover and a pair of
Yagi antennas at the base station.
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13-05-04
13-15-02
13-09-03
13-07-01
13-16-03
13-07-04
13-06-04
13-04-02
13-03-04, 13-19-04
13-18-03
13-05-03
13-02-04
13-22-03
13-19-02
13-20-04
13-07-03
13-07-01
13-07-04

ITC 2013 Author Index
Author
Tramel, Nathan
Trapp, Brad
Travour, Alex
Treakle, Tom
Trojahn, Rachel
Uetrecht, Jim
Uhland, Gregory
Umuolo, Henry
Van Horne, Chris
Vasic, Bane
Vera, Esteban
von Oppenfeld, Christian
Wagner, Grant
Wallace, Matthew
Wierzbicki, Craig
Wigent, Mark
Wigent, Shannon
Wilcox, Tab
Wilhelm, Kenneth
Wright, Jordan
Wu, Mei-Su
Xin, Hao
Xingwen, Ding
Yan, Yihong
Yoshimi Kusumoto, Andre
Yu, Xiaoju
Yumin, Zhong
Zhe, Liu
Zhong, Yizhou

Paper Session(s)
13-06-01
13-22-05
13-05-04
13-15-02
13-20-04
13-07-02
13-03-03
13-07-01
13-22-01
13-01-03, 13-12-03, 13-18-02
13-14-04, 13-14-05
13-05-04
13-16-02
13-06-04
13-21-03
13-15-01
13-13-02
13-19-02
13-08-02
13-22-02
13-14-02
13-05-01, 13-05-04
13-12-05
13-19-04
13-13-04, 13-20-01
13-05-01
13-12-05
13-22-02
13-16-01

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”

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

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”
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The world’s most comprehensive telemetry event, featuring:
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> Short courses on telemetry topics and technical sessions
on the latest solutions and technologies
> Exhibits from over 100 of the industry’s traditional
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and Technology
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Lena Moran
2013 Executive Coordinator
TRAX International
Moreno Valley, CA

As has been the tradition for 49 years now, we are offering a comprehensive educational and professional development opportunity for the telemetry community.
Exhibitors are filling two large halls to showcase their latest products and services, we
have a full short-course program, technical program, professional society meetings, and
guest speakers who will be offering a perspective of where this industry has been, and
the challenges ahead.
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T H A N K YO U TO O U R
I T C VO L U N T E E R S !
ITC continues to be run by an all-volunteer
organizing committee without whom the
conference 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 49 years.

Just about every major sensor, communication, analysis and presentation tool used in
the industry today was first discussed as a technical paper or expert panel discussion
at past ITC conferences. Telemetry standards, advanced modulation algorithms, transmission and reception techniques, signal processing and intelligent systems have all
debuted at ITC. This year’s conference will continue the tradition of giving users, developers and integrators a forum to learn what is new in the industry, present their ideas,
requirements, products and wish lists of capabilities for products that will be developed
and deployed in the coming years.
This year’s conference will lead off with a discussion on the opportunities and challenges faced by “big data” — systems that generate orders of magnitude more data
than those of only a few years ago. Concepts such as data centricity, virtualization, data
mining, information security and cloud computing will be addressed. Changing government regulations and spectral limitations and reallocations are perennial issues at ITC.
Attendees can learn what solutions are currently available for these problems, attend
theoretical discussions of solutions which may be available in future years, and help
influence future regulations in this area.
The ITC sponsors the Telemetry Standards Coordinating Committee (TSCC) which
brings together government, corporate, education and international telemetry experts
to review proposed standards and make recommendations. We also sponsor the
International Consortium for Telemetry Spectrum (ICTS). The work this group did in
bringing about the allocation of spectrum in the C-band was outstanding. But more
important work continues in this area.
The conference is offering 11 short courses, covering everything from basic telemetry
fundamentals to advanced system design and analysis. This is followed by three days of
technical paper presentations to address specific advances in the art and science of
telemetry.
In summary, ITC brings significant benefits to the commercial and government community, the vendors who build new and innovative produces for this market, the test and
evaluation community of engineers, technicians who use these systems and products,
and those who bring all this together into turnkey solutions for today’s problem solving – and tomorrow’s challenges.
— Kurt Kosbar
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No other venue provides the depth of coverage on the telemetry
industry than you’ll get from ITC. The theme for ITC/USA 2013 is
Meeting ALL the Challenges of Telemetry. The conference will
strive to create a meaningful dialog within the telemetry community with the overarching goal to spawn
innovative solutions to emerging challenges. We’re kicking the conference off with the Icebreaker on Monday
night. Then on Tuesday we are pleased to welcome F-22 Chief Test Pilot, James Brown III, as the Student Luncheon
speaker. The conference caps off our special events with a conference luncheon on Wednesday that offers an
interesting and entertaining presentation.

EVENT GUIDE

DATE

TIME

Registration

Sunday, October 20

4:00pm–6:30pm

Monday, October 21

7:00am–6:00pm

Tuesday, October 22

7:00am–5:45pm

Wednesday, October 23

7:30am–11:45am / 2:00pm–5:00pm

Thursday, October 24

8:00am–10:00am

Monday, October 21

9:00am–5:00pm

Tuesday, October 22

10:00am–6:00pm

Wednesday, October 23

8:00am–11:45am / 2:00pm–6:00pm

Thursday, October 24

8:00am–12:00pm

Tuesday, October 22

1:30pm–4:30pm

Wednesday, October 23

8:30am–11:30am / 2:30pm–5:30pm

Thursday, October 24

8:30am–11:30am

ITC Icebreaker

Monday, October 21

6:30pm–8:30pm

Opening Ceremony &
Keynote Address

Tuesday, October 22

8:00am–10:00am

Student Luncheon

Tuesday, October 22

11:00am–1:00pm

Conference Luncheon

Wednesday, October 23

12:00pm–2:00pm

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

Exhibition Hours
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Calendar subject to slight modifications. Consult on-site program for latest information.
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MONDAY, OCT. 21

Short Courses

Halls

Principles &
Basic
Fundamentals
Basic
iNET
Introduction to Introduction Implementation of
Signals &
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Intermediate
Spectrum
SETUP
the IRIG 106-13
Systems
Telemetric
Analyzing Ethernet
to
ModulaMicrowaves &
Concepts
& Signal Analysis
Chapter 10
Engineering
Networks
Data
MATLAB
tion
RF
Standard

Advanced
Basics of
Modulation &
9:00 AM Demodulation
Aircraft
to
Techniques for Instrumentation
5:00 PM Telemetry
TIME

6:30 PM
to
8:30 PM

8:00 AM
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!
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s!
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z
i
r
P

ITC/USA 2013 Icebreaker

Free!me!

All Welco

>Location: Skyview 5/6

and
L i ve B

!

Opening Ceremony & Keynote Address >Location: Skyview 5/6
“A New Paradigm: Big Data Changes Everything”

CLOSED

CLOSED

TUESDAY, OCT. 22

Keynote Speaker: John M. Custer, MG, U.S.A. (Ret.) – Director of Federal Programs, EMC
Exhibits Are Open from 10:00 AM to 6:00 PM

10:00 AM
11:00 AM
to
1:00 PM

1:30 PM
to
4:30 PM

Student Luncheon & Speaker >Location: Skyview 1
“View from the Cockpit — A Test Pilot’s View of the Role of Telemetry Systems”
Speaker: James E. Brown III “JB” – F-22 Chief Test Pilot, Lockheed Martin Aeronautics Corp.

Technical Sessions:

1.

2.

3.

4.

5.

6.

Modulation &
Coding 1

Networks
1

Data Acquisition
1

Space
Applications

Antenna
RF Systems
1

Sensors

OPEN
10:00
AM
to
6:00
PM
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Exhibits Are Open from 8:00 AM to 11:45 AM

8:00 AM

8:30 AM

12:00
PM

Technical Sessions:

7.

8.

Modulation &
Coding 2

Networks
2

9.

10.

Data Acquisition Range Systems &
2
Applications 1

11.

ICTS
Special
Session

Conference Luncheon & Keynote Speaker >Location: Skyview 5/6
Telemetry and Remote Presence in Healthcare

CLOSED

Speaker: Dr. Yulun Wang – Chairman and CEO of InTouch Health
2:00 PM
2:30 PM
to
5:30 PM

Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Bronze 1

Technical Sessions:

12.

13.

14.

15.

16.

Modulation &
Coding 3

Signal & Data
Processing

Image & Video
1

Range Systems
& Applications
2

Antenna & RF
Systems
2

OPEN
2:00
C-Band Utilization PM
Requirements & Challenges to
6:00
Special
PM
Session
17.

Exhibits Are Open until 6:00 PM
8:00 AM
THURSDAY, OCT. 24

ITC/USA 2013

WEDNESDAY, OCT. 23

to
11:30
AM

OPEN
8:00
AM
to
11:45
AM

8:30 AM
to
11:30
AM

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

Technical Sessions:

18.

19.

20.

21.

22.

Modulation &
Coding 4

Networks
3

Image & Video
2

Hardware

Robotics

OPEN
8:00
AM
to
12:00
PM

Exhibits Are Open Until 12:00 PM
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.

KEYNOTE SPEAKER

ITC/USA’13 KEYNOTE SPEAKER
OPENING CEREMONY &
KEYNOTE ADDRESS
>Tuesday, October 22, 2013 8:00am – 10:00am | Skyview 5/6

A NEW PARADIGM: BIG DATA CHANGES EVERYTHING
In recent years, Big Data has been described as a rising tsunami
taking on a life of its own. Bringing value to such hyperscale datasets
can only be accomplished with analytics and although both companies and pundits agree that Big Data
Analytics could ultimately define the current information technology era, few can provide real solutions.
Is chaff the new wheat? Vastly different approaches are being attempted and engineered to decipher
and leverage Big Data across the business, military and governmental arenas. This is the conundrum
lying on the horizon for the Test and Evaluation Community and the ability to visualize and develop
strategies to deal with Big Data could determine success or failure in the future.

Keynote Speaker:
John M. Custer, MG, U.S.A. (Ret.) – Director of Federal Programs, EMC
5

Major General U.S.A. (Ret.) John M. Custer is the Director of EMC’s Federal Strategic
Missions and Programs. EMC is a leader in enabling government agencies to transform their
operations and deliver IT as a service. Through innovative products and services, EMC
accelerates the journey to cloud computing, helping IT departments to store, manage,
protect and analyze their most valuable asset – information – in a more agile, trusted and
cost-efficient way.
General Custer is responsible for leading all aspects of strategy, business development and program execution
for EMC Corporation’s Federal Business Division. His background with Intelligence, Surveillance and
Reconnaissance (ISR) operations as well as Intelligence Training is crucial as EMC partners closely with the
Federal Government and Department of Defense on its “Journey to the Cloud.”

General Custer is a graduate of the University of Delaware, a graduate of the Defense Language Institute’s
Russian curriculum and earned Masters degrees in Strategic Intelligence from the Joint Defense Intelligence
College and in National Security Studies from the National War College.

ITC/USA 2013

Custer has more than three decades of government experience with intelligence, secure communications
architectures, information technology and surveillance operations. As Director of Intelligence for U.S. Central
Command, he supervised intelligence operations in twenty-seven nations across the Middle East and oversaw all
ISR operations in Iraq, Afghanistan, the Horn of Africa, and the remainder of the Middle East. General Custer
commanded at every level and served as the primary Intelligence Staff Officer (S2/G2/J2) at Battalion, Brigade,
Division, Corps and Joint Command echelons. He worked as a Space Architectures Planner for the Joint Chiefs
of Staff and as a Nuclear Weapons Targeting Officer aboard the Supreme Allied Commander Europe (SACEUR)
Airborne Command Post.

LUNCHEON SPEAKERS

CONFERENCE LUNCHEON GUEST SPEAKERS
CONFERENCE LUNCHEON
>Wednesday, October 23, 2013
12:00pm – 2:00pm | Skyview 5/6
Dr.Yulun Wang, Chairman and CEO of InTouch Health, is a pioneer in the area of surgical robotics and
remote presence robot systems. These systems allow healthcare professionals to provide more effective
and efficient healthcare by allowing them to be to “be in two places at once”. Dr.Wang will be discussing
the challenges and opportunities available to the telemetry community in this rapidly expanding field.

T ELEMETRY

AND

R EMOTE P RESENCE

IN

H EALTHC ARE

Luncheon Speaker: Dr. Yulun Wang
Chairman and CEO of InTouch Health
Yulun Wang, Ph.D., Chairman & Chief Executive Officer, launched his career at the intersection of healthcare and
technology with the founding of Computer Motion and the invention of AESOP, the first FDA-cleared surgical robot.
Under his leadership, Computer Motion went public in 1997 and later merged with Intuitive Surgical. In 2002, Dr. Wang
established InTouch Technologies which does business as InTouch Health and has been recognized by Deloitte as one of
today's 500 fastest growing technology companies and by Inc. Magazine as one of the 500 fastest growing companies and
top 100 health companies in America. Dr. Wang has received multiple entrepreneurship and leadership awards and was
elected to the prestigious ranks of the National Academy of Engineering in 2011. Author of over 50 publications with over
100 patents registered in his name, he is a member of the University of California, Santa Barbara's Electrical and Computer
Engineering and Mechanical Engineering Advisory Board, the Hoag Memorial Hospital Presbyterian Board of Directors,
and the American Telemedicine Association (ATA) Board of Directors, where he also serves as an officer. Frequently invited
to speak at noteworthy meetings and events, Dr. Wang has appeared on the Today Show, CNN and other nationally
televised news programs. He received his Ph.D. in Electrical Engineering specializing in Robotics from the University of
California, Santa Barbara, in 1988.
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STUDENT LUNCHEON SPEAKER
>Tuesday, October 22, 2013 11:00pm – 1:00pm | Skyview 1

VIEW FROM THE COCKPIT —
A TEST PILOT’S VIEW OF THE ROLE

OF TELEMETRY

SYSTEMS

ITC/USA 2013

Student Luncheon Speaker: James E. Brown III “JB”, F-22 Chief Test Pilot
Lockheed Martin Aeronautics Company
Jim Brown graduated “With Distinction” from the Virginia Military Institute in 1976 with a BS
Degree in Civil Engineering, earned a Master of Science in Management from Troy State
University and completed graduate study in Mechanical Engineering with California State University, Fresno. Following two
European tours flying the F-4 and F-5 he was selected to attend the USAF Test Pilot School where he graduated in
December of 1986. Following graduation he tested the A-7, F-15 Eagle and then performed flight trials on numerous prototype aircraft which remain classified. Leaving the USAF in 1992, he flew the 737 for United Airlines for 2 years. In 1994
he was hired by the Lockheed Skunk Works as an Experimental Test Pilot in the F-117 Stealth Fighter. After flying the Stealth
for eight years, he was selected to test the F-22 Raptor. He served as the Lead Test Pilot for the Raptor Program at Edwards
Air Force Base, CA and in July 2011 took over as the F-22 Chief Test Pilot. In April 2012 he surpassed 1,000 flight hours
in the Raptor. JB is a Fellow and Past President of the Society of Experimental Test Pilots and is a Fellow of the Royal
Aeronautical Society. He has logged over 8,800 flight hours in 129 different models of aircraft and is the world’s highest
time Stealth Fighter pilot.

SHORT COURSES

SHORT COURSES
>MONDAY, OCTOBER 21, 2013 | 9:00AM–5:00PM
Short Course

Description

Instructor

Advanced Modulation
& Demodulation
Techniques For
Telemetry

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

Terry Hill,
Quasonix, LLC

Basics of Aircraft
Instrumentation

This course is an introduction to the full measurement chain, from sensor to graphic display. The course will cover
modern airborne data acquisition, recording, RF telemetry, and data reduction/processing systems. Emphasis is on
practical application of instrumentation devices, their operations, and best practices.

Mike Golackson
& Jim Alich,
Air Force Test
Center, Edwards
AFB

Basic Signals
& Modulation

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

Basic Systems
Engineering

This course studies end-to-end telemetry systems with their signal and noise characteristics. It concentrates on analysis of data streams for efficient transfers over the communication link. Sampling, filtering, commutation, and RF link characteristics are studied. Line Coding (NRZ-L, BIΦ-L, etc.) with their spectral (Fourier) characteristics, bandwidth and
filtering requirements are analyzed. Benefits of using Forward Error Correction (FEC) for data transmission is explained
(Block, Convolutional, and Turbo Coding concepts are discussed). Modulation techniques such as AM, PCM/FM (CPFSK),
BPSK and QPSK are analyzed; their Eb/N0 and BER performance characteristics are compared. Learn dB/dBm concepts
better. Course relies on the basic mathematical principals of the system.

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 typiMark McWhorter,
cally found in telemetry systems, touching on design and applications. Consideration of antennas, transmissions lines, couZodiac Data
plers/splitters/combiners, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc. is given. Concepts such as
Systems
“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.

Halil Altan,
Altan Tech
Consulting

Thomas Grace,
NAVAIR
Patuxent River
& Ben Abbott,
SwRI

* Short courses continued on page 8

ITC/USA 2013

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 iNET
Telemetry Network System (TmNS) 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. This course is intended for anyone who needs an introduction to iNET 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.
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SHORT COURSES (CONT.)
& TECH SESSIONS

SHORT COURSES
>MONDAY, OCTOBER 21, 2013 | 9:00AM–5:00PM
Short Course

Description

Instructor

Intermediate
Concepts

This course is designed for the more experienced user. It includes a discussion on technology covering the entire system from signal conditioners to recorders, workstations, and software. Specific topics include systemic implementations of
Nyquist and Nyquist folding, recorder architectures (both hardware and software), RAID implementations (DAS, NAS, SAN)
and performance issues of Windows and Unix system architectures, Range Communications, and the use of the new Chapter
10 Data formats, with a review of how the new iNET architecture will impact the ranges through 2025.

Tim Gatton,
Smartronix
(formerly
Wyle TDS)

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. 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 &
Analysis
Corporation

Introduction to
MATLAB

This is a hands-on course for practicing engineers who would like to learn how to leverage one of industry's most powerful
software tools: MATLAB. Participants will gain the experience of writing their own MATLAB scripts. Topics covered will be
basic MATLAB syntax, file I/O, data analysis, data reduction, event simulation, data visualization, and algorithm development.
We will explore MATLAB's basic tool set as well as additional tool boxes. No programming experience is required. MATLAB
software and a rental license will be provided as part of the course, however, participants will need to provide their own
laptop computer.

Grant Senn,
TRAX
International,
LLC

Principles &
Implementation of
the IRIG 106-11
Chapter 10
Standard

This course offers an in-depth tutorial presentation of the IRIG 106-11 Chapter 10 Digital Recorder Standard for onboard,
Al Berard,
ground and replay/reconstruction systems. Recording, reconstruction and replay systems from Eglin AFB IDIQ IRIG-106 Air Force Test
Chapter 10 compliant systems will be demonstrated. The workshop leaders have pioneered IRIG-106 Chapter 10 standard Center, Eglin AFB
and uses throughout developmental test, operational test and operational fleets. An overview of the IRIG 106-13 standard & Mark Buckley,
additions and changes will also be presented as well as the use of the standard in the standardization of high-speed instru- Telspan Data
mentation video test systems.

8
Spectrum and
Signal Analysis

This course explores the range of measurements that can be made with a vector spectrum analyzer, from swept
measurements of the RF spectrum through spur searches and pulsed signal measurements and on to more advanced
measurements like phase noise, noise figure and demodulation of communications signals. The material presented is suitable
for beginners, but can also serve as a useful survey for more experienced users.

Donald
Vanderweit,
Agilent
Technologies

*Short course certificates provided upon request.
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ITC/USA 2013 TECHNICAL SESSIONS AND SESSION CHAIRS
>Tuesday, October 22

>Wednesday, October 23

Session 1. Modulation & Coding 1
Stephen Horan, NASA Langley Research
Center

Session 7. Modulation & Coding 2
Gene Law, PAE Applied Technologies, LLC

Session 2. Networks 1
Michael Golackson, Air Force Test
Center, Edwards AFB
Session 3. Data Acquisition 1
James Yates, L-3 Communications
Session 4. Space Applications
Kevin Crawford, NASA Marshall Space
Flight Center
Session 5. Antenna & RF
Systems 1
Dr. Gerhard Mayer, University of
Salzburg, Austria
Session 6. Sensors
Lee Eccles, Boeing Corporation

Session 8. Networks 2
Diarmuid Corry, Curtiss Wright
Session 9. Data Acquisition 2
Lorin Klein, Air Force Test Center, Eglin AFB
Session 10.Range Systems &
Applications 1
Mike Scardello, Spiral Technology
Session 11. ICTS*
Jean-Claude Ghnassia, Telemetry
Spectrum
Session 12. Modulation &
Coding 3
Raymond Faulstich, PAE Applied
Technologies, LLC

>Thursday, October 24
Session 13. Signal & Data
Processing
Rich Hansen, Air Force Flight Test Center
(ret)

Session 18. Modulation &
Coding 4
Brian Keating, Naval Air Warfare
Center Aircraft Division

Session 14. Image & Video 1
Tim Gatton, Smartronix (formerly Wyle
TDS)

Session 19. Networks 3
Sergio Penna, Embraer

Session 15. Range Systems &
Applications 2
Bruce Lipe, Air Force Test Center, Edwards
AFB
Session 16. Antenna & RF
Systems 2
Ronald Pozmantier, Air Force Test Center,
Edwards AFB
Session 17. C-Band UtilizationRequirements & Challenges *
Steve Musteric, Lead Engineer, TSCRS
Effort

Session 20. Image & Video 2
Kenneth Wilhelm, Boeing
Corporation
Session 21. Hardware
Joseph Bilodeau, Boeing
Corporation
Session 22. Robotics
Rodger Charroux, The Aerospace
Corporation

* Special Session

SPECIAL EVENTS

SPECIAL EVENTS
TECHNICAL CONFERENCE EVENTS
>MONDAY, OCTOBER 21, 2013
ITC Icebreaker

6:30pm–8:30pm
>Skyview 5/6

Back by popular demand, the C-Band will be performing at this years
Icebreaker! Please come join us for complimentary hors d’oeuvres and
some great music! Everyone is welcome to this event — a great way
to renew old acquaintances and make new contacts.
ree!

F
me!
All Welco

>TUESDAY, OCTOBER 22, 2012
Opening Ceremony & Keynote Address

ree!

F
me!
All Welco

A New Paradigm: Big Data Changes Everything

8:00am–10:00am
>Skyview 5/6

The best paper prizes for the conference will be followed by the keynote address from John M. Custer, MG, U.S.A. (Ret.),
Director of Federal Programs, EMC. In recent years Big Data has been described as a rising tsunami taking on a life of its own.
Bringing value to such hyperscale datasets can only be accomplished with Analytics and although both companies and pundits
agree that Big Data Analytics could ultimately define the current information technology era, few can provide real solutions. Is
chaff the new wheat? Vastly different approaches are being attempted and engineered to decipher and leverage Big Data across
the business, military and governmental arenas. This is the conundrum lying on the horizon for the Test and Evaluation
Community and the ability to visualize and develop strategies to deal with Big Data could determine success or failure in the
future. A light continental breakfast will be served at 7:30am and the program will begin promptly at 8:00am.

Student Luncheon
View from the Cockpit —
A Test Pilot’s View of the Role of Telemetry Systems

9

11:00am–1:00pm
>Skyview 1

ITC is proud to have James E. Brown III, F-22 Chief Test Pilot with Lockheed Martin Aeronautics Corporation, as the Student
Luncheon Speaker! He will explain his view of the importance, and role, that telemetry systems play in the testing and evaluation of advanced aerospace systems. Students holding a ticket will be provided lunch, however all are invited to listen to his
presentation.

Telemetry and Remote Presence in Healthcare

12:00pm–2:00pm
>Skyview 5/6

Come and enjoy a delicious lunch and listen to Dr. Yulun Wang, Chairman and CEO of InTouch Health, discuss the challenges
and opportunities available to the telemetry community in this rapidly expanding field of robotics.
Tickets: $20.00/person.

Seating for Wednesday’s luncheon is limited, so buy your ticket(s) early. Online purchase is available
through October 17, 2013 — just go to www.telemetry.org. Or you can buy your tickets on-site at the
registration desk starting Sunday, October 20th at 4:00pm.

ITC/USA 2013

>WEDNESDAY, OCTOBER 23, 2012
Conference Luncheon

ABOUT
ITC/USA 2013

ABOUT ITC/USA 2013
An acclaimed international technical symposium for 49 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
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, including the establishment and support
of scholastic telemetry programs at six universities. The 3½-day conference
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 conferences 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.

10

Who Should Attend?
If you are involved with any kind of aerospace, vehicular, biomedical, meteorological,
or industrial telemetry applications, then you belong at ITC/USA 2013. This
premier forum brings together customers, suppliers, academics, and the engineering
community to discuss how technology is revolutionizing the field.

ITC/USA 2013

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?
> 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 conference attendees

EXHIBITOR LIST

ITC/USA 2013 EXHIBITOR LIST (

AS OF AUGUST

20, 2013)

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

Acroamatics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .312
ADAS . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .819
AIT . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .911
Alta Data Technologies . . . . . . . . . . . . . . . . . . . . . . . . . . . . .906
AMERGINT Technologies . . . . . . . . . . . . . . . . . . . . . . . . . . .524
AMPEX Data Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1107
Apogee Labs, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .234
Apollotek Ltd . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .425
Astro-Med, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .415
BAE Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .420
Brandywine Communications . . . . . . . . . . . . . . . . . . . . . . .1019
CALCULEX . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .305
Clear-Com . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .428
Cobham Defense Electronics . . . . . . . . . . . . . . . . . . . . . . . .500
Command and Control Technologies Corporation . . . . . . .432
Compunetix Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .923
CPI Malibu Division . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1010
Creative Digital Systems Integration . . . . . . . . . . . . . . . . . . .822
Curtiss-Wright Controls Avionics & Electronics . . . . . . . .1101
DANAM Systems, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .334
Dayton-Granger, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .805
De Vries Scientific, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . .1017
Delta Digital Video . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .213
DEWESoft LLC . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .912
Dewetron . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .221
Dynetics . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .520
EMC Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .101
Emhiser Research, Inc . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .429
ESE . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .705
Evertz . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .823
GDP Space Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .215
Haigh-Farr, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .723
Herley Industries . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .333
IAI . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1117
Ingenicomm, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1023
Instrumentation Technology Systems . . . . . . . . . . . . . . . . . .135
IPtec Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .813
ITEA . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .211
ITT Exelis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .913
JDA Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1116
JT3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .421
L-3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .115
LP Technologies, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .818
Lumistar . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .417
Masterclock, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .423

Meggitt Sensing Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . .321
Microwave Innovations . . . . . . . . . . . . . . . . . . . . . . . . . . . . .422
mWAVE Industries, LLC . . . . . . . . . . . . . . . . . . . . . . . . . . . .400
NetAcquire Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . .203
NMSU/Physical Science Laboratory . . . . . . . . . . . . . . . . . . .237
OnTime Networks. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .811
Orbit Communication Systems, Inc. . . . . . . . . . . . . . . . . . . .817
PCB Piezotronics . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .235
Photo-Sonics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .310
Pulse Research Lab . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .205
Quad Tron, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .301
Quasonix . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .405
Quintron Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .207
Ramona Research . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .719
Raytheon . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1009
Reach Technologies Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . .327
Rotating Precision Mechanisms, Inc. . . . . . . . . . . . . . . . . . . .919
RT Logic . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .320
Smartronix (formerly Wyle TDS) . . . . . . . . . . . . . . . . . . . . .105
Society of Flight Test Engineers . . . . . . . . . . . . . . . . . . . . . . .401
Southwest Research Institute . . . . . . . . . . . . . . . . . . . . . . . .717
Spiral Technology, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .233
Summation Research, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . .300
Superior Access Solutions, Inc. . . . . . . . . . . . . . . . . . . . . . . .910
Symmetricom . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .323
Symvionics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1001
Sypris Electronics . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .917
Systel . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .329
Systems Engineering & Management Company . . . . . . . . . .127
TCS, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .727
TTC . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .707
Telspan Data . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .414
Ulyssix Technologies Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . .315
United Technology Aerospace Systems-ISR Systems
Albuquerque . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .133
Universal Switching Corp. . . . . . . . . . . . . . . . . . . . . . . . . . . .227
U.S. Army Yuma Proving Ground . . . . . . . . . . . . . . . . . . . . .809
ViaSat, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1111
Wideband Systems, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . .711
Zodiac Data Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .903

Sponsorships still available.
Be a sponsor and get noticed!!!!!
= Gold Sponsorship

= Bronze Sponsorship
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ITC/USA 2013
2012

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

2013 GOLD SPONSORS
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Ready to Move to C-Band? Great!
Quasonix is already there, and now we’re expanding the industry’s widest range of C-Band
transmitters and receivers…

ITC/USA 2013

TRANSMITTERS

RECEIVERS

Package
Size

Output
Power

Frequency Range
in ONE Package

6.9 in3

10 or 20 W

2200 – 2400 MHz and
4400 – 5250 MHz

4.8 in3

5, 10, or 20 W

4400 – 5250 MHz

5 or 10 W

4400 – 5250 MHz

2.0 in

3

Package
Size

Frequency Range
in ONE Package

12 in3
Airborne
or
Rackmount

200 – 1150 MHz and
1415 – 1585 MHz and
1650 – 1855 MHz and
2185 – 2500 MHz and
4400 – 5250 MHz

!
NEW
ive
t
Adaplizer
a
u
Eq

Please visit us in booth 405 to see live demos.

2013 GOLD SPONSORS

R

d

I t

RIPR

TM

t dP

dR

t

HUD

Use of U.S. DoD imagery does not imply or constitute DoD endorsement.

VSD

FPCD

HOT
TA
AS

SWITCHES

VIDEO
ETHERN
NET
ATP
T

VIDEO
VIDEO

PROCESSOR
BOARD

6

MIL-STD-1553
6

SERIAL LINK

PCM

32

RVDT & ANALOG

BUS 8

“Sometimes you have to think inside the box!”
CALCULEX

PLEASE VISIT US
AT BOOTH #305.
305

®

www.calculex.com
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TELEMETRY TRACKING SYSTEMS
FOR TODAY AND DECADES TO COME
TRACKING THE MOST
DEMANDING TARGETS
Difficult tracking applications require
an antenna that provides precision
tracking performance and accurate
telemetry data acquisition, even on the
most difficult targets.

SEE OUR NEW 8 FOOT C- /
S-BAND TRACKER IN BOOTH 1111
THAT OFFERS THE BEST
PERFORMANCE FOR STAYING ON
FAST MOVING TARGETS.
WWW.VIASAT.COM

ITC/USA 2013

ViaSat has been supplying high
performance tracking antennas for over
45 years and has delivered hundreds of
installed systems.

HOTEL INFORMATION

HOTEL INFORMATION
Event Location
ITC/USA 2013 will be hosted at Bally’s Hotel and Convention
Center located in the middle of the Las Vegas strip. With first-class
spa facilities, fine dining, and gracious accommodations, the Bally’s is
ideal for vacationers and convention delegates alike. Most ITC
events, including short courses, technical sessions, and exhibits, will
occur in or in close proximity to the Convention Center area of
the hotel property. Other events, including the opening ceremony
and conference luncheon, will be clearly marked with signs. Bally’s
is located at 3645 Las Vegas Blvd. South, Las Vegas NV 89109.

Hotel Reservations

R es er ve noe wbe stto se le ct io n!
en su re th

ITC/USA 2013 encourages all attendees and exhibitors to stay at
Bally’s. Doing so justifies our free use of convention space during
the conference, which in turn allows us to offer a “regular” technical registration charge that is far lower than other major technical
conferences.
Care has been taken to reserve a block of rooms at special rates
for attendees — please specify that you will be attending the conference when booking your reservation.The cut-off date to reserve
under the room block is October 4, 2013. After that, rooms will be
sold on a space-available basis.

ntion
e
v
n
o
C
&
l
e
Ballyís HotCenter

Room block cut-off: October 4, 2013
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Reservations via Web: www.telemetry.org (click on
Accommodations to be directed to the hotel information
page). If you need to reserve more than one room, establish
master billing, or have any questions, please contact Bally’s
Room Reservations at 1-877-603-4390.
Resort Fee: A daily resort fee of $18 (plus applicable tax)
can be added at check-in. Resort fee includes: daily in-room high
speed internet access for one device, all local calls, and fitness
center access for two.

ITC/USA 2013

Cancellations: Bally’s Hotel and Convention center requires a 72hour cancellation notice prior to the reservation date. Late cancellations will result in the first night’s stay being billed to your credit
card.
Check in/Check out: Check-In time is 4:00pm and Check-Out
time is 11:00am. There is a charge for early check in as well as
early check out. Please contact the hotel directly for more
details.

The Citvyer
that Nes!!
Sleep

e
INTERNET CAFÉ

ITC will provide an Internet Café for personal use by attendees within the Exhibit
Halls. Please consult the Exhibitor Packet
for Internet access at exhibitor booth spaces.
For your convenience, Bally’s Hotel offers
wireless access from its guest rooms at a fee
of $13.95 per 24-hour period.

REGISTRATION INFO

ITC/USA 2013 REGISTRATION INFORMATION
To Register, Go Online
>

www.telemetry.org
CONFERENCE REGISTRATION TYPES
Regular

Provides access to all exhibit areas, technical sessions and includes a DVD of
the Technical Proceedings.

$175

Short Course

Fee to attend one short course of your choice.

$400

Active Duty
Military

For individuals on active military duty. Provides access to all exhibit areas,
technical sessions and includes a DVD of the Technical Proceedings.

$10

Full-Time
Student

For full-time students. Provides access to all exhibit areas, technical sessions
and includes a DVD of the Technical Proceedings.

Author/
Session Chair

For those individuals whose technical paper has been published in ITC 2013
Technical Proceedings and/or individuals who will be chairing a technical
session. Includes access to all exhibit areas/technical sessions and a DVD of
the Technical Proceedings.

$10

1
2

2 Easy Ways
to Register!
Online:
Go
to
w w w. t e l e m e t r y. o r g
and click on the
registration link. This is
your quickest and easiest
option!
In Person: If you don’t
register by October 17,
2013, you’ll need to register
at the conference. On-site
registration begins Sunday,
October 20th at 4:00 p.m.
14

No Charge

ITC/USA 2013
REGISTRATION POLICIES
Online Registration Deadline

Provides access to all exhibit areas and includes a DVD of the Technical
Proceedings.

Exhibitor
Booth Staff

For those individuals working at their company’s booth. Provides access to all
exhibit areas, technical sessions, and includes a DVD of the Proceedings.

No Charge

Manufacturer’s
Representative

For those individuals working at a booth their company represents. Provides
access to all exhibit areas and includes a DVD of the Technical Proceedings.

$25

Spouse &
Guest

Provides access to all exhibit areas.

Conference
Luncheon

Ticket allows admittance to Conference Luncheon.

$25

No Charge

$20

Don’t wait…
go to www.telemetry.org.
Online registration ends
October 17, 2013.
Substitutions

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

Refunds will be accepted for
cancellations received before
October 19, 2013.
Badging Info

Badges for anyone that registers
online will be available for pickup
at the ITC registration desk
beginning Sunday, October 20,
2013 at 4:00pm.

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

ITC’13 Exhibitors: Please register your show personnel, guests, and sales representatives on the web!

ITC/USA 2013

Exhibits Only
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INTERNATIONAL
TELEMETERING
CONFERENCE/USA
> AEROSPACE
> BIOMEDICAL
> INDUSTRIAL
> INFRASTRUCTURE
> METEOROLOGY
> MILITARY
Sponsored by the
International Foundation
for Telemetering

>

10101010101010101010101101010101010101010101010101010101010

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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