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Foreword 

Thank-you everyone for attending this, the forty-sixth year of the International Telemetering Conference. 

This year the theme of the conference is:  Overcoming Telemetry Obstacles with Technology   

This year however, I’m going to use this space to talk about the relationships that we make and how ITC is a vehicle making new ones 
and building onto relationships that we already have. 

In the current climate of our work and the economy, many are challenging the need for large group technical meetings like the ITC. 
Many of our managers look at their shrinking budgets and ask questions like:  “Aren’t these papers that will be presented available on-
line?”  Many of us think about the time spent away from home and our families and wonder if the real benefit justifies the cost and the 
effort. 

One missing element in all of those lines of reasoning are the relationships that get built and grow because we attend conferences like 
the ITC.  In many ways that is the real pay-off for the expense and the effort.  Building relationships that we can use to enrich our lives 
and our careers.  Travel is an often unavoidable part of our work.  We go to remote test sites, sometimes we travel to go to training 
events, and occasionally we even visit the facilities of a vendor to confirm their suitability for our projects. 

Along with attending conferences like the ITC, all of these events offer us the opportunity to build or reinforce relationships that add 
value to our lives and our workplace experiences.   

I recently exhibited at an ITEA event and witnessed something among the attendees that I think is pretty clearly suffering from lost 
appreciation in our modern day technologically enabled work environments.  I saw senior members of our industry – managers of major 
programs, and newly retired flag and field officers greeting each other with the warmth that you associate with men and women that had 
been friends for 25 years or more.  Why?  Because it was true!  These folks have relationships with each other that go back 25 or more 
years.  They were once the young range engineers and data analysts.  Early on they met and got to discuss projects and obstacles at 
meeting points like the ITC. 

So here is how we can answer our manager’s question.  Yes, the technical papers will at some point be available for reading on-line, 
but the people that wrote them won’t be.  The conference exists as much as a venue for bringing people together as it is a collection 
point for the technical content.  The folks that I saw at that ITEA event that were enjoying seeing each other so much have had 25 or 
more years to build these relationships.  I hope for all of us that we will all have such richly experienced careers to share with each 
other when we’ve been doing this for 25 years. 

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 a few new relationships that you can build on over the years to come.   

 

Steve Proudlock 
September 2010 
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A MESSAGE FROM THE
IFT BOARD PRESIDENT

Welcome to ITC 2010.  The International Foundation for Telemetering
(IFT) is pleased to sponsor this unique event, now in its 46th year. 

Pride in that tradition means we expect ITC 2010 will be even better.
General Chair Rey Garza and Technical Program Chair Bob Selbrede
have a program with outstanding papers, hardware, and software
exhibits.  Our exceptional volunteer staff and the organizations support-
ing them really are the core of ITC.  Their hard work literally makes ITC
possible.

Education is one of our primary goals — short courses, technical papers,
exhibits, and interaction with the real experts.  You really cannot beat that combination.
ITC supports specific telemetry education recently expanded to six Universities — New
Mexico State, Arizona, Brigham Young, Missouri Univ. of Science & Technology, University of
California at Santa Barbara, and now, the University of Kansas.  Our Short Courses are the
best source for Continuing Education anywhere in telemetry.  We also sponsor the
Telemetry Standards Coordinating Council and international efforts to acquire, preserve
and defend telemetry spectrum. The IFT is the only national organization exclusively for
telemetry education and advancement of telemetry.  Participation directly benefits not only
your current work but prepares for the future through education. 

I am always excited by the experience of the leading companies exhibiting the latest in
technology and “talking details.”  Historically, most new telemetry products were
announced at ITC.  Nowhere do the needs and solutions of telemetry business meet in
one place like they do at ITC. 

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 teleme-
try 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.

That profound transition requires live interaction between academia,
manufacturers, government, test ranges and standards organizations.
That, after all, is ITC.  Be thoroughly involved and enjoy it !

We are always seeking ways to improve ITC and service to the telemetry
industry.  Please contact me or any member of the Staff with ideas, critiques or suggestions.
We are at www.telemetry.org. 

~ Bill Rymer, 

President, IFT

Bill Rymer
Board President

International Foundation
for Telemetering
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WELCOME

COME JOIN US AT ITC 2010 

Reynaldo Garza
2010 General Chairman

JT3
Edwards AFB, CA

Robert Selbrede
2010 Technical Chairman

JT3
Edwards AFB, CA

Tha
nk
You
to Al
l ITC Volunteers!

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 46 years.

On behalf of the ITC Committee, we invite you to attend the 2010 International
Telemetering Conference. This year’s conference is being held in sunny San Diego,
California at the beautiful Town and Country Resort.  Our conference theme is
“Overcoming Telemetry Obstacles with Technology”.

Staying current with technology is no simple task. In today’s environment, techni-
cal professionals are constantly challenged to work smarter while keeping cost to
a minimum. ITC will provide you direct access to the world’s most current prod-
ucts and technically advanced minds. You will meet professionals that are working
to solve the same type of challenges that you are facing. 

The 2010 conference will be informative and fun. The agenda will be filled with
technical sessions related to the most recent technological breakthroughs in the
field of telemetry. Academia will have the largest representation of student papers
to date. The opening session will include a Blue Ribbon Panel discussion chaired by
Mr. Derrick Hinton. The panel members will discuss overcoming telemetry obsta-
cles and technology solutions. Major areas of discussion will cover bandwidth,
weapons evolution, range encroachment and technology solutions and adoption
lag time. 

Be sure not to miss the keynote luncheon. ITC is very fortunate to have Mr.
Michael Rinn from the Boeing Corporation. Michael will present an overview of
the very successful airborne laser live-fire engagement that made history earlier
this year over the western test ranges.

The technical program features 12 one-day short courses and 24 technical sessions
which include three special sessions covering a wide variety of technical topics.

Our social events will include a Mexican fiesta-themed Icebreaker, exhibitor
receptions, and raffles to help you unwind from the technical events. So please
register soon to join our community in attending the world’s premiere
telemetering conference.

Rey, Bob and the entire ITC volunteer committee look forward to seeing you in San Diego.

ITC/USA 2010 CONFERENCE SPONSORS

Tha
nk
You
to Al
l ITC Volunteers!

Bill Wargo
2010 Exhibits Chairman

AIM-USA
Bristol, PA

Lena Moran
2010 Executive Coordinator

CSC
Moreno Valley, CA

ACRA CONTROL

Wyle

Symvionics

Gold & Silver Sponsors:

Quasonix

L-3

CALCULEX
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Short Courses Halls

TIME

9:00 AM
to

5:00 PM

Adv.
Modulation
Techniques

Basic
Signals &
Modulation

Intermediate 
Concepts

Principles of
TM Ground
Station
Antennas 

iNET
Telemetric
Networks

Onboard
Solid State
Recording
Standard

Basic
Systems

Engineering

Theory of
Constraints
Project

Management

Basics of
Aircraft

Instrumen-
tation

Image
Compression
with JPEG

2000

Introduction
to GPS

Funda-
mentals of
Microwaves

& RF

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2010 Icebreaker:  “Fiesta!!!!”
>Location: Terrace Pavilion (by the pool)

CLOSED

TU
ES

DA
Y, 

OC
T. 

26

8:00 AM
to

11:00
AM

Opening Ceremony & Blue Ribbon Panel  >Location:  Golden Pacific Ballroom

Overcoming Telemetry Obstacles with Technology: Where Are We Going with Technology?
Chair: Derrick Hinton – Principal Deputy Director, Test Resources Management Center

Panelists: Thomas Berard–Exec. Director, Air Force Flight Test Center, Edwards AFB; Terrence Clark–Director, Range Dept., Naval Air Systems Command; 
Robert Carter–Exec. Director, U.S. Army Developmental Test Command, Army Test & Eval. Command, White Sands Missile Range;

Simon Aspinall–Sr. Director, SP Data Center and Mobility Solutions, Cissco Systems

CLOSED

11:00 AM Exhibits Are Open from 11:00 AM to 6:00 PM

OPEN
11:00
AM
to

6:00 
PM

1:30 PM
to 

4:30 PM

Technical 
Sessions:

1.
iNET
Topics
1

2.
Airborne

Instrumentation
Systems &
Concepts 1

3.
Networked
Telemetry

1

4.
Transmitters,
Receivers &

Demodulators 1

5.
Ground &
Airborne

Antenna Systems
1

6.
Space

Applications

5:00 PM Reception  >Location:  Exhibit Halls  (5:00 PM – 6:00 PM)

W
ED

NE
SD

AY
, O

CT
. 2

7

8:00 AM Exhibits Are Open from 8:00 AM to 11:45 AM OPEN
8:00
AM
to

11:45 
AM

8:30 AM
to

11:30 AM

Technical
Sessions:

7.
iNET
Topics
2

8.
Airborne

Instrumentation
Systems &
Concepts 2

9.
Networked
Telemetry

2

10.
Transmitters,
Receivers &

Demodulators 2

11.
Ground &
Airborne

Antenna Systems
2

12.
Data Processing &
Display Systems

12:00 PM
to

2:00 PM

Conference Luncheon & Keynote Speaker  >Location:  Golden Pacific Ballroom

Airborne Laser Test Bed and Future Testing of Directed Energy Weapons
Speaker: Michael Rinn, Vice President & Program Director Airborne Laser Test Bed, Boeing

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Esquire Room
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

5:30 PM

Technical
Sessions:

13.
RCC TG
& TSCC

14.
Airborne

Instrumentation
Systems &
Concepts 3

15.
Networked
Telemetry

3

16.
Modulation and

Coding
Techniques

17.
Spectrally
Efficient

Communication
Links

18.
Multiple-Input
Multiple-Output

Systems

Exhibits Are Open until 6:00 PM 
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8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM
OPEN
8:00 
AM
to

12:00
PM

8:30 AM 
to 

11:30 AM

Technical
Sessions:

19.
ICTS

20.
Special Telemetry

Applications

21.
Data

Management &
Data Archiving
Technology

22.
Range
Systems

23.
Video, Timing &
Synchronization

24.
JAMI

Users Group

Exhibits Are Open Until 12:00 PM

CONFERENCE
AT A GLANCE

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.
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Session
Special

Session

Special

Session
Special

Session Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!

Fun!

Food!

Prizes!



SHORT COURSES

*Short course certificates provided upon request.  

SHORT COURSES
>MONDAY, OCTOBER 25, 2010 | 9:00AM–5:00PM
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Short Course Who Should Attend? Description Instructor

Advanced Modulation
& Demodulation

Techniques

Technical personnel
with some teleme-

try background

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

Terry Hill, 
Quasonix, LLC

Basic Signals
& Modulation

Beginning technical
personnel with

limited experience
in communication &
modulation systems

This course will cover basic concepts necessary to understanding the data communications process within the telemetry sys-
tem. This will include signal descriptions, the Pulse Code Modulation (PCM) process, concepts of analog and digital modula-
tion and demodulation, and signal bandwidth representations. Emphasis will be on graphical representations with minimal
mathematical requirements.

Dr. Stephen
Horan, 

NASA Langley
Research Center

Intermediate 
Concepts

Experienced
telemetry users
wanting system

knowledge

This course includes a discussion of technology topics covering the entire system from Nyquist through computers, RAID,
and Chapter 10 airborne and ground recorders — from signal conditioners to recorders, workstations, and software. Specific
topics include systemic implementations of Nyquist and its hidden impacts, recorder architectures (both hardware & soft-
ware), 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, 
Wyle Telemetry &

Data Systems

Principles of
Telemetry Ground
Station Antennas,

Positioners &
Controllers

Experienced in
telemetry & satellite

communications

The full-day objective of the class provides insight into various major components of a tracking system for operators, elec-
tronic technician and engineering level personnel. The course covers some basic RF of various antennas and propagation, then
specific relevance to how tracking RF feeds and optics operate. The course then progresses to the design of positioners, con-
trollers, servo control loops and, finally, how a tracking receiver is utilized to control the entire system. This course does not
cover receiver design, modulation techniques or data reduction/storage.

George R. Blake,
Orbit

Communications
Systems, Inc.

iNET Telemetric
Networks

Technical
personnel with

basic knowledge of
networking 
concepts

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 technolo-
gies, 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 vehicle network, radio access net-
work, range network, network management, and telemetric applications. This course is intended for anyone who needs an
introduction to iNET technologies and system capabilities. This short course is particularly beneficial for persons responsible
for or involved in flight test instrumentation and telemetry systems.

Thomas Grace,
NAVAIR &

Myron Moodie &
Ben Abbott, SwRI

Onboard Solid State
Recording Standard

Technical 
personnel

This course offers an in-depth tutorial presentation of the new IRIG 106-09 Chapter 10 standard for airborne flight test
recorders, with recording and playback systems available for students to use and operate. The instructors wrote the standard
and played key roles in its development.

Al Berard,
Eglin AFB &

Mark Buckley,
JDA Systems

Basic Systems 
Engineering

Beginning 
telemetry 

professionals

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 require-
ments 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.  Bring your scientific calculators and
learn dB/dBm concepts better. Course relies on the basic mathematical principals of the system.

Halil Altan,
Honeywell
Aerospace

Introduction to GPS

Technical personnel
with knowledge of
the basic concepts

of signals and
systems

This short course will present the fundamental communications theory that makes GPS possible as well as the common digi-
tal signal processing algorithms that are used to make it practical and effective.  Based on this fundamental background, the
course will then carefully catalog the limitations of GPS, separating out those which are due to fundamental theoretical con-
straints from those which are due to processing limitations inherent in the current technological implementations of the sys-
tem components.  In addition, there will be a discussion of some of the many current applications of GPS technology in both
the military and commercial worlds.

Chuck Creusure, 
New Mexico State

University

Image
Compression

with
JPEG 2000

Technical 
personnel

Provides a half-day overview of image compression fundamentals, followed by a half-day overview of JPEG 2000. Compression
fundamentals to be covered include: entropy, Huffman coding, context coding, adaptive coding, discrete cosine transform (DCT),
and wavelet transform. JPEG 2000 is the latest ISO standard for image compression. It is being adopted in many applications
including medical imaging, wide-area persistent surveillance, and digital cinema, to name a few. The overview of JPEG 2000 will
focus on features and functionality, as well as the underlying algorithms. Numerous examples and demos will be included.

Dr. Michael W.
Marcellin, 

University of
Arizona

Fundamentals
of Microwaves

and RF

Technical 
personnel

This course begins with a brief review of the history of microwaves, an overview of the microwave spectrum, basic physics of
microwave propagation and reflection theory, standing waves, power density, phase and polarity. Section 2 of the course dis-
cusses various microwave component design and their applications. Consideration of antennas, transmissions lines, cou-
plers/splitters, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc is given. The use of the Smith Chart and
microwave test instrumentation is briefly discussed. The final section of the course discusses the general design and applica-
tion of a complete digital TLM transceiving system, from airborne component to ground station including trade-offs impacting
performance such as bit error performance, noise and consideration of multipath fading effects.

Mark McWhorter,
Lumistar, Inc.

Basics of Aircraft
Instrumentation

Technical
personnel

This course is an introduction to the full measurement chain, from sensor to graphic display. 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,

AFFTC/Edwards

Theory of Constraints
Project Management and

its Application in the
Instrumentation Division

at Edwards AFB

Project managers
and systems
engineers

Theory of Constraints Project Management (TOC PM) is utilized by many government and industry organizations to manage
Flight Test, Acquisition, and Aircraft Modification projects. Part 1 of this briefing will describe the systemic problems related to
managing projects, and the TOC PM solution designed to overcome those problems; planning, scheduling, synchronizing, project
visibility and control, and resource behaviors. Part 2 of the briefing will provide insight on how the TOC PM methodology is
being used on aircraft modifications and will include discussions on the benefits and results.

Eileen Owens
& Joe Dale,

AFFTC/Edwards
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The Blue Ribbon Panel will be moderated by Derrick Hinton, and will feature panelists speaking on various
technical challenges facing the telemetry community and the technology development efforts going on,
intended to address those challenges. 

Chairman:
Derrick Hinton – Principal Deputy Director, Test Resource
Management Center (TRMC)

G. Derrick Hinton is a member of the Senior Executive Service with a 20-year civilian
career in the Department of Defense. In his current role as the principal deputy,
Defense Test Resource Management Center (TRMC) within the Office of the Under

Secretary of Defense for Acquisition, Technology and Logistics (OUSD [AT&L]), Mr. Hinton is the prin-
cipal staff assistant and advisor to the director, TRMC for all matters pertaining to assessment of
and strategic planning for the Major Range and Test Facility Base (MRTFB), including annual cer-
tification of the Military Department and Defense Agency Test and Evaluation (T&E) budgets and
development of the congressionally-directed biennial Strategic Plan for DoD Test & Evaluation
Resources. In addition, Mr. Hinton serves as deputy director for the Joint Investment Programs and
Policy Division of TRMC. With an annual budget totaling over $250M, he is responsible for man-
agement of the Central Test and Evaluation Investment Program (CTEIP), the Test and
Evaluation/Science and Technology (T&E/S&T) Program, and the Joint Mission Environment Test
Capability Program, as well as for development and implementation of MRTFB policy.

Mr. Hinton began his career serving in the United States Marine Corps Reserve from 1985 to 1991,
joining the DoD civilian workforce in 1989 as a test engineer responsible for munitions T&E with
the 46th Test Wing at Eglin Air Force Base, Florida. In 1996, Mr. Hinton joined the AT&L team,
initially in the Office of the Director, Test, Systems Engineering and Evaluation, transitioning to the
Office of the Director, Operational Test and Evaluation in 2001, and finally joining the Test Resource
Management Center in 2005. During his tenure with AT&L, Mr. Hinton has made significant contri-
butions to MRTFB policy and T&E investment programs, most recently while “dual-hatted” as pro-
gram manager for both CTEIP and T&E/S&T. In this capacity, he executed a combined annual budg-
et of approximately $200M, led management of all instrumentation development efforts sponsored
by TRMC, and was responsible for maturing and transitioning technology to enhance the overall
DoD T&E capability. Mr. Hinton successfully ensured the use of a corporate investment approach
to combine Service and Defense Agency T&E needs, thereby maximizing opportunities for Joint and
multi-service efforts and eliminating unwarranted duplication of test capabilities across the MRTFB.

Thomas R. Berard – Executive Director, Air Force Flight Test
Center, Edwards AFB

As a member of the Senior Executive Service, Mr. Berard is the Executive Director, Air
Force Flight Test Center, Edwards Air Force Base. He serves as principal deputy to the
center’s commander with extensive authority for broad management, policy development,
decision-making and effective program execution of the center’s development, test and

evaluation mission. His role as an executive manager involves long- and short-range planning, poli-
cy development, the determination of program and center goals, including scientific and technical
matters, and overall management of the base complex. Over 25 years at the AFFTC, he has worked
on projects including the first flight of the B-1B, and development and acquisition of all of the tech-
nical support equipment for testing the B-2. He served as Chief of the Development Engineering
Division responsible for the Improvement and Modernization Program for the AFFTC, and Director of
Developmental Test and Evaluation for the 445th Flight Test Squadron where he was responsible for
the DT&E of the F-15, T-38 and RU-38. He later became Division Chief of the Range Division, 412th
Test Wing, responsible for the operation and maintenance of the Edwards Flight Test Range, includ-
ing the acquisition, transmission, processing and display of flight test data for AFFTC customers.

Terrence K. Clark – Director, Range Department, Naval Air
Systems Command
Mr. Clark serves as the Director, Range Department, for the Naval Air Systems
Command. The NAVAIR Ranges operate, manage and sustain interoperable air, land
and sea test and training ranges, range instrumentation and associated facilities; pro-
vide air vehicle and weapons systems modification and instrumentation; schedule and

control air, land and sea space and associated range operating areas.

Mr. Clark began his civil service career in 1977 at the Sacramento Air Logistics Center, McClellan
Air Force Base, Calif. He has remained with the Department of Defense for his entire 29-year career.

In 1980, he transferred to the then Pacific Missile Test Center at Point Mugu, Calif., and was
involved in developing instrumentation test capability. In 1983, he transferred to work in the
Electronic Warfare arena, performing various technical and line leadership functions at increasing
levels of responsibility for the next five years in support of the EA-6B program. Mr. Clark was

OPENING CEREMONY & BLUE RIBBON PANEL
>Tuesday, October 26, 2010 8:00am – 11:00am | Golden Pacific Ballroom

selected to head the Missile Systems Evaluation Branch in 1988 at the GS-14 level, responsible for
the leadership of all SPARROW technical tasks. In 1990, he was selected to lead all of the EA-6B
efforts at Point Mugu in support of the NAVAIR Program Manager and promoted to GS-15.

In 1992, Mr. Clark was selected as the Deputy Director for Electronic Warfare. He continued in
this role through the creation of the Naval Air Warfare Center Weapons Division, and was select-
ed to be the Associate Director for the new Systems Engineering Department, where he was respon-
sible for all aspects of senior systems engineering support to the major NAVAIR programs support-
ed at the Division.  In May 1996, he was selected to lead Test Operations for the Pacific Ranges
and Facilities.

Selected for promotion to the Senior Executive Service in November 1998, Mr. Clark was appoint-
ed as Head, Avionics Department at the Naval Air Warfare Center Weapons Division. In this posi-
tion, he was responsible for providing full spectrum avionics support to all program efforts at the
Division.

In May 2005, Mr. Clark was assigned as the Director, Software Engineering for the Naval Air Systems
Command where he was responsible for directing the software efforts on all Naval Aviation war
fighting systems within the Command and served as the principal advisor to NAVAIR leadership on
software matters. He continued in that position until selected for his current assignment.

Robert S. Carter — Executive Director, U.S. Army
Developmental Test Command, Army Test and Evaluation
Command, White Sands Missile Range

Mr. Robert S. Carter was selected to the Senior Executive Service in May 2009.
As Deputy to the Commander/Technical Director of the U.S. Army White Sands
Missile Range, he is responsible for the successful operation of the largest over-
land missile test range within the Department of Defense. White Sands Missile

Range conducts over 500 tests annually with a test mission workforce of approximately 1,800 per-
sonnel. Mr. Carter is responsible for all scientific and technical policies and procedures as well as
resource management plans and programs for the range.

Mr. Carter began his career as Test Director, Combat Systems Test Activity at Aberdeen Proving
Ground, MD in Dec. 1983. Then from 1988 to 1996, he was served as Independent Assessor, Ground
Warfare Assessment Division, U.S. Army Test and Evaluation Command, Aberdeen Proving Ground,
MD. He became Supervisory Operations Research Analyst, U.S. Army Developmental Test Command
at Aberdeen until the end of 2000.

After 6 months as Acting Deputy Director, Plans, Programs and Resources, Office of the Deputy
Assistant Secretary of the Army (Acquisition, Logistics, & Technology), Headquarters, Department
of the Army in Washington, DC, he became a student at the U.S. Army War College, Carlisle
Barracks, PA.

From June 2002 through May 2003, Mr. Carter held the position of Chief, Test Business Management
Division, U.S. Army Developmental Test Command at Aberdeen Proving Ground, then Deputy Director
for Organizational Establishment, Interim Test Resource Management Center, Office of the Secretary
Defense, Arlington, VA. In March 2004, he was promoted to Director of Plans and Operations, U.S.
Army Developmental Test Command at Aberdeen Proving Ground.

Mr. Carter served as Interim Executive Director, White Sands Missile Range between Oct. 2008 and
Apr. 2009. He has achieved such awards and honors as Superior Civilian Service Award, 2006, 2008,
2009; Office of the Secretary Defense Award for Excellence, 2004; Silver Medal for Outstanding
Supervisor, Baltimore Federal Executive Board, 1999. And is a member of International Test and
Evaluation Association and Association of the United States Army.

Simon Aspinall – Senior Director, SP Data Center and
Mobility Solutions, Cisco Systems

As Senior Director, Cisco SP Marketing organization, Simon Aspinall leads teams
that are responsible for marketing of Cisco’s mobility and data center solutions
to telecoms, cable, media and broadcast customers worldwide. The team is respon-
sible for developing, launching and driving successful marketing campaigns across
the entire product range for Mobility and SP data-centers (including the evolu-

tion towards SP cloud computing). Mr. Aspinall is a frequent speaker at industry events and a com-
mentator on the IT, telecoms, and networking sectors.  

Before Cisco, Mr. Aspinall spent eight years at Mercer Management Consulting, a firm providing man-
agement and financial consultancy to the worldwide telecoms sector. He was also the founder and
non-executive director of an Internet incubator with operations in five countries. He holds an MBA
(Insead) and a master’s degree in Engineering & Computer Science (Oxford University)
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ITC/USA 2010 TECHNICAL SESSIONS AND SESSION CHAIRS

>Tuesday, October 26
Session 1. iNET Topics 1
Bruce Lipe, AFFTC

Session 2. Airborne
Instrumentation Systems 
& Concepts 1
Mike Golackson, AFFTC

Session 3. Networked
Telemetry 1
James Yates, L-3 Telemetry & RF
Products

Session 4. Transmitters,
Receivers & Demodulators 1
Ronald Pozmantier, AFFTC

Session 5. Ground & Airborne
Antenna Systems 1
Greg Washburn, KRS Telemetry
Engineering 

Session 6. Space Applications
Lance Self, Air Force Research
Laboratory

>Thursday, October 28
Session 19. ICTS Special
Session *
Jean-Claude Ghnassia, ICTS Chair

Session 20. Special Telemetry
Applications
Ed Bukowski, US Army Research
Laboratory

Session 21. Data Management &
Data Archiving Technology
Jaime Reyes, White Sands Missile Range

Session 22. Range Systems
Kevin Crawford, NASA Marshall Space
Flight Center

Session 23. Video, Timing and
Synchronization
Jesus Benitez, White Sands Missile Range

Session 24. JAMI Users Group *
Steven Meyer, Naval Air Warfare
Center, Weapons Division

Session 7. iNET Topics 2
Thomas Grace, NAVAIR

Session 8. Airborne Instrumen-
tation Systems & Concepts 2
Lee Eccles, Boeing 

Session 9. Networked 
Telemetry 2
Archie Moore, Spiral Technology Inc.

Session 10. Transmitters,
Receivers & Demodulators 2
Darryl Burkes, NASA Dryden Flight
Research Center

Session 11. Ground & Airborne
Antenna Systems 2
Robert Sakahara, NASA Dryden Flight
Research Center

Session 12. Data Processing &
Display Systems
Tim Gatton, Wyle Telemetry & Data
Systems

Session 13. RCC TG & TSCC *
Robert Given, Chair, RCC Telemetry Group
and Dr. Shelia Horan, Chair, Telemetering
Standards Coordination Committee

Session 14. Airborne Instrumen-
tation Systems & Concepts 3
Brian Keating, NAVAIR

Session 15. Networked Telemetry 3
Victor Martinez, AFTTC

Session 16. Modulation & Coding
Techniques
Dr. Gerhard Mayer, GVM Consultants

Session 17. Spectrally Efficient
Communication Links
Terry Hill, Quasonix

Session 18. Multiple-Input
Multiple-Output Systems
Gene Law, CSC Range & Engineering
Services

>Wednesday, October 27

* Special Session  

CONFERENCE LUNCHEON GUEST SPEAKER

CONFERENCE LUNCHEON
>Wednesday, October 27, 2010
12:00pm – 2:00pm | Golden Pacific Ballroom

On February 3 and 11, 2010 the Airborne Laser Test Bed, flying out of Edwards AFB, destroyed two missiles
in the boost phase with a directed energy weapon system. This historic achievement opens the way for future
testing of directed energy weapons in a variety of applications and theaters. Relax during lunch as Mr. Rinn
describes the tests and the events leading up to this breakthrough in technology applications. He also will
describe the future for directed energy technologies.

Airborne Laser Test Bed and the Future Testing 
of Directed Energy Weapons

Luncheon Speaker:  Michael Rinn
Vice President & Program Director, Airborne Laser Test Bed, The Boeing Company, Missile Defense Systems Division
Michael Rinn was named Vice President for Boeing Directed Energy Systems (DES) in Albuquerque, New Mexico in May 2010. DES brings
the best of Boeing together to provide cost-effective solutions to complex directed energy and electro-optics customers.  DES operates
large optical telescopes sites at Starfire Optical Range, New Mexico and on Maui. Major programs include the Army’s High Energy Laser
Technology Demonstrator, the Navy’s Free Electron Laser, and the Missile Defense Agency’s Airborne Laser Test Bed.  Other breakthrough
technologies include 3D LADARs, Tactical Relay Mirror Systems, and specialized tracking and beam control systems. 

Previously, Mr. Rinn served as the Vice President for the Airborne Laser Program, successfully demonstrating the nation’s only boost phase
ballistic missile shootdown. The Airborne Laser Testbed provides speed-of-light capability to destroy ballistic missiles in their boost phase of
flight and is at the forefront of directed energy weapons.

In his twenty-three years with Boeing, Mr. Rinn has served in various technological and program management roles. He has extensive expe-
rience in the integration and testing of aircraft and complex electro-optic and high-energy laser systems. He acted as deputy program man-
ager for advanced programs at Boeing Laser and Electro-Optical Systems (LEOS) for more than ten years and subsequently served as the
director for the Maui Space Surveillance System and the Maui High Performance Computing Center. 

Before joining Boeing, Mr. Rinn served in the U.S. Navy as a Lieutenant and F-14 pilot. He flew over 1,700 hours and completed more than
200 carrier landings. 

Michael Rinn holds a Bachelor of Science in Geology from Northern Arizona University and a Master of Business Administration from
University of La Verne in La Verne, California.



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. 
 
Recent projects have supported the “Turn Around, Don’t Drown” initiative.  
The goal of the project is to reduce the number of casualties and property  
 

 
 
damage caused by drivers attempting to cross flood roadways.  Many 
motorists misjudge the danger associated with crossing a flooded low-water 
bridge.  This project instruments the bridge with sensors which determine 
when the roadway is flooded.  The sensing device then relays this 
information through an ad-hoc network to a remote location, where warning 
gates or lights can be activated.  Drivers can then plan to take an alternate 



route, and are more likely to heed the warning when they cannot see the 
hazard first-hand.  The sensors, and all network nodes are powered by 
photovoltaic panels, and rechargeable batteries.  The system can operate for 
extended periods of time without user intervention or maintenance. 
 

 
 
Missouri S&T is one of the few schools in the country which has 
participated in the American Solar Challenge automobile race every year it 
has been run.  A new vehicle is built for every race and has evolved from 
slow moving vehicles simply trying to complete the course without stopping 
each day – to cars that are now only limited by the legal speed limit on the 
roads they travel. 
 
With each new car, comes a new telemetry system.  These systems have also 
evolved from devices that did little more than report a few basic 
measurements, to ones that have the ability to monitor and control a large 
number of systems on the vehicle, and provide integrated voice and data 
communications.  The Students shown below were funded in part with IFT 



donations, and developed the telemetry system used in one of the recent 
solar vehicles. 
 

  
 
 
 
 
 
Another 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. 
 

 
 
 
 
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. 
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Annual Report 
 

Ronald Iltis and Hua Lee 

University of California, Santa Barbara 

May 2010 

 

 

 

Research Projects: 

 

During this past academic cycle, the main focus of our research activities were focused 

on 4 projects: 

 

1. Tera-Hertz Imaging  

2. Micro Medical Ultrasound Arrays  

3. Ultrasound Imaging for Prostate Cancer Research 

4. MIMO Sensing Array 

 

These projects were supported by 

 

1. National Science Foundation 

2. US Army TATRC 

3. CDMRP 

4. US Navy. 

 

Graduate and Undergraduate Research: 

 

Three graduate students completed the PhD degree during the academic year. Zachary 

Taylor’s thesis topic was Tera-Hertz Imaging. David Schmelzer’s thesis was on 

Nonlinear Effects of High-Efficiency Switching Amplifiers. James Tandon’s thesis was in 

the area of Image-Based Sensor Research. In addition, two graduate students, Tricia Fu 

and Chris Utley, in the laboratory have advanced to PhD candidacy. 

 

In the category of undergraduate research, two seniors conducted telemetry-related 

research projects during this academic year. Matthew Honea’s work focused on dual 

drive Mach-Zender modulators for Sigma-Delta modulation. Audrey Wei’s work was on 

ultrasound collision avoidance device for the blind. 

 

A list of selected research publications is attached. 
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Selected Publications: 

 
David B. Bennett, Martin O. Culjat, Kimani Williams, Hua Lee, Elliott R. Brown, Warren 

S. Grundfest, and Rahul S. Singh, “Flexible Ultrasound Transducer Arrays Featuring 

Microfabricated Polyimide Joints,” IEEE Sensors Letters, 2009. 

 

Martin O. Culjat, David B. Bennett, Michael Lee, Elliott R. Brown, Hua Lee, Warren S. 

Grundfest, and Rahul S. Singh, “Polyimide-Based Conformal Ultrasound Transducer 

Array for Needle Guidance,” IEEE Sensors Letters, 2009. 

 

Jing-Ming Guo and Hua Lee, “Watermarking in Halftone Images with Noise Balance 

Strategy,” International Journal of Imaging Systems and Technology, 2010. 

 

Jing-Ming Guo, Soo-Chang Pei, and Hua Lee, “Watermarking in Halftone Images 

with Parity-Matched Error Diffusion,” Signal Processing, 2010. 

 
Michael Lee, Rahul S. Singh, Martin O. Culjat, Shyam Natarajan, Brian P. Cox, Elliott R. 

Brown, Warren S. Grundfest, and Hua Lee, “Waveform Synthesis for the Design and 

Image Reconstruction of FMCW Ultrasound Imaging Systems with Flexible Conformal 

Arrays,” SPIE Medical Imaging Conference, 2009. 

 

Priyamvada Tewari, Martin Culjat, Warren Grundfest, Rahul Singh, Jon Suen, Zachary 

Taylor, Elliot Brown, and Hua Lee, "Analysis of the Role of Collagen in Tera-Hertz 

Reflection from Skin,” Proceedings of Advanced Biomedical and Clinical Diagnostic 

Systems Conference, 2009. 

 

David B. Bennett, Rahul S. Singh, Kimani Williams, Hua Lee, Elliott R. Brown, Warren S. 

Grundfest, and Martin O. Culjat, “Micromachined Flexible Conformal Ultrasound 

Transducer Arrays Based on Polyimide Joints,” Proceedings of Health Monitoring of 

Structural and Biological Systems III Conference, 16th SPIE International Symposium on: 

Smart Structures and Materials & Nondestructive Evaluation and Health Monitoring, 

March 2009. 

 
Hua Lee, “Signal Processing Algorithms for UUV Navigation and Collision Avoidance,” 

Journal of the Acoustical Society of America, 125(4), p. 2537, April 2009. 

 

Michael Lee, Rahul S. Singh, Martin O. Culjat, Elliott R. Brown, Warren S. Grundfest, and 

Hua Lee,  “Micro Flexible Ultrasound Imaging Array Systems,” Journal of the Acoustical 

Society of America, 125(4), p. 2514, April 2009. 

 

J. Y. Suen, R. S. Singh, W. Li, Z. D. Taylor, M.O. Culjat, E. R. Brown and H. Lee, 

“Sensing with Terahertz Radiation: Applications and Challenges,” Proceedings of the 

International Telemetry Conference, 2009. 

 

W. Li, R. S. Singh, J. Y. Suen, Z. D. Taylor, M.O. Culjat, E. R. Brown, and H. Lee, 

“Terahertz Spectroscopy,” Proceedings of the International Telemetry Conference, 2009. 

 

Hua Lee, “Underwater Acoustical Imaging and Sensing Systems for Homing and Docking, 

Navigation, and Collision Avoidance,” Acoustical Imaging, Vol. 30, 2009. 
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Rahul S. Singh, Martin O. Culjat, Michael Lee, David B. Bennett, Shyam Natarjan, Brian 

P. Cox, Elliott R. Brown, Warren S. Grundfest and Hua Lee, “Conformal Ultrasound 

Imaging System,” Acoustical Imaging, Vol. 30, 2009. 

 

Martin O. Culjat, Aaron E. Dann, Michael Lee, David B. Bennett, Peter G. Schulam, Hua 

Lee, Warren S. Grundfest, and Rahul S. Singh, “Transurethral Ultrasound Catheter-Based 

Transducer with Flexible Polyimide Joints,” IEEE Ultrasounics Symposium, 2009. 

 

Michael Lee, Rahul S. Singh, Martin O. Culjat, Scott Stubbs, Shyam Natarajan, Elliott R. 

Brown, Warren S. Grundfest, and Hua Lee, “Designing Multistatic Ultrasound Imaging 

Systems using Software Analysis,” Proceedings of SPIE Medical Imaging Conference, 

2010. 

 

Shyam Natarajan, Rahul S. Singh, Michael Lee, Brian P. Cox, Martin O. Culjat, Warren S. 

Grundfest, and Hua Lee, “Accurate Step-FMCW Ultrasound Ranging and Comparison 

with Pulse-Echo Signaling Methods,” Proceedings of SPIE Medical Imaging Conference, 

2010. 

 

E.R. Brown,
 
Z. D. Taylor,

 
P. Tewari,

 
R. S. Singh,

 
M.O. Culjat,

 
D.B. Bennett,

 
W. S. 

Grundfest,
 
J. Suen,

 
and H. Lee, “THz Sensing and Imaging of Skin Tissue – Exploiting the 

Strong Reflectivity of Liquid Water,” Proceedings of International Symposium of Spectral 

Sensing Research, 2010. 

 

Tricia Fu and Hua Lee, “An Alternative Channel Model for Dual Underwater Acoustic 

Communications and Imaging MIMO Systems,” International Telemetering Conference, 

2010. 
 

Christopher Utley and Hua Lee, “Novel Angle of Arrival Algorithm for Use in Acoustical 

Positioning Systems with Non-Uniform Receiver Arrays,” International Telemetering 

Conference, 2010. 
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TELEMETERING AT THE UNIVERSITY OF ARIZONA 2009-10 
 

Michael W. Marcellin 
Department of Electrical and Computer Engineering 

The University of Arizona 
Tucson, AZ 85721 

 
 
 

ABSTRACT 
 

This has been a very productive year for telemetering at the University of Arizona. Three 
undergraduate capstone projects have resulted in undergraduate papers being submitted for ITC 
2010. Three graduate student papers have also been submitted for ITC 2010. Nineteen students 
and two faculty from the UofA were in attendance at ITC 2009, where we received the Best 
Undergraduate Student paper award. An undergraduate telemetering course was taught at the 
UofA in the Fall semester of 2009, as well as a short course at ITC 2009. 
 
 

CAPSTONE PROJECTS 
 

All capstone projects at the University of Arizona are performed by inter-disciplinary teams 
consisting of seniors from various departments in the College of Engineering and Optical 
Sciences. Capstone design projects can be proposed and sponsored by external organizations 
and/or university faculty. Projects are typically sponsored by engineering companies. In the 
2009-10 academic year, two projects were sponsored by the International Foundation for 
Telemetering. Several additional projects related to telemetering were carried out. These include 
a wireless situational awareness system, a wireless power transmission system, a wireless cattle 
monitoring system, and a camera design for the Orion spacecraft.  
 
The wireless situational awareness system was sponsored by the International Foundation for 
Telemetering. This system employs GPS, heart rate monitors, and carbon monoxide sensors. 
Data from these sensors are transmitted wirelessly to a base station using XBee communication 
modules. The various sensors and communication tasks are managed by an Arduino Micro-
Controller. The sensor package is to be worn by a person in the field. Location, heart-rate, and 
carbon monoxide levels are transmitted to a computer base station via an ad-hoc multi-hop mesh 
network comprising all sensor packages in the field. Locations of all personnel are plotted on 
overhead maps (courtesy of Google Maps). Color codes indicate heart-rate and carbon monoxide 
levels. This project won second place for Best Analog Design among all senior capstone projects 
completed in 2009-10 (prize sponsored by Texas Instruments). This project has been submitted 
and accepted for presentation at ITC 2010. The team members for this project are: Austin 
Scheidemantel, Paul Frost, Shivhan Nettles, Ibrahim Alnasser, Chelsie Morales, and Benjamin 
Carpenter.  
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Wireless Situational Awareness System 

 
 

 
Prototype Sensor Package with XBee communication module. Upper left: Displayed GPS 

coordinates. Upper center: CO sensor. Upper right: Circuit board (detail below). Lower right: 
rechargable battery. Lower center: Arduino micro-controller. Left center: XBee  

communication module.  
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Circuit board close-up. This board was designed and manufactured by the students. It includes 

GPS module, power supplies, battery charger and control circuitry. 
 
 
The wireless power transmission project focused on fulfilling the dream of Tesla. The project 
was sponsored by the International Foundation for Telemetering. The students designed and built 
high gain antennas for transmitting and receiving RF energy at 2.45 GHz. They also designed a 
rectifier circuit for harnessing power at the receiver. The students were able to light a standard 
red LED with a separation between antennas of more than 1 meter. This work has been 
submitted and accepted for presentation at ITC 2010. The team members are: Ryan Nastase, 
Anas Salhab, Jonathan Campbell, Robert Fuller, and Kaoru Elliott. 
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The wireless power transmission prototype. Right: voltage controlled oscillator/signal generator. 

Upper center: power amplifier. Upper left: transmitter antenna. Center left: receiver antenna. 
Lower left: rectifier circuit and LED. 
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Antennas close-up. 
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The Orion space camera project is a follow on to a project conducted the previous year. The 
previous team developed a camera design based on a liquid lens to achieve electronic focusing 
with no movable parts. That team won the best undergraduate student paper at ITC 09. The team 
this year enhanced the design with improved electronics and additional fixed lens elements to 
remove chromatic aberrations present in the previous design. This new work has been accepted 
for presentation at ITC 10. Team members are: Azeem Shahid, Adrian Lizarraga, John Rogers, 
Brittany Lynn, and Jeremiah Lange. 
 

 
 
 
 

INTERNATIONAL FOUNDATION FOR TELEMETERING FELLOWSHIPS 
 
The International Foundation for Telemetering has graciously provided funding for graduate 
fellowships at the University of Arizona. Through a combination these funds, endowment funds, 
and National Science Foundation support, four IFT Fellows were named for 2009-10. Kristin 
Jagiello is a M.S. student, while Han Oh, Dzung Nguyen, and Shiva Planjery are PhD students, 
all in the Department of Electrical and Computer Engineering at the University of Arizona. They 
are working on theses in the areas of compressed sensing, perceptual image coding, and 
graphical code design. Between them, they will present three papers at ITC 2010.  
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Kristin Jagiello and Han Oh 

 
 
 

 
Dung Nguyen and Shiva Planjery 

 
 
 
ITC 2009 ACTIVITIES 
 
The University of Arizona was well represented at the 2009 International Telemetering 
Conference. Professor Marcellin attended the Telemetering Standards Coordination Committee 
meeting. He serves as the alternate to Shelia Horan as the representative to this committee on 
coding and data compression. He could not stay long, as he taught his short course the same day, 
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which largely overlapped the TSCC meeting. His short course on “Image Compression with 
JPEG2000” has been offered for several years at ITC. Attendance is moderate, and reviews from 
students are very good.  
 
Nineteen students and two faculty members from the University of Arizona attended ITC 2009. 
We had three graduate student papers and three undergraduate student papers. One of our 
undergraduate student papers won first prize in the undergraduate student paper contest.  
 

 
University of Arizona students and faculty at ITC 2009 

Sandip Uprety, Han Oh, Ben Carpenter, Joseph Caglio, Zack Stephens, Thurston Hane, 
Anantha Krishnan, Mike Moore, Anas Salhab, Austin Scheidemantel, Dr. Michael Marcellin, 
Kristin Jagiello, Jonathan Campbell, Jamie Williamson, Dr. Elmer Grubbs, Wade Lichtsinn, 

Ryan Nastase, Paul Frost, Ibrahim Alnasser, Kaoru Elliott, Dominique Quihuis.  
Photo by: Cliff Aggen 

 
CONCLUSIONS 
 
The telemetering activities at the University of Arizona have increased dramatically over the past 
year. We are actively participating in the International Telemetering Conference. We are 
vigorously pursuing undergraduate and graduate level projects of relevance to telemetering. Our 
involvement would not be possible without the generous support of the International Foundation 
for Telemetering.  



NMSU Report to the IFT Board of 

Directors – 2010

Dr. Charles D. Creusere, Frank Carden Chair in 
Telemetering & Telecommunications

Klipsch School of Electrical and Computer 
Engineering
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Staff

• Faculty

– Drs. Phillip Deleon, Deva Borah, and Charles 

Creusere, and Joerg Kliewer continue on the 

faculty

– Dr. Charles Creusere was awarded the Frank 

Carden Chair in Telemetering & 

Telecommunications in January 2010.

– IFT Professorship (briefly held by Dr. Creusere) is 

currently vacant



Staff

 Dr. Sheila Horan will retire from NMSU, in December 2009

• Continues to chair the Telemetry Standards Coordinating Committee 

(TSCC) through October

• The Spring meeting of the TSCC was held in Virginia in April

 Dr Eric Johnson of the Klipsch School will be retiring in July

 While not directly involved with the IFT/ITC, one of Dr. Johnson’s 

interest areas is in secure communications (esp. HF wireless)

 His position will probably be lost due to budget cuts.

4
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Educational Programs

• This year’s student capstone projects:
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Educational Programs

• IEEE Robot Design Classes

– Partially supported using Carden Chair Funds

– Student Initiated Activity

– A lot of the focus was on embedded 

programming 

– Basic hardware construction skills were also 

taught
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Robot Design: Microcontroller 

Workshop



High School Robot Demonstration



Robot Competitions

Sumo Robot Competition Region 5 Robot 

Competition
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Research Programs

• Research Programs

– Deva Borah: NSF sponsored project on hybrid RF/laser 

communications; AFRL sponsorship on optical 

communications

– Phillip DeLeon: Awarded a Fulbright Fellowship to 

perform DSP research at the University of Vienna

– Joerg Kliewer: NSF sponsorship on end-to-end network 

coding 



IFT Sponsored Research

• Chair funds were used to support research 

assistants hired by Dr. Joerg Kliewer over the 

past two years

– Joerg’s research areas include:

• Network coding and network information theory

• Error correcting codes

• Joint source and channel coding

• Signal processing for communications applications

11



IFT Sponsored Research

• Journal papers produced during this period:

S. Puducheri, J. Kliewer, T. E. Fuja: The design and performance of distributed LT codes. IEEE Transactions on 

Information Theory, vol. 53, no. 10, pages 3740-3754, Oct. 2007

• L. Xiao, T. E. Fuja, J. Kliewer, D. J. Costello, Jr.: A network coding approach to cooperative diversity. IEEE Transactions 

on Information Theory, vol. 53, no. 10, pages 3714-3722, Oct. 2007.

• S. X. Ng, O. Alamri, Y. Li, J. Kliewer, L. Hanzo: Near-capacity turbo trellis coded modulation design based on EXIT charts 

and union bounds. IEEE Transactions on Communications, vol. 56, no. 12, pages 2030-2039, December 2008.

• R. Thobaben, J. Kliewer: An efficient variable-length code construction for iterative source-channel decoding. IEEE 

Transactions on Communications, vol. 57, no. 7, pages 2005 - 2013, July 2009.

• L. Xiao, T. E. Fuja, J. Kliewer, D. J. Costello, Jr.: Error performance analysis of signal superposition coded cooperative 

diversity. IEEE Transactions on Communications, vol. 57, no. 10, pages 3120-3131, October 2009.

• T. Cui, T. Ho, J. Kliewer: Memoryless relay strategies for two-way relay channels, IEEE Transactions on Communications, 

vol. 57, no. 10, pages 3132–3143, October 2009.

• A. Huebner, J. Kliewer, D. J. Costello, Jr.: Double serially concatenated convolutional codes with jointly designed S-type 

permutors. Accepted for publication, IEEE Transactions on Information Theory, 2009.
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Continued…

• J. Kliewer, K. S. Zigangirov, C. Koller, D. J. Costello, Jr.: Coding theorems for repeat multiple accumulate codes. 

Submitted to IEEE Transactions on Information Theory, 2008. 

• T. Cui, T. Ho, J. Kliewer: Communication protocols for N-way relay networks. Submitted to IEEE Transactions on Signal 

Processing, 2009.

• T. Cui, T. Ho, J. Kliewer: On secure network coding over networks with unequal link capacities. Submitted to IEEE 

Transactions on Information Theory, 2009. 
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IFT Scholarship Winners

• Ryan Vordermann, CS (3.7 GPA)

• Richard Gutierrez, ECE (3.58 GPA)

• Travis Burkhard, ECE (3.88 GPA)

• Nick Marcoux, ECE (3.71 GPA)

• Martin Oesterle, ECE (3.14 GPA)
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Graduate Certificate Program in 

Telemetering
• We are currently in the process of developing 

graduate certificate programs in the areas of digital 

signal processing, communications, and power

• These programs would be offered simultaneously to 

both local and distance education students

• Each certificate requires students to take 4 classes

• Classes taken for a certificate count towards a 

Masters degree

15



Graduate Certificate Program in 

Telemetering
• Would such a certificate in Telemetering be of 

interest to this community?

• What classes would be appropriate for inclusion?

– Typically, two classes are required and two electives are 

selected by the student:

• Required: EE585 (telemetering systems), EE581 (digital comms) 

or EE545 (DSP)

• Elective: EE568 (wireless networks), EE571 (random signal 

analysis) EE572 (channel Coding), EE573 (signal compression), 

EE 496 (analog comms), Interdisciplinary classes ?
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Telemetering at NMSU: Post-Horan

• NMSU would like to continue to be an active partner 

with the IFT and to continue our involvement with 

and support of the ITC
– We can certainly still host the IFT board meeting in the Spring

• We are clearly in a transition period
– I am just beginning to get up to speed on IFT and ITC issues

– Funds from the chair account are not directly accessible to me, so I 

cannot direct their use in supporting NMSU activities 

• One way or the other, we will soon have two full-time faculty 

who are committed to furthering the mission of the IFT at 

NMSU
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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 ARTM Tier-0, Tier-

1, and Tier-2 waveforms, and multi-antenna 

communications for aeronautical telemetry. 

 

Multipath Modeling and Mitigation 

Using Multiple Antennas 

This research project focused on the 

helicopter-to-ground telemetry link. The 

goal is to model the multipath interference 

on the telemetry link and devise ways to 

mitigate the multipath interference. In 

anticipation of a diversity solution involving 

multiple antennas, multiple transmit and 

receive antennas were incorporated into the 

test. In cooperation with the Spectrum 

Efficient Technologies focus area of 

TRMC’s S&T, T&E Program, the BYU 

Telemetry Laboratory collaborated with 

Edwards AFB to equip an Army helicopter 

with a channel sounding source and four 

antennas capable of operation at upper L- 

and C-bands. Tests were conducted at the 

Cairns Army Airfield at Ft. Rucker, 

Alabama and the Patuxent River Naval Air 

Station, Maryland. Future tests include “on 

the ramp” tests at Edwards AFB and C-band 

test flights using a winged-aircraft.   

 

The crew at the completion of Patuxent River NAS 

channel sounding tests, 26 June 2010. On the floor, 

left-to-right: Glen Wolf (Tybrin-EAFB), Michael 

Rice (BYU), Nick Walters (Ft. Rucker), Dave 

Hodack (Pax River), Mike Fox (Wyle, Ft. Rucker), 

Mark Radke (Tybrin, EAFB), Andy Weed (Ft. 

Rucker), Pat Hardman (Pax River).  On top: Lloyd 

Thomlinson (Ft Rucker). 

 

Rapid Prototyping  

BYU students developed a rapid prototyping 

environment for FPGAs dedicated for use as 

demodulators. The first experiments with the 

rapid prototyping environment focused on 

PCM/FM demodulators. Three different FM 

demodulators were designed: two discrete-



time versions of the limiter discriminator 

and a discrete-time phase lock loop (PLL). 

A complete hardware system check was 

performed using a Quasonix transmitter, a 

calibrated noise source, an A/D converter, 

the FPGA-based demodulator, and the bit 

error rate test set. The three designs were 

completed and tested in an afternoon. The 

bit error rate performance tests showed that 

the resulting designed performed as well as 

commercially available PCM/FM 

demodulators whose performance is 

documented in the IRIG 119 Telemetry 

Applications Handbook.  

 

Mark Padilla and Travis Haroldsen of BYU used a 

rapid-prototyping tool to develop and test three 

different PCM/FM demodulators in an afternoon. 

 

 

 

Prof. Michael Rice (left) and student Segun Tinubi 

(right) worked on the range are network concept. 

Range Area Networks 

The BYU Telemetry Laboratory 

investigated the use of small, inexpensive 

radio nodes as a means of collecting 

aeronautical telemetry from airborne 

transmitters. Using Edwards AFB as a test 

case and iNET formatted data packets using 

SOQPSK-TG modulation, we showed that 

50 radio nodes uniformly spaced throughout 

the Edwards range complex could reduce 

required RF transmitter power to 1 W.  

 

Optimized iNET Packets 

The new iNET standard defines a packet 

structure for data bursts containing telemetry 

data. At the moment, the bit pattern used in 

the packet synchronization field has yet to 

be determined. We have been investigating 

the performance advantages using different 

synchronization patterns in an effort to 

answer the question, which data pattern is 

the best pattern? This is a theoretical and 

analytical undertaking that is being pursued 

by one of the brightest minds in the BYU 

graduate program. 

 

 

 

Chris Shaw, in his natural habitat, is analyzing the 

performance of different synchronization patterns for 

iNET-formatted packets using SOQPSK-TG. 



 

Random Randomizers 

I was once asked the question, “What 

happens when one derandomizes 

unrandomized data: can the original data be 

recovered using a randomizer?” I wasn’t 

sure, so I formed an undergraduate student 

team to investigate the answer. The team has 

been using software simulations, FPGAs, 

and real hardware on loan from Edwards 

AFB to answer the question. It turns out that 

the answer is not as simple as it might seem 

at first. 

 

Niraj Sharma, Matt Manwaring, and Raymond 

Barrier are working on an answer to question, “What 

happens when unrandomized data is derandomized?” 



Telemetry @ KU
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Department of Electrical Engineering & Computer Science
The University of Kansas
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KU Press Release



International Foundation for Telemetering Names KU a 
Partner University 
 
Michelle Ward 
University o f Kansas  
June 25, 2010 
 
There is no way (yet) to wirelessly network multiple aircra f t traveling at Mach speeds over vast areas, 
but University o f Kansas researchers are developing technologies to address this challenging situation. 
 
In recognition of KU’s e f forts to improve the science o f telemetering — measuring at a distance — the 
International Foundation for Telemetering has donated $60,000 to KU and named it a partner 
university. 
 
A nonpro fit organization, IFT promotes the pro fessional and technical interests o f the telemetering 
community by sponsoring conferences, educational activities and technical publications. 
 
“This partnership will help KU strengthen opportunities for some o f the best young minds out there,” 
said Stuart R. Bell, dean o f KU’s School o f Engineering. “I’m pleased that IFT sees the value and 
promise of the work being conducted here.” 
 
KU’s Department o f Electrical Engineering and Computer Science will use the initial donation to award 
three IFT Fellowships to graduate students, purchase equipment for labs and senior design projects 
and support students traveling to conferences to present their research. As one o f only six partner 
universities o f IFT, KU can present additional gi ft requests and proposals at the annual meeting of the 
IFT Board o f Directors, which KU will host next year. 
 
“We are extremely honored to form this partnership with the IFT,” said Erik Perrins, associate 
professor o f electrical engineering and computer science, who detailed KU’s telemetry-related 
programs at the IFT board meeting last month. “We have been involved with the IFT and the larger 
telemetry community for the past five years and we look forward to having a synergistic relationship 
with them for many years to come. We are excited to host the IFT board next spring and let the board 
members see our engineering programs up close.” 
 
During the IFT board meeting last month at New Mexico State University, Perrins highlighted a trio o f 
telemetry-related projects at KU’s In formation and Telecommunication Technology Center. The first is 
a NASA deep-space communication system that Perrins is helping build that must transmit large 
amounts o f data but is subject to severe size, weight and power constraints. The second project, led 
by Perrins and James P.G. Sterbenz, associate professor of electrical engineering and computer 
science, is a wireless networking system that is specially designed for highly dynamic aircra ft. This 
system will give test ranges new capabilities to conduct multiple tests simultaneously, instead o f 
staggered over time. 
 
In the third project, Perrins and Andy Gill, assistant professor o f electrical engineering and computer 
science, are developing hardware prototypes o f a system that will locate and correct errors that 
naturally occur in a noisy transmission. This system uses a technology known as forward error 
correction, and in this project can correct errors even in weak signals that approach the theoretical 
limit, known as the Shannon capacity. Forward error correction technology has numerous other 
applications, including digital storage media and wireless cellular systems. The hardware prototypes are 
being implemented using e f ficient hardware description languages that Gill developed at KU, which 
greatly reduce the amount o f engineering e f fort needed to produce the final design. 
 
For more than four decades, IFT has sponsored the International Telemetry Conference, with a large 
portion o f its proceeds going to partner universities. Electrical engineering and computer sciences 
students at KU have won best paper awards the past three years at the conference. In 2009, Gino 
Rea won first place in the graduate student paper contest. The previous year, doctoral student Justin 
Rohrer was the first student to win the overall best con ference paper award. Prashanth Chandran 
won second place in the graduate student paper contest in 2007. 



Existing Telemetry-Related
Programs/Departments at KU

• Electrical Engineering and Computer Science
» Current Funded Research

•• ““Aeronautical Network and Transport Protocols for Aeronautical Network and Transport Protocols for iNETiNET””; PI:; PI:
James James SterbenzSterbenz; Co-PI: Erik Perrins.; Co-PI: Erik Perrins.

•• ““Forward Error Correction Architectures for AeronauticalForward Error Correction Architectures for Aeronautical
TelemetryTelemetry””; PI: Erik Perrins; Co-PI: Andy Gill.; PI: Erik Perrins; Co-PI: Andy Gill.

• Aerospace Engineering
» UAV development for the remote sensing of ice sheets



Summary of Currently-Funded Research



Aeronautical Network andAeronautical Network and
Transport Protocols for Transport Protocols for iNETiNET

Addresses the following Test & Evaluation Gaps:
―Limited spectrum hinders ability to deliver telemetry data
―Current protocols do not support
    needed network functionality
    including, multhop, mission-based
    QoS, and multicast
―Existing protocols not suitable
   for highly-dynamic aeronautical
   environment: mobility and disruption
   tolerance

 

PI: Prof. James P.G Sterbenz; Co-PI: Prof. Erik Perrins
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• AeroTP: TCP-friendly transport
• AeroNP: IP-compatible forwarding
• AeroRP: routing

Aeronautical Network andAeronautical Network and
Transport Protocols for iNETTransport Protocols for iNET



Aeronautical Network andAeronautical Network and
Transport Protocols for Transport Protocols for iNETiNET

Project Objectives: design, evaluate, simulate, & prototype:
―AeroTP:  TCP-friendly domain-specific transport protocol for

aeronautical telemetry with multiple reliability modes

―AeroNP:  IP-compatible network protocol designed for a highly
dynamic aeronautical environment that is also designed to be IP-
compatible

―AeroRP location-based routing protocol that supports various
stealth modes

―Cross-layer optimizations between the new protocols (AeroTP,
AeroNP, AeriRP) and the lower layers in iNET

Three graduate research assistants work on the project, which has a
three-year period of performance.



Addresses the following Test & Evaluation Gaps:
― Forward error correction (FEC) codes are not currently part of

telemetry standards; however, FEC can yield SNR gains of up
to 8 dB (see figure next slide)

― FEC codes are an integral part of evolution path toward iNET

― High-performance, spectrum-efficient FEC prototype systems
are needed for current/future telemetry use

Forward Error Correction ArchitecturesForward Error Correction Architectures
for Aeronautical Telemetryfor Aeronautical Telemetry

PI: Prof. Erik Perrins; Co-PI: Prof. Andy Gill

Two faculty members, two technical staff and four graduate
research assistants are funded on this project. The project has a
two-year period of performance.



Block Diagrams of the FEC PrototypesBlock Diagrams of the FEC Prototypes
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Forward Error Correction ArchitecturesForward Error Correction Architectures
for Aeronautical Telemetryfor Aeronautical Telemetry

Project Objectives:
―Apply new hardware description
    language (HDL) technology to the
    problem of communications algorithm
    implementation
―Deliver a total of 8 FPGA prototype
    decoders and demodulators for

• SCCC
• LDPC
• SOQPSK (coherent and noncoherent)



Past History at ITC



ITC 2009
• Seven student papers submitted from KU

» All seven in Graduate Student category
» Best Graduate Student Paper Award
» Topics included

• iNET network & transport protocols
• Forward error correction (FEC) for telemetry
• Hardware description language (HDL)

implementations of FEC algorithms
• Three faculty advisors
• Eight student attendees



ITC 2008
• Seven papers submitted from KU

» 4 graduate student papers (3 faculty
advisors)

» 3 regular papers
» Best Paper Award!
» Topics include

• iNET network & transport protocols
• Error control coding for telemetry
• Constant envelope OFDM for telemetry
• Timing synchronization
• Telemetry for remote ecological field station

• Four student attendees
» Travel expenses covered by $3k donation

from IFT (received December 2007)
» Thank you!!



ITC 2007
• Six papers submitted from KU

» all graduate student papers
» 2nd Place Grad Student Paper
» Topics include

• Error control coding for telemetry
• Timing synchronization
• Reduced-complexity demodulators
• Multipath mitigation

   ITC 2006
» One faculty-written paper



 
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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Telemetering Standards Coordination Committee - 49th Annual
Report

To: Directors of the International Foundation for Telemetering
Date: May 2010
Subject: 2009-2010 Annual report

The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a focal
point within the telemetering community for the review of standards documents affecting
telemetry proposed for adoption by any of the various standards bodies throughout the world.
With a diverse membership, representing government, aerospace industry, academia and
manufacturers, the TSCC offers a forum for discussion of issues for the telemetry
community.

The TSCC held two general meetings during this reporting period. The first was held in
October 2009 in conjunction with the 2009 International Telemetering Conference in Las
Vegas, Nevada and the second in May 2010 in Newport News, Virginia. A tour of NSAS-
Langley followed the spring meeting. Additionally the TSCC will be represented at the
European Telemetry Conference in Hamburg  Germany in May 2010.  The TSCC is currently
planning to have spring meetings alternate between meeting with the RCC-TG (most likely
Thursday afternoon after the main session are complete) and meeting at a member’s sponsor
location.  The fall meetings will continue to be in conjunction with the ITC.

This year also saw the addition of two new members which brings the TSCC up to the our
full number of 16 members. Two members terms will expire this year, but we anticipate that
they will continue in their current capacity.  We currently have 8 members from
industry/manufacturers, 6 members from government agencies, and 2 from the academic
area.

A summary of the review work is given on page 3.

The TSCC presented the fourth annual “Best Paper for Telemetry Standards” award at ITC
2009 in Las Vegas.   The paper was: “KEY COMPONENTS OF THE INET TEST
ARTICLE STANDARD” by Thomas B. Grace (Naval Air Systems Command (NAVAIR)
Patuxent River, Maryland), Joshua D. Kenney, Myron L. Moodie, Ben A. Abbott (Kenney,
Moodie and Abbott are from Southwest Research Institute® San Antonio, Texas)

The TSCC has been granted access to the INET working groups to enable us to make
comments on work before it is open to the public.
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The TSCC is currently working with the CCSDS to gain access to the white books or to
formalize a process to ensure that we are included in the review loop for standards developed
by the CCSDS.  We are hoping to have a future combined meeting with the CCSDS.

The TSCC also co-sponsored a joint special session with the Range Commanders Council –
Telemtry Group (RCC-TG) to allow the dessemination of the results of work accomplished
by the RCC, and to have a panel discussion on frequency spectrum.  This panel of experts
shared their perception of the current state of the frequency spectrum they use, issues or
concerns in the usage and what impacts they see based on current legislation. The panel
consisted of:  Darryl Holtmeyer, Robert Selbrede (AFFTC Range Program), Mikel Ryan
(Mid-Atlantic Area Frequency Coordination Office), and Howard McDonald (Office of
spectrum Management).  The TSCC and the RCC-TG are currently planning another joint
session for the fall ITC in San Diego.  This session will include presentations by RCC.  The
TSCC portion would have discussions around the INET standards.  We are proposing that the
6 Standards be given a “walk through” with some rationale and vision for applications being
presented to help attendees gain a better perspective of what INET is and isn’t.  The hope is
that also including the Component Interface Standard will yield a better understanding of
what each “widget” needs to do it’s task.   This would not be another high level overview, but
rather begin the drilling down process to help users and implementers.  We are hoping to firm
this up shortly for the fall.

The TSCC has two requests of the IFT:
1.  To review our updates to the standard paper award guidelines.
2.  We once again request $1000 in funds to support awards for this year.

Finally, the TSCC has continued to update its web site and follow the formalized reporting
template begun last year for all sub-committees and reports.

Respectfully submitted,

Sheila Horan
Chairman, TSCC
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Summary of Reviews:

The TSCC members & committees reviewed (and commented where necessary) on the
following standards:

RCC TG preparing Pink Sheet release for IRIG 106-11, IRIG 118, and TMATS Handbook
Release; we will support ongoing effort to keep this current

STANAG CST 19 May 2010

Review TMATS Handbook- Pink Sheets 3Q10

Reviewed RCC 218-08 standard

The TG IRIG-106-6, -9, -10 and 118 pink sheet changes expected to be released shortly and
will provide review opportunities for Test Methods, added TSPI data types and additional
C&C types (discrete, 1553, Ethernet)

RCC TG preparing updates for IRIG 106-11 Chapter 10 Release Update to IRIG 118 – will
review when released.

Explore possible related INET activities – now with access we should be having more
reviews.

The ETSC report indicated that they are currently working on:

“WRC Bands” Telemetry Issues: C-Band Systems&Standards, tracking algorithms& systems
Investigate potential of existing standards for wireless (e.g. intra-aircraft)RDAU networking
(IEEE 802.11n and UWB),coop.with ITU-WP 5B
New Subcommittee on iNET proposed



 
 
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 radio-
communications 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. 
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ICTS Overview 
 
 
 
 

Background:   Whilst telemetry data rates continue to rise, as systems under test 
become more complex, radio frequency spectrum resources allocated for 
telemetering continue to be under pressure from growing commercial applications. 
As a consequence electromagnetic spectrum encroachment has become an 
international issue. It is important that we, the telemetry user and provider 
community, better protect and defend our spectrum assets to ensure their future 
availability for telemetering. In response to this need, the International Consortium for 
Telemetry Spectrum (ICTS) was chartered under the sponsorship of the International 
Foundation for Telemetering (IFT). The IFT exercises oversight responsibility and 
authority of the Consortium and provides administrative, policy, and programmatic 
approval. 
 
The ICTS is structured as an international organisation comprising of telemetry 
practitioners from government, industry, and academia. Regional Coordinators 
represent the three regions defined by the International Telecommunications Union 
(ITU) — Region 1: Europe/Africa, Region 2: Americas, Region 3: 
Asia/Australia/Oceana.   
 
 
Charter and By-Laws: The IFT-approved ICTS charter and By-Laws are available at 
the following websites; 
 

http://www.telemetryspectrum.org/docs/ictsbylaws.pdf 
http://www.telemetryspectrum.org/docs/ictscharter.pdf 
  

An overview of the history of the consortium and an expression of the 
importance and benefit for information exchange, meeting announcements, minutes, 
as well as other information will be posted on this website. ICTS by-laws changes 
have been approved by IFT in June, 2009  
 
 
Meetings: The ICTS hosts its meetings bi-annually in association with the 
International Telemetering Conference in the United States (in October), and the 
European Telemetry Conference (ETC) or European Test and Telemetry Conference 
(ETTC) in the spring in Europe.   
 
In the period covered by this report, the ICTS held its 23rd meeting on 29 October 
2009 (ITC2009 , LAS VEGAS) and its 24th meeting on 18 May , 2010 (ETC 2010 , 
HAMBURG , GERMANY). The agenda are added in the Annex 1 and 2 
 
 
 
Communicating the Issues 
 

Apart from the bi-annual meetings now established as Special Sessions at the 
principal telemetry conferences, the ICTS 

http://www.telemetryspectrum.org/docs/ictsbylaws.pdf
http://www.telemetryspectrum.org/docs/ictscharter.pdf
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 compiles, publishes and circulates an e-Newsletter courtesy of the Region 1 
Co-ordinator and the French Société de l'Electricité, de l'Electronique (SEE). 
Mr. Jean Isnard of the SEE is  the focal point for the continuing edition of the 
ICTS e-Newsletter;    

  
 

 maintains the ICTS pages of the www.telemetryspectrum.org web site .  Icts 
created on this website a special page , “vendors corner” , and contacted 
many telemetry vendors to call them to insert an advertisement 

 

 Started to inform the global telemetering community on the new items adopted 
by the WRC 07 and the risk of using the globally harmonized Flight Tests 
telemetry band for other additional purposes. These items are 1.3 (introduction 
of Unmanned Aerial Vehicles in non-segregated airspaces), 1.4 (frequency 
attribution to Airport Network and Location Equipment (ANLE) system) , 1.7 
(“ensure long term spectrum availability and access to spectrum necessary to 
meet requirements for the aeronautical mobile-satellite (R) service”.) and 1.25 
(possible additional allocations to the mobile-satellite service in accordance 
with Resolution 231 (WRC-07) with a particular focus on the range 4 GHz to 
16 GHz.) where some administrations want to propose the new globally 
harmonized flight tests telemetry band as a candidate band 

 
 
 

International Awareness Generation (Outreach) 
 

ITC/ETTC sessions remain the focus for ICTS business The ICTS website, 
newsletter, and membership networks are critical information sources that allow 
members and associates to effectively outreach to the international telemetering 
community.  
. 
To gather continuous updated information, The ICTS benefits from members and 
associates who attended several ITU (International Telecommunication Union) 
working party meetings, where all the discussions and decisions are taken for the 
frequency allocations. ICTS also benefits from contacts with members who  attended 
several meetings of CITEL (Americas regional meeting) and CEPT (European 
regional meeting) , to receive these regional information and be informed on the 
regional wishes on telemetry bands use The ICTS gathers this information for 
release to the telemetering community in our newsletters and website postings. 
 
To ensure our goal of informing the telemetry deciders and practitioners, The ICTS 
has been requested to coordinate on several outreach missions conducted by 
members. This coordination includes updates on recent actions in the various 
international policy forums, results of technical studies, new products on the market, 
and information shared from ICTS members on issues facing the community. This 
has been very helpful allowing us to provide accurate information for them to  reach 
our target population and transmit current information on the telemetry band threats 
and on the advantages given by using these new bands.  
 

http://www.telemetryspectrum.org/
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While the ICTS is restricted from presenting positional statements on policy or 
potential legislative actions, and is limited by its resources to present relevant 
information in forums other then it’s biannual meetings (ETTC/ETC in Europe and 
ITC in the US), it has been very effective in 2010 by providing critical information to 
others who can take the message globally. The ICTS has been fortunate to work with 
members, associates, and other contacts who have solicited information from us and 
taken our message to several international forums.  The ICTS has provided 
information that has been used in presentations at; 
 
- AirShow, Singapore 
- Technical Interchange meeting, Indonesia 
- Systems Engineering, Test and Evaluation Conference, Australia 
- International Aerospace Symposium, South Africa 

 
 
In this post-WRC decision period the ICTS will  concentrate on gathering and sharing  
information on the future use of the new bands and on key  encroachment issues for 
the coming WRC 2012 
 
 
Summary 
 

The work of the ICTS must continue.  We have excellent membership numbers from 
Regions 1 and 2 and emphasis is being placed on events in Region 3. The IFT, the 
International Test and Evaluation Association (ITEA), the Society of Flight Test 
Engineers (SFTE) and the Société de l'Electricité, de l'Electronique (SEE) have been 
supportive of the ICTS aims and assisted in distributing information, facilitating 
communications, and widening debate.  
 

For the coming WRCs (2012 and 2015) , the new attribution of a globally harmonized 
flight tests telemetry band must be protected from other additional users who could 
endanger its use .The potential at the upper range from 17 to 30 GHz and beyond 
has to be carefully studied.   The ICTS role is keeping the international telemetering 
community informed of these issues remains of critical importance.  
 
The ICTS plans to expand its Newsletter and seeks to improve the ICTS website 
(www.spectrum.org) to met this goal. Efforts to expand our membership in region 3 
will continue.  
  

Planned future ICTS meetings: 
ETTC 2011 , Toulouse , France 

 ITC 2011, Las Vegas NV, USA, October, 2011 
 
 
 
 
 
 
JC Ghnassia , ICTS chairman      July 2010 
 

 

http://www.spectrum.org/
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      ANNEX 2 

45th Annual International 
Telemetering Conference 

23rd Meeting of the International  
Consortium for Telemetry Spectrum 

 

 

 
Session 22  “Special Session” 

Thursday, 29 October, 2009, 08:30 to 11:30 am                                                     

 

ICTS: Future Direction of International Telemetry 
 

 

“Use and protect the New Spectrum” 
 
 

1. Welcome of the ICTS Chairman & Introduction                             

 Jean Claude Ghnassia, France  

 

2. Regional coordinators report 
- Region 1 (Europe + Africa) Mr. Jean Isnard, France 
- Region 2 (the Americas)  Mr. Ray Faulstich, USA 
- Region 3 (Asia + Pacific)  Mr Darrell Ernst , USA 

 
3. Current Challenges to Telemetry Spectrum 

Mr Ken KEANE ,USA 

 

4. Illegal long range cordless phones update  Mr Mikel Ryan , USA 

 

5. After a successful WRC 2007: Implementing C-band Flight Test 

Telemetry NOW !  Gerhard Mayer , GVM consultants, Germany 
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ETC 2010 ICTS SESSION AGENDA 

Tuesday , May 18 , Hamburg , Germany 
 

 

1 Welcome and introduction   JC Ghnassia 

 

2 Regional reports   region I  J Isnard   

       region II  R Faulstich  

       region III  D Ernst   

 

3 « Small scale telemetry »    D Ernst 

 

4 "Encroachment Threats to Aeronautical  

Telemetry in the USA: an Update"  M Ryan 

 

5 “MSS Threat to AMT”    G Mayer 

 

6 Outreach briefing     T Chalfant 

 

7 Nichols award      T Chalfant 

 

8 Conclusion and closure    JC Ghnassia 
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Tuesday, October 26

th
, 1:30 – 4:30 p.m.                                                        Royal Palm 1 

 

Session 1: iNET Topics 1 

 

Chair: Bruce Lipe, Air Force Flight Test Center, Edwards AFB, CA 

 

1:30 p.m. “ Recording in the iNET Architecture:  Moving to the  Future of   

10-01-01 Recording” 

 Nikki Cranley and Diarmuid Corry, ACRA CONTROL 

 

At the heart of many networked Flight Test Instrumentation (FTI) 

systems is the Network-Recorder. This paper discusses several ways 

in which the recorder can be optimized to improve the memory 

capacity usage, writing speed and relevance of the recorded data. 

 

 

2:00 p.m. “Information Assurance (IA) Considerations for a Telemetry 

10-01-02 Network System (TmNS)” 

  David Hodack, Naval Air Systems Command 

 

The integrated Network Enhanced Telemetry (iNET) program is 

preparing for Telemetry Network System ( TmNS) demonstrations. 

One aspect of the preparation is looking at the IA issues and making 

decisions to ensure that the system will be certified and accredited, 

meet user needs, and be secure. This paper will explore a few of these 

considerations. 

 

 

2:30 p.m. “Performance Evaluation of a TDMA MAC Protocol in Airborne 

10-01-03 Telemetry Networks” 

 Muharrem Ali Tunc, University of Kansas 

 

The iNET telemetry architecture uses a TDMA MAC with relay nodes 

that enable multi-hop communication. We analyze the performance of 

the iNET TDMA MAC protocol with respect to various parameters 

such as number of nodes, flight range, number of relays, and number 

of hops via mathematical modeling. 

 

 

3:00 p.m. “Performance Analysis of iNET Using Forward Error Correction 

10-01-04 and OFDM” 

 Sileshi Boru and Diptasree Maitra, Morgan State University 

 

This paper shows the improvement in performance for OFDM 

modulation on aeronautical channels with the addition of convolution 

coding. 
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Session 2: Airborne Instrumentation Systems and Concepts 1 

 

Chair: Mike Golackson, Air Force Flight Test Center, Edwards AFB, CA 

 

1:30 p.m. “Bulk Creation of Data Acquisition Parameters” 

10-02-01 Benjamin Kupferschmidt, Teletronics Technology Corporation 

 

This paper will examine several possible solutions to the problem of 

rapidly creating large numbers of data acquisition measurements. 

 

 

2:00 p.m.  “Slip Ring Replacement System” 

10-02-02  Alan Adamson, Bell Helicopter; Albert Berdugo , Teletronics 

Technology Corporation 

 

Most helicopter programs require the acquisition of parameters from 

the rotating systems. Historically, these systems made use of 

electromechanical slip rings for the transfer of power, control, and 

data from within the helicopter’s cabin to the rotating hardware. This 

paper describes a wireless system approach to perform the test 

without the slip ring. 

 

 

2:30 p.m.   “Wireless Tire Temperature Sensor Patch and System for Aircraft 

10-02-03   Landing Gear Testing” 

   Peter Sulcs and Carl Palmer, Impact Technologies LLC; John Naber 

   And Doug Jackson, University of Louisville; Lynn Fuller, Rochester 

   Institute of Technology; Charles H. Jones, Edwards AFB 

 

Testing aircraft brake and tire systems often results in tire 

temperatures that makes the aircraft unsafe to approach (due to 

explosion risk) for up to 45 minutes; this complicates cost effective 

test execution. This paper describes work on a wireless sensor system 

that measures multiple tire temperatures and transmits the data to 

someone at a safe distance (>300 ft). 
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3:00 p.m.   “A Hybrid Data Acquisition Architecture on the CH-53K  

10-02-04   Program” 

   Chris Dehmelt, L-3 Communications Telemetry East 

 

 

This paper describes the instrumentation requirements for the CH-

53K program and the features, tools and performance of its data 

acquisition system, which addressed all requirements while 

minimizing the overall impact to the existing instrumentation 

infrastructure. 

 

 

3:30 p.m.   “A Mathematical Model for Instrumentation Configuration” 

10-02-05   Charles H. Jones, PhD, Edwards AFB, CA 

 

 This paper describes a model of how to configure settings on 

instrumentation. For any given instrument there may be 100s of 

settings that can be set to various values. However, randomly 

selecting values for each setting is not likely to produce a valid 

configuration. This thus leads to a discussion of an application user 

interface (API) between different systems with different rules and 

settings. 
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Session 3: Networked Telemetry 1 

 

Chair:  James Yates, L-3 Telemetry and RF Products 

 

1:30 p.m.   “Mixed Network Clustering with Multiple Ground Stations and 

10-03-01   Nodes Preferences” 

   Oumar Traore and Stephen Gwanvoma, Morgan State University 

 

This paper presents the computation and performance of a clustering 

technique for mobile nodes within the simulated mixed network 

environment with multiple ground stations and users preferences for 

those ground stations. 

 

 

2:00 p.m.   “End-to-End ARQ:  Transport-Layer Reliability for Airborne 

10-03-02   Telemetry Networks” 

   Kamakshi Sirisha Pathapati and Justin P. Rohrer, University of Kansas 

 

Due to the mission-critical nature of command-and-control traffic in 

the telemetry environment, it is imperative that reliable transfer be 

supported. The AeroTP disruption-tolerant transport protocol is 

intended for this environment. We use ns-3 to analyze the AeroTP 

ARQ mechanism, along with tunable parameters that may improve 

performance in reliable transfer mode. 

 

 

2:30 p.m.   “Mixed Networks Interference Management with Multi-Distortion 

10-03-03   Measures” 

   Abdoulaye Seydou Traore, Morgan State University 

 

This paper presents a methodology for the management of 

interference and spectrum for iNET. It anticipates a need for heavily 

loaded test environments with Test Articles (TAs) operating over the 

horizon. In such cases, it is anticipated that fixed and ad hoc networks 

will be employed, and where spectrum reuse and interference will 

limit performance. The methodology presented here demonstrates 

how this can be accomplished in mixed networks. 
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3:00 p.m.   “Situational Wireless Awareness Network” 

10-03-04   Austin Scheidemantel, Ibrahim Alnasser, Benjamin Carpenter, Paul 

    Frost, Shivhan Nettles and Chelsie Morales, University of Arizona 

 

The purpose of this paper is to explain the process to implementing a 

wireless sensor network in order to improve situational awareness in 

a dense urban environment. Utilizing a system of wireless nodes with 

Global Positioning System (GPS) and heart rate sensors, a system 

was created that was able to give both position and general health 

conditions. By linking the nodes in a mesh network line of sight 

barriers were overcome to allow for operation even in an 

environment full of obstruction. 

 

 

3:30 p.m.   “QoS Performance Management in Mixed Wireless Networks” 

10-03-05   Yacob Astatke, Morgan State University 

 

This paper presents a model for Quality of Service (QoS) 

management in a mix of fixed Ground Station (GS) and ad-hoc 

telemetry networks, and introduces an enhanced clustering scheme 

that jointly optimizes the performance of the network using multiple 

distance measures based on the location of the wireless nodes and the 

traffic level. 

 

 

4:00 p.m.   “Design and Analysis of a 3-D Gauss-Markov Mobility Model for 

10-03-06   Highly-Dynamic Airborne Networks” 

   Dan Broyles and Abdul Jabbar, University of Kansas 

 

Accurate mobility models are needed to simulate the physical 

movement of nodes in a highly-dynamic aeronautical network. We 

present a new 3-dimensional implementation of the Gauss-Markov 

mobility model for airborne telemetry network simulations, and 

compare its behavior to memoryless models such as random waypoint 

and random walk using the ns-3 simulator. 
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Session 4: Transmitters, Receivers and Demodulators 1 

 

Chair:  Ronald Pozmantier, Air Force Flight Test Center, Edwards AFB,  

  CA 

 

1:30 p.m.   “L-3 Communications 3rd Generation Telemetry Transmitter,  

10-04-01   ST-5000 L/S/C Band Architecture and Design Efforts” 

   Wearn-Juhn Wang and David Martz, L-3 Communications Telemetry 

   East; Kevin Hutzel, L-3 Communications Nova Engineering 

 

This paper presents the architecture and design efforts for L-3 3rd 

generation telemetry transmitter ST-5000. A Modulator/Upconverter 

with a low phase noise PLL synthesizer, a highly efficient and rugged 

power amplifier module with the multistage GaN HEMT devices and 

a high power density buck-boost power supply are discussed. 

 

 

2:00 p.m.   “On the Use of Rapid Prototyping for Designing PCM/FM  

10-04-02   Demodulators in FPGAs” 

   Michael Rice, Brent Nelson, Marc Padilla and Jared Havican, Brigham 

   Young University 

 

This paper describes the use of an efficient FPGA design flow, called 

Ogre, developed at BYU to design and implement PCM/FM 

demodulators. We demonstrate this by using the tool to construct 

rapid prototypes of three different versions of FM demodulators and 

show that the bit error rate performance is comparable to 

demodulators on the market today. 

 

 

2:30 p.m.   “Advanced Hardware-in-the-Loop Testing Assures RF  

10-04-03   Communication System Success” 

   Steve Williams, RT Logic 

 

This paper describes dynamic link emulation driven by advanced 

antenna and motion modeling, detailed propagation models and link 

budget methods for realistic, nominal and worst-case hardware-in-

the-loop test and verification. 
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3:00 p.m.   “A VHDL Implementation of the Soft Output Viterbi Algorithm”  

10-04-04   Brett W. Werling, University of Kansas 

 

In this paper we present a VHDL implementation of the soft output 

Viterbi algorithm (SOVA). We discuss the usefulness of the SOVA in a 

serially concatenated convolutional code (SCCC) system. We explore 

various hardware design decisions along with their implications. 

Finally, we compare the simulated performance of the hardware 

implementation to a software reference model over an additive white 

Gaussian noise (AWGN) channel for several bit widths and traceback 

window lengths. 

 

 

3:30 p.m.   “Reduced Complexity Viterbi Decoders for SOQPSK Signals over  

10-04-05   Multipath Channels” 

   Sandeep Mavuduru Kannappa, University of Texas at Dallas 

 

Two different methodologies are proposed to implement reduced 

complexity Viterbi decoders in multipath channels. The first method 

jointly equalizes the channel and decodes the information bits using 

the reduced complexity Viterbi algorithm while the second method 

utilizes the minimum mean square error equalizer prior to applying 

the Viterbi decoder. An extensive numerical study is performed in 

comparing the performance of the above methodologies. 

 

 

4:00 p.m.   “High Data Rate ARTM Tier II Telemetry Waveform Receiver  

10-04-06   Analysis and Design” 

   Paul Dourbal, Yuriy Bouglo, Val Fleyshman, Robert Mayer, Jerry 

   Okoro and Boris Shikhalev, L-3 Communications Telemetry East 

 

 In this paper we show how phase noise and demodulator complexity 

define the potential performance of high data rate telemetry receivers 

for ARTM continuous phase modulation (ARTM CPM) signals. 
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Session 5: Ground and Airborne Antenna Systems 1 

 

Chair:  Greg Washburn, KRS Telemetry Engineering 

 

1:30 p.m.   “Digital Cross-Polar Interference Canceller”  

10-05-01   Bill Thesling, ViaSat, Inc 

 

This paper presents an all-digital design of the cross-polarization 

interference canceller (XPIC or CPIC). This canceller is designed to 

remove the cross-polar interference so that comparable performance 

to single-polar system can be achieved for each polarization. 

 

 

2:00 p.m.   “A Wideband Stacked Microstrip Patch Antenna for Telemetry 

10-05-02   Applications” 

   Bazeyi Hategekimana, Morgan State University 

 

This research paper describes a design of a wide band multilayer 

microstrip patch antenna (MSPA for telemetry applications). We 

present results on antenna radiation patterns and return loss obtained 

with full wave finite element simulations with Ansoft HFSS software 

and measurements with a vector network analyzer. 

 

 

2:30 p.m.   “A Reflection Type Phase Shifter for iNET Phased Array Antenna  

10-05-03   Applications” 

   Bikram Shrestha, Morgan State University 

 

In this paper we present results from modeling and simulation of an 

L-band reflection type phase shifter (RTPS) that provides continuous 

phase shift of 0° to 360°. 

 

 

3:00 p.m.   “A Novel Antenna Design for Size Constrained Applications  

10-05-04   Requiring a Thin Conformal Antenna” 

   Anthony Cirineo and Rick Davis, Naval Air Warfare Center 

 

This paper will discuss the design of a new antenna element for use 

on vehicles requiring a thin conformal antenna such as on missiles or 

targets. The new element employs a partial shorted edge, which 

reduces the size of the element compared to a traditional microwave 

patch, while maintaining the impedance bandwidth. 
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3:30 p.m.  “Direct Spatial Antenna Modulation for Wideband Phase Control “ 

10-05-05  Brecken Uhl, Invertix Corporation 

 

This paper details the application of IQ Direct Spatial Antenna 

Modulation (DSAM) to achieve wideband phase control using a 

commercial off the shelf (COTS) antenna. The measured IQ DSAM 

performance is compared to what could be expected from a 

conventional phased array element control architecture. 
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Session 6: Space Applications 

 

Chair:  Lance Self, Air Force Research Laboratory 

 

1:30 p.m.   “Adapting Fourier Analysis for Predicting Earth, Mars and  

10-06-01   Lunar Orbiting Satellite’s Telemetry Behavior” 

   Len Losik, Failure Analysis 

 

Spectrum analysis can be used to understand and quantify the 

fundamental behavior of spacecraft analog telemetry and relate the 

behavior’s frequency and phase to its time-series behavior through 

Fourier analysis. 

 

 

2:00 p.m.   “Optical Links Capacity for LEO Satellites over European 

10-06-02   Ground Networks” 

A. Guerin, F. Lacoste and A. Laurens, Centre National d’Etudes 

Spatiales; G. Azema, Thales, Solutions de Securite et Services; 

C. Periard and   D. Grimal, Meteo-France, Direction Inter-Regionale 

Sud-Quest 

 

Free-space optical communications offer the technology 

breakthrough required by future Earth Exploration Satellites for their 

High Rate Payload Telemetry, while they required clear sky 

propagation conditions leading to locate receiving optical ground 

stations on favorable sites in terms of atmospheric propagation and to 

use site diversity to reach classical system availability requirements. 

This paper presents a methodology that can be used to optimize such 

a network relying on experimental meteorological satellite data. 

 

 

2:30 p.m.   “Remote Imaging System Acquisition (RISA) Space Environment  

10-06-03   Multispectral Imager” 

   Adrian Lizarraga, Brittany Lynn and Jeremiah Lange, University of 

   Arizona 

 

The purpose of the NASA Remote Imaging System Acquisition space 

camera prototype is to integrate multiple optical instruments into a 

small wireless system using radiation tolerant components. This stage 

of prototyping was the development of a broadband variable-focus 

camera that can transmit data wirelessly. A liquid lens in conjunction 

with a cerium doped double gauss eliminates traditional focusing 

mechanisms. 
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3:00 p.m.   “Using Oracol for Predicting Long-Term Telemetry Behavior for 

10-06-04   Earth and Lunar Orbiting and Interplanetary Spacecraft” 

   Len Losik, Failure Analysis 

 

Providing normal telemetry behavior predictions prior to and post 

launch will help to stop surprise catastrophic satellite and spacecraft 

equipment failures. In-orbit spacecraft fail from surprise equipment 

failures that can result from not having normal telemetry behavior 

available for comparison with actual behavior catching satellite 

engineers by surprise. Some surprise equipment failures lead to the 

total loss of the satellite or spacecraft. Some recovery actions from 

a surprise equipment failure increase spacecraft risk and involve 

decisions requiring a level of experience far beyond the responsible 

engineers. 
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Session 7: iNET Topics 2 

 

Chair:  Thomas Grace, Naval Air Warfare Center Aircraft Division 

 

8:30 a.m.   “iNET System Operational Flows”  

10-07-01   Thomas Grace, Naval Air Systems Command, Ben Abbott and Myron 

   Moodie, Southwest Research Institute 

 

This paper describes the operation of a TmNS and identifies the 

management, configuration, control, acquisition, and distribution of 

information and operational flows. These items are discussed utilizing 

a notional system to walk through the mechanisms identified by the 

iNET standards. 

 

 

9:00 a.m.   “iNET System Management Scaling” 

10-07-02   Todd A. Newton, Allison Bertrand and Ben Abbott, Southwest 

   Research Institute, Thomas Grace, Naval Air Systems Command 

    

This paper investigates the practical performance of managing the 

Telemetry Network System (TmNS) using the Simple Network 

Management Protocol (SNMP). It discusses the impacts and benefits 

of System Management as the size of the TmNS scales from small to 

large and as distributed and centralized management styles are 

applied. 

 

 

9:30 a.m.   “iNET Standards Validation: End-to-End Performance  

10-07-03   Assessment” 

   Myron Moodie, Maria Araujo and Ben Abbott, Southwest 

   Research Institute; Thomas Grace and William Malatesta, Naval 

   Air Systems Command 

 

The core end-to-end performance initial evaluations focus collectively 

on the movement of telemetry data through the TmNS. These initial 

evaluations addressed two areas: end-to-end data delivery and 

parametric data extraction. This paper presents the approach taken 

by these on-going efforts and provides initial results. 
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10:00 a.m.   “Describing Telemetry Systems with the Metadata Description  

10-07-04   Language” 

   Michael Moore, Jeremy Price, Andrew Cormier and 

   Ryan   Thibodeaux, Southwest Research Institute; 

   William Malatesta,   Naval Air Systems Command 

 

The integrated Network-Enhanced Telemetry (iNET) project has 

developed standards to enhance telemetry systems for the twenty-first 

century. A foundational component of these standards is the Metadata 

Description Language (MDL). MDL is an eXtensible Markup 

Language (XML)-based language for describing requirements, design 

choices, and configuration parameters of a Telemetry Network System 

(TmNS). Within a TmNS, MDL guides the exchange of information 

between applications and the configuration of network devices. 

 

 

10:30 a.m.   “Network System Integration: Migrating Legacy Systems Into  

10-07-05   Network-Based Architectures” 

   Todd Newton, Myron Moodie, Maria Araujo and Ben Abbott, 

   Southwest Research Institute 

 

This paper discusses the advantages of integrating legacy equipment 

into a network-based architecture with examples from systems where 

this approach was utilized. 
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Session 8: Airborne Instrumentation Systems and Concepts 2 

 

Chair:  Lee Eccles, Boeing Commercial Aircraft 

 

8:30 a.m.   “IHAL and Web Service Interfaces to Vendor Configuration  

10-08-01   Engines” 

   John Hamilton, Timothy Darr, Ronald Fernandes, Knowledge Based 

   Systems, Inc; Joe Sulewski, L-3 Communications Telemetry East; 

   Charles Jones, Edwards AFB, CA. 

 

In this paper, we present an approach towards achieving standards-

based multi-vendor hardware configuration. This approach uses the 

Instrumentation Hardware Abstraction Language (IHAL) and a 

standardized web service Application Programming Interface (API) 

specification to allow any Instrumentation Support System (ISS) to 

control instrumentation hardware in a vendor neutral way without 

requiring non-disclosure agreements or knowledge of proprietary 

information. Additionally, we will describe a real-world 

implementation of this approach using KBSI’s InstrumentMap 

application and an implementation of the web service API by L-3 

Communications Telemetry East. 

 

9:00 a.m.   “A400M: Instrumentation Architecture for Flight Test” 

10-08-02   Gilles Freaud, Airbus 

    

The Airbus A400M military transport plane carried out its first flight 

on December 2009 in Sevilla (Spain). This paper presents the flight 

and ground architecture designed to perform the flights tests 

campaign in Spain and in France. 

 

 

9:30 a.m.   “A New Standard for Temperature Measurement in an Aviation  

10-08-03   Environment” 

   Hy Grossman, Teletronics Technology Corporation 

 

This paper describes a new digital signal processing (DSP) based 

system for providing precision RTD based temperature measurements 

with laboratory accuracy in an aviation environment. Advantages of 

the new system include, true 3-wire RTD measurement, linear 

temperature output, on-board ultra-precision resistance standards and 

transparent dynamic calibration. 
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Session 9: Networked Telemetry 2 

 

Chair:  Archie Moore, Spiral Technology 

 

8:30 a.m.   “Aeronautical Channel Simulation in Network Simulators for  

10-09-01   Incorporation into OPNET” 

   Tianyin Zhang and Nur Jaber, Morgan State University 

 

This paper discusses channel simulation using OPNET Modeler in 

support of iNET. It shows how wireless communication is simulated, 

how to simulate the special aeronautical channel of iNET, and how to 

deliver the aeronautical channel, test article, and ground station as 

reusable components for future simulation. 

 

 

9:00 a.m.   “The Performance Evaluation of an OFDM-Based IP Transceiver 

10-09-02   at Eglin AFB” 

   Alfredo Berard, Eglin AFB, Paul Cook and John Roach, Teletronics 

   Technology Corporation 

   

This paper describes an experimental test setup created to evaluate 

the effectiveness of an airborne OFDM-based IP communication 

system for networked instrumentation and measure some critical 

parameters with an opportunity to assess the performance and 

reliability of streaming telemetry. 

 

 

9:30 a.m.   “FTI Network Discovery, Health and Status Monitoring”  

10-09-03    Nikki Cranley, Diarmuid Corry, ACRA CONTROL 

 

The ability to discover the topology and configuration of a networked 

Flight Test Instrumentation (FTI) system is a powerful feature 

enabled by the adoption of Ethernet technology. Discovery allows the 

FTI system to be debugged, verified against meta-data, and monitored 

for health and status. This paper focuses on two levels of FTI 

discovery, discovering the network topology and discovering the 

configuration of the FTI network devices. Moreover, this paper 

describes how the same discovery technologies may be used for 

health and status monitoring. 
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10:00 a.m.   “Web Service Applications in Future T&E Scenarios”  

10-09-04      Joe Sulewski, L-3 Communications Telemetry East; 

   John Hamilton, Timothy Darr, Ronald Fernandes, 

    Knowledge Based Systems Inc 

 

In this paper, we discuss ways in which web services can be used in 

future T&E scenarios, from the initial hardware setup to making 

dynamic configuration changes and data requests. We offer a 

comparison of this approach to other standards such as SNMP, FTP, 

and RTSP, describing the pros and cons of each as well as how these 

standards can be used together for certain applications. 
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Session 10: Transmitters, Receivers and Demodulators 2 

 

Chair:  Darryl Burkes, NASA Dryden Flight Research Center 

 

8:30 a.m.   “Performance Comparison of Aeronautical Telemetry in S-Band  

10-10-01   and C-Band” 

   Kip Temple, Edwards AFB; Robert Selbrede, JT3 LLC 

 

This paper compares telemetry link performance of the PCM/FM 

waveform when simultaneously transmitting in two different 

frequency bands, S-Band and C-Band. A description of the aircraft 

and ground station is presented followed by flight test results. These 

results are presented in the form of received signal strength and 

accumulated bit errors, versus time and link availability, over the 

flight paths. Conclusions are drawn based upon the presented flight 

test results. 

 

 

9:00 a.m.   “The Range Area Network: A New Approach for Aeronautical 

10-10-02   Telemetry” 

   Michael Rice and Oluwasegun Tinubi, Brigham Young University    

 

The concept of a range area network dedicated to the reception of 

telemetry from airborne test articles is explored. Using a somewhat 

idealized, but nonetheless realistic example at the Edwards AFB 

complex, and link budgets based on the emerging iNET standard, we 

show that a network consisting of just 6 nodes reduces the L-band 

airborne transmitter power to 6W and the ground-based transmitters 

to 3W. If the airborne transmitter is restricted to 1W at L-band, 

coverage could be provided by a grid of 50 nodes. 

 

 

9:30 a.m.   “An Enhancement of Existing RF Data Links Using Advanced 

10-10-03    Diversity Techniques” 

     Milos Melicher, ACRA CONTROL 

 

This paper discusses an approach to improving quality of data links 

using an advanced diversity technique that does not select one source 

at a time but aligns and combines soft values from each. It shows how 

the overall bit error rate of RF data link can be improved by 

combining signals from multiple receivers and/or transmitters. Test 

results showing practical performance improvements are presented 

and discussed. 
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10:00 a.m.   “Wireless Power Transmission Using Microwave Technology”  

10-10-04      Robert Fuller, Ryan Nastase, Kaoru Elliott, Anas Salhab and Jonathan 

   Campbell, University of Arizona 

 

As part of the Senior Capstone class held at the University of Arizona 

in the College of Engineering, the team was tasked to build a 

prototype that could power a simple electronic device wirelessly. The 

team succeeded in doing so and has proven that wireless power 

transmission could be a valuable tool for future use. There are a few 

difficulties to note and specifics will be given in the body of the 

report. 
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Session 11: Ground and Airborne Antenna Systems 2 

 

Chair:  Robert Sakahara, NASA Dryden Flight Research Center 

 

8:30 a.m.   “Refraction Effects for Tracking Error at C and S Band  

10-11-01   Frequencies” 

   Chang Yul Oh and Hyo Keun Lee, Korean Aerospace Research 

   Institute; Seung Hyeub Oh, Chungnam National University 

 

This paper is focused on the examination of the tracking angular 

error due to the radio refraction for the target in low altitude of less 

than 5km and in low elevation angle. The real measured data using 

the GPS and the tracking systems of C- and S-band frequency in 

NARO Space centre, Korea are used for the analysis. 

 

 

9:00 a.m.   “L-Band Coplanar Slot Loop Antenna for iNET Applications” 

10-11-02   Jeyasingh Nithianandam, Morgan State University 

 

In this paper we present a design of an L-band slot loop antenna with 

a dielectric loaded conductor backed coplanar waveguide (CBCPW) 

feed. The coplanar slot loop antenna has a transmission line 

resonator in series. We used full wave electromagnetic simulations 

with Ansoft’s high frequency structure simulator (HFSS) software in 

the design of the coplanar slot loop antenna. The series transmission 

line resonator helps to tune the coplanar slot loop antenna and 

reduce its size. We present here results on return loss and radiations 

patterns of coplanar slot loop antenna obtained from HFSS 

simulations. 

 

 

9:30 a.m.   “Multi-Band (L/S/C) Nested Concentric Cavity Coaxial Mode 

10-11-03   RF Feed for Auto-Track Telemetry Systems” 

   George Blake and Don Shea, Orbit Communication Systems; 

   Yossi Hoory, Itzik Krepner, Joe Pein and Ofir Nahshon, 

   Orbit Communication Ltd 

 

Recognizing the current and future requirements of extending 

Telemetry, TT&C, Earth Resources operations into the C-Band 

(4400-5200 MHZ) arena, Orbit Communication Systems and Orbit 

Communication Ltd. are currently designing and testing a Tri-Band 

auto-tracking / receive / transmit feed technology combining dual 

polarization with multiple frequency band coverage (L/S/C) into a 

single feed that can be fitted onto new or existing antenna systems. 
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Session 12: Data Processing and Display Systems 

 

Chair:  Tim Gatton, Wyle Telemetry and Data Systems 

 

8:30 a.m.   “Integrity Analysis and Fault Detection of Flight Test Data”  

10-12-01   Gregory J. Glenn, Nhattrieu C. Duong and Jason Speyer, SySnse Inc 

 

Undetected sensor malfunctions during flight testing can lead to cost 

overruns and program delays. Determining the presence of these 

faults in a timely manner allows the operator to mitigate their effect. 

One way to detect these faults is to use a priori knowledge of sensor 

calibration data and system dynamics to calculate measurement 

uncertainties. These can then be used to determine the integrity of the 

sensor data and report violations of expected sensor behavior. 

 

 

9:00 a.m.   “The Design of an Application Used for Aircraft Stability 

10-12-02   Evaluation” 

   Nelson Paiva Oliveira Leite, Mauricio de Faria Lopes and 

   Fernando Walter, Sao Joes dos Campos, Brazil 

 

One of the most important characteristics of an aircraft is its 

capability to return to its stable trimmed flight state after the 

occurrence of a disturbance or gust without the pilot intervention. The 

evaluation of such behavior, known as the aircraft stability, is divided 

into three sections: Lateral; Directional; and Longitudinal stabilities. 

The determination of the stability of an experimental aircraft requires 

the execution of a Flight Test Campaign (FTC). This paper presents 

the design of a tool used in the Longitudinal Static Stability Flight 

Tests Campaign. 

 

 

9:30 a.m.   “Data Embedding in Video Telemetry Systems” 

10-12-03    Peter Dolan, MIT Lincoln Laboratory 

 

This paper presents a technique for embedding a digital data stream 

within a digital video stream using wavelet and nonlinear sub band 

decompositions. This technique may enable more efficient use of 

radio frequency (RF) spectrum and a reduction in hardware 

necessary to transmit one or more narrowband data streams on a 

payload that incorporates a digital video camera. Several data 

embedding examples are presented which show how relatively large 

payloads can be embedded in even a single image with little 

noticeable degradation in image quality. 
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10:00 a.m.   “Development and Analysis Cloud”  

10-12-04   Lance Self, Air Force Research Laboratory 

 

The development and analysis cloud is a rapid development system 

being designed to support the Air Force Research Lab (AFRL) 

Simulation & Technology Assessment Branch. The purpose is to 

isolate research, development, test, and evaluation of unique software 

within a Zone D enclave [1] to allow researchers and analysts to 

develop and test software free of the many IT requirements that 

hamper development and without risk of contaminating the overall 

Air Force network. 

 

 

10:30 a.m.   “Using Generic Telemetry Prognostic Algorithms for Launch 

10-12-05   Vehicle and Spacecraft Independent Failure Analysis Service” 

   Len Losik, Failure Analysis 

 

Current failure analysis practices use diagnostic technology 

developed over the past 100 years of designing and manufacturing 

electrical and mechanical equipment to identify root cause of 

equipment failure requiring expertise with the equipment under 

analysis. If the equipment that failed had telemetry embedded, 

prognostic algorithms can be used to identify the deterministic 

behavior in completely normal appearing data from fully functional 

equipment used for identifying which equipment will fail within 1 year 

of use, can also identify when the presence of deterministic behavior 

was initiated for any equipment failure. 
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Session 13: Joint Range Commanders Council – Telemetry Group (RCC-TG) and 

 Telemetry Standards Coordinating Committee (TSCC)  

 Special Session 

 

Chairs:  Robert Given, RCC Telemetry Group 

  Dr. Sheila Horan, Telemetering Standards Coordinating Committee 

 

This session has been created to allow for disseminating information 

and stimulating discussion about future Telemetry Standards. Three 

TSCC members will present information about their connection with 

and application of Draft iNET Standards. 

 

The last hour of the meeting will be briefings/presentations on on-

going task efforts being undertaken by the RCC-TG, including 

progress to date, expected results, interesting findings and expected 

completions.  This will include any late breaking news on the future of 

Telemetry Spectrum and implementation of C-Band telemetry at the 

Ranges. 
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Session 14: Airborne Instrumentation Systems and Concepts 3 

 

Chair:  Brian Keating, Naval Air Warfare Center Aircraft Division 

 

2:30 p.m.   “An Integrated Data Acquisition System for Parachute  

10-14-01   Development and Qualification Testing” 

   Philip Starbuck, PSG and Associates 

 

This paper describes a system being used for the development and 

qualification testing of a number of parachute systems for sport 

skydiving, military personnel, as well as cargo parachute systems. 

 

 

3:00 p.m.   “Integrating Wireless Sensor Technologies into Instrumentation   

10-14-02   and Telemetry Systems” 

   Maria Araujo, Myron Moodie, Greg Willden, Ryan Thibodeaux, and 

    Ben Abbott, Southwest Research Institute 

 

Recent technological advancements in low-power, low-cost, small-

footprint embedded processors, sensors, and radios are resulting in 

the very rapid growth of wireless sensor network deployments. 

Wireless sensor networks merge the scalability and distributed nature 

of networked systems with the size and energy constraints of remote 

embedded systems. This paper describes some approaches to 

addressing these challenges and achieving a useful system. 

 

3:30 p.m.   “Latest Status on Adding FTS Capability to a Missile Telemetry  

10-14-03   Section” 

   Scott Kujiraoka, Russell Fielder, Johnathan Jones and 

   Alvia Sandberg, Naval Air Warfare Center 

 

Development is currently underway to produce a dual redundant 

Flight Termination System (FTS) capable Missile Telemetry Section. 

This FTS will mainly consist of a conformal wraparound antenna, two 

flight termination safe & arm (FTS&A) devices, two flight termination 

receivers (FTR), two explosive foil initiators (EFI) and destruct 

charge. This paper will discuss the current status of the development 

of these FTS components along with the process of obtaining the 

Flight Certification from Range and System Safety to fly this newly 

outfitted missile on a governmental test range. 
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Session 15: Networked Telemetry 3 

 

Chair:  Victor Martinez, Air Force Flight Test Center, Edwards AFB, CA 

 

2:30 p.m.   “A TDMA-MAC Protocol for a Seismic Telemetry Network With  

10-15-01   Energy Constraints” 

   Yvonne Hoeller, University of Salzburg 

 

The requirements for a seismic telemetry-network are even more 

stringent than the well known problems of sensor networks. A 

protocol is proposed that operates with two parallel sets of time 

schedules in a time-division-multiple-access (TDMA) sense of 

periodic activity for listening and for transmitting. Synchronization 

packets sent from a central base station ensure optimal response 

times. 

 

 

3:00 p.m.   “An Open-Architecture Approach to Networked Telemetry   

10-15-02   Systems” 

   Shane Woolridge, GDP Space Systems 

 

The PCI Industrial Computer Manufacturers Group (PICMG) 

developed the MicroTCA open standard to address the specific needs 

of Communications and Network System Engineers. This paper 

describes the MicroTCA architecture and how it can be applied as the 

ideal edge-device solution for Networked Telemetry Systems 

applications. 

 

 

3:30 p.m.   “Analysis of a Geolocation-Assisted Routing Protocol for Airborne  

10-15-03   Telemetry Networks” 

   Kevin Peters, Egemen K. Cetinkaya and Abdul Jabbar 

   University of Kansas 

 

Emerging networked telemetry systems require domain-specific 

routing protocols, such as AeroRP, to cope with the challenges faced 

by the aeronautical environment. We present an ns-3 based 

performance analysis of the geolocation-based forwarding and store-

and-haul mechanisms used by AeroRP. The analysis of the 

simulations shows AeroRP has several advantages over other 

MANET routing protocols and offers tradeoffs for different 

performance metrics in the form of different AeroRP modes. 
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4:00 p.m.   “Switches for Networked FTI”   

10-15-04   Nikki Cranley and Diarmuid Corry, ACRA CONTROL 

 

This paper provides an introduction to network switching concepts 

with a focus on its operation in a networked FTI system. The features 

of Commercial Off-The-Shelf (COTS) and FTI switches are compared 

demonstrating the benefits of FTI switches in terms of reliability, 

routing, throughput, latency, and start-up delays. 

 

 

4:30 p.m.   “Role of a Small Switch in a Network-Based Data Acquisition  

10-15-05   System” 

   John Hildin, Teletronics Technology Corporation 

 

The goal of this paper is to show how a small integrated network 

switch can be used to maximize the value proposition of a given 

switch port in the network. This can be accomplished by maximizing 

the bandwidth utilization of individual network segments and 

minimizing the necessary wiring needed to connect all the network 

components. 
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Session 16: Modulation and Coding Techniques 

 

Chair:  Dr. Gerhard Mayer, GVM Consultants 

 

2:30 p.m.   “Compressed Sensing Using Reed-Solomon and Q-ary LDPC 

10-16-01   Codes” 

   Kristin Jagiello, University of Arizona 

 

We consider the use of Reed-Solomon (RS) and q-ary LDPC codes for 

compressed sensing of sparse signals. Signals sensed using the RS 

parity-check matrix are recovered using Berlekamp-Massey and those 

sensed using the LDPC parity-check matrix are recovered using 

majority-logic decoding. Results are presented for both types of 

sensing. In addition, a hardware architecture is discussed. 

 

 

3:00 p.m.   “Decoding and Turbo Equalization for LDPC Codes Based on 

10-16-02   Non-Linear Programming” 

   Ronald A. Iltis, University of California Santa Barbara 

 

Decoding and Turbo Equalization (TEQ) algorithms based on the 

Sum-Product Algorithm (SPA) are well established for LDPC codes. 

However there is increasing interest in linear and nonlinear 

programming (NLP)-based decoders which may offer computational 

and performance advantages over the SPA. We present NLP decoders 

and Turbo equalizers based on an Augmented Lagrangian 

formulation of the decoding problem. 

 

 

3:30 p.m.   “Channel Equalization and Spatial Diversity for Aeronautical  

10-16-03   Telemetry Applications” 

   Ian E. Williams, University of Texas at Dallas 

 

This work explores aeronautical telemetry communication 

performance with the SOQPSK-TG ARTM waveforms when 

frequency-selective multipath corrupts received information symbols. 
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4:00 p.m.   “Low-Complexity Finite Precision Decoders for Low-Density 

10-16-04   Parity-Check Codes” 

   Shiva Kumar Planjery, University of Arizona 

 

We present a new class of finite-precision decoders for low-density 

parity-check (LDPC) codes. These decoders are much lower in 

complexity compared to conventional floating-point decoders such as 

the belief propagation (BP) decoder, but they have the potential to 

outperform BP. 

 

 

4:30 p.m.   “Hardware-Efficient Implementation of the SOVA for  

10-16-05   SOQPSK-TG” 

   Ehsan Hosseini and Gino Rea, University of Kansas 

 

In this paper, we present a hardware-efficient architecture of a 

demodulator for shaped offset quadrature phase shift keying, 

telemetry group version (SOQPSK-TG). The demodulation is done 

using the soft-output Viterbi algorithm (SOVA), which is implemented 

by the two-step traceback method. In this method, two traceback 

operations are employed to find the maximum-likelihood (ML) path 

and the competing path. 
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Session 17: Spectrally Efficient Communication Links 

 

Chair:  Terry Hill, Quasonix 

 

2:30 p.m.   “Dynamic Commutation and Decommutation Systems” 

10-17-01   Tom Young, Edwards AFB; Mark Wigent, SAIC 

 

Currently, PCM data streams are formatted prior to flight and can 

only be reconfigured if the instrumentation package is capable of 

storing multiple data loads. This is no minor endeavor, time 

consuming and sometimes sacrificing the entire telemetry package, 

forcing the test article to land and reload. Dynamic Commutator 

Decommutator Systems (DCDS) is a project aimed at solving the 

issue of reconfiguration of the test articles telemetry format in real-

time. 

 

 

3:00 p.m.   “Using Variable Coding and Modulation to Increase Remote 

10-17-02   Sensing Downlink   Capacity” 

   David Sinyard, ViaSat Inc 

 

This paper describes a method of achieving higher efficiency by pre-

programming the satellite to adjust the modulation and coding based 

in at least part on the slant range to the receiving ground station. The 

system uses variable coding and modulation to adjust to the slant 

range to the ground station to achieve a throughput increase of more 

than 50% of the data transferred during a pass using the currently 

accepted technology. 

 

 

3:30 p.m.   “Dynamic Frequency Assignment and Management Technologies  

10-17-03   for Future Test and Evaluation Operations” 

   Michael Painter, Ronald Fernandes, Jason Gohlke, Satheesh 

   Ramachandran and Ajay Verma, Knowledge Based Systems, Inc; 

   Charles Jones, Edwards AFB 

 

This paper describes research aimed at investigating how to optimize 

frequency scheduling, dynamic assignment, and real-time metrics 

adjustment to promote assured access to the electronic spectrum, 

including emerging technology developments to support that need. 
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4:00 p.m.   “Telemetry Architectures for Future Earth Observation Missions: 

10-17-04   Over 1 Gbit/s in X-Band” 

   A. Guerin, G. Lesthievant and J.L. Issler, 

   Centre National d’Etudes Spatiales, France 

 

High data rate payload telemetry of Earth Observation missions is 

classically done in the Earth Exploration Satellite (EES) X-band 

(8025-8400 MHz) with current max data rates about 600 Mbit/s. 

While higher frequency bands are often considered to offer higher 

data rates, this paper deals with on-board architectures that would 

allow data transmission at more than 1 Gbit/s in XBand. 

 

 

4:30 p.m.   “On the Performance of Spectrally Efficient CPM-OFDMA  

10-17-05   for Aeronautical Telemetry” 

   Marilynn Wylie and Glenn Green, Gem Direct Inc 

 

In this paper, we discuss CPM-OFDMA (Continuous Phase 

Modulation - Orthogonal Frequency Division Multiple Access) - a 

novel modulation that maps a discrete-time CPM into a spectrally 

efficient DFT-spread OFDMA transmission. 
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Session 18: Multiple-Input Multiple-Output Systems 

 

Chair:  Gene Law, CSC Range and Engineering Services 

 

2:30 p.m.   “Microcontroller Based Multiple-Input Multiple-Output 

10-18-01   Transmitter” 

   Balaji Madapuci Kanday, 

   Missouri University of Science   and Technology 

 

This paper describes how a microcontroller based system can be used 

to generate the signals needed in a multiple-input multiple-output 

(MIMO) system transmitter. The limited computational speed of the 

microcontroller, along with other tasks which the controller may need 

to handle, places limits on the throughput of the system, and the 

complexity of the MIMO signal design. However this can be a low 

cost design, and the microcontroller can be used to perform other 

operations in the system, which may make it attractive in some 

applications. 

 

 

3:00 p.m.   “SOQPSK Signals in Multiple-Input Multiple-Output Systems” 

10-18-02      Abhishek Gupte, Missouri University of Science and Technology 

 

This paper investigates the use of shaped offset quadrature phase shift 

keying (SOQPSK) signals in multiple-input multiple-output (MIMO) 

communication systems. The goal is to integrate commonly used 

receiver architectures for conventional single-input single-output 

(SISO) systems into a corresponding MIMO system. 

 

 

3:30 p.m.   “Modular Field Programmable Gate Array Implementation of a   

10-18-03   MIMO Transmitter” 

   Richa Shekhar, Missouri University of Science and Technology 

 

This paper describes the design of a scalable MIMO transmitter, 

based on field programmable gate array (FPGA) technology. Each 

module contains a FPGA, and associated digital-to-analog 

converters, I/Q modulators, and RF amplifiers needed to power one 

of the MIMO transmitters. 
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4:00 p.m.   “Localization Using CDMA-MIMO Radar” 

10-18-04   Ronald A. Iltis, University of California Santa Barbara 

 

A MIMO radar system for target localization is presented which uses 

direct-sequence CDMA (DS-CDMA) waveforms. The received DS-

CDMA signal at each antenna is expressed directly in terms of the 

target positions. The waveforms employed are Gold sequences, and 

hence are not exactly orthogonal. A generalized successive 

interference cancellation (GSIC) approach is used to resolve multiple 

scatterers and reduce clutter. Simulation results are presented which 

suggest the capability to detect weak scatterers in the presence of 

clutter using the cancellation method. 

 

 

4:30 p.m.   “Multiple-Input Multiple-Output Systems for Spinning Vehicles”  

10-18-05   Samuel Peterson, Missouri University of Science and Technology 

 

This paper investigates the performance of a multiple-input multiple-

output (MIMO) digital communication system, when the transmitter is 

located on a spinning vehicle. 
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Session 19: International Consortium for Telemetry Spectrum (ICTS)  

 Special Session 

 

Chair:  Jean-Claude Ghnassia, International Consortium for Telemetry 

  Spectrum 

 

Welcome and Introduction,   J-C. Ghnassia 

 

Regional Reports: 

      R-I (Europe/Africa)   J. Isnard  

         R-II (The Americas)    R. Faulstich  

         R-III (Asia/Pacific) D. Ernst   

 

“Trends of the Wireless Industry that will Affect the Future of 

Spectrum” ,  D. Ernst 

 

"Encroachment Threats to Aeronautical Telemetry in the USA: 

Update #2",  M. Ryan 

 

“C-band efforts at Edwards AFB”, J. Ward 

 

“Aeronautical Telemetry in Europe: C-Band Usage and Upcoming 

Threats”, G. Mayer 

 

“ITU WP5B Activities from the USA Perspective”,      K. Keane 

 

"Coordinating and Advocating RF   Spectrum for Flight Test", 

D. Holtmeyer 

 

“USA Spectrum Stewardship Project”,  T. Chalfant 

 

Conclusion and Closure ,   M. Ryan 
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Session 20: Special Telemetry Applications 

 

Chair:  Ed Bukowski, US Army Research Laboratory 

 

8:30 a.m.   “A Robotic Platform for Student System Design”  

10-20-01   Kathryn Rodhouse, Steven Ziegler and Ryan Huttsell, 

   Missouri University of Science and Technology 

 

The goal of the project described in this paper, is to develop a 

platform for undergraduate engineering students to use in system 

analysis and design courses. We chose to develop an inexpensive 

robotic platform. 

 

 

9:00 a.m.   “Mapping Traffic Flow for Telemetry System Planning” 

10-20-02   Grant Rivera, Missouri University of Science and Technology 

 

Telemetry receivers must typically be located so that obstacles do not 

block the signal path. This can be challenging in geometrically 

complex indoor environments, such as factories, health care facilities, 

or offices. An accurate method for estimating the paths followed by 

typical telemetry transmitters in these environments can assist in 

system planning. It may be acceptable to provide marginal coverage 

to areas which are rarely visited, or areas which transmitters quickly 

transit. This paper discusses the use of the ant colony optimization 

and its application to the telemetry system planning problem. 

 

 

9:30 a.m.   “Novel Angle of Arrival Algorithm for Use in Acoustical 

10-20-03    Positioning Systems with Non-Uniform Receiver Arrays” 

   Christopher Utley, University of California Santa Barbara 

  

Traditional angle of arrival algorithms operate with uniform receiver 

arrays. Non-uniform arrays typically introduce significant elevation 

of computation complexity. This paper utilizes the double-integration 

method for the accurate estimation of the angle of arrival with non-

uniform receiver arrays, while maintaining high computation 

efficiency. 
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10:00 a.m.   “Telemetry System for the Solar Miner VII” 

10-20-04      Clinton Guenther, Robert Mertens and Adam Lewis, 

   Missouri University of Science and Technology 

 

This paper describes a telemetry system used in the Missouri S&T 

solar car, which competed in the American Solar Challenge. The 

system monitors parameters of a number of the on-board electronic 

and mechanical systems, and also the activities of the vehicle driver. 

This data is transmitted to a lead vehicle, where the support team 

analyzes the performance in real-time to optimize the vehicle’s 

performance. 

 

 

10:30 a.m.   “A Low Cost, Quick Reaction TM Acquisition System Solution  

10-20-05   for Deployed Testing”     

   Ronald Pozmantier, Edwards AFB, CA 

  

Design, development, fabrication, and deployment of an austere, 

deployable telemetry (TM) system, in only 3 1/2 weeks, will be 

discussed. This austere approach will be compared to a standard 

approach. TM candidate systems will be discussed along with 

exigencies and limitations (test geometry, link analysis, multiple test 

areas, schedule, cost, fabrication ...) that shaped their selection. 
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Session 21: Data Management and Data Archiving Technology 

 

Chair:  Jaime Reyes, White Sands Missile Range 

 

8:30 a.m.   “X-Tools:  A Case Study in Building World Class Software”  

10-21-01   Alan Cooke, ACRA CONTROL 

 

X-Tools is a collection of utilities for validation, translation, editing 

and report generation designed to enable the Flight Test 

Instrumentation (FTI) community to quickly adopt the XidML 3.0 

meta-data standard. This paper discusses the challenges of 

developing such software that meets the current and future needs of 

the FTI community, and meets the increasingly high quality standards 

expected of modern software. 

 

 

9:00 a.m.   “Verification, Validation and Completeness Support for Metadata 

10-21-02   Traceability” 

   Timothy P. Darr, Ronald Fernandes, John Hamilton, 

   Knowledge Based Systems, Inc; Charles Jones, Edwards AFB 

 

The complexity of modern test and evaluation (T&E) processes has 

resulted in an explosion of the quantity and diversity of metadata used 

to describe end-to-end T&E processes. Ideally, it would be possible to 

integrate metadata in such a way that disparate systems can 

seamlessly access the metadata and easily interoperate with other 

systems. Unfortunately, there are several barriers to achieving this 

goal: metadata is often designed for use with specific tools or specific 

purposes; metadata exists in a variety of formats (legacy, non-legacy, 

structured and unstructured metadata); and the same information is 

represented in multiple ways across different metadata formats. 

 

 

9:30 a.m.   “Accessing Chapter 10 Recorder Media from Windows PCs” 

10-21-03   Benjamin Kupferschmidt, Teletronics Technology Corporation 

 

The RCC IRIG Chapter 10 standard requires that Chapter 10 

recorders use the STANAG-4575 (NATO Advanced Data Storage 

Interface) file system to store data files. Unfortunately, the STANAG-

4575 file system is not directly supported by Microsoft Windows. This 

means that it is not possible to simply attach a recorder’s disk to a PC 

and copy the files directly using Windows Explorer. This paper will 

discuss an approach that allows the contents of a STANAG formatted 

disk to be read from a standard Windows PC. 
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10:00 a.m.   “Introduction to XidML 3.0.  An Open XML Standard for Flight 

10-21-04      Test Instrumentation Description” 

   Alan Cooke, ACRA CONTROL; Christian Herbepin, Eurocopter 

 

This paper introduces the XidML schema and describers the benefits 

of XidML 3.0 in particular. It begins by giving a brief description of 

what XidML is and describes its history and motivation. The paper 

then outlines the main differences between XidML-3.0 and earlier 

versions, and how the XidML schema has been further refined to meet 

the challenges faced by the FTI community. 

 

 

10:30 a.m.   “The Test and Training Enabling Architecture (TENA) Enabling  

10-21-05   Technology for the Joint Mission Environment Test Capability      

   (JMETC) in Live, Virtual and Constructive (LVC) Environments” 

   Gene Hudgins, Keith Poch and Juana Secondine, 

   TENA Software Development Activity (SDA) 

 

The Joint Mission Environment Test Capability (JMETC) is a 

distributed live, virtual, and constructive (LVC) testing capability 

developed to support the acquisition community and to demonstrate 

Net-Ready Key Performance Parameters (KPP) requirements in a 

customer-specific Joint Mission Environment (JME). JMETC, using 

the Test and Training Enabling Architecture (TENA), provides 

connectivity to the Services’ distributed test capabilities and 

simulations, and Industry test resources. 
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Session 22: Range Systems 

 

Chair:  Kevin Crawford, NASA Marshall Space Flight Center 

 

8:30 a.m.   “Using Telemetry to Measure Equipment Reliability and  

10-22-01   Upgrading the Satellite and Launch Vehicle Factory ATP” 

   Len Losik, Failure Analysis 

 

Satellite and launch vehicles continue to suffer from catastrophic 

infant mortality failures. NASA now requires satellite suppliers to 

provide on-orbit satellite delivery and a free satellite and launch 

vehicle in the event of a catastrophic infant mortality failure. Adding 

prognostic technology will identify all unreliable equipment prior to 

shipment to the launch pad producing 100% reliable equipment and 

will eliminate launch failures, launch pad delays, on-orbit infant 

mortalities, surprise in-orbit failures. Moving to the 100% reliable 

equipment extends on-orbit equipment usable life. 

 

 

9:00 a.m.   “Advanced Test Range Verification at RF without Flights” 

10-22-02   Steve Williams, RT Logic 

 

This paper provides a high level overview of a physics-compliant 

Range Test System (RTS) built upon Radio Frequency (RF) Channel 

Simulator technology. The system is useful in verifying range 

operation with most range equipment configured to function as in an 

actual mission. 

 

 

9:30 a.m.   “How to Use Analog Telemetry to Produce Equipment with 

10-22-03   100 Percent Reliability” 

   Len Losik, Failure Analysis 

 

Equipment reliability is driven by infant mortality failures, which can 

be eliminated using a prognostic analysis prior, during and/or after 

the exhaustive and comprehensive dynamic environmental factory 

acceptance testing which conducted to increase equipment reliability 

by identifying equipment that fails during test for repair/replacement. 

To move to the 100% reliability domain, equipment dynamic 

environmental factory testing should be followed by a prognostic 

analysis to identify the equipment that will fail within the first year of 

use. 
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Session 23: Video, Timing and Synchronization 

 

Chair:  Jesus Benitez, White Sands Missile Range 

 

8:30 a.m.   “Time Stamp and Synchronization in Video Systems”   

10-23-01   Hsueh-szu Yang and Benjamin Kupferschmidt, 

   Teletronics Technology Corporation 

 

Synchronized video is crucial for data acquisition and 

telecommunication applications. For real-time applications, out-of-

sync video may cause jitter, choppiness and latency. This paper will 

describe several methods that TTC has adopted in our system to 

improve the synchronization of multiple data sources. 

 

 

9:00 a.m.   “Visually Lossless Compression Based on JPEG2000 for Efficient 

10-23-02   Transmission of High Resolution Aerial Images” 

   Han Oh, University of Arizona 

 

In this paper we propose a method which effectively incorporates 

multiple quantization step sizes, for various display resolutions, into 

the JPEG2000 framework. If images are browsed from a remote 

location, this method can significantly reduce bandwidth usage by 

only transmitting the portion of the codestream required for visually 

lossless reconstruction at the desired resolution. Experimental results 

for high resolution color aerial images are presented. 

 

 

9:30 a.m.   “Range Video Network” 

10-23-03   Alfredo Berard, Eglin AFB; Mark Buckley, JDA Systems; 

   John Roach, Teletronics Technology Corporation 

 

This paper describes the range-video network-based instrumentation 

system (rNET) being implemented by the 46th Test Wing, 846th Test 

Support Squadron at Eglin Air Force Base, FL to replace the existing 

Airborne Separation Video System (ASVS). 
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Session 24: Joint Advanced Missile Instrumentation (JAMI) Users Group  

 Special Session 

 

Chair:  Steven Meyer, Naval Air Warfare Center Weapons Division 

 

The Joint Advanced Missile Instrumentation (JAMI) project, a project 

under the Central Test and Evaluation Investment Program (CTEIP), 

developed a Time Space Position Information (TSPI) system based on 

GPS for tracking missiles in real-time for range displays.  The JAMI 

TSPI system consists of a Ground Station and some airborne 

hardware that can be integrated into telemetry systems.  Post-mission 

processing tools have been developed as well.  The JAMI User Group 

Session is for those telemetry and range personnel that are or will be 

using the JAMI TSPI system. 

 

    Special Session Agenda: 

 

JAMI Project Status Report – Steven Meyer, JAMI Project 

Director, Navair, China Lake, CA 

 

Integrating the Heim Digital Tape Recorder with the JAMI 

Ground Station – Sara Hussong, Project Engineer, JT3 LLC, Hill 

AFB, UT 

 

Slaving Radar and Camera Trackers to the JAMI TSPI Solution - 

Sara Hussong, Project Engineer, JT3 LLC, Hill AFB, UT 

 

Post Mission Processing Primer – Gary Glazner, JT3 LLC, 

Edwards AFB, CA 
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Recording in the iNET Architecture:  

Moving to the Future of Recording 
 

 

Nikki Cranley, Ph.D, Diarmuid Corry, M.Sc. 

ACRA CONTROL INC., Maryland, USA 

 

 

ABSTRACT 

At the heart of many networked Flight Test Instrumentation (FTI) systems is the Network-

Recorder. The high data rates typical in networked FTI systems put increased demands on 

the Network-Recorder to support ever faster read and write rates.  However, thanks to the 

developments in CompactFlash and SATA technologies, such recording rates are 

achievable in the Network-Recorder. This paper discusses several ways in which the 

recorder can be optimized to improve the memory capacity usage, writing speed and 

relevance of the recorded data.  

 

1. INTRODUCTION 

In networked data acquisition systems, the Data Acquisition Unit (DAU) is a key component 

that interfaces to a wide variety of inputs including analog, digital, audio, video, GPS, Fiber 

channel, Firewire and avionics busses (Mil-Std-1553, Arinc-429 etc.). The data acquired by 

the DAU from this myriad of data sources is packetized by the DAU for transmission across 

the network to be either streamed to the ground via an RF link or recorded. The DAU must 

support several standards and technologies that allow it to operate in an Ethernet 

environment so that it can transmit the acquired data as Ethernet frames. By basing the data 

acquisition system on standard Ethernet technologies, there is greater reliability, flexibility 

and adaptability for networked DAUs to meet both the current and future needs of multi-

flight networked data acquisition and recording systems. In addition, The modularly 

designed DAU extends this flexibility and provides superior solutions to meet the individual 

system requirements since as new inputs, sensors and bus technologies are developed and 

deployed, the modular DAU provides a fast and effective solution to access the new 

technology as only a new module needs to be developed. 

Data recording is an important aspect of an aircrafts networked data acquisition system for 

both Flight Test and the continual monitoring and archival of data as part of the aircrafts 

Health and Usage Monitoring System (HUMS). With the adoption of Ethernet technology, 

networked data acquisition systems have sufficient capacity to carry 100Mbps over Fast 

Ethernet to 1000Mbps of data over Gigabit Ethernet links. During flight test the network 

data recorder allows for a superset of the acquired data to be recorded since it is not always 

possible to transmit all the data over bandwidth constrained PCM RF links.  

In relation to HUMS, the primary benefits of data recording and monitoring systems include 

reduced equipment costs, reduced maintenance costs and reduced service times, thereby 

extending an aircrafts lifetime. By adopting a networked-based data recording solution there 

is greater recording capacities, flexibility, scalability and inter-operability with the ground 

station infrastructure. For example, in the past using non-networked data acquisition and 

recording systems, in order to perform the recorder system checks and retrieval of archived 

data, an operator was required to manually remove the recording device from the aircraft, 

transfer the unit to the replay facility, replay the data, analyze the data and return the unit to 
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the aircraft. However, this is no longer necessary with the adoption of Ethernet based 

technologies as a common core communications infrastructure technology for data 

acquisition, recording and mining activities.  

The high data rates achievable in networked data acquisition systems put increased demands 

on the recorder to support ever faster read and write rates. Since the Network-Recorder 

records received Ethernet packets. The efficiency of the Network-Recorder is closely 

coupled to the transmission and packetization of the received data facilitating the recording 

of high rate wide-band analog signals and asynchronous avionics bus data. To ensure the 

recording efficiency, asynchronous bus data is packetized with two key goals, “No Transmit 

if Empty” and packetization timeouts in order to ensure the real-timeliness of the data.   In 

particular, the packetization and recording of asynchronous avionic bus data such as 

ARINC-429 and MIL-STD-1553 are addressed in this paper. An important aspect of the 

Network-Recorder is the ability to control what is recorded through the use of recording 

filters. Recording filters are used to determine which data should be recorded, for example, 

selectively recording data only from certain devices as identified by either their source or 

destination IP or MAC address. Key to the success of any Network-Recorder is the format in 

which the data is recorded. The data recording file format should be network-centric with a 

low processing overhead so as to enable fast read-while-write functions, particularly if 

operating on Fast Ethernet and Gigabit Ethernet links. Complex processing may potentially 

exhaust the recorders’ resources and result in recording gaps.  

The simplest solution to this is to record the data in their packetised form, that is, timestamp 

and record the IP packets as they arrive and write them quickly and reliably to file. 

Wireshark is one of the most popular network analyzer and packet sniffing utilities 

available. Wireshark allows packets on the network to be recorded to file using the Packet 

CAPture (PCAP) file format [1, 2]. The PCAP file format is a simple, lightweight, low-

header and low processing overhead network centric file format that was designed explicitly 

for the recording of Ethernet data. From a user perspective, it is an open-standard and simple 

file format that allows custom applications and software to be readily developed to post-

process the recorded data.  

The remainder of this paper is structured as follows: Section 2 lists the functional 

requirements of a Network-Recorder, the storage media, and the recommended file systems 

supported on the media. Section 3 describes the critical aspect of improving the Network-

Recorders’ storage efficiency by optimizing the format of the data that is received by and 

recorded on the Network-Recorder. Section 4 presents how new networking technologies 

can be used to provide ‘telecommand’, ‘telecontrol’, and read-while-write capabilities to the 

Network-Recorder.   

 

2. FTI NETWORK RECORDING OVERVIEW 

Since the telemetered data is transmitted as IP packets over the network, the recording 

device must also be IP-network centric. There are two types of Network-Recorder: a stand-

alone Network-Recorder that interfaces to the data acquisition network and records the 

received Ethernet frames as shown in Figure 1; a Network-Recorder with integrated data 

acquisition shown in Figure 2. In essence, this type of a device is a combined DAU and 

Network-Recorder and is a cockpit mountable multi-role stand-alone recorder.  The data 

acquired by the device is recorded to the storage media, but may also be transmitted across 

the network for real-time analysis.  



3 

 

Figure 1: Stand-alone Network Recorder 

ARINC-429

MIL-STD-1553

Video

Audio

Analog

….

Integrated Data Acquisition Record Real-time analysis  

Figure 2: Multi-role network recorder with integrated data acquisition 

 

 

 

The features of a FTI Network-Recorder include:  

• Support Fast Ethernet and Gigabit Ethernet speeds 

• Support higher storage capacities, in particular for Gigabit links where high capacity 

storage media is a necessity.   

• Fast write rates to the storage media where incoming Ethernet frames are written to a 

Compact Flash (CF) card or SATA SSD with a FAT32 file system.  

• The recording media should be pre-formatted to eliminate the need to dynamically 

maintain FAT tables minimizing the effects of loss during brownouts.  

• Be synchronized using either GPS, IEEE 1588 PTP or IRIG-B since packets may be 

transmitted asynchronously and may experience variable delays in the network, it is 

necessary to timestamp the arrival or capture time of the packet in order to facilitate 

playback of the packet stream.  

• Control what is recorded either through I/O signals, multicast IGMP subscription or 

data filtering.  

• Support a low processing overhead and a network centric file format.  

• Use standard protocols and methods to perform read-while-write and milking of the 

data from the recorder.  
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2.1. STORAGE MEDIA AND FILE SYSTEM 

There have been many advances in Compact Flash (CF) and SATA solid-state memory over 

recent years that have propelled its popularity and application in both the consumer and 

industrial sectors. This trend can only increase with memory media supporting higher 

capacities and faster read/write speeds and with extended temperature range support. CF and 

SATA-SSD are suited to on-board data acquisition recording with the key benefit being that 

there are no moving parts and as such they are more robust than conventional disk drives. 

CF cards also have significantly reduced power consumption at around 5% that required by 

small disk drives, typically 3.3V or 5V. Industrial versions of flash memory cards can 

operate at a range of −45 to +85°C with Hi-G ratings of 1000G plus. Finally, there is 

flexibility and potential in using CF technology since it is compatible with IDE/ATA. With 

such an interface the CF card can be connected to PCI, IDE, and SATA enabling the card to 

act as a solid state drive.  

On the storage media itself, typically a FAT32 file system is required where the capacity 

exceeds 2GB. FAT32 file system is a widely supported industry standard that is simple and 

easy to implement. However, there are limitations to the use of FAT32 including: volume 

size limited to 2TB (512bytes/sector); file size limited to 4GB; seek is time consuming (FAT 

chain); and there is a slow directory operation. The solution is to pre-format the storage 

media. Pre-formatting the storage media means pre-allocating contiguous “space” files and 

directories where the “space” files are aligned to sector boundaries. By combining the use of 

CF and SATA-SSD technology with an efficient file format such as the PCAP file format, 

months of uninterrupted, continuous and multi-flight recording is possible.  

2.2. RECORDING FILE FORMATS 

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 Ethernet frames as 

they arrive and write them quickly and reliably to the storage media. There are two 

predominant and popular recording standards that are suited to networked data acquisition 

systems: IRIG-106 Chapter 10 and the Win Packet CAPture (PCAP) file format.  

The IRIG-106 Chapter 10 [3] standard, developed by the Range Commanders Council 

(RCC), Inter-Range Instrumentation Group (IRIG), defines the physical interfaces and 

recording formats of incoming data. For on-board recorders, Chapter 10 specifies Ethernet 

as an optional interface and that it should use the iSCSI protocol. In contrast, for ground-

based recorders Ethernet is a required interface and additionally uses the Telnet protocol [4] 

to support the IRIG-106 Chapter 6 Command and Control set. The standard defines the 

format for different data types to be recorded including PCM, analog, video etc. Chapter 10 

also makes provisions for Ethernet data to be recorded. Recorded Ethernet frames stored 

contiguously and are prepended with an 8Byte intra-packet timestamp followed by a 12Byte 

intra-packet data header. The intra-packet data header contains various frame flags 

indicating frame errors, captured data content type, the Ethernet link speed, network 

interface identifier, and the Ethernet frame length. Chapter 10 data packets are stored in data 

files that are nested in a complex data hierarchy consisting of layers of directories and 

directory blocks.  

The Packet CAP (PCAP) file format, shown in Figure 3, defines a similar mechanism to 

record Ethernet frames to file [5]. 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 the PCAP file format, 

Ethernet frames are recorded contiguously with a 16Byte intra-packet PCAP header 

prepended to each Ethernet frame. This PCAP packet header contains an 8Byte frame 
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capture timestamp and frame length field. The capture timestamp is beneficial for relaying 

the data during mission debrief. From a user perspective, an open-standard and simple file 

format allows custom applications and software to be easily developed to post-process the 

recorded data.  

Figure 3: PCAP file format  

In PCAP files, the network headers are also recorded. Recording the network headers does 

not significantly alter the recording efficiency of the PCAP file format. For example, 

Consider a packet with 500 samples of data to be recorded. The total size of the Ethernet 

frame that is transmitted across the network is 1082Bytes (i.e. 14Bytes Ethernet MAC + 

20Bytes IP + 8Bytes UDP + 24Bytes iNET header). The total size of the recorded Ethernet 

frame is 1098Bytes (i.e. 16Bytes PCAP header + 1082Bytes Ethernet frame). This results in 

a storage efficiency of 91% for a given packet with 500 samples of data. The additional 

packet header information may be useful for post-processing and analysis, for example, 

knowing the IP and MAC addresses of the source and destination devices in a particular 

configuration where these devices may be swapped in and out over time. 

2.3. RECORDING FILTERS 

There are a number of mechanisms by which the recorder can be controlled. Often, it is 

necessary only to record during a specific interval of time during a given mission or 

partition the recording for specific maneuvers. On/off recording, in this way can be 

controlled through the use of I/O start/stop signals or through network-based SNMP 

commands to the recorder. Additionally, often it is necessary to inject Event markers into 

the recording stream to identify and delineate key events. This can be accomplished by the 

generation of Event packets. Since the recording file format is network packet based, the 

event markers must also be packet based such that they can be viewed with Wireshark and 

be easily identified during playback. The Network-Recorder must have in-built recording 

filters as there are several protocols in the network that need not be recorded. These include 

the time synchronization protocol IEEE 1588 Precision Time Protocol (PTP), the routing 

protocol Rapid Spanning Tree Protocol (RSTP), Address Resolution Protocol (ARP), Ping 

and Simple Network Management Protocol (SNMP) to name just a few. The Network-

Recorder must be able to identify and filter these network packets.  

For finer granularity of recording, network based filtering techniques can be used. If the data 

is being transmitted as multicast, the Network-Recorder must subscribe to the multicast 

group associated with a given Stream Identifier. Multicast subscription can be dynamically 

initiated and controlled using Internet Group Management Protocol (IGMP). For example, 

SNMP can be used to dynamically edit the multicast subscription table in the Network-

Recorder. In this way, the Network-Recorder can dynamically subscribe to different 

multicast groups over time.  

 

3. OPTIMIZED TRANSMISSION FOR RECORDING 

Since the Network-Recorder is recording Ethernet traffic being transmitted by the DAUs, to 

fully exploit the efficiency of the Network-Recorder the data transmitted by the DAUs must 

be optimized. Telemetry data is packetized and prepared for transmission across an Ethernet 

network through a process known as encapsulation in the DAU. The Transport Layer of the 

network stack governs how the data is transmitted. Within this Transport layer there is an 

…..Ethernet FrameGlobal Header Pcap Pkt Hdr Ethernet FramePcap Pkt Hdr

24B 16B 16B
…..Ethernet FrameGlobal Header Pcap Pkt Hdr Ethernet FramePcap Pkt Hdr …..Ethernet FrameGlobal Header Pcap Pkt Hdr Ethernet FramePcap Pkt HdrEthernet FrameGlobal Header Pcap Pkt Hdr Ethernet FramePcap Pkt Hdr

24B 16B 16B
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important choice of two protocols that can be used: Transmission Control Protocol (TCP) 

and User Datagram Protocol (UDP). TCP guarantees the ordered, reliable, error-free 

delivery of packetized data between sending and receiving nodes. TCP data transfers are 

connection-oriented in that a connection must be first established between a single sending 

node and a single receiving node before any data is transferred. Once the connection has 

been established, TCP transfers the data providing retransmissions and recovery of lost 

packets. During the ensuing transfer and retransmission the data may experience significant 

delays and incur a time-varying throughput as the TCP protocol adapts to available network 

capacity. In contrast, UDP is a lightweight, connectionless “fire and forget” protocol that 

may transmit data from one-to-one or one-to-many nodes. UDP does not require any 

connection to be established prior to data transmission, nor does the protocol adapt to 

available bandwidth capacity. Due to the simplicity of the UDP protocol, there is no 

guarantee of delivery.  

 

In practice, UDP is the preferred protocol for Network Recording for the following reasons: 

 

• The fire-and-forget nature of UDP is suited to real-time systems where there is a 

strictly bounded end-to-end latency window during which the data must arrive for it 

to be considered real-time. In this case, it is considered an acceptable tradeoff to 

compromise the reliability of the data than for it to arrive too late. However, in a 

properly designed network the probability of loss is negligible in the on-board 

network. 

• UDP has a lower packet header overhead consuming less memory storage.  

• The overhead of multi-step handshake connection-establishment, acknowledgement 

and retransmission of “lost” or delayed data associated with TCP results in time-

varying throughput and end-to-end delays that impedes real-time processing, 

analysis, and display. Should any brownouts occur either with the Network-Recorder 

or the DAUs, the Network-Recorder needs to re-establish connections with all DAUs 

for which it is to record data, which incurs additional delays.  

• There is the additional complexity that the recorder needs to be able to filter non-data 

TCP traffic being written to the storage media, i.e. not record TCP ACKs.  

• Network playback of recorded TCP data is more complex. 

• TCP data is transmitted in a stream-oriented manner with a variable length segment 

size regulated by the sliding window. Any hardware buffering mechanisms in the 

Network-Recorder need to take consideration of the possible condition where 

multiple Maximum Segment Size packets are received.   

• UDP allows for data to be transmitted as one-to-one (unicast) or one-to-many 

(multicast) whereas TCP allows only for unicast data transfer. Multicast makes 

efficient use of the networking resources particularly for simultaneous recording and 

real-time analysis. In contrast to transfer data via TCP to multiple destinations, a 

connection would need to be established between the sender and each receiver, 

which creates an additional processing load on the sending DAU, and inefficiently 

uses network resources.  

 

3.1.APPLICATION LAYER 

UDP has insufficient metadata to adequately describe the sampled data payload. UDP does 

not contain sequence numbers, which prevents packet loss detection, nor does it contain 

timestamps to allow the sampling instant of the data to be known [6]. Moreover UDP is 

incapable of describing the payload (or packet contents) for parameter extraction and 

processing once the packet is received. For example, there are no fields in the UDP header 
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that allow the ground processing station to differentiate packetized analog data from video 

data. Therefore, an Application Layer protocol is required to run over UDP/IP to 

compensate for these limitations. At the Application Layer there are several design rules that 

can be used to improve the efficiency of the Network-Recorder.  

 

The following rules apply to Application Layer packetization: 

 

• No Application Layer fragmentation: The fragmentation and reassembly with 

application layer fragmented packets is unduly complex and complicates the 

recording process, for example, should the reassembled data be recorded, or just the 

fragment? In the case of the former, should a fragment be lost then the reassembly of 

the full datagram is not possible and this data would not be recorded.  

• Ethernet packets should be > 1kB if possible: In the interests of optimization and 

efficient use of bandwidth and memory storage, packets should be as large as 

possible but less than the link Maximum Transmission Unit (MTU). This reduces the 

packet-header overhead to payload ratio. In addition, the fewer packets that in the 

network, reduces the per-packet processing in the switches.  

• Data should not be delayed in source node by more than 50ms: This is to enable 

simultaneous real-time analysis and recording of the data.  

• Data is transmitted using multicast: This provides more efficient use of finite 

bandwidth resources where there may be more than one receiver for the same data 

set (carried in a packet stream as identified by the Stream Identifier). The Network-

Recorder subscribes to the multicast group for each Stream Id to be recorded.   

 

3.2.OPTIMIZATION FOR RECORDING ASYNCHRONOUS AVIONICS BUS TRAFFIC 

Since the DAU is acquiring data from a variety of avionics busses, many of which are 

asynchronous (e.g. ARINC-429, MIL-STD-1553), the DAU should optimally packetized the 

data to make efficient use of bandwidth and recording capacity in the Network-Recorder. 

For asynchronous busses, there are 3 cases that must be considered:   

 

1. No Data: There is no data on the bus, therefore no new data has been acquired and 

no packet should be transmitted by the DAU. This transmission characteristic is 

called “No Transmit if Empty” and results in aperiodic packet transmission.  

2. Low Data Rate: During periods of low data rate on an asynchronous variable bit-rate 

bus, the First In First Out (FIFO) fills at a low rate. In order to ensure real-time 

analysis and recording of the packetized data, the FIFO has an associated timeout. 

When the timeout expires, the DAU generates and transmits a packet with the 

contents of the FIFO regardless of whether the FIFO is full or not.  

3. High Data Rate: During periods of high data rate on an asynchronous variable bit-

rate bus, the FIFO may become full before the timeout occurs. When the FIFO is 

full, a packet is generated and transmitted to the Network-Recorder.   

Aperiodic packet transmission for asynchronous bus traffic greatly improves recording 

efficiency as shown in Figure 4.  
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Figure 4: Optimized Packet Generation for Recording 

 

4. FUTURE TECHNOLOGIES FOR FTI NETWORK RECORDERS 

By taking advantage of the emerging wireless technologies (for example WiMax IEEE 

802.16e [7] and Mobile Wireless Broadband Access, MBWA, IEEE 802.20 [8]), a new 

generation of network based FTI telecontrol services is possible. The Real-Time Streaming 

Protocol (RTSP) is a network protocol designed to facilitate data streaming [9]. RTSP is 

analogous to a TV remote control with standard PLAY, PAUSE, and time-based requests 

that allow the user to request and play back the desired data stream for any time window of 

interest if the data exists in the Network-Recorder. The RTSP protocol only describes the 

request-response mechanism between the client analysis station and the on-board RTSP 

server. RTSP is completely independent of the protocols used to transmit the requested data 

to the client. For example, consider a networked multi-flight data acquisition system with a 

packetized stream called 0xAAAA in which each packet contains N timestamped samples of 

the measurand left-wing vibration. RTSP can be used to request this data from the IP 

recorder for any time interval of interest including the current time. Moreover, RTSP allows 

for multiple requests to be transmitted in parallel since there is an RTSP server inside the IP 

recorder that handles all these. Using an RTSP server embedded in the Network-Recorder 

ensures the read-while-write functions are possible. Read-while-write is the ability of the 

Network-Recorder to continue recording and writing data whilst in parallel it can satisfy ad-

hoc asynchronous read-while-write requests. 

 

5. CONCLUSIONS 

In recent years there has been a shift from proprietary and closed solutions for Flight Test 

Instrumentation (FTI) networks towards more open standards-based systems using Ethernet 

technology. Ethernet technology offers many benefits to the FTI community including open 

standards-based technologies, greater vendor inter-operability, system design flexibility and 

simplicity. The key features of a networked recording solution are the support of high data 

rates, fast read/write rates, data filtering and an efficient network-centric file format, such as 

the Wireshark PCAP file format. This is a simple lightweight and open file format that 

allows for any files recorded in this PCAP format to be viewed and processed in the 

freeware Wireshark application or through custom built software tools. Moreover since the 

file format is network-oriented and lightweight it readily lends itself to recording systems. In 

particular, it facilitates ‘telecommand’ and read-while-write possibilities using standard 



9 

networking technologies such as RTSP. The benefits of networked multi-flight recording 

solutions are 1) standard Ethernet technologies can be used to seamlessly integrate the on-

board network with the data processing and analysis network, 2) data is recorded in its 

native packetized form reducing the processing required to perform read-while-write 

activities, 3) data mining is accomplished using standard IP based protocols 4) modifications 

to the DAUs configuration can be “telecommanded” using standard IP based protocols, and 

finally 5) asynchronous alerts and warnings can be programmed into the DAU generate 

recording events indicating critical events and states detected in the aircraft.   
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ABSTRACT 
 

The integrated Network Enhanced Telemetry (iNET) project was launched by the Central 
Test and Evaluation Investment Program (CTEIP) to foster network enhanced 
instrumentation and telemetry.  The iNET program is preparing for the TmNS system 
demonstration.  The goal of the demonstration is to prove that the proposed TmNS will 
meet the Test Capability Requirements Document (TCRD) and validate the iNET 
standards.  One aspect of the preparation is looking at the IA issues and making decisions 
to ensure that the system will be certified and accredited, meet user needs, and be secure.  
This paper will explore a few of these considerations.   
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INTRODUCTION 
 

CTEIP has launched the iNET project to foster advances in networking and telemetry 
technology to meet emerging needs of major test programs. An iNET architecture has 
been developed that defines a TmNS that would utilize traditional telemetry links in 
conjunction with a network-based telemetry link.  The basic approach allows for the 
integration of network-based systems without significantly affecting traditional telemetry 
systems.  The TmNS (Figure 1) architecture contains four key segments: the Radio 
Access Network Segment (RANS), Test Article Segment (TAS), the Range Operations 
Segment (ROS), and the Telemetry Ground Station Segment (TGS).  Utilizing this 
architecture, proposed iNET standards have been developed to allow for the 
interoperability of the many components of the TmNS.  The iNET team is currently in the 
process of obtaining prototypes to validate the Proposed Standards.  To gain insight into 
existing technologies relative to the Telemetry Network System architecture, 
demonstrations utilizing Commercial off the Self (COTS) equipment have been 
implemented.  Earlier demonstrations have been conducted to demonstrate a baseline of 



existing technologies to show potential users the validity and benefits of adding a two-
way data connection to the test vehicle, which included a traditional serial streaming 
telemetry link.   
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Figure 1: Telemetry Network System 
 

The current TmNS demonstration will be used to prove that the proposed TmNS will 
meet the TCRD and validate the iNET standards.  It is the iNET team’s goal that this 
demonstration will give flight test programs the confidence to use network enhanced 
telemetry systems.  Demonstrations will take place at Edwards Air Force Base (AFB) and 
Patuxent River Naval Air Station (NAS).  The goal at Edwards will be to test the radio 
frequency (RF) network link and at Patuxent River the system will be tested end-to-end.  
A data flow diagram of the demonstration system is shown below in figure 2. 
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Figure 2: TmNS Demonstration System 
 

IA decisions will need to be made that will allow for the system to receive an authority to 
operate (ATO).  The Department of Defense (DoD) requires all IT systems to be 
designed with IA in mind.  DoD ensures this happens by requiring a certification and 
accreditation for these systems.  Most available documentation is geared towards 
corporate office networks and 802.11 wireless networks.  Aircraft instrumentation 
provides its own challenges with the need for real time ruggedized equipment.  IA 
decisions currently being made will affect the usability, maintainability, level of security, 
and the ability for future iNET deployments to receive an ATO.  The three most 
challenging security considerations are: 

 Is Data at Rest (DAR) encryption needed? 
 Is National Information Assurance Partnership (NIAP) approval needed? 
 Are Federal Information Processing Standards (FIPS) 140-2 certified transceivers 

required? 
 
At the time of writing this paper final decisions have not been reached. The following 
paragraphs discuss rationale that will inform the decisions, and this information is NOT 
meant to base design decisions on for equipment that may require ATO. 
          
 

 



DAR ENCRYPTION 
 
The requirement for DAR encryption comes from the DoD memorandum “Encryption of 
Sensitive Unclassified Data at Rest.”  This memorandum states that all DoD information 
that is stored on a removable media device shall be treated as sensitive and encrypted 
using a commercially available encryption technology that is FIPS 140-2 compliant.  
While this is the stated policy it is not clear that it is applicable to flight test recorders.  
These are special purpose, ruggedized, airborne recorders.  The media itself has the 
physical security of being located on the aircraft in the same way the other sensitive 
pieces of the aircraft are protected while it is on the ground.  While the aircraft is in flight 
there is a very slim chance of the media falling into enemy hands through a crash.  Even 
in the event of a crash it is likely that the aircraft will be on US property.  It is estimated 
that adding encryption to the onboard recorder would cause the performance to decrease 
by a factor of four, cost to increase by 25% and severally complicate in-flight data 
retrieval.  It is for these reasons that the iNET team hopes on board DAR encryption is 
not needed. 
 
 

NIAP APPROVAL 
 

NIAP is operated by the National Security Agency (NSA) to ensure IT products meet a 
certain level of trust and security.  Using NIAP approved products will increase the level 
of trust consumers have in their information systems and promote the development and 
use of evaluated IT products and systems.  The requirement for NIAP approved systems 
comes from DoD directive 8500.01E, but this directive also states that this requirement 
can be waived by the Designated Approving Authority (DAA).  It is anticipated that 
systems at the ground station will meet this requirement but that some systems in the 
aircraft will not.  The devices that may be exempt are the ones that boot from internal 
memory and cannot boot from an external device.  These devices are special purpose 
ruggedized airborne equipment that are not mass produced making the approval process 
somewhat cumbersome.  It is the view of the iNET team that the cost for receiving NIAP 
approval for instrumentation airborne devices that boot from internal memory is not 
warranted due to the low probability of corruption since the boot process is self 
contained. 
 
 

LAYER 2 RF NETWORK ENCRPTION 
 

To encrypt the RF network at layer 2 a FIPS 140-2 device would need to be used.  The 
Nation Institute of Standards (NIST) Publication “Establishing Wireless Robust Security 
Networks” states that “Organizations should ensure that all WLAN components use 
Federal Information Processing Standards (FIPS)-approved cryptographic algorithms to 
protect the confidentiality and integrity of WLAN communications.”  As can be seen in 
figure 2 all aircraft test data is protected using a network encryption device.  Some 
network control information may not be encrypted for transmission.  The other reason to 
use FIPS 140-2 encryption would be to protect the WAN from an attack.  There will be 



many layers of protection built into the system to prevent this.  The intruder would 
physically need to be in the narrow beam of the ground station antenna which is 
constantly moving to track the test article during flight.  The transceiver at the ground 
station will be programmed to only talk to the transceiver on the aircraft with the proper 
electronic ID.  The transceiver will also implement port filtering, protocol filtering, and 
access control lists.  It is estimated that to receive a FIPS 140-2 certification for iNET 
transceivers it would cost 60% of the unit.  Because of the great cost increase, the 
unimportance of control messages, and the built in security measures that protect the 
WAN it is the hope of the iNET team that FIPS 140-2 encryption will not be needed.    
 
 

CONCLUSION 
 

The iNET team is still working with the DAA’s in anticipation of a decision regarding all 
three questions posed in this paper.  But currently the team is leaning towards not 
encrypting the Data at Rest.  We are also planning on not requiring NIAP approval for 
the airborne pieces of hardware that can only boot from internal memory.  It is 
anticipated that the transceivers will not need to be FIPS 140-2 certified.  Implementing 
proper security measures has been made easier by working with the DAA early in the 
design process to ensure there will be no surprises when accrediting the system.   
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ABSTRACT

Emerging airborne telemetry networks are going beyond traditional point-to-point communication.
The iNET telemetry architecture uses a TDMA MAC with relay nodes that enable multi-hop communica-
tion. We analyze the performance of the iNET TDMA MAC protocol with respect to various parameters
such as number of nodes, flight range, number of relays, and number of hops via mathematical modeling.
We also discuss the role of cross-layer optimizations with the AeroNP, AeroRP, and AeroTP aeronautical
protocols.

I. INTRODUCTION

With the recent advances in communication systems, and the increased demand for telemetry appli-
cations, the Central Test and Evaluation Investment Program (CTEIP) launched the integrated Network
Enhanced Telemetry (iNET) program to re-engineer traditional telemetry networks. The airborne teleme-
try environment has unique characteristics including highly mobile airborne wireless nodes, limited band-
width, and long flight ranges [1]. Time division multiple access (TDMA) allows medium access to the
nodes sharing a wireless channel assigning fixed time slots, eliminates collisions, and provides fairness.
However, this may result in low utilization of the bandwidth due to idle slots if some nodes do not have
data to transmit [2]. TDMA is widely used in personal communication systems (PCS), 2nd generation
digital cellular communications systems, as well as wireless sensor networks (WSN) [3], [4], [5], [6].

Various TDMA algorithms can be designed for single-hop or multi-hop networks, using node or link-
allocation-based schemes, and using centralized or distributed algorithms [7], [8], [9]. The distributed
algorithms can benefit from spatial reuse, but are hard to design due to slot synchronization and high
mobility [10], [5], [11].

The iNET TDMA MAC [12] is a centralized TDMA algorithm designed for the telemetry environment
that allows assignment of variable length transmission opportunities (TxOp) to test article (TA) nodes to
have higher utilization of the bandwidth and proposes relay nodes (RN) for multihop communication. In
this work, we develop a mathematical model for the iNET TDMA MAC frame, analyze the performance
of the protocol, and discuss cross layering issues.

The remainder of this paper is organized as follows; section II explains the operation of the iNET
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Figure 1: TxOp assignment within a iNET TDMA MAC frame [12]

TDMA MAC protocol, section III formulates the frame model, section IV presents the results, section V
discusses the role of cross layering, and the paper is concluded in section VI.

II. iNET TDMA MAC

A. TxOp Assignment

Highly dynamic mobile TAs that are tracked by ground stations (GS) form the aeronautical telemetry
environment [1]. The master TDMA controller that resides on ground assigns transmission opportunities
(TxOps) to TAs via GSs or RNs. RNs form TDMA subnetworks that enable multihop communication for
its member TAs that are not in the transmission range of the GSs. Uplink communication is the commu-
nication from a subnet controller to one of its members, and downlink communication is from a subnet
member to its controller. The iNET TDMA MAC frame starts with a sequence of uplink communications
in which control packets are sent to the member TAs that denote the start time and the duration of their
TxOp within that frame. TAs have an externally referenced GPS device for time synchronization and
TxOp assignment. At least one control packet is sent to each TA in each frame that includes the TxOp in-
formation for that TA. Uplink transmission is followed by downlink in which TAs transmit packets to their
subnet controllers. Similarly, each TA sends at least one control packet to its controller in each frame that
denotes its queue status, which affects the TxOp assignment for the next frame. This operation is shown
for a single hop network with three TAs in Fig. 1(a), where hub denotes the master TDMA controller.

Fig. 1(a) also shows the guard times within a frame. The td GS MAX is the guard time between two uplink
transmissions and is the propagation time of a signal to travel the maximum distance of two antennas.
The tGMAX is defined as the time between uplink and downlink transmissions that is the maximum round
trip propagation time considering a TA at a maximum range that is shown as 2td MAX. The tGMIN is the
minimum guard time assigned to TAs that perform range compensation. The TAs that do not perform range
compensation are assigned td MAX duration of time between two downlink transmissions that accounts for
the TA at a maximum distance.

2



B. Relay Nodes

In the case where RNs are present to allow multihop communication, the master TDMA controller
sends a control packet in the beginning of the frame to the RN that includes the TxOp information for that
RN. As the master controller assigns the TxOps for TAs and RNs that are in its network, a RN assigns
TxOps in its TDMA subnetwork to its members via the same control packets in the beginning of its sub-
frame as in Fig. 1(b). The RN forwards the data packet of a TA in its subnetwork to the destination
GS.

III. FRAME MODEL

In modeling the iNET TDMA frame, we make several assumptions. We assume a fixed data packet
size for nodes that have data to transmit and a fixed 46 byte control packet that is long enough to include
TxOp or queue length information. High level data link control (HDLC) is proposed in the iNET TDMA
MAC protocol for link layer framing that adds 3 Bytes of header and 1 Byte of flag sequence to the for-
matted payload which consists of IP datagram, 14 Byte Ethernet header and 4 Byte CRC checksum. we
assume that one out of 64 Bytes are replaced with a 2 Byte sequence during byte stuffing. The probability
that a 1 Byte sequence will be identical to one of the two 1 Byte flag or escape sequences is 1/64. Also, we
assume that there is tGMAX duration of guard time between two iNET TDMA MAC frames or sub-frames.
Finally it is assumed that uplink communication is for control traffic only, downlink communication is for
control and data traffic, and all the data traffic is from the TAs to the GSs. We then define the following
variables :

Nt : Total number of nodes
Na: Number of active nodes that have data packets to transmit
Np: Number of passive nodes that do not have data packets to transmit
Nr: Number of relay nodes
Nrn: Number of nodes that are within each RN’s sub-network.
Nrc: Number of nodes that perform range compensation
Nnrc: Number of nodes that do not perform range compensation
D: Flight range, maximum distance between two radios [nmi] (nautical mi)
Pi: IP data packet size [bytes]
Ph: HDLC size, encapsulated IP data packet size [bytes]
Pu: Uplink control packet size [bytes]
Pd: Downlink control packet size [bytes]
Ru: Uplink data rate [b/s]
Rd: Downlink data rate [b/s]

Based on the iNET TDMA MAC frame structure and the parameters defined above, a frame consists
of uplink control messages transmitted by the ground stations followed by downlink control and data
transmission. If there is no range compensation done, and there are no relay nodes, the time duration of a
TDMA frame can be defined as follows:

F = 8NtPu/Ru + (Nt − 1)td GS MAX + tGMAX

+ (Nt − 1)td MAX + 8Na(Ph + Pd)/Rd + 8NpPd/Rd

3



which consists of uplink control messages, uplink guard times, guard time between uplink and downlink
transmission, active nodes’ downlink data and control messages, and passive nodes’ downlink control
messages. When range compensation is done, instead of (Nt − 1)td MAX being the total duration of guard
times at the downlink, NrctGMIN + (Nnrc − 1)td MAX, will be the total duration of the guard times where
tGMIN is half the duration of td MAX assuming the expected value of the range for a node is simply D/2.
Here we also make the implicit assumption that one of the nodes that do not perform range compensation
is assigned to transmit first in the beginning of the downlink transmission by the master TDMA controller
to minimize the guard times within a frame.

In this frame structure, the maximum achievable throughput is the case where a data transmission is
followed by a downlink guard time, where there is no control traffic. We will denote this case to be the
theoretical maximum and compare the performance of the iNET TDMA MAC to this maximum achiev-
able throughput to see the effects of various parameters on the performance. We define the normalized
throughput as the following:

Rn = R/Rd

= (8NaPh)/(RdF )

demonstrating the ratio of R compared to Rd where R is the actual number of data bits sent in one second,
Rd is the downlink data rate, and F is the time duration of the TDMA frame.

In the presence of RNs, assuming all nodes are active, the TDMA frame also includes sub-frames that
are similar to a single hop TDMA frame as defined above. The main difference here is that there are twice
as many data packet transmissions at the downlink as in the single hop case, one from the TA to its relay,
and one from the relay to the GS. The time duration of a sub-frame is then defined as:

Fs = 8NrnPu/Ru + (Nrn − 1)td GS MAX + tGMAX

+ (2Nrn − 1)td MAX + 8Nrn(2Ph + Pd)/Rd

Also we can define N2, the number of two hop nodes as NrNrn and N1, the number of one hop nodes as
Nt −N2. Then we can define the time duration of a TDMA frame in the presence of relay nodes as:

Fr = 8(N1 + Nr)Pu/Ru + (N1 + Nr − 1)td GS MAX + tg MAX

+ 8N1(Ph + Pd)/Rd + (N1 − 1)td MAX + NrFs + Nrtg MAX

This frame consists of uplink control, followed by tg MAX guard time between uplink and downlink
transmission, data and control transmissions of one hop nodes with appropriate guard times, RN sub-
frames and guard times between sub-frames.

IV. SIMULATION RESULTS

The default values used for all simulations if not varied include a flight range of 100 nmi, uplink and
downlink data rates of 1 Mb/s, a data packet size of 1024 Bytes, and no range compensation for all nodes.

C. Number of Nodes

In this single hop scenario with no RNs, all nodes are active. As shown in Fig. 2(a), the aggregate
normalized throughput increases from 0.70 to 0.77 with increasing number of nodes because the effect

4



Figure 2: The effect of Na, Np, and Pi on Rn

of the fixed guard times between uplink and downlink transmission, and between two frames decrease
with increasing number of nodes and frame size. On the contrary, the frame size increases from 12 ms to
554 ms almost linearly as the number of nodes increase. The frame size can be an important measure in
some cases where it can limit the number of nodes in the network since larger frame size may degrade the
performance of delay sensitive applications.

D. Number of Passive Nodes

In this single hop scenario, there are total of 50 nodes, and the number of passive nodes among 50
nodes is changed from 0 to 49 to see the effect of passive nodes to the aggregate throughput, individual
throughput, and frame size . As in Fig. 2(b), the aggregate normalized throughput decreases from 0.77 to
0.06 with increasing number of passive nodes. This is due to the increased portion of the control packets
within a frame. On the other hand, because of the smaller size of control packets compared to data packets,
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Figure 3: The effect of D, Nrc, Ru, and Rd on Rn

the frame size decreases almost linearly from 553 ms to 133 ms and the individual normalized throughput
increases from 0.015 to 0.063 as in Fig. 2(c). When the portion of passive nodes increase, the active nodes
can have higher throughput relative to the all nodes active case simply because they transmit data packets,
which are bigger compared to control packets. As in Fig. 2(d), when the IP data packets get smaller in
size, the individual throughput also decreases and becomes less than the all nodes active case for IP data
packet sizes 256, 128, and 64.

E. Flight Range

In this single hop scenario, the flight range is changed from 1 nmi. to 150 nmi. for 1, 3, 5, 10, and
50 active nodes. As in Fig. 3(a), the aggregate normalized throughput decreases with longer flight ranges.
This is simply because of the longer guard times needed between transmissions for longer flight ranges.
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Moreover, the guard times have bigger effect on the performance when number of nodes is less than 10
because of smaller frame sizes and relatively bigger portion of guard times within the frame.

F. Range Compensation

In this single hop scenario, number of nodes that perform range compensation is changed from 0 to 49
for a total of 50 nodes. The aggregate normalized throughput increases from 0.77 to 0.79 with all nodes
doing range compensation as in Fig. 3(b). In all cases, the range compensation improves the performance
up to 2 %.

G. Uplink and Downlink Data Rates

In this single hop scenario with 50 nodes, all nodes are active, and the uplink data rate is varied from
100 kb/s to 10 Mb/s whereas the downlink rate is kept constant at 1 Mb/s. As in Fig. 3(c), since uplink
communication is for control packets only and downlink is for data and control packets, having a relatively
higher data rate at the uplink improves the performance because the theoretical maximum throughput is
bounded by the downlink data rate only. This also means less overhead due to control packet transmissions.
The gain is up to 30 % in the aggregate normalized throughput from 0.51 to 0.81 for uplink data rates 100
kb/s and 10 Mb/s.

H. Relay Nodes

In this two hop scenario with 50 nodes and 5 RNs, the number of nodes that each relay has in its own
sub-network varied from 1 node to 10 nodes. With increasing number of two hop nodes, the aggregate nor-
malized throughput decreases from 0.69 to 0.41. This is because there are twice number of transmissions
from a two hop TA to reach the destination GS, and there is no spatial reuse. The theoretical maximum
normalized throughput in Fig. 3(d) is also calculated assuming no spatial reuse, and it can be considered as
a lower bound on the theoretical maximum aggregate normalized throughput. Note that this only permits
single hop relaying through RN. A general multihop capability through TAs and RNs out-of-range of a
GS is provided by AeroNP, and AeroRP [13], [14], [1].

V. CROSS-LAYERING

Cross-layering mechanisms can be employed in wireless networks rather than strict layering to im-
prove the overall performance of the network with a careful integration amongst the layers. The transport,
network and data link layers of the aeronautical protocol suite are AeroTP, AeroNP and AeroRP [1], and
iNET TDMA MAC respectively as shown in Fig. 4. The cross-layering mechanisms enable the dials
D to instrument information from below to the higher layer, and the knobs K at higher layers influence
different mechanisms at the lower layers. The dials from iNET TDMA MAC to the upper layer AeroNP
and AeroRP include location and speed information of the TA, link capacity, frame error rate, and queue
length, whereas the dials from AeroNP and AeroRP to the upper layer AeroTP are path frame error rate,
path capacity and path throughput. The knobs from AeroTP to AeroNP and RP include the reliability
mode and error control requests to the link layer, whereas the knobs from AeroNP and AeroRP to iNET
TDMA MAC are priority indication for queues and error control requests to the link layer.

This cross-layering is crucial for the operation of AeroTP [15], [16], and AeroRP [13], [14]. In

7



iNET TDMA MAC

dialsknobs

K7 4

AeroNP + AeroRP

AeroTP

Mission

K4 3

K3 2

D7 4

D4 3

D3 2

iNET TDMA MAC

dialsknobs

K7 4

AeroNP + AeroRP

AeroTP

Mission

K4 3

K3 2

D7 4

D4 3

D3 2

Figure 4: Knobs and dials for telemetry network stack

particular, AeroTP uses an adaptive flow-control mechanism called backpressure, which is implemented
as part of AeroNP. AeroNP signals AeroTP to reduce its sending rate based on information that is gathered
by the MAC-layer snooping mechanism. AeroTP also adapts its error control mechanisms and signaling
based on the reliability mode derived from the mission as well as dials propagated from the MAC up
through the network layer to adjust parameters such as FEC strength. The priority and type of data segment
transmitted are dictated by the mission and communicated from the application layer, to AeroTP, and from
there to AeroNP, to be stored in the network layer header to enable appropriate QoS decisions at each hop.
Finally, AeroRP relies on geolocation information supplied by external physical devices for its operation.

VI. CONCLUSION

In this work, to evaluate the performance of the iNET TDMA MAC protocol, we formulated a mathe-
matical model for the frame and sub-frame structure and discussed the role of cross layering.

Simulation results show that greater number of active nodes may increase the aggregate throughput
with a penalty of decrease in individual throughput and longer frame duration. Also, having greater num-
ber of passive nodes may increase the individual throughput for big data packet sizes and have a shorter
frame duration with a penalty of significant decrease in aggregate throughput. Moreover, longer flight
ranges result in longer guard times and decrease the aggregate throughput, whereas range compensation
can make little improvement in the aggregate throughput. Finally, slower uplink data rates compared to
downlink data rate, and greater number of two hop nodes significantly degrade the performance, because
in the former case, the control traffic is sent at a much slower rate resulting in bigger control traffic over-
head, and in the later case, data packets has to be transmitted twice, and there is no spatial reuse. Overall,
our work provides a mathematical model and performance evaluation for the iNET TDMA MAC, which
is designed specifically for highly mobile aeronautical networks.

In the future work, we will implement iNET TDMA MAC in the ns-3 network simulator, analyze the
performance of the overall protocol suite with AeroNP and AeroTP, and investigate the cross-layering
issues in conjunction with the ns-3 AeroNP, AeroRP, and AeroTP models.
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ABSTRACT 
 

This paper shows the improvement in performance for OFDM modulation on aeronautical 
channels with the addition of convolution coding. OFDM is envisioned for use on the Integrated 
Network Enhanced Telemetry (INET) on aeronautical channels that experience multipath fading 
which causes inter-symbol interference (ISI). Forward error correction coding, such as 
convolution coding (cc), significantly improves the bit error rate (BER) of OFDM with multipath 
fading. Theoretical and simulated results show a performance increase of up to 10dB with the 
introduction of coding gain and the cyclic prefix (cp). Such improvements can be applied to 
reduce errors or increase data rates for INET.   
 
 

INTRODUCTION 

 
The INET study is a project launched by both Director of the Central Test and Evaluation 
Investment Program (CTEIP) and Morgan State University with the primary objective of 
advancing networking and telemetry technology. The INET study results will lead to a CTEIP 
Development Project that will develop needed technology and lead to its deployment at Major 
Range and Test Facility Base (MRTFB) sites throughout the Department of Defense (DoD).  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 study has decided to use the 802.11 
Wireless LAN Protocol which has been standardized by the IEEE society.  There are several 
areas in the INET project such as radio link, mixed networking, network security, and network 
simulation. The performance of each of these areas contributes to the overall performance of 
INET. Essentially, this paper concentrates on the radio link. The performance of the radio link 
can be enhanced by enhancing the aeronautical channel performance, which is one of its major 
components. 
 
An aeronautical channel is a type of radio channel which provides communication between 
aircraft and ground stations and between the aircraft themselves. One common problem in signal 
transmission through the aeronautical channel is additive noise.  In addition obstacles and 
surfaces in the path of the transmitted signal form reflectors that cause the signal to reach the 



receiver through a series of paths.  This phenomenon is called multipath. Multipath becomes a 
significant factor in degrading the quality of the signals being sent through the channels.  Several 
techniques could minimize the effect of multipath, such as equalizers, coding and interleaving, 
and the use of rake receivers.   
 
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. In this case, fading is a distortion or attenuation that a carrier-modulated 
telecommunication signal experiences over the propagation media.  
 
Forward Error Correction (FEC) is a method by which errors can be controlled during data 
transmission. There are several types of FEC such as block codes and convolution codes. 
Convolution codes were first introduced by Elias [1] in 1955. 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. The main objective of this project is to analyze the 
performance of the aeronautical Channel using a forward error correction scheme for better 
channel performance to satisfy the growing volume of data projected for INET. This project 
outlines a design of convolution coding techniques based on the IEEE802.11 standard for 
transceivers on aeronautical channels to improve the performance of the channel and to support 
high speed data required by the testing and evaluation community. 
 
 
 

METHODOLOGY 
 
Convolution coding has been applied to enhance performance on the aeronautical channel. 
However, before the introduction of convolution coding digital modulation (QPSK), researchers 
have employed OFDM and cyclic prefix in this work. Interleaving is applied after coding for 
farther error correction. Figure1 shows each of the above mentioned methods applied in this 
work. Each element in this figure is described below. 
 
 
 
 
 
 



 
 

 
 
     QPSK Modulation                        
 

Modulation is a process of encoding digital data on channels. The most common forms of 
modulation are amplitude, frequency and phase. Quadrature phase-shift keying (QPSK) is a 
modulation scheme where data is modulated onto the phase of the carrier signal.  

 
      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. 

 
      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 guard-interval, referred to us as a cyclic prefix, between the symbols. 
OFDM system is used to increase the symbol duration and reducing ISI.  
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      Channel 
 
A radio channel is the communications link between a transmitter and receiver. Obstacles 
and surfaces in the path of the transmitted signal from reflectors cause the signal to reach the 
receiver through a series of paths. The line of sight (LOS) path is the direct path between the 
transmitter and the receiver. The other signal is referred in this case as multipath components. 
These multipath components are attenuated delayed versions of the LOS path that have been 
reflected and scattered off obstacles in the propagation path before arriving at the receiver. 
For our simulation purpose we used three multipath taps and added white Gaussian noise 
(AGWN).    Figure 2 shows the multipath taps and the frequency response used [2]. 

                                                         
 
 
                  
       
 
 
 
 
 
 
 
      
 
 
 
Convolution Coding 
 

The schematic of the Convolution coding applied in this work is shown in Figure 3. 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 3: Schematic of Convolution coding for K=7  

Convolution Interleaver  
 

The aeronautical channel experiences random and burst errors.  Burst errors are caused by 
natural events and electronic devices that cause an instantaneous burst in energy.  The burst 
errors present themselves as impulses that can affect multiple data bits.  Channel 
performance in the presence of burst errors can be improved by the process of interleaving. 
Rather than operating on bits that are adjacent in time and/or frequency, the code is made to 
operate on symbols with sufficient spacing such that the errors are more independent. In 
interleaving, symbols of the coded sequence are either transmitted a number of times or 
scrambled (permutation) using interleaving techniques. It does not add or subtract from the 
total number of bits being transmitted [4].  
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The above Figure 4 shows how the process is achieved when adjacent symbols of the transmitted 
sequence are separated by more than the average duration of error burst. The inverse operation is 
done at the receiver using de-interleaving to restore the transmitted sequence. 
 

 
RESULTS AND DISCUSSION 

    
Error Performance analysis is performed by plotting the bit error-rate versus signal to noise ratio 
(SNR) for AWGN. Simulations were run for different test conditions. Figure 5 shows the 
simulation result for a rate ½ Convolutional code with constrain length, K=7. Here we have 
compared the theoretical performance of QPSK in noise to OFDM with multipath, OFDM with 
multipath and the cyclic prefix, and OFDM with multipath, cyclic prefix and the rate ½ 
convolutional coding.  In the literature [3] it is believed that the coding gain that can be achieved 
is 7dB, for this code. Our simulation result for BER 10^ (-4), the coding gain obtained, is 
approximately 11dB. OFDM system with n=64 carriers have been assumed at a sampling rate of 
20 MHz with a guard interval equal to 16 samples. QPSK mapping for all sub channels has been 
employed. Figure 5 shows the simulation results plotted as BER vs. SNR. The performance gain 
for n=64 is reduced by 11db at BER 10^-4. This project also analyzes an OFDM system and the 
effect of channel coding in reducing the BER.  
 
Cyclic prefix is used to reduce ISI and maintain orthogonality between sub carriers, eliminating 
ISI as shown in Figure 5. The channel performance improvement and the gain obtained by 
including a cyclic prefix is 5db.  The performance improvement due to the convolution encoder 
is 7 decibels providing an overall improvement of 12 decibels.  
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                     Figure 5: Theoretical BER Vs Simulation with Coding 



 
 

CONCLUSIONS 
 
The work presented in this project can be classified into two parts:  the first part presents the 
degradation in the performance of an OFDM system in AWGN channels with   multipath 
channels and second part shows the improvement in performance with the introduction of the 
Cyclic Prefix and Convolutional Coding.  
 
Introducing the cyclic prefix was shown to reduce ISI and maintain orthogonality between sub 
carriers, reducing ISI. The channel performance improvement and the gain obtained by including 
a cyclic prefix is 5decibels. The channel performance improvement due to the R=1/2 convolution 
encoder is 7 decibels, for a net improvement of 12 decibels. This improvement can be applied to 
more robust error performance, higher data rates, less power or some combination of these. 
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ABSTRACT 
 
Modern data acquisition systems can be very time consuming to configure.  The most 
time consuming aspect of configuring a data acquisition system is defining the 
measurements that the system will collect.  Each measurement has to be uniquely 
identified in the system and the system needs to know what data the measurement will 
sample.  Data acquisition systems are capable of sampling thousands of measurements in 
a single test flight.  If all of the measurements are created by hand, it can take many hours 
to input all of the required measurements into the data acquisition system’s setup 
software.  This process can also be extremely tedious since many measurements are very 
similar.   
 
This paper will examine several possible solutions to the problem of rapidly creating 
large numbers of data acquisition measurements.  If the list of measurements that need to 
be created already exists in an electronic format then the simplest approach would be to 
create an importer.  The two main ways to import data are XML and comma separated 
value files. This paper will discuss the advantages and disadvantages of both approaches.   
 
In addition to importers, this paper will discuss a system that can be used to create large 
numbers of similar measurements very quickly.  This system is ideally suited to MIL-
STD-1553 and ARINC-429 bus data.  It exploits the fact that most bus measurements are 
typically very similar to each other.  For example, 1553 measurements typically differ 
only in terms of the command word and the selected data words.  This system allows the 
user to specify ranges of data words for each command word.  It can then create the 
measurements based on the user specified ranges. 

KEYWORDS 
 
Data Acquisition, Bulk Parameter Creation, XML, MIL-STD-1553, ARINC-429 

INTRODUCTION 
 
One of the key components of configuring a flight test data acquisition is the creation of 
data acquisition parameters.  A parameter has to be created for each sensor or bus data 
word that needs to be sampled on a test article.  Many recent flight test programs require 
that thousands of sensors and bus data words be sampled by the data acquisition system.  
This means that the engineer who is responsible for configuring the data acquisition 



system will often have to create thousands of unique parameters.  Due to the quantity of 
parameters that need to be created this can be a very time consuming process.   
 
Instrumentation engineers often have a limited amount of time to configure a data 
acquisition system before a flight test.  Modern flight test programs also require that the 
parameters that are sampled on each flight test can vary greatly.  These factors mean that 
it is often impractical to manually create all of the parameters in the data acquisition 
system vendor’s setup software.   
 
There are two main types of parameters that need to be created in large quantities on most 
flight test instrumentation systems.  The two types are bus data and orange wire sensor 
measurements.  Most other types of data that are sampled by a data acquisition system do 
not require a large number of parameters.  For example, FIFO based embedded data 
streams typically require only one parameter per stream.  Audio and video data also 
usually requires only a single parameter to sample each data source.  These parameters 
can be created by hand.   
 
Most modern test articles have one or more on-board avionics buses.  It is often necessary 
for the data acquisition system to monitor these buses.  This typically requires creating 
distinct parameters for each data word that needs to be sampled from the bus.  Some of 
the most common buses on test articles are MIL-STD-1553 and ARINC-429.  1553 data 
is organized into messages that contain data words.  In some cases, the entire 1553 
message which can contain up to 32 data words will need to be sampled.  In other cases, 
only a single data word needs to be sampled from a message.  ARINC-429 bus data is 
organized into labels.  Each ARINC-429 label contains a single data word.   
 
The other common type of data on most test articles is orange wire data.  Orange wire 
measurements are collected from various types of sensors on a test article.  These include 
stain, voltage, temperature, pressure and other similar physical measurements.  Most 
orange wire measurements are collected by sensor type specific data acquisition cards.  
Each card collects a specific type of data and encodes it in a digital format.   In some 
instances, these cards can collect up to 64 channels on a single card.  These channels 
often have only a few settings and all of the channels are usually configured similarly.   
 
Most data acquisition systems use a common word length that is typically between 8 and 
16 bits per word.  Each data word can only sample the number of bits in the common 
word length.  For measurements that require more data bits, TTC’s data acquisition 
systems provide extended read parameters.  An extended read parameter outputs any 
additional bits of data beyond the initial common word length.  Once extended reads are 
used, the original parameter and its extended reads need to be concatenated together to 
form a single measurement that is longer than the common word length.  To simplify data 
analysis, it is typically a good idea to uniquely name each extended read parameter.  
When the extended reads are uniquely named, it is much easier for the data playback 
software to select the correct locations in the PCM format for use in the concatenations.  
Creating extended reads is another operation that can be tedious for instrumentation 
engineers.   



  
When data acquisition parameters are being defined, it is often a good idea to assign an 
engineering unit (EU) conversion to each parameter.  Engineering unit conversions are 
mathematical operations that convert the raw sensor data from a data acquisition system 
into useful numeric measurements.  For example, a temperature card in a data acquisition 
system that is running at 12 bits per word will collect temperatures on a scale from 0 to 
4095 counts.  This raw value needs to be converted to an actual temperature by applying 
a polynomial EU to the raw value.  The output of the polynomial is a value in degrees 
Celsius.  The same conversion function is often used for many of the parameters in a data 
acquisition system.  This means that the instrumentation engineer must enter the same or 
very similar EU conversions repeatedly when configuring the data acquisition system. 
 
There are several possible solutions to the problem of rapidly creating parameters for data 
acquisition system.  TTC has implemented three main solutions that provide 
instrumentation engineers with the ability to rapidly create parameters for their data 
acquisition systems.  By using these methods to create many of the parameters, the 
instrumentation engineers will be able to configure a system much more rapidly than if 
the system had to be configured entirely by hand.  Each solution has advantages and 
disadvantages and is geared towards a particular class of applications.   
 

USING XML TO CREATE PARAMETERS 
 
The first method for rapidly creating data acquisition parameters uses XML to transfer 
parameter information from a user’s internal test database to the data acquisition system’s 
configuration software.  The main advantage of using XML to transfer configuration 
information is its flexibility.  TTC has defined a set of XML tags that allow every setting 
that can be configured by hand in a data acquisition system to also be configured through 
XML.   
 
The flexibility of the XML solution makes it possible for instrumentation engineers to 
define an entire system configuration in XML or just a single parameter.  If the engineer 
creates an XML file that describes a complete system then it is possible to simply import 
the file into the configuration software and generate hardware programming without 
having to manually configure a single setting.  Alternatively, the XML could be used to 
create a set of 1553 or ARINC-429 parameters in an existing project where all of the 
other settings are defined manually.    
 
Another advantage of XML is that it is bidirectional.  The configuration of an existing 
project can be exported as an XML file.  The user could then read the configuration into 
their internal database.  Once the configuration is in the internal database then the user 
could regenerate the XML with a different set of parameters.  This makes it easy to re-use 
parts of a configuration on a different test flight.  The XML importer also provides a high 
level of error checking to ensure that the configuration is imported correctly and to notify 
the user about any errors in the configuration. 
 



Figure 1: A MIL-STD-1553 Parameter in XML 
 
Despite its advantages, XML is not always the best solution for creating parameters 
quickly.  Learning how to use XML requires a substantial time investment.  The user 
must become familiar with the tags that have been defined for each type of parameter.  It 
also takes longer for a user to get started with XML than it does for the other methods 
that this paper will discuss.  In order to use XML to import configuration information, 
users will typically have to write a custom program that converts the configuration 
information from their measurement database into TTC’s XML format.   
 
XML also has limited usefulness if a user does not have an electronic database of the 
measurements that they want to sample.  Without a measurement database, the user will 
need to manually create the measurements in XML.  Writing XML files by hand is a 
difficult task because tag and attribute names must be structured correctly so that the file 
can be interpreted.  
 
The only time when hand modifying an XML file can save a substantial amount of time 
is when a user wants to make a bulk change to a particular setting.  For example, if a 
group of 1553 parameters are currently assigned to one sub-address and you need to 
move them to a different sub-address, this could be done easily with a simply find and 
replace operation in an XML file. 

IMPORTING PARAMETERS FROM CSV FILES 
 
The second method for rapidly creating parameters is to import the parameters from a 
Comma Separated Values (CSV) or tab delimited file.  This method is ideal for users who 
typically use spreadsheets to manage their parameter lists.  A CSV file can be easily 
generated from any spreadsheet application like Microsoft Excel.   
 
The main advantage of using CSV files is that they are very simple to create and 
maintain.  Many test engineers already use spreadsheets to organize their parameter lists 
and decide what parameters to sample.  The basic design of the CSV importer assumes 
that each line in the CSV file describes one parameter. 
   
There are two different approaches to using CSV files to import parameters into the 
vendor’s configuration software.  The first approach is to define a set of columns that 
must be included in each CSV file.  The set of columns will have some columns like 



Short Mnemonic that are common to all types of parameters.  The rest of the columns 
will depend on the type of the parameter.  For example, the format for a 1553 parameter 
could define columns for Command Word, Remote Terminal, Transmit/Receive, Sub-
Address, Word Count and Data Word Number.  By defining a fixed set of columns for 
each type of parameter, it is simpler to perform error checking.  The problem with this 
approach is that it may make it difficult for users who have existing spreadsheets to 
generate valid CSV import files.  These users might need to adjust the columns in their 
spreadsheet or create a copy of the data and adjust it before generating a CSV file.   
 

 
Figure 2: Five MIL-STD-1553 Parameters in a Spreadsheet 

 
The second approach to creating CSV files is to define a set of possible columns for each 
type of parameter.  The user would then be able to create files that contained any 
combination of the allowable columns.  To do this, the user would have to tell the import 
software the order of the columns.  Alternatively, the importer software could use the 
column header row in the CSV file to automatically determine the type of each column.  
The main advantage of this approach is that it makes it possible for the user to make the 
importer work with an existing spreadsheet format.   
 
There are several disadvantages to using CSV or tab delimited files to import parameters.  
The first problem is that the source spreadsheet has little or no error checking ability.  
This means that the user may import incorrect or invalid settings and not realize it.  The 
importer software must check all of the imported values to make sure they are valid.  If 
the user selects the columns to include in the spreadsheet then they may omit essential 
information that would have to be manually added for each parameter.  It’s also possible 
that the user may interpret a setting slightly differently than the importer.  For example, 
the user might specify a value using a range of 1 to 20 while the importer expects 0 to 19.  
All of these factors can make importing a CSV file very complicated for the data 
acquisition configuration software.   
 
Another potential problem is that there are certain settings for data acquisition parameters 
that are difficult to express in the form in a single line per parameter format.  An example 
would be an EU with many arguments like a lookup table or a polynomial with a high 
order.  These types of settings cannot be easily imported from a CSV file. 

USING A SOFTWARE WIZARD TO CREATE PARAMETERS 
 
The final method for automating the creation of large quantities of data acquisition 
parameters is the use of a software wizard.  The wizard interface asks the user a series of 
questions and then automatically generates a set of parameters based on the user’s 



answers.  This approach is ideal for cases where the user needs to create large numbers of 
similar parameters that differ mainly in terms of the bus data word or analog channel 
number that they are sampling.  The wizard is particularly well suited to parameters that 
only have a few user selectable settings.   
 
One of the advantages of the software wizard is that the user does not need to create an 
import file.  There is also no need for the user to write any custom software, they just 
follow the steps in the wizard to create the parameters.  This approach is very well suited 
for 1553, ARINC-429 and other bus parameters.   It makes it very easy to sample an 
entire 1553 message or all of the ARINC-429 bus labels on a particular channel.  
Extended read creation is also integrated into the wizard interface.   

BULK PARAMETER GENERATOR 
 
The bulk parameter generator asks the user a series of questions and then uses the 
answers to generate a set of new parameters.  The key question is the desired range of 
values for each possible parameter setting.  If the user specifies a single value for each 
possible setting then the generator will only create one parameter.  However, if the user 
specifies a range of values for one of the settings then the generator will create one 
parameter for each item in the range of values.  For example, the user could specify a 
range of 1 to 10 for the channel number setting.  This would result in the creation of 10 
parameters.  Each parameter would have a channel number from the range of allowable 
channel numbers.   
 
The concept of specifying a range of possible values for a parameter setting can be 
extended so that the user can specify a range of values for more than one setting.  This 
means that the generator will create parameters for all of the combinations of the settings.  
So if the two settings are channel number and a data output format with two possible 
choices then the user could specify channel numbers from 1 to 10 and both possible data 
formats.  The bulk generator would create 20 parameters for this example.   
 
Essentially the bulk parameter generator uses the concept of nested for-loops to 
dynamically create parameters for each possible combination of settings.  Each for-loop 
iterates over each item in the selected range of values for one of the possible settings.  
This allows the system to easily create parameters for every data word in a specified 1553 
command word.  It could also be used to create a parameter for every 1553 data word for 
an entire RT address.   
 
The first screen in the bulk parameter generator wizard asks the user for the destination 
card for the new parameters.  The system uses the card’s type to customize the remaining 
questions.  If the user selects a card that doesn’t support bulk parameter generation then 
they cannot continue. 
 
The second screen asks the user how they want to name the parameters that are 
dynamically generated by the wizard.  Parameter naming is important because the system 
must be able to uniquely name each dynamically created parameter.  The parameter 



names are generated by using a name template.  The template contains a combination of 
fixed text and dynamic variables.  The variables are things like the card’s name and the 
value of any of the parameter’s settings.  For a 1553 parameter, the user can use the 
command word, the remote terminal, the sub-address, the word type and the data word 
number.  The default template for 1553 parameters is “<cardname><hex>-<wt><dw>”.  
This template generates names like “AMUX0820-DW01”.  This name would be assigned 
to a parameter on the card “AMUX” that samples data word 1 from the 1553 message 
with the command word 0x0820.  The user can also use the symbol “<#>” to represent a 
unique automatically generated number.  . 
 

 
Figure 3: Bulk Parameter Naming 

 
The next screen in the wizard asks the user to select the settings for the parameters that 
they are dynamically generating.  For 1553 parameters, the allowable settings are 
command word, remote terminal (RT), transmit / receive, sub-address (SA), word type, 
data word and message type.  The command word is a 16-bit hex number that contains 
the values for the RT, transmit / receive and SA fields.  The wizard knows that these 
fields are linked so it automatically updates them so that they are internally consistent.  
For the remote terminal and sub-address fields the user can select a value from 0 to 31.  
For the data word field, the user can select a value from 1 to 32.   
 
By specifying a starting and ending value for each setting, the user is able to define the 
set of parameters that they want to create.  The system uses the nested for-loop approach 
to iterate through all of the possible settings and generate the parameters.  Depending 
upon the setting, the software gives the user a variable amount of flexibility.  Some 
settings cannot be iterated so the user is required to select a single value.  Other settings 
allow the user to select all possible values or a single value.  Other settings allow the user 
to pick an arbitrary range of values.  A feature that adds a bit more flexibility to the 
wizard is the ability to specify the increment value.  By selecting an increment other than 



one, the user is able to create a set of parameters that sample every other data word or 
every third data word.  This gives the user a great deal of flexibility in defining the set of 
parameters that will be generated dynamically. 
 

 
Figure 4: Choosing a Range of Settings for a Set of 1553 Parameters 

 
The next screen in the wizard asks the user about extended reads.  If no extended reads 
are required then the user can simply skip over this screen.  The user can tell the wizard 
to create one or more extended read parameters for each real parameter.  For example, if 
the actual data was 32-bits long and the system was running at 16 bits per word then the 
user would need one extended read parameter for each real parameter.   
 
The extended read screen also asks the user how they want to name the extended read 
parameters.  The choices are to append a letter, append a number or add some user 
specified text.  Each extended read parameter starts with the real parameter’s name and 
then adds the user specified text.  This is done so that the extended read parameters have 
unique names.   
 
The final screen in the wizard shows the user a preview of all of the parameters that will 
be generated.  This allows to user to verify that the dynamically generated parameters 
were setup correctly.  The user can also rename the parameters or remove one or more 
parameters from the set of automatically created parameters.  When the user is happy 
with the preview then they can select the “Create All Parameters” option and the software 
will generate the parameters.   
 

 
Figure 5: Previewing the Dynamically Created Parameters 



CONCLUSION 
 
This paper has discussed three methods for rapidly creating data acquisition parameters.  
These methods help users to configure their data acquisition systems more rapidly and 
efficiently.  XML is an ideal solution when the user already has a database containing the 
desired parameter settings and has the time to write a software converter to convert the 
database into TTC’s XML format.  The CSV importer is a good choice for users who 
define their data acquisition parameters in a spreadsheet.  Finally the bulk parameter 
generation wizard is ideal for rapidly creating parameters that share most settings and 
only differ in terms of a few settings.   
 
There are several possible enhancements that could be added to the bulk parameter 
generator.  One would be adding the ability to assign EU functions through the CSV 
importer or the bulk parameter generation wizard.  It would also be useful if the wizard 
allowed for greater customization without increasing its complexity. These enhancements 
would make these methods for creating parameters even more useful for users. 
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ABSTRACT 
Most helicopter programs require the acquisition of parameters from the rotating 

systems. Historically, these systems made use of electromechanical slip rings for the 

transfer of power, control, and data from within the helicopter’s cabin to the rotating 

hardware. Slip rings are primarily used in dedicated instrumentation vehicles and are not 

commonly used in production platforms that may require instrumentation of the rotating 

systems for in-service load and fatigue monitoring. Additionally, the use of slip rings 

requires time and money to integrate the hardware and equipment into the aircraft in 

order to perform rotor data acquisition. The time needed to perform modifications to 

transmissions and drive trains plays a big factor in the increased costs of aircraft 

development. Less intrusive installations would minimize the need for mechanical 

changes and would improve the time needed to install the instrumentation.   

This paper describes a wireless system approach to perform the test without the 

slip ring, and provides performance data that validates this new method of instrumenting 

unobtrusively to save time and money without sacrificing data integrity. 

 

Key Words 
Bluetooth, PCM, Slip Rings, Wireless, Less Intrusive 

 

Introduction 
Helicopters have used HUMS (Health and Usage Monitoring System) for almost 

two decades. It is being used on production vehicles as a data acquisition system to detect 

usage and vibration information. It provides with the earliest indication of incipient 

mechanical defects that grow slowly over time. The HUMS assist greatly in reducing 

unscheduled maintenance, and extends the lifespan of many of the aircraft’s systems. The 

HUMS system is primarily installed in the helicopter’s cabin, and collects no data from 

the rotating system. Helicopter blades and other rotating subsystems receive scheduled 

maintenance and are being replaced based on the manufacturer’s recommendations. 

These recommendations are derived from flight test data acquired from the rotor system, 

using slip rings and analysis. The most cost-effective way to replace helicopter blades 

and other components of the rotating system is by using a HUMS data acquisition system 
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on the rotor(s). A rotor mounted HUMS system will provide early indication of 

rotor/blade fatigue, and will provide an “elegant scenario where you don’t have to 

replace components too early to compromise cost, but you don’t replace them too late to 

compromise safety”[1]
 
. Additionally, the system could aid in troubleshoot rotor problems 

(instability, balance, etc) in the production fleet without the use of slip rings and would 

keep the aircraft in the fleet while testing is performed.  

The challenge to retrofit and place data acquisition system on the rotors in an 

existing fleet of helicopters is the lack of slip rings between the rotor(s) and the cabin. 

This challenge requires the development of a data acquisition system that transmits its 

data wirelessly to the cabin, and a power battery or a power harvesting device to power 

the rotating acquisition system. The first phase of the development includes the wireless 

data acquisition system mounted on the rotor and transmits its data to the cabin using 

Bluetooth wireless communication as well as providing the data through slip rings for 

comparison and latency evaluation. No power battery or power harvesting device was 

used at this current phase.  

The rest of the paper will cover the system approach, several elements of the 

design, time synchronization, Bluetooth, antenna considerations, and test results.  

 

System Approach 
The goal is to develop a wireless instrumentation system suitable for meeting 

requirements of rotor mount acquisition system demonstrations, and a dual use of the 

system during flight test without slip ring as well as a HUMS system for the production 

fleet.  

The system approach utilizes decades of flight test experience in the 

instrumentation of helicopter rotating systems, and enables the designers to develop 

system requirements that must meet the following key criteria: 

 Comply with data and environmental requirements for rotor 

demonstrations and in-service use with this system. 

 Develop a functional solution utilizing Bell’s internal resources 

and outside contractor with proven wireless applications for harsh 

environment. 

 Demonstrate system functionality on a rotating test stand using 

both wireless and the traditional slip-ring for a base-line 

comparison 

 Test HUMS sensors using the Wireless Slip-Ring 

 

System Description 
The Slip Ring Replacement System (SRRS) shown in figure 1 and 2 consists of a 

PCM-to-Bluetooth Converter (MBLT-101T-1) module mounted as part of a Standalone 

PCM Miniature Enhanced Data Acquisition Unit that is mounted in the rotating system of 

a M407 rotor. This module communicates data, time, and configuration with another card 

that converts Bluetooth-to-PCM (BLT-101R-1) installed as part of a unit in the non-

rotating system (cabin). The same data transmitted over the Bluetooth was also provided 

over the slip rings for baseline comparison of data latency, data throughput, and link 

analysis. The rotating acquisition system acquired data from multiple strain gauge 

channels, a fiber optic strain gauge system using high speed RS-232/422 interfaces, and 
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several discrete channels. Bluetooth 2.0 operates at little less than 1Mbps. The Bluetooth 

packet protocol used for communication between the rotating system and the cabin 

included overhead data, data payload, allowance for retransmissions, and periodic time 

synchronization which resulted in a maximum effective useful data rate of 300Kbps. This 

data rate was well within the PCM data rates of the rotating system. 

In order to maximize efficiency of the wireless link, data are transmitted over the 

Bluetooth data link in packets of varying size depending on the data rate.  At low data 

rates, Bluetooth packet size is kept fairly small to provide acceptable latency, while at 

higher rates, the packet size increases to provide higher data throughput.   

As packets are received, payload data are stripped from the packets and added to a 

first-in, first-out buffer (FIFO).   When data transmission is first initiated, this FIFO fills 

to a pre-determined level before PCM data output starts.  Once PCM data output begins, 

the “fullness” of the FIFO is used to exert fine control of the PCM data output rate.  This 

approach has two benefits.  Delays in the Bluetooth link are averaged over a long period 

of time, providing a constant average latency of around 72ms.  Additionally, the PCM 

clock rate at the receiver unit in the cabin remains essentially constant and synchronized 

with the data transmission rate of the rotor unit.  An observer looking at the output data 

would see no difference between the received wireless and slip ring data streams other 

than a constant latency.  

 

Figure 1. System Architecture 
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Figure 2. Slip Ring and Instrumentation System 

 

Bluetooth 
The choice of Bluetooth was based on TTC’s experience with this technology for 

use with wireless sensors [2][3][4] operating at a data rate of 300Kbps. We used 

Bluetooth [5] 2.0 class II that provides 100 milliwatt of RF power, and operates at 921 

Kbps. The effective throughput rate is lower (just above 300Kbps) due to data packet 

overhead, potential retransmissions, and control packets. The 300Kbps proved to be 

sufficient for the application with adequate spare bandwidth to add more sensors in the 

future or to increase the sampling rate of the current sensors.   

Tests have been conducted in the lab, as well as in the actual installed platform, in 

order to better understand the capabilities and challenges associated with the use of 

COTS wireless transceivers in aircraft data telemetry applications. For example, aircraft 

telemetry S band transmitters operate from 2.2 – 2.45 GHz while Bluetooth devices 

operates between 2.4 – 2.483 GHz. Sharing of this frequency band may lead to serious 

loss of Bluetooth data due to receiver saturation whenever the aircraft S band transmitter 

is in operation. An interference test was performed with an S Band transmitter and the 

Bluetooth transceiver. The S Band transmitter was set to a maximum frequency of 2.37 

GHz, 8 Watts of output power, and located 10, 5 and 2.5 feet from the Bluetooth 

transceiver. No degradation in the Bluetooth was observed.  

Line of sight is another issue in wireless technology. When implementing a low 

power Bluetooth wireless data link from one part of the aircraft to another, it is highly 

desirable to have an uninterrupted line of sight from transmitter to receiver.  When this is 

not possible, the quality of the data link may suffer. Bluetooth Type II operates at a 

distance of up to 30ft within line of site. In our application, the installation was well 

within the 30ft, however installation of the antenna in the rotor system implied no line of 

site during a portion of the rotation, see figure 3.  
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The Bluetooth antennas were installed to simulate the locations for a flight aircraft and to 

maximize line of sight. Initially, antenna masking was a big concern due to rotation of the 

rotor. However, testing revealed masking was not an issue. 

 

 

 

 

Figure 3. Bluetooth Antenna Locations 

 

A standard flight test instrumentation slip ring was used for the baseline serial 

PCM for comparison to the Bluetooth PCM.  

 

Instrumentation system packaging 
The rotating PCM encoder was repackaged in an aircraft enclosure to optimize 

interface to the aircraft’s rotor system as shown in figure 4. Pre-existing designs also 

supported the standard instrumentation slip ring and adapter hardware which allowed for 

the concurrent testing of the Bluetooth PCM and Slip Ring PCM.  The acquisition unit 

was split between the acquisition modules and the unit’s power supply due to mechanical 

balance requirements. The Bluetooth transceiver and electronics was packaged as a plug-

in module to the acquisition system (similar to all acquisition modules) with external 

antenna wiring.   

Slip Ring  

Rotating Antenna 

Non-Rotating Antenna 
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Figure 4. Instrumentation system packaging 

 

 

Test Data 
The test was done using a rotor system mounted on a rotor stand in order to verify 

the wireless data against slip-ring data. During testing, the sensor data measurements 

were identical between the wired PCM through the slip ring and the Bluetooth PCM. 

Data latencies between the wired PCM and the Bluetooth PCM were consistent and 

stable. The latencies were 71 to 72 mSec. The RF Link was stable and reliable and did 

not show any dropouts. The wireless data was converted to PCM data in the cabin by the 

wireless receiver card. Both slip ring PCM and the reconstructed wireless PCM were 

monitored using PCM decom cards. The data showed that both PCMs never lost lock for 

both streams during the operation of the rotor stand.  

 

 

Test signal – 1 Hz Sine (PCM to compare to the Bluetooth PCM) 

 



 7 

Conclusions 

The design and integration of a wireless PCM system in a rotating system met the design 

goals. The data link stability and the data latencies were the biggest concerns. By 

characterizing the data latencies with its stability, this will allow time-aligning of the 

Bluetooth data to the non-Bluetooth data. This realignment is critical in the data analysis 

when comparing rotor loads, relative to the non-rotating loads. 

 

Future testing of the system in a normal flight test environment will further prove the 

benefits of a wireless data system. Other interference issues would include RF 

transmissions in the area and aircraft avionics system interference. Once the use of slip 

rings is eliminated, then a stable power source will be required to supply the wireless data 

system. 
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ABSTRACT 

Testing aircraft brake and tire systems often results in tire temperatures that makes the aircraft 
unsafe to approach (due to explosion risk) for up to 45 minutes; this complicates cost effective 
test execution.  This paper describes work on a wireless sensor system that measures multiple tire 
temperatures and transmits the data to someone at a safe distance (>300 ft). The solution consists 
of a sensor patch adhered directly to the tire which measures the tire temperature.  The patch 
transmits these measurements to off-tire reader/relay nodes that subsequently sends the data to a 
system controller and display device. 

 KEYWORDS 

Wireless, sensor, tire temperature measurement 
 

INTRODUCTION 

Aircraft tires are designed to simultaneously meet the two most demanding challenges tires are 
exposed to: high speed and high loads. As such, aircraft tires lie in a unique design space [Figure 
1].  The tradeoff that makes these design parameters jointly achievable is limited operational 
duration due to internal heat generation. 

Approved for public release: distribution is unlimited. AFFTC‐PA‐10102 
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Figure 1: Fundamental Design Attributes for Different Tire Applications [1] 

By weight, an aircraft tire is approximately 50% rubber, 45% fabric (usually nylon), and 5% 
steel [2]. Both rubber and nylon develop undesirable characteristics at high temperatures. Nylon 
exhibits reduced strength at a temperature above about 80 °F and starts to melt at temperatures 
slightly above 400 °F.   Both the strength and adhesion properties of rubber are lost when rubber 
reverts to the uncured state at a temperature of around 300 °F; excessively high temperatures can 
cause catastrophic tire failures [Figure 3].  Because of the high pressures commonly found in 
aircraft tires (over 200 psi when cold) the lethal blast zone due to explosive failure is normally 
300 feet to each side of the aircraft and the fuselage areas between the main landing gear struts. 

 

Figure 2: Temperature Rise During 
Aircraft Taxi Test (32% Deflection) [3] 

Figure 3: Taxi Test at 40% Deflection 
(Ending in Tire Blow-out) [3] 

 

Aircraft tires cannot be used continuously. The deflection of the material during rolling generates 
heat. Extended taxiing may end in thermal breakdown of the tire material and catastrophic tire 
failure. Luckily, taxiing for extended periods of time is not a typical operating mode for an 
aircraft. The following figures show the continued upward temperature trend that comes with 
extended taxiing. Figure 2 shows temperature rise for a properly inflated tire while Figure 3 



3 
 

shows the same for an underinflated tire. Note that the taxi distance in figure 2 is only 40,000 
feet, less than 8 miles, and the temperature is still rising and did not reach a steady state. This 
observation illustrates the potential value of monitoring tire temperature even during routine 
aircraft operation.  As an example, for specialized taxi test operations at facilities such as the Air 
Force Flight Test Center, Edwards Air Force Base (AFB), California, a 1 mile taxi out from a 
hangar to the runway, a single pass down a 3 mile long runway, and a 4 mile return to the test 
starting point can reach or exceed a combined 8 mile taxi distance. 

In landing gear testing, the elements are purposely stressed and thus temperatures are frequently 
elevated enough to require ground personnel stay outside of the potential tire blast radius. Thus it 
is desired to monitor these temperatures to keep personnel safe and increase test efficiency.  In 
addition, measuring these temperatures can enable collection of information pertinent to tire and 
landing gear design that has previously been too difficult and expensive to obtain. 

In this application, it is important to measure the temperature of the rubber of the tire, not just the 
internal gas temperature.  It is also important to measure at specific positions on the tire. Figure 5 
shows the results of a test Goodyear aviation performed to study the effect that deviation from 
the design-anticipated 32% deflection has on temperature rise for a taxi test of 25,000 ft at 30 
MPH. The tread shoulder experiences the greatest increase in temperature but the bead remains 
the hottest in all test cases. There are several reasons for this: First, all the forces acting on a tire 
ultimately terminate at the bead, therefore this is a region of high heat generation. Second, rubber 
is a good insulator. Since the bead area is the thickest part of the tire, it retains heat longer than 
any other part of the tire [3].  

 

Figure 4: Tire Cross Section 
Showing Measurement Points [4] 

Figure 5: Temperature Rise at Various Points 
on Tire [3] 

Measuring the temperature of the rubber at specific locations while the tire is rotating is a 
difficult task. In addition to the difficulty of retrieving data from a rotating platform, the physical 
environment itself is challenging.  The tire temperatures need to be measured within +/- 10°F 
(5C) up to 250°F (120C) and the sensors must survive up to 450°F/230C.  Installing sensors 
directly onto the rubber is also a challenge.   
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SYSTEM CONCEPT 

The proposed solution, as shown in Figure 6, consists of several components necessary to 
overcome the challenges of wirelessly transferring measured parameters from rotating tires. A 
sensor patch adhered directly to the tire measures the tire temperature. The patch transmits these 
measurements to one or more off-tire reader/relay nodes which subsequently send these 
measurements to a system controller and display device up to three hundred feet away or in the 
manned areas of the aircraft. 

 

Figure 6: Tire Temperature Monitoring System Concept 

Two designs are being evaluated for measuring tire temperature: a passive patch and an active 
patch.  The passive patch is an LC tank circuit utilizing a temperature-sensitive capacitor that 
provides predictable changes in resonant frequency as a function of temperature. The active 
patch is a more traditional wireless sensor design that includes a coin cell sized battery powering 
an ultra-low powered microcontroller and transmitter. 
 
 

PASSIVE PATCH APPROACH 

A method of passive wireless temperature sensing using a method that will be unaffected by 
pressure variations is being developed. LC circuits are being investigated, as they are a common 
method used in passive RFID (Radio Frequency Identification). They have a natural resonant 
frequency of 

(1)

 

f 
1

2 LC
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where  f is the resonant frequency in Hertz, referred to as fRES 
 L is inductance in Henrys 
 C is capacitance in Farads. 
 
To take advantage of this effect, an AC signal is input to a large inductive coil and the frequency 
of the signal is swept through a range that includes fRES. When the LC circuit is exposed to a 
signal of its resonant frequency, its impedance is at a maximum causing it to absorb power. This 
manifests as a dip in the large coil’s current.  
 

 

Figure 7: Passive Patch Concept of Operation 
 
In the case of commercial RFID devices, the LC circuit is tuned for a single frequency.  
However, for this application, a novel method of temperature sensing has been developed that 
takes advantage of a shift in fRES caused by temperature change. The value of the inductor in the 
circuit will not change with temperature and that of a standard capacitor would not either, 
however, a capacitor composed of two back-to-back diodes in series will. The forward voltage 
drop across the back-to-back diodes will increase with temperature. Replacing the typical 
capacitor in an LC circuit with one composed of back-to-back diodes will therefore cause the 
circuit’s fRES to vary with temperature [through Eq. 1]. Since capacitance increases with 
temperature, fRES will decrease predictably as the temperature increases, producing a unique 
method of passive wireless temperature sensing. Utilization of multiple sensors can be achieved 
by tuning each LC circuit to a different resonant frequency such that they will not interfere with 
one another.  
 
Several types of diodes were tested at temperatures over 200 C (410 F). The results are shown 
in Figure 8 and Figure 9. Most diodes either are non-linear or break down before reaching the 
desired temperature. The Silicon Carbide (SiC) and Gallium Aluminum Arsenide (GaAlAs) 
diodes appear to give the most consistent responses.  The SiC diodes give a constant, linear 
response, whereas the GaAlAs has an exponential response with several bumps along the way. 
This and the failure of other diodes at high temperatures can be explained by differences in each 
material’s energy band gap. The existence of a band gap prevents the diode from conducting 
without sufficient bias, allowing back-to-back diodes to function as capacitors. As the 
temperature increases, the band gap decreases until the valence and conduction bands come 
together and the capacitor begins to conduct. 
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Figure 8: Temperature testing of "back-to-back" diode capacitors.  

 

Figure 9: Temperature Testing of SiC diodes - Nearly Linear Response 

SiC diodes performed the best because of their high band gap, as is reflected in their ability to 
maintain a steady response above 200 C.  It can therefore be concluded that SiC diodes are the 
best choice for high temperature applications and will be used in the temperature monitoring tire 
patch. 
 
Figure 10 shows a prototype interrogation and LC circuit for testing.  Figure 11 shows the results 
using that setup.  
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Interrogation Coil 7 turns 
Sensor Coil 41 turns, 2 ¼” diameter 

Measured L = 156μH 
Measured C = 467pf 
Calculated fo = 590kHz 
Measured fo = 570kHz 

Figure 10: Photo and Details of Preliminary Interrogation and Sensor Coils 

 

 

Figure 11: Output from a Frequency Sweep 

The biggest challenges in the passive patch approach are: 1) Miniaturization of the interrogation 
coil 2) Minimizing the power requirements for interrogation and 3) Creation of an adequate and 
cheap “reader” – the work currently uses a large and expensive laboratory-grade network 
analyzer.  There also may be limitations on the number of patches that can be uniquely tuned.  
There also may be a significant impact on sensor precision when multiple sensors simultaneously 
interrogated. 
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ACTIVE PATCH 

Figure 12 shows a block diagram of the proposed active patch device. The key components are a 
transceiver, microcontroller, RF wake up circuit, inertia switch, and sensor. The RF transceiver is 
used for data and commands (except for the wake up commands).  
 

 

Figure 12: Schematic of Active Patch 

The power consumption in receive mode is ~10mA. This is too high to allow the transceiver IC 
to listen for a wake-up command continuously, as the goal is to make the design last many 
months. (The exact time will depend on battery size, amount of usage, and temperature.) A 
separate wake-up circuit is thus used to minimize battery usage. The RF wake-up circuit consists 
of an antenna, SAW filter, rectifier, and nano-power comparator circuit. The comparator circuit 
current consumption is rated at 0.3uA and the entire circuit is expected to draw about 1uA and 
thus can always be active. The current from the RF-wake circuit will not be the limiting factory 
in battery life. The filter gives the circuit RF selectability to avoid wake-ups from out-of-band 
transmissions. The job of the RF wake-up circuit is only to activate the microcontroller which 
then activates the RF data receiver.  
 
Transmissions from the device are requested by sending a command to the listening transceiver 
IC (after it has been turned on). The goal here is to reduce transmissions caused by false triggers. 
Although it is possible to have different turn-on filters for different patches, the plan is to just use 
one filter frequency. In practice, an RF transmitter would activate many nearby patches causing 
them to all wake-up and listen for command. The patch of interest would then be polled by 
transmitting data containing a serial/ID number to the patch with a command to transmit its data.  
 
Either the RF wake-up event (followed by a RF data command) or an inertia switch could start 
the temperature measurement process. The inertia switch concept would allow the patch to 
automatically record data and then activate the RF transceiver to listen for a data send 
command. The logger would then transmit data when commanded to do so. The inertia switch is 
activated during high wheel speeds, however this momentary closure is only needed to trigger 
the logger. The logger could then measure, record, and listen for commands for X minutes.  
 
The inertia switch activates the microcontroller when high angular wheel velocity occurs. 
Activation by this approach means that no transmitter is required to trigger the logger to start 
measurements. A wide range of inertia switch options are available - a 50g model was selected 
as it is a convenient acceleration level for bench top testing.  The inertia switch was connected in 
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series with a battery and LED and attached to a beam placed on a variable speed motor. The 
assembly was spun to confirm the turn on/off operation by viewing the LED. The switch closed 
at 50.3g and no hysteresis was observed.  Operating temperature range is -55 to 125C. Thus, the 
inertia switch appears to be a good option for activating the logger if the RF wake up circuit 
turns out to be too cumbersome from an overall system design perspective. 
 
To measure temperature, thermistors, RTDs, and thermocouples are all being considered.  These 
all require signal amplification and scaling before interfacing to the analog to digital converter on 
the microcontroller. A Texas Instruments INA333 instrumentation amplifier is well suited for 
this measurement due to low voltage operation and a 125C rating. Initial calculations show that 
using the thermistor in a Wheatstone bridge connected to a 12bit A/D converter will provide a 
measurement range from at least 20 to 140C.  
 
Thermal Ceramics Min-K 2000 microporous insulation was selected to protect some parts of the 
electronics from extreme temperature.  This material has low thermal conductivity, non-
endothermic property, low weight, and capability to be machined into a custom shape.   
 
This insulation material was tested to see how long it could protect from high temperatures.   
Temperature was recorded on the far side of a 1cm thick micro porous insulation block placed 
atop the surface of a 240C hot plate. The photo below shows half the block with the embedded 
temperature measurement device. Data was measured for approximately 30 minutes.  
 

 
Figure 13: Insulation  Test 

Setup 
Figure 14: Insulation Test - Temperature Behind 

Insulation when Exposed to 240°C Hot Plate 
  

The data shows the insulation is effective in protecting from brief (30 min) high temperature 
(240°C) exposure.  Additional tests will be performed as device packaging and operating 
parameters evolve. 
 
In comparison to the passive patch approach, the active approach simplifies the task of 
temperature sensing, unique patch identification, and wireless transmission of data.  However, 
this still holds a number of challenges. The most obvious active patch challenge is achieving 
sufficient battery life. The current goal is to achieve about one month of usage on one battery. 
The second challenge is maintaining functionality and integrity at high temperatures. A third and 
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related challenge is to achieve a rugged mechanical design such that the more intricate sensor 
patch structure (insulation & electronics) is not damaged by high rates of rotation and flexion. 
 
 

COMPLETE SYSTEM ARCHITECTURE 

The temperature sensing patch and the associated RF reader represents just a portion of the 
system architecture to be constructed. This overall design is dictated by the goal to have an easily 
installable, flexible, temporary wireless tire instrumentation solution for landing gear testing. It is 
also designed to accommodate other related measurements in the future, namely, tire pressure 
and brake temperature.  The technology developed could also be transitioned to a permanent 
OEM installed monitoring system. 

 

Figure 15: Overall System Architecture Overview 

It is envisioned that the installer will apply patches to the tire and go through a “pairing” 
procedure on a handheld touch screen System controller device that associates each applied 
patch with a specific tire on the aircraft and a specific position on that tire. Once patch 
installation is complete, a number of Sensor Nodes that act to relay the information from the (no 
or low powered) patches to the Network Manager are attached to non-rotating portions of the 
aircraft landing gear or bays. The Network Manager, which acts as a server, is also attached to 
the aircraft and provides the communication gateway to the System Controller devices. Multiple 
System Controller devices can then view and potentially modify the data and configuration (with 
proper permissions). 

SUMMARY 

In this paper, a novel system architecture and two tire temperature sensing patch concepts were 
presented.  Promising results were obtained, but challenges still exist. 
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ABSTRACT 

As today’s flight test programs need for sensor and bus data continue to increase, there has 

been associated requirements to provide modern system output products and support higher 

encoder data rates. The CH-53K Heavy Lift Replacement (HLR) Program is an example in 

which the instrumentation data requirements have increased significantly over previous 

helicopter programs and necessitated the introduction of new technologies and capabilities. 

The CH-53K Program utilizes a hybrid system architecture that combines the benefits of 

legacy PCM and modern networked system architectures.  The system provides for 

maintaining the required system-wide synchronized sampling capabilities, while providing 

real-time data access and system control over a vehicle network.  Serial Streaming Telemetry 

(SST)-to-vNET Adapters are employed to enable many of these capabilities. 

This paper describes the instrumentation requirements for the CH-53K program and the 

features, tools and performance of its data acquisition system – which addressed all 

requirements while minimizing the overall impact to the existing instrumentation 

infrastructure.   

KEYWORDS 

Synchronization, Network, vNET, XML 

INTRODUCTION 

The CH-53K HLR program has targeted many improvements for the next version of the 

helicopter, including items such as upgraded engines, improved rotor blades, new avionics, a 

new rotorhead and increased lift capability, which when combined, have resulted in the need 

for additional instrumentation measurements and subsequently, higher data rates from the data 

acquisition system. 
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L-3 Communications – Telemetry East has been the provider of data acquisition system 

solutions for all Sikorsky helicopter programs since the early 1990’s.  These solutions have 

typically consisted of traditional PCM Encoders (known as Remote Multiplexer Unit/RMU), 

augmented by a Data Combiner Unit (DCU) that supports higher aggregate data rates and 

allows for the distribution of the encoders over a vast installation area.  This combination 

preserves the system wide phase synchronization and all the unique input signal conditioning 

features the system offers that are essential to rotor wing flight testing.  For their part, 

Sikorsky has developed an extensive suite of software and policies to configure and 

administer the system architecture.  

While updates have been made to the some of the data acquisition system components in 

recent years to increase signal conditioner channel density and address various obsolescence 

concerns, no improvements have been made to increase data rates or modernize the operation 

of the system, both of which are required to meet the testing needs of the CH-53K HLR 

program.  Rather than attempting to upgrade the capabilities of the legacy data acquisition 

system, a joint decision was made to incorporate new technologies and products to not only 

address the immediate needs of the HLR program, but to provide a long term solution for 

future platforms, while maintaining the accustomed level of input signal conditioning. 

NETWORKING 

Heritage systems are typically characterized by two specific I/O interfaces: 

1. Bi-directions serial communication, whether RS232 or RS422, interface used for 

configuration functions.  Typical baud rates are low, and proprietary protocols, some 

binary, some ASCII are employed.  The MicroDAS system itself adhered to this 

methodology by using a binary protocol in which the first byte of a message had incorrect 

parity to note the SOM, thus allowing for recovery should the host and target get out of 

sync.   The use of RS422 created a problem, requiring an additional serial I/O card to 

support the electrical interface.  Even RS232 recently has become problematic, as more 

and more COTS computers, laptops in particular, dispense with the interface.   

2. PCM output, either filtered or differential, which required the external computer to have a 

specialized input module.   

The following figure (from various iNET presentations), highlights the general architecture of 

the vehicle network (vNET) that is comprised of data sources, data consumers and routers. 

Each unit within the system includes its own unique interface; for newer systems that 

capability is directly incorporate.  Legacy systems, however, have difficulties meshing with 

this new paradigm, as the underlying hardware and software has been proprietary and not 

included any of the necessary new technology  
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To minimize the impact on the legacy system, an external adapter is incorporated into the 

system architecture. In iNET parlance, this device known as an SST-vNET adaptor, which is 

the gateway between the external network and various data acquisition system interfaces.  It 

includes: 

 A Programming Interface, which consists of an XML server for itself and a terminal 

server for the legacy data acquisition system.  The latter capability includes support for 

both RS232 and RS422 devices, and provides multiple device connections methods:  

1. Direct management of the device’s unique messaging protocol (requiring specialized 

software) 

2. A separate bypass mode to allow for communication with any device that does not 

require any specialized handshaking. 

 Calibration State Manager: With the adaptor now in the role of system controller, those 

duties also including management the system’s calibration state.  In this role, the adaptor 

monitors both discrete inputs and external commands to determine when to take the 

system in or out of a specific calibration state (such as ZCAL, VCAL, etc.). 

 Network Data Output: The device includes multiple input ports that can handle virtually 

any type of physical product that the legacy data acquisition system could possibly 

generate.  Data input then encapsulated into network packets by the adaptor and 

transmitted via multicast or UDP for one or more listeners to process.  The packets consist 

of application specific headers with one or more PCM frames contained within the 

payload field.  Using this allows external application software to be used with minimal 



4 

 

modification as one the frames have been extracted from the packets appears just as they 

would have if they had come from an internal decom.   

Other network outputs include the generation of a periodic message that contains 

information pertaining to the current system states and the synchronization status of the 

selected input channel. 

For the CH-53K and other Sikorsky platforms, the adaptor function is performed by 

CDM2000 Compact Data Manager.  This small unit consists of a Linux PowerPC module 

with a PCI based Bit Synchronizer/Frame Synchronizer/Decom which provides all of the 

required electrical interfaces, and is also rated for ruggedized environments.  These features 

allow the CDM2000 to be installed onto the test vehicle itself to allow any standard off-the-

shelf computer to control the data acquisition or monitor the system outputs.   Alternatively, 

the unit is small enough that it can be used as part of a portable ground support computer 

assembly.   

The CDM2000 functionality is handled by its application software, which allows it to be 

configured for vNET applications or closed system applications, all controlled by external 

configuration software. 

XML CONFIGURATION 

When MicroDAS was originally introduced, it was supported by its own unique configuration 

software that supplied custom import/export files, which had the acronym DEF that stood for 

Data Exchange File definition.   The DEF is an text file which is a sequence of characters 

divided into lines; each line consisting of one or more characters (80 characters maximum per 

line) followed by a newline character. The DEF is comprised of several record definitions, 

each being tied to a specific box or module and having its own unique format. 

While not being intended to be directly editable, it was in the end a plain ASCII text file.  The 

reason for attempting to prevent manual editing was that there were few, if any checks to 

ensure that the file format was correct and providing minimal assistance in resolving any 

issues that may occur during the import process. While maybe suitable for the early years of 

computer technology, when the number of parameters was in the hundreds, using the same 

tools to support today’s test requirements is problematic and mandates a change. 

eXtensible Markup Language (XML) has become the tool of choice for a wide variety of 

applications. XML is now the standard Vista TEC method for the import and export file 

format for a number of reasons. XML is a widely known format and is today the standard 

method by which most applications transfer data.  There are a number of third-party tools to 

help with manipulating XML documents making the creation and manipulation of the 

document much easier, an example of which is Microsoft Excel, which has the ability to 

import an XML document and insert data the user finds interesting into the cells of a 

worksheet. 
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To aid in the process of creating XML files, a schema file is provided that defines the format 

for the XML and what fields must or optionally be provided.  In XML parlance a schema is a 

file that defines the structure of the XML document.  It’s the schema that tells the editor what 

fields you are able to add and if you add data in the wrong structure or the wrong type of 

values the schema is able to tell the editor that you have violated the rules.  

The schema document is able to define the order in which you enter information and for some 

fields it can force you to enter specific values. Boolean fields must be true or false for 

example.  It can even enforce whether fields are text or numbers.  In essence it’s able to 

validate a documents structure, values and data types, however, it’s not able to perform all 

types of validation required to ensure the data is correct.  The schema itself is not able to 

validate the value of fields based on the context of other fields.  In other words, a fields range 

could be dependent upon the value of another field which is calculated through a complicated 

set of logic.   

Additional dependency validation occurs in Vista TEC when the file is imported.  During the 

import the context of the data is accounted for and values that are out of range are reported to 

the log table in TEC Manager.  These values can possibly account for the values of many 

different fields, in addition some fields can cause other fields to auto calculate.  The means 

you can enter the minimal set of data and let the import process calculate and verify the other 

values.  

Other benefits of XML include: 

 Report generation.  There are different reporting engines that focus on taking data and 

generating nice printed reports.  Many of these engines now use XML documents as a 

source where in the past they would generally integrate with database engines.  These 

reporting engines are very good at taking the data and inserting it into nice looking 

tables, charts and graphs ready to be printed and handed to others for review.  

 Data Feeds. Another example is that it allows you to get data from Vista TEC in real 

time.  The same file that gets exported from the file menu can be fed from the software  

in real time and read into Excel, a reporting engine or your own internal software for 

example.  This means users do not have to export the file then import the data into 

another application, the application can directly request TEC Manager for the data 

making the process seamless. 

Sikorsky’s operational methods were predicated upon generating DEF configuration files 

from a master server and then importing them into the application software, from which is 

what compiled and downloaded.  The fact that new hardware was being incorporated into the 

data system architecture for the CH-53K meant that changes to the DEF file import structures, 

the host software and Vista TEC would be required.  As Vista TEC already provided XML 

capability for both new and legacy components, Sikorsky concurred with the recommendation 

to incorporate XML into their software to assist in the efficient transfer of configuration data; 

this difficulty of this effort was minimized by the availability of documentation, off-the-shelf 

tools and file examples.  
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SYNCHRONIZATION 

A traditional distributed data acquisition typically consists of a master unit support by remote 

units that are strategically located to minimize wiring from the sensors in any one area of the 

vehicle.  Sampling may be performed in one of two manners, dependent upon whether the 

needs of the program include correlation of some or all of the sensor inputs. 

1. Word Timing:  Each signal conditioning channel provides it current sample when 

accessed by master. 

2. Simultaneous Sample:  In this case, the master generates a mark, which could be a discrete 

pulse or an internal command, which causes all enabled signal conditioning module to 

latch their inputs.  These values are then held for later access by the master.   

In either scenario, the master’s commutation (or instruction) list remains unchanged, the only 

difference between the two method’s resultant output is when the data was actually sampled. 

The RMU is the standard component of the data acquisition system, housing a variety of 

signal conditioning modules and having the ability to take the role of master or remote.  To 

form a simple distributed system, an assembly of one or more RMUs in a single master-slave 

daisy-chain configuration, referred to as an Airborne Data Acquisition Multiplexer (ADAM) 

can be assembled.  The only drawbacks to this type of configuration is that the overall 

performance, specifically bit rate, can be degraded as more units and associated cabling are 

added to the configuration. 

A single large system could be broken down into distinct subgroups with a centralized master 

in what is known as a star configuration.  The RMU by itself, however, does not support this 

capability as it only provides a single master-slave interface.  

To support a start configuration, an additional system level device would be 

needed that could provide the following functionality. 

 Synchronize and collect data from up to eight separate ADAM chains 

 Increase the aggregate data rate and create up to four independent synchronous outputs  

 Provide a single point of programming for the entire data acquisition system 

These capabilities were implemented in the DCU, a unit which contains its own formatter and 

controller as well as a variable number of ADAM interfaces.  The configuration maintained 

overall synchronization by mandating that both the inputs to and outputs from the DCU had 

the same frame and timing metrics such that major frame boundaries are identical.  The 

ADAM interface modules (DCM) provided two specific sets of signal wires to a connected 

slaved device: 

1. Configuration port. The DCU has the role of a communication gateway/multiplexer, 

allowing the host computer to connect to a single device and have configuration messages 

automatically routed to the target ADAM chain.  Only a single ADAM chain could be 
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configured at a time, as the DCM simply supplies a path between the DCU controller and 

its connected device. 

2. Data acquisition.  Each DCM card provides a major frame mark pulse and a bit rate clock 

to control both the start and execution of the connected ADAM’s output stream.  The 

ADAM output was brought back into the DCM where it was synchronized and 

decommutated and buffered for later insertion into one of the DCU output streams; double 

buffering is provided to allow for a completed data buffer to be output while a new frame 

is being received.  This method supports phase matching of similar analog channels from 

different ADAM chains to within a few counts. 

Each DCU output is configured with its own unique commutation list that allows it to build its 

own PCM output from the available DCM buffers that is completely independent of the other 

three; again, the only requirement is that the major frame timing be identical.   

The maximum data rate for the original DCU was 8 Mbps, doubling that of a single 

standalone ADAM chain. It could not be increased for HLR without a significant redesign of 

the internals of the formatter/controller component, and incurring potential schedule risks.  As 

NetDAS, another L-3 data acquisition product, had already developed a similar synchronizing 

function for an existing PCM merger card, the recommendation was to completely replace the 

heritage fixed-size DCU unit with a smaller, stackable NetDAS unit that could be configured 

to meet the requirements of the CH-53K or other programs. 

This solution, however, did not eliminate the need for development. 

 The merger card did not incorporate a setup path for communicating with the ADAM 

chains; obviously, programming each chain manually was not acceptable.  A solution was 

derived by implementing the (VHDL) PCM formatter function into another module that 

included more buffer memory, and a more capable FPGA that already implemented an 

embedded microprocessor. The larger buffer memory allowed support for larger frames 

from the ADAM chains.  The last item however provided the greatest benefits; by 

providing each interface with its own controller provided greatly improved download 

performance by allowing concurrent configuration operations, rather than the serial 

method provided by the heritage system.  The microprocessor software also included the 

ability to detect system calibration states, so as to be able to generate the appropriate 

command to its attached ADAM and eliminate the need for individual hardwired 

calibration inputs to each master unit. 

 The heritage DCU included custom configuration and internal backplane pieces that 

supported the independent commentators’ buffer access requirements, which created a 

problem for the general purpose NetDAS PCM architecture.  While including a high 

speed backplane and supporting track split capability, the architecture was not designed to 

handle true simultaneous independent outputs.   

To support the specialized DCU formatting requirements, changes were made to the Vista 

TEC application software configuration to merge the three independent user-defined 

commutation/format lists into one super list, and separately, improve the throughput of the 
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NetDAS system controller.  The latter capability support various bit rates on the three 

outputs, only constraints being that the aggregate rates could not exceed 40 Mbps and the 

rates for the 2
nd

 and 3
rd

 outputs had to be binary multiples of the highest rate.  Examples 

include: 

 2 20 Mbps Outputs (3
rd

 not used) 

 1 20 Mbps Output, 2 10 Mbps Outputs 

 1 20 Mbps Output, 1 5 Mbps Output, 1 1.25 Mbps Output 

 The heritage architecture also included, when required, a PCM multiplexer function 

located in a separate unit (Data System Controller Unit) that was used for troubleshooting 

purposes.  This multiplexer was fed a duplicate copy of each ADAM’s output; when data 

in the DCU aggregate output(s) was questionable and required investigation, the engineer 

would use the multiplexer to evaluate the applicable ADAM’s direct output to determine 

the source of the discrepancy.   

This function was implemented on a separate NetDAS module, which multiplexed up to 

sixteen differential clock and data inputs into both a differential and TTL version of the 

selected input. The TTL version provided the benefit of allowing a standard decom system 

to view the data without requiring a bit synchronizer or other conversion hardware. 

FINAL SYSTEM CONFIGURATION 

The end result of these modifications was a smaller, higher performance, more capable DCU 

(and partially DSCU) that did not require any changes to the underlying data acquisition 

hardware and preserved the mandatory system wide synchronization and signal conditioning 

features. 

As shown in the following figure, the new DCU that supports synchronization of up to sixteen 

separate data acquisitions and creates multiple outputs to feed a number of users, including 

transmitter and recording devices.  When supported by the CDM2000, the legacy data 

acquisition hardware becomes a network enabled component, supplying data to other user 

including cockpit instrumentation display systems, pilot control units and flight test analysts 

without any other hardware. 
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CONCLUSION AND FUTURE 

 

Organizations have a significant amount of investment in the data acquisitions that they have 

deployed for their test programs, not only in the capital represented by the actual hardware, 

but the organization’s infrastructure that supports and maintains the equipment.  This paper 

has shown that with the addition of the right enhanced capabilities, legacy equipment can be 

made fully compatible with new technologies such as XML and networking or industry 

initiatives such as vNET to protect the viability of the organization’s assets. 
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ABSTRACT 

 

This paper describes a model of how to configure settings on instrumentation.  For any given 

instrument there may be 100s of settings that can be set to various values.  However, randomly 

selecting values for each setting is not likely to produce a valid configuration.  By “valid” we 

mean a set of setting values that can be implemented by each instrument.  The valid 

configurations must satisfy a set of dependency rules between the settings and other constraints.  

The formalization provided allows for identification of different sets of configurations settings 

under control by different systems and organizations.  Similarly, different rule sets are identified.  

A primary application of this model is in the context of a multi-vendor system especially when 

including vendors that maintain proprietary rules governing their systems. This thus leads to a 

discussion of an application user interface (API) between different systems with different rules 

and settings.  
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INTRODUCTION 

 

As instrumentation systems have become more complex, so have the processes for configuring 

them.  This is especially true in systems incorporating components from multiple vendors.  With 

the advent of a true network backbone on a test vehicle (which is part of the network telemetry 

vision), multi-vendor systems will become more desirable and more common.  From a user’s 

perspective – both those configuring and controlling the system – it is desirable to have a single 

interface to all components on the system regardless of vendor origin.  A stumbling block for 

such a single interface is that some vendors maintain proprietary rights to the rules used for 

determining valid configurations.  Recognizing the existence of these proprietary rule sets, it 

becomes desirable to establish a common interface that allows third party software to interact 

with multiple vendors’ software without requiring implementation of non-disclosure agreements.   

 

By providing a formal mathematical model of instrumentation configuration, this paper provides 

a step towards understanding what the rule sets are and how to provide information exchange 
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between systems implementing different rule sets.  In addition to providing a single user 

interface to a multi-vendor system, this structure facilitates the ability to automate cross-vendor 

configuration verification, validation, and optimization.  This ability becomes critical when 

considering this structure from the point of view of multiple systems vying for limited resources.  

As a simple example of conflict, consider setting up each vendor’s subsystem independently.  It 

is not difficult to imagine the aggregate bandwidth required exceeding that available on the 

network. 

 

 

SETTINGS, CONFIGURATIONS, AND RULES 

 

We start developing the model by defining the basic elements.  The atomic unit of the model is a 

setting, 𝑠𝑖 .  A setting is something that can take on one or more values.  These values may be 

discrete or continuous.  A simple example is a gain setting that can take on values of 0, 5, or 10.  

Setting values are not necessarily numerical, for example, filter type. A single value (constant) 

setting might also be thought of more as a characteristic.  For example, the total power available 

is simply what the power supply can provide rather than something that can be set to some value.  

We will be considering the set of all settings, 𝑆 =  𝑠𝑖 𝑖=1
𝑛 .  That is, if a complete and systematic 

review of the control software were made to look at every dialogue box, S would be the catalog 

of every check box, pull down menu, numeric or text box entry, etc.  That is, any item that can 

be set to some value.  The set of values that a setting, 𝑠𝑖 , can be set to is denoted by 𝑉𝑖 =

 𝑠𝑖𝑗  𝑗=1

𝑛𝑖
. 

 

A configuration is thus some set of setting values, 𝐶 =  𝑠𝑖𝑗  | 𝑖 = 1, … , 𝑛;  𝑗 ∈  1, … , 𝑛𝑖  . (As a 

side note, consider that the number of possible configurations is the product  𝑛𝑖
𝑛
𝑖=1 .)  We wish 

to be able to construct a valid configuration, 𝐶𝑉 .   In general, the assumption is that the set of 

valid configurations is a proper subset of all configurations. 

 

Each setting may be dependent on the values taken on by other settings.  That is, there is a 

dependency rule (or simply rule) for each si, denoted by R𝑖   𝑠𝑘𝑗  | 𝑗 = 1, … , 𝑚𝑖 ; 𝑘𝑗 ∈

 1, … , 𝑛 ; 𝑘𝑗 ≠ 𝑖;  𝑚𝑖 ≤ 𝑛  .  Note that a dependency rule may return multiple values for a given 

set of inputs.  That is, the rule may simply constrain the possible values of its related setting 

rather than identify one specific value. 

 

Example 

 

Let there be 4 settings (i.e., 𝑛 = 4 ) so that 𝑆 =  𝑠1, 𝑠2, 𝑠3, 𝑠4 .  Let the possible values of the 

settings be 𝑉1 =  1,2,3,4 , 𝑉2 =  11,12,13 , 𝑉3 =  21,22  and 𝑉4 =  31,32 .  This implies 

𝑛1 = 4, 𝑛2 = 3, 𝑛3 = 2 and 𝑛4 = 2.  (As a side note, this implies there are 48 possible 

configurations in 𝐶– not all necessarily valid.) An example configuration is 𝐶 = {4,12,21,32}. 

 

Let the valid values of 𝑠1 be dependent on the values of 𝑠2 and 𝑠4.  Then the rule for 𝑠1 is 

denoted by R1 𝑠2, 𝑠4 .  That is, 𝑖 = 1;  𝑗 = 1, 2; 𝑘1 = 2; 𝑘2 = 4; and 𝑚1 = 2. 
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An example rule might be R1 11, 31 =  1,3,4 .  That is, when 𝑠2 = 11 and 𝑠4 = 31, then 𝑠1 

may take on the values 1, 3, or 4.  It does not matter what 𝑠3 is set to. 

 

End Example 

 

The set of dependency rules (or possibly just a subset of them) is what we are assuming to be 

proprietary.  There is also the possibility that there are proprietary settings as well. 

 

A setting may be a derived setting, 𝑠𝑖
′ , with a corresponding dependency rule, R𝑖

′
.  The 

distinction here is that the value of 𝑠𝑖
′ , is uniquely determined by a specific set of inputs to R𝑖

′
.  

An example of a derived setting is aggregate gain which might be determined by a polynomial 

relation on primary and secondary gains.  However, in addition to this polynomial relation, R𝑖
′
 

might also contain a rule such as: the primary gain must be greater than the secondary gain. 

 

The significance of derived settings can be seen when considering possible methods of 

developing a configuration.  One approach might be to set the primary and secondary gains and 

see if you obtain the proper aggregate gain.  Or, you can establish the desired aggregate gain and 

request appropriate settings for the primary and secondary gains. 

 

This raises the question of what is the input to our algorithm for determining a valid 

configuration.  Part of this question includes who is creating the input.  An instrumentation 

engineer may very well want to set primary and secondary gains as part of a troubleshooting 

scenario.  However, a test engineer is probably more interested in stating her requirements and 

having as much of the configuration set automatically as possible.  Continuing with the gain 

example, you might consider aggregate gain to be the requirement in that you don’t really care 

about the primary and secondary settings, only the end result.  But a more realistic requirement is 

that the test engineer wants to measure temperature within a certain range, with a certain 

accuracy, and at a certain sample rate. 

 

We thus introduce the set of requirements, 𝑄 =  𝑞𝑖 𝑖=1
𝑚 .  To emphasize some distinctions, we use 

𝐶𝑞𝑖

𝑉𝑉  to indicate that the configuration satisfies the requirement 𝑞𝑖 .  That is, 𝐶𝑞𝑖

𝑉𝑉  is not only valid, 

but has been verified to meet this requirement.  We extend this notation to 𝐶𝑄
𝑉𝑉𝐶  to indicate that 

the configuration is complete and meets all requirements in 𝑄.  It is generally assumed that 

𝐶𝑄
𝑉𝑉𝐶 ⊂ 𝐶𝑞𝑖

𝑉𝑉 ⊂ 𝐶𝑉 ⊂ 𝐶.  That is, as constraints are added, the set of configurations meeting those 

constraints is smaller than the entire set of possible configurations. It is possible that some of 

these inclusions are not proper, but highly unlikely in practice.  To many test engineers, the ideal 

would be to provide 𝑄 and have an algorithm that returns 𝐶𝑄
𝑉𝑉𝐶 .   

 

 

INTERDEPENDENCIES CREATE CLOSED SETS OF SETTINGS 

 

Let us look at the relation between settings and their interdependencies.  If I change one setting, 

how does this affect other settings?  How much of a ripple effect is there?  It turns out there is a 

simple formal statement of this ripple effect.   
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Define 𝑃𝑖 =  𝑠𝑘𝑗  | 𝑗 = 1, … , 𝑚𝑖 ;  𝑘𝑗 ∈  1, … , 𝑛 ; 𝑘𝑗 ≠ 𝑖, 𝑚𝑖 ≤ 𝑛  to be the parameters of the rule 

Ri.  So, if a setting, 𝑠𝑖 , is changed, the settings that are affected are 𝑃𝑖
−1 =  𝑠𝑗  | 𝑠𝑖  ∈ 𝑃𝑗  .  That is, 

if  𝑠𝑖  is in the parameter set of another rule, Rj, then the setting, 𝑠𝑗 , associated with that rule is 

potentially affected by changing 𝑠𝑖 .  (Note that a setting is not an element of its own parameter 

set, 𝑠𝑖 ∉ 𝑃𝑖 , or there would be a circular dependency.) 

 

Example Continued 

 

Using the setup of the previous Example, we give an example of 𝑃𝑖
−1.  From that example, 

𝑃1 =  𝑠2, 𝑠4 . Let 𝑃2 =  𝑠1, 𝑠3, 𝑠4 , 𝑃3 =  𝑠2 , and 𝑃4 =  𝑠1, 𝑠2 .  Then 𝑃1
−1 =  𝑠2, 𝑠4 . 

 

End Example 

 

These definitions lead to an interesting and somewhat useful fact.  The set of parameters of a rule 

for a given setting are exactly the set of parameters affected by changing that setting.  Formally, 

we have: 

 

Lemma: 𝑃𝑖 = 𝑃𝑖
−1 

 

Proof:  It is true that 𝑠𝑖 ∈ 𝑃𝑗  if and only if 𝑠𝑗 ∈ 𝑃𝑖 .  That is, 𝑠𝑖 = 𝑥  implies 𝑠𝑗 = 𝑦 if and only if 

𝑠𝑗 ≠ 𝑦 implies  𝑠𝑖 ≠ 𝑥. 
 

A corollary of this Lemma is that settings form closed sets of interdependent settings.  A simple 

example of this might be that the settings for different devices or for different vendor’s systems 

form sets which do not affect other devices or systems.  However, settings within a particular 

device might also be broken up into closed sets.  For example, some of the settings for a given 

filter may not be applicable to other filters.  (In the extreme case, some filter settings may not 

even make sense to other filters.  Thus, it is clear that settings need to be able to take on a null or 

not applicable value.)  More specifically, the corollary is that given two settings and their 

parameter sets there are two options. The first option is that there is a setting whose parameter set 

is a superset containing both original parameter sets.  The second option is that the parameter 

sets are disjoint to the point that any super parameter set containing the first parameter set does 

not intersect with the second parameter set.  Formally, we have: 

 

Corollary: Given settings 𝑠𝑖  and 𝑠𝑗  either there exists k such that 𝑃𝑘 ⊇ 𝑃𝑖⋃𝑃𝑗  or for all k such 

that 𝑃𝑘 ⊇ 𝑃𝑖 , 𝑃𝑘⋂𝑃𝑗 = ∅. 

 

A pragmatic aspect of this Corollary comes to light when considering requirements as derived 

settings.  That is, requirements are a subset of all settings, 𝑄 ⊂ 𝑆.  Although many people would 

think of requirements as coming first and settings following, once a system is configured, the 

values obtained for the requirements are directly derived from the values of the settings.  This 

forms a hierarchy that can reach all the way up to the complexly derived values that are put into 

a final test report.  At one level, requirements are things such as measurements of temperature or 

pressure at a particular point on the test vehicle.  However, things such as flutter point or circle 

error probability are ultimately derived from measurements which are derived from lower level 
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settings.  (Mathematically this defines a partial ordering on the sets of settings.)  This 

hierarchical interdependence has the potential to produce conflict.  Consider two engineers in 

different disciplines, say avionics and flying qualities.  Although, at first glance, these may seem 

to be unrelated to each other, if they have calculations that depend on the same measurement, say 

temperature at the nose, then the test settings for the two engineers are interdependent.  Changing 

the timing or sample rate of that temperature measurement to satisfy one engineer may affect the 

other engineer’s ability to do their analysis.   

 

 

CONSTRUCTING 𝑷𝒊 

 

Knowing the set of parameters, 𝑃𝑖 , that are affected by changing a setting, 𝑠𝑖 , is very useful.  The 

elements of this parameter set are dependent on the scope of the settings.  Does the set of 

settings, 𝑆, contain high level requirements or is it limited to a specific device?   

 

As the corollary shows, interdependencies cause 

formation of closed sets.  A simple example illustrates the 

hierarchical nature of these sets.  Consider three 

measurements (derived settings) such as temperature, 

pressure, and strain.  Each of them, by themselves, have 

rules and a set of parameters, P1,  P2, and P3, that are 

independent of each other.  Now consider a derived 

measurement, Derived1, which is dependent on 

temperature and pressure.  The rule parameters for this 

include the parameters in P1 and P2.  That is, 𝑃4 contains 

the union of 𝑃1, 𝑃2, temperature and pressure, 𝑃4 ⊇
𝑃1⋃𝑃2 ⋃ 𝑡𝑒𝑚𝑝𝑒𝑟𝑎𝑡𝑢𝑟𝑒, 𝑝𝑟𝑒𝑠𝑠𝑢𝑟𝑒 . This, by itself, is 

still independent of strain and its parameters.  Now 

consider a measurement, Derived2, derived from pressure 

and strain.  Because of the mutual dependence of both derived measurements on pressure, it is 

necessary to construct a Virtual measurement dependent on Derived1 and Derived2 which is 

dependent on the parameters of all three measurements. That is, 

𝑃6 ⊇ 𝑃4⋃𝑃5⋃ 𝐷𝑒𝑟𝑖𝑣𝑒𝑑1, 𝐷𝑒𝑟𝑖𝑣𝑒𝑑2 ⊇ 𝑃1⋃𝑃2⋃𝑃3 ⋃{𝑡𝑒𝑚𝑝𝑒𝑟𝑎𝑡𝑢𝑟𝑒, 𝑝𝑟𝑒𝑠𝑠𝑢𝑟𝑒, 𝑠𝑡𝑟𝑎𝑖𝑛}. 

 

This example also illustrates a method for constructing 𝑃𝑖 .  Start with the lowest elements, the 

end nodes of the graph.  In the example, these are 𝑡𝑒𝑚𝑝𝑒𝑟𝑎𝑡𝑢𝑟𝑒, 𝑝𝑟𝑒𝑠𝑠𝑢𝑟𝑒, and 𝑠𝑡𝑟𝑎𝑖𝑛.  Then, 

work bottom up. As dependencies are identified, form unions of parameter sets.  Recall that 

𝑠𝑖 ∉ 𝑃𝑖 , so as these unions are formed, 𝑠𝑖  must also be added to this union (as was illustrated in 

the example).  Formalizing this will require some further notation. 

 

Define 𝑠𝑔 ∈ 𝑆 to be a greatest element of 𝑆 if 𝑠𝑔 ∉ 𝑃𝑘  for all 𝑘.  Let 𝑆𝑔
′  be the largest subset of 𝑆 

having 𝑠𝑔  as its only greatest element.  Then 𝑃𝑔
′ = 𝑆𝑔

′ −  𝑠𝑔  is the set of parameters that 𝑠𝑔  is 

dependent on when no other setting is dependent on 𝑠𝑔 .  That is, 𝑆𝑔
′  is a closed subset of 𝑆.  Now 

consider identifying a setting, 𝑠𝑖 , that is dependent on 𝑠𝑔 .  That is, 𝑠𝑔 ∈ 𝑃𝑖 .  Then it is also true 

that 𝑃𝑔
′ ⊂ 𝑃𝑖 .  This is illustrated in the example when constructing 𝑃4for the Derived1 

measurement. 

Temp 

P1 

Derived2 

P5 

Strain 

P3 

Press 

P2 

Derived1 

P4 

Virtual 

P6 

Figure 1 

Example Hierarchy 
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Now consider two subsets 𝑆1
′  and 𝑆2

′  that are the largest subsets of 𝑆 containing the only greatest 

elements 𝑠1 and 𝑠2, respectively. Let 𝑠1 and 𝑠2 also be greatest elements of 𝑆 with 𝑆1
′  ⋂ 𝑆1

′ ≠ ∅ .  

That is, 𝑠1 and 𝑠2 have a common dependency but there is no setting dependent upon both of 

them.  This requires a virtual setting, 𝑠𝑣, dependent on both 𝑠1 and 𝑠2 be created with 𝑃𝑣 ⊇
𝑃1⋃𝑃2⋃ 𝑠1, 𝑠2 . This is illustrated in the example with the construction of the Virtual setting. 

 

From a software point of view, this provides a mechanical means for giving feedback to the user 

regarding the consequences of changing a particular setting. 

 

 

THE CONFIGURATION PROCESS 

 

Consider walking through the process of configuring a complex data acquisition system with a 

user sitting at a computer and an application interface with a series of pull down menus, dialogue 

boxes, etc.  Fundamentally, the user sets one setting after another (although going back to change 

settings is not unusual in practice).  A simple form of automation that the software can provide 

is, at each point along the way, to present the user with only those values of settings that are 

valid with the settings already set.  If this is not done, then it is very likely that the final 

configuration will not be valid.  An underlying assumption here is that every value of every 

setting is part of a valid configuration.  Formally, it is assumed that for every i, j, there exists 𝐶𝑉  

such that 𝑠𝑖𝑗  ∈ 𝐶𝑉 .   As the user contemplates selecting a value for the next setting, how does the 

software know what values are consistent with the settings already set? 

 

To answer this question we start considering each rule, R𝑖 , as a function that returns a set of 

values and use R𝑖  to denote that set of values.  Recall that the set of parameters, 𝑃𝑖 , for R𝑖  has 

been defined as a set of specific values.  However, in our scenario not all settings have been 

given specific values.  That is, instead of specific values, the parameters for the rule may actually 

be a set of values.  Further, the values of the settings not set may be constrained by the settings 

that have already been set.  Thus we define the generalized parameters of the generalized rule, 

R 𝑖  as 

 

𝑃𝑖 =  R 𝑘𝑗  | 𝑗 = 1, … , 𝑚𝑖 ;  𝑘𝑗 ∈  1, … , 𝑛 ; 𝑘𝑗 ≠ 𝑖, 𝑚𝑖 ≤ 𝑛 . 

 

This means that the set of values to put into the pull down menu for our user is R 𝑖 𝑃𝑖  .  Since 

some settings have already been set, it would be appropriate to notate the i
th

 call as  

 

R 𝑖 𝑠1,1, 𝑠2,1,… , 𝑠𝑖−1,1,R 𝑖+1,R 𝑖+2, … ,R 𝑛 . 

 

(The double subscripts on the settings indicate a specific value for that setting.  The use of 1 for 

the second index is for convenience without loss of generality.  Also for convenience, we allow 

parameters that are not strictly required for R 𝑖 .) 
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RULE SETS 

 

Thus far we have established a basic concept of settings and related rules.  We have also 

indicated the existence of a hierarchy of settings.  If we now look at the real world application of 

this theory, it is not difficult to see that there is a functional breakdown of settings and their 

related rules.  First, some vendors maintain proprietary rule sets.  Second, the people that do data 

analysis are not usually the people that instrument the test vehicle.  Third, there is a distinction 

between measurements and the details of how those measurements are made.  These functional 

distinctions, along with identified rule sets, are illustrated in Figure 2.   When considering these 

rule sets, recall that the concept of “setting” has been generalized to include “derived settings” 

and “requirements”.   

 

 
 

Figure 2 – Rule Sets to Function Mapping 
 

Specific rule sets identified are: 

 

1. Proprietary instrumentation configuration rules.  These are vendor specific and not 

available to third party software developers that would implement a multi-vendor 

configuration interface.  An example might be rules governing when a particular filter is 

used. 
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2. Nonproprietary instrumentation configuration rules.  These are general rules that are 

open to everyone and, for some vendors, may actually be all the rules.  An example might 

be that an aggregate gain is determined as the sum of two other gains. 

3. Measurement Mapping Rules. These rules map general measurement requirements to 

specific instrumentation settings.  An example might start with temperature on the left 

wing tip and map it to a specific sensor with specific calibration data. 

4. Analysis Rules.  These are the rules that take a high level test requirement and translate it 

into a set of measurements and then also map the results back up through the algorithmic 

data analysis process.  An example might be that determining the flutter point requires an 

array of strain gauges on the test vehicle as well as what algorithms are used to calculate 

the flutter point. 

 

The identification of distinct rule sets is certainly debatable and dependent on point of view.  

This paper and the model it presents has been developed from an instrumentation point of view 

and thus the rule sets are possibly more detailed at the lower levels than at the higher, analysis, 

levels.  Although, even there, it might be appropriate to include a sensor level rule set.  At the 

analysis level it might, for example, be appropriate to break the rules into those that are directly 

derivable from test vehicle measurements and those that require inputs from other sources. 

 

 

APPLICATION NOTES 

 

There are various uses of this model.  The following outlines four major uses. 

 

1. Configuration Development and Transfer.   This is the primary motivation for developing 

this model.  How is a multi-vendor instrumentation system configured through a single 

interface?  Much of the notation and results explicitly support this function as will be 

discussed in the next section.  Once a valid configuration is constructed it must be 

transferred to the systems using it. 

2. Verification, Validation, and Completeness (VV&C). Just developing a configuration 

does not mean that it does everything that it’s supposed to and is expected to do.  By 

formalizing the functional hierarchy, VV&C can be more readily automated at different 

levels of the hierarchy. 

3. Optimization. By creating a formal structure that allows for multi-vendor systems and by 

capturing all the settings – including the constraints – system level optimization can be 

automated. 

4. Pedigree. Instrumentation and test engineers not only provide measurements and final 

analysis, they also provide information about where those measurements come from and 

what process was used to perform that analysis – the pedigree.  The final configuration, 

𝐶𝑄
𝑉𝑉𝐶 , along with the rule sets have the potential to provide an absolutely complete 

documentation of this process. 
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APPLICATION PROGRAMMING INTERFACE (API) NOTES 

 

The primary focus of this model has been on a single interface to a multi-vendor system in 

consideration of proprietary rules.  A full API must include various support routines to allow 

initialization and actual transfer of information.  But fundamentally the major sets defined in this 

model represent the types of information that has to be exchanged or some part of the system has 

to be cognizant of.   

 

 V𝒊  – The set of values that a setting can be set to. 

 R 𝒊 – The rules governing a particular setting. 

 𝑃𝑖   – The parameters for a rule, i.e., the things that affect a particular setting. 

 𝑃𝑔
′   – The parameters a greatest element is dependent on. 

 

At the very least, there must be software engines that implement the rules, there must be a 

mechanism for passing the possible values a setting can have, and there must be some way of 

knowing the affects of setting or changing settings.   

 

There are at least two methods of passing information between two pieces of software connected 

by an API – either pass all the information back and forth or use a shared memory block that 

maintains the current configuration.  The latter of these seems simpler and requires less upfront 

information provided to a third party interface developer.  For example, to make a request to 

change a setting without a common memory structure would require knowing 𝑃𝑖  for every 

setting.  Whereas, using a common memory block would allow a change request to be made and 

to allow the rule engine to pick up whatever information it needs out of this block.  This may 

also aid vendor’s to maintain their proprietary information. 

 

 

SUMMARY 

 

This paper has provided a theoretical structure for configuring instrumentation (which is a 

specific instance of the class of Constraint Satisfaction Problems).  The underlying structure is 

defined in terms of instrumentation settings and the rules which govern valid settings.  By 

combining this structure with real world functional considerations, a foundation has been laid for 

developing a single interface for a multi-vendor system. The model specifically identifies the sets 

of information that must be generated and exchanged for this interface.  A simple lemma and 

corollary provide insight in to the structure of these information sets.  By recognizing that higher 

level measurement requirements are, in essence, derived settings, the theory can be expanded 

beyond low level device settings.  Overlaying this higher level functional reality onto the 

theoretical structure provides a mechanism for dividing rules into sets. This then facilitates 

formal development of these rule sets independently while maintaining the links between them.  

This lays the foundation for both fully automating the configuration process and for fully 

documenting the pedigree of measurements and data analysis. 
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ABSTRACT 
        
 This paper presents a method for managing a Mixed Network with multiple ground stations and 
Test Articles (TA) preferences. The main difference between a Ground Station (cellular) network 
and the over the horizon (ad-hoc) network is that the ad-hoc method has no fixed infrastructure. 
This paper presents the computation and performance of a clustering technique for mobile nodes 
within the simulated mixed network environment with multiple ground stations and users 
preferences for those ground stations. This includes organization for multiple ground stations and 
for TA’s gravitating toward a ground station of their choice on the basis of service and 
performance. 
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I. PROBLEM DEFINITION 

 
This research focuses on an efficient way of managing the Mixed Network with multiple ground 
stations and test article preferences. This includes their cluster cell identity, gateway node to 
relay their traffic, and information about other nodes in the network. As routing schemes are 
important to effectively route traffic in the network, this work will include clustering techniques 
for routing from each cluster and routing between the cellular and the mobile ad-hoc network 
(MANETs). The cluster cell to which a node belongs is evaluated based on the information sent 
to the Base Station (BS) by the node. The focus in this work is the aeronautical environment 
where we have multiple ground stations and nodes with high mobility, reduced path loss due to 
free space or line of sight communication, high coverage areas, and abilities to choose the 
ground station they want to send their data to. Previously, we have demonstrated that a 
multistage clustering scheme can organize all the nodes with a single ground station into clusters 
that are operating in either a cellular network or in an ad-hoc network. So, in this paper we will 
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demonstrate that multistage clustering scheme can also organize all the nodes with multiple 
ground stations into clusters and, in addition, those nodes can make a preferred selection to the 
ground station in order to send their data. We will also demonstrate that in some cases choosing a 
different base station to send the data can be cost effective due to the signal to noise ratio, power 
efficiency or bandwidth efficiency between the nodes and the base station to which they want 
their data to be sent. 
 
 

II. INTRODUCTION 
 

The Integrated Network Enhanced Telemetry (iNET) project is based on the development of 
complete network architecture to enhance telemetry performance from test articles (TAs) to 
ground stations (GS). Telemetry is a technology that allows the remote measurement and 
reporting of information of interest to the system designer or operator. It allows for automatic 
monitoring, alerting, and record keeping necessary for safe and efficient operations. It also 
requires Quality of Service (QoS). QoS data needs to be delivered without delay, or error. Since 
ad hoc networks are contention based networks meaning the nodes have to compete over a 
channel in order to send their data to the ground station, Quality of Service becomes necessary. 
Research conducted at Morgan State University (MSU) 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). Mobile ad hoc networks (MANET) are 
formed by mobile nodes, which can freely move around in the network, leave the network and 
join the network. The mobility of the nodes results in a rapidly changing network topology. As a 
result the dynamic topology, varied /limited mobile node capability and limited link bandwidth 
of the MANET pose a challenge for the scalability of MANET. In order to deal with the 
scalability issue, a hierarchical approach based on partitioning the network into clusters can be 
employed. Since the network is partitioned into smaller and logically separate clusters, it is easy 
to keep track of mobile nodes in a cluster, nodes joining and/or leaving a cluster, the overall 
topology of the cluster and node capabilities. Therefore, it is a great challenge to ensure effective 
routing and mobility management of the nodes with multiple base stations at the same time 
ensure preferences to those nodes, the relevant bandwidth and the power constraints of the 
network. Hence, one promising approach to address routing problems in MANET environments 
is to build hierarchies among the nodes, such that the network topology can be abstracted. This 
process is commonly referred to as clustering and the substructures that are collapsed in higher 
levels are called clusters. The GS is a fixed network element that performs like a cellular 
network as shown in figure 1. In a cellular network there is reduced contention which gives the 
network the opportunity to have high capacity but it has a lower coverage area due to its limited 
range. The nodes cannot communicate directly to each other; the sender’s signal has to go to the 
base station first then it is retransmitted to the destination. Every cellular node can reach the base 
station in a single hop and vice versa. The advantage of cellular network is the high capacity. 
Even with that high capacity the nodes have to be in the range of the cellular network in order to 
communicate. So one of the problems that we are trying to solve is having nodes beyond the 
cellular network range but maintaining communication with the base station. This will give rise 



 

to an ad-hoc network where the nodes in that network will communicate in a multi
going through the intermediate node called a gateway node in order to communicate with the 
base.  This is shown in figure 2. 
 

 
A mobile ad-hoc network is formed dynamically without requiring any infrastructure. Therefore, 
it has found wide applications in military operations, disaster relief efforts, and more recently, in 
civilian environments. In this network, each node has a maximum transmission power which 
limits how far it can send signals to all nodes within its transmission range. If a destination node 
is not within the transmission range of the sender, the two nodes communicate 
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Figure1: Cellular Network/GS 
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Figure2: Ad-hoc Network 
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The mixed network has been proposed by Morgan State’s School of Engineering in order to 
solve iNET’s problem.  It uses an optimized clustering scheme based on distance and angle 
developed by Babasola [4] to divide the network into a cellular network with the ground station 
and one or more ad-hoc sub-networks also known as cluster cells. This is shown in figure 3. We 
assumed that all TAs are equipped with dual interface Network Interface Cards (NIC) that allows 
them to operate in cellular mode, ad-hoc mode or gateway mode depending on their location 
from the ground station.  We also assumed that each test articles is aware of its geographical 
location at all times through GPS or any other positioning mechanism. Gateway nodes are 
capable of communicating in both cellular and ad hoc mode simultaneously and they can be used 
to relay data from test articles that are operating in over the horizon (OTH) settings to the ground 
station or vice versa. The ad-hoc network provides wide coverage combined with high capacity 
provides by the cellular network. 
 

 
Figure3: Mixed Network 

 
 

III. METHODOLOGY 
 

We divided the problem into two parts. First, we have to show that clustering can be done in a 
multi-base station environment which will include the set up of the base station, the separation of 
the cellular and ad-hoc networks, and finally the different clusters cells. Second, we will add a 
preference scheme because some test articles will want to be associated with a particular GS or 
Cluster.     
 
Clustering is a type of technique particularly useful for applications that require scalability to 
hundreds or thousands of nodes. Scalability is defined as load balancing and efficient resource 
utilization. The main part of our work is the network partitioning algorithm; because the routing 
and other activities of the network depend on the network partition. The clustering is done at the 
Ground Station (GS) after gathering data from all the TA’s in the network, and it is based on the 
parameters obtained from the TA’s. 

Mixed Network
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The common K-Means clustering is used to partition the ad hoc network. The goal of the k -
means algorithm is to fink k  number of clusters which satisfy a minimum distortion criteria. In 
our algorithm we use the Euclidean distance as a measure of distortion or criterion function for 
clustering. The algorithm elects a cluster head which acts as the gateway for each cluster and 
helps relay their traffic for communication with other terminals outside their cluster, or from 
MANET to cellular network and vice versa. One important challenge in the algorithm is 
estimating the number of clusters that will be needed to optimally partition the network. Most 
existing clustering algorithm such as the k -mean need the knowledge of the number of clusters 
needed at the initialization stage. Another important factor is that the clustering will be done on-
the-fly. Since the environment being considered is aeronautical and the terminal speed is 
assumed to be relatively high, the network may be updated at a fast rate, so the clustering process 
should be done in the least time possible. It is also important that the cluster head or gateway be 
optimally chosen to have a high connectivity to both GS and other MANET terminals in its 
cluster. The BSs sends among other configuration parameters, the IEEE 802.11b channel each 
cluster will be assigned. So for nodes to communicate with nodes outside its cluster, it needs to 
go through the gateway. This is to provide spatial reuse of bandwidth and allow it to be shared or 
reserved in a controlled fashion by generating clusters of radios.  
 
We begin our clustering algorithm by defining our metric for measurement. In a Mixed Network, 
it is clear that the coverage area can grow as the number of nodes increase; we seek to limit this 
area to a finite coverage area with radius Ragg. We assume nodes are uniformly distributed within 
the circular coverage area with radius Ragg. We let the center of the coverage area denote the 
origin and the position of the BS, and we define X and Y to be coordinates of nodes location in 
the aggregate network. The X and Y coordinates define uniform bivariate random variables with 
joint PDF:                                                                               
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We define a distance metric D as a function of radius (distance of node from center), r , and 
angle of displacement from BS,θ .  

),( θθ rfD R=                                  (5) 
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This parameter metric is used for clustering. 
 
Set up Multiple Ground Station: 
 
In the figure4, we randomly place three (3) ground stations with four hundred (400) nodes 
around them.  
 

 
Figure4: Multiple Ground Stations 
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The next step is to separate cellular network nodes from the ad-hoc network nodes. This is done 
by fixing a value for the signal to noise ratio threshold (SNRTresh). We compute the signal to 
noise ratio (SNR) for each node with the following classifications: 
For SNR>SNRTresh, we have cellular nodes. 
For SNR<SNRTresh, we have Ad-hoc nodes. 
In the figure5 below, the dots represent the cellular network users and the crosses represent the 
ad-hoc network users. 
 

 
Figure5: Nodes Classifications 

 
Next, using the k-means clustering algorithm, we will cluster the ad hoc nodes into clusters 
around each GS. The k-means clustering helps us to solve the well known clustering problem. 
The procedure is to classify a given data set through a certain number of clusters (assume k 
clusters). The main idea is to define k centroids, one for each cluster. These centroids should be 
placed strategically because different locations cause different result. So, the better choice is to 
place them as much as possible far away from each other. Then, take each point belonging to a 
given data set and associate it to the nearest centroid. When no point is pending, the first step is 
completed and an early collection is done. At this point we need to re-calculate k new centroids 
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as barycenters of the clusters resulting from the previous step. After we have these k new 
centroids, a new binding has to be done between the same data set points and the nearest new 
centroid. A loop has been generated. As a result of this loop we may notice that the k centroids 
change their location step by step until no more changes are done.  
The following graph shows the clustering of the ad-hoc network users into fifteen (15) clusters 
cells, meaning five (5) clusters cells for each ground station and that was done by using the k-
meaning clustering and the distance measure. 
 

 
Figure6: Clustering of the Ad-hoc network users 

 
The nodes in each cluster cell communicate in peer to peer fashion, they share the same data. 
The nodes at the intersection of the cellular and ad-hoc networks are consider being the gateway 
node and those nodes will convey data from the test article in the ad-hoc network to the base 
station in a real time condition. As a result we have minimum network congestion in our mixed 
network. The addition of preference of nodes for one or several of the GS’s is accomplished 
readily by including an element to the distance measure which represents the proportional 
preference to that GS. The Distance measure D(f(r, φ))  shown above can be simply modified as 
 
D =  D(f(r, φ)) ∗ W(Gs(i))           (8) 
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Where W(Gs(i)) represents a weighted preference for Gs(i) and 0<WGs(i)<1 
In the case where the user preference is set to 0, the node will be forced to that GS whereas a 
user preference set to 1 shows no preference. A simple experiment with varied preferences 
shows how these can be distributed across the ad hoc nodes. Here is the resulting distribution 
shown in figure 7. 
 

  
Figure7: Results of Random User Preference for 3 GS’s 

 
IV. CONCLUSION AND FUTURE WORK 

 
We successfully adapted the k-means clustering and the distance measure to the Mixed Network 
to solve iNET’s problem of limitations coverage in the cellular network and capacity in the Ad-
hoc network. That includes the Ad-hoc users clustering with Multiple Base Stations which helps 
us to improve routing and mobility management and leads us to the optimization of the hybrid 
network configuration.  
 
The next step in our research is to introduce the multiple distortion measure schemes. This will 
allow us to re-cluster and optimize the performance of the mixed network for QOS applications 
based on distance, angle and any other performance measures such as traffic intensity, 
interference and frequency management. 
  
 

V. ACKNOWLEDGEMENT 

-3 -2 -1 0 1 2 3

-3

-2

-1

0

1

2

3

Q
ua

dr
at

ur
e

In-Phase

Scatter plot



10 
 

 
The authors expresses appreciation for the iNET Program office, SRC, and the TRMC center of 
DoD for their funding of this effort. 
 
 

VI. REFERENCES 
 
[1] Agrawal, P.D, Zeng, Q.A., Introduction to Wireless and Mobile Systems, Thomson Learning, 
2002.  
 
[2]A. Chandra, V. Gummalla, and J. O. Limb, “Wireless Medium Access Control Protocols”. 
IEEE Com. Surveys & Tutorials, Second Quarter 2000. Available from 
http://www.comsoc.org/livepubs/surveys/public/2q00issue/gummalla.html. 
 
[3] Dr. Astatke Yacob, “Distance Measures for QoS Performance Management” 
        ITC 2008 Conference, San Diego, October 2008 
 
[4] Dr. Babalola, O. A., “Optimal Configuration for Nodes in Mixed Cellular and Ad Hoc 
Network for Inet”, ITC 2007 Conference, Las Vegas, October 2007. 
 
[5] St. Ange, L., “The Optimization of Node Configuration in a Mixed Network for Quality of 
Service”, ITC 2008 Conference, San Diego, October 2008. 
 
[6] Stallings, W., High-Speed Networks and Internets Performance and Quality of Service, 
Second Edition, Prentice Hall, 2001 
  
 
 
 
 
 
 
 



End-to-End ARQ: Transport-Layer Reliability for
Airborne Telemetry Networks

Kamakshi Sirisha Pathapati and Justin P. Rohrer
Department of Electrical Engineering and Computer Science

Information and Telecommunication Technology Center
The University of Kansas

Lawrence, KS 66045
{kamipks|rohrej|jpgs}@ittc.ku.edu

Faculty Advisor:
James P.G. Sterbenz

ABSTRACT

Due to the mission-critical nature of command-and-control traffic in the telemetry environment, it
is imperative that reliable transfer be supported. The AeroTP disruption-tolerant transport protocol is
intended for this environment. The mechanism for reliable transfer is ARQ with end-to-end acknowledg-
ments. This has significant performance limitations resulting from the highly-dynamic nature of airborne
telemetry networks, since end-to-end paths may not persist long enough for retransmissions to be received.
We use ns-3 to analyze the AeroTP ARQ mechanism, along with tunable parameters that may improve
performance in reliable transfer mode.

I. INTRODUCTION AND MOTIVATION

The are several possible mechanisms for providing reliability in network environments. One is to
retransmit lost packets, another is to provide forward error correction to correct altered bits in the data,
and the third is to use erasure block coding to recover lost packets. The AeroTP protocol or highly-
dynamic airborne networks [1] uses all of these mechanisms, depending on the type of reliability required.
In this paper we are interested in the first mechanism, ARQ, and in evaluating the effect that the challenges
of highly-dynamic network have on itsperformance. In addition to the selection of mechanism, the layer at
which this functionality is to be located must be chosen. These mechanisms may be applied hop-by-hop,
edge-to-edge, or end-to-end, and in this paper we take a look at the performance of end-to-end ARQ.

Within the telemetry environment there are a number of variables to be taken into consideration when
selecting end-to-end reliability modes. These include the requirements of the data being transferred, the
stability of the paths over which the data is being transferred, the scarcity of available bandwidth along
those paths, and the round-trip delay between the source and destination. ARQ is a closed-loop mech-
anism, and therefore requires a stable path in both the forward and reverse directions. If these are not
present, significant performance degradation is usually the result. The advantage to the ARQ mechanism
is that it is the only way to guarantee reliable delivery [2]. Given that the cost of this reliability can be
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significant, particularly in high-dynamic network environments it is important to understand the available
options and tradeoffs involved. If full-reliability is not required and near-reliability is acceptable, then the
ARQ loop may be split using a custody transfer approach, which can significantly increase efficiency. If
only statistical reliability is required, then open-loop FEC approaches become an attractive option.

Traditional Internet protocols offer only two options: no reliability (UDP), or full-reliability (TCP). In
this paper we explore the performance of TCP in lossy environments, as well as showing an alternative
ARQ algorithm that decouples the reliability mechanism from flow control.

II. BACKGROUND AND RELATED WORK

Ideally reliable data transfer transmits data end-to-end with no delay and with no errors or losses. But,
transmission in a network is often prone to delay, limited bandwidth, and multiple errors along the path
towards the destination. Bit errors are the most common in wireless channels because of the channel’s
vulnerability to noise and interference. Packet errors are caused because of congestion, switching between
multiple paths within the network, and packet-drops during the occurrence of bit errors in the packet.
To avoid the errors caused by congestion, congestion control and avoidance algorithms are used. When
implicit congestion notification is used they reduce the window size each time congestion is detected.
Packet drops at the receiver may be caused because of corrupted packets. Error recovery schemes are
often a solution to correct the errors in the received data packet. ARQ uses ACKs and retransmissions to
ensure all the lost packets are successfully delivered to the destinations.

With rapid increase in wireless technologies, high bandwidth-×-delay product networks are becoming
increasingly common. These networks pose new challenges that worsen when the network is highly
asymmetric. Asymmetry arises when there is a difference in the power used by the sender and the receiver
units for transmitting information. The central transmission unit, such as a base station, has a higher
transmission power compared to the individual mobile units in order to reduce power consumption. For
such networks in which there is bi-directional traffic flow asymmetry makes optimal performance much
more difficult to attain.

A. Transport Protocols

The transport layer is responsible for delivering application data between end-system hosts through
network switches or routers. It offers many services such as reliable or unreliable data delivery, connection-
oriented or connectionless, flow control, and error control services.

Two of the earliest and the most commonly used protocols are the transport control protocol (TCP) [3]
and the user datagram protocol (UDP) [4]. TCP and UDP with modified or added functionalities have
become the basis for many protocols to offer better services and perform efficiently in challenged environ-
ments, and they continue to be used as the basis for many of the currently proposed transport protocols.

B. Transmission Control Protocol and User Datagram Protocol

TCP is a full-duplex, connection-oriented, end-to-end, reliable protocol that provides a byte-stream
service. TCP was designed to operate for a wide range of communication systems based on packet-
switched networks [3]. It offers its services to the application protocols that belong to the upper layer and
it demands addressing, forwarding, and routing services from the lower layer Internet protocol (IP).
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To provide a standard communication service between two processes in a network, TCP was designed
with multiple features. TCP’s operation offers a reliable data service that allows the transmitted data to
recover from damaged, lost, duplicated, or out-of-order TCP segments during the segment’s transmission
through the network. It achieves reliability by using acknowledgements (ACKs) from the receiver. It
retransmits each segment if an ACK is not received in a set period of time (timeout). It is a connection-
oriented protocol that uses a 3-way handshake mechanism to explicitly establish a connection between
two hosts and terminate it when the transmission is completed. It takes 1.5 RTTs to set up the connection
between the sender and the receiver after which actual data transmission takes place. It implements flow
control as an end-to-end mechanism that limits the amount of data transmitted by the sender at a given time
to avoid choking the receiver. TCP’s congestion control mechanism prevents the sender from injecting too
much data into the network causing congestion. The congestion overloads the switches or routers in the
network and causes the performance to degrade drastically. Another important feature of TCP is that it
guarantees ordered delivery of data by having the receiver maintain buffer to store the packets in case any
arrive out of order.

UDP is a protocol with minimal end-to-end message delivery mechanism for the application pro-
grams [4]. UDP is unreliable, which means there is no guarantee that the data sent will be delivered to the
destination. It does not implement flow control, congestion control, or ordered delivery.

C. Drawbacks of Traditional Protocols

Although TCP and UDP are the most commonly used transport protocols they fail to perform ef-
ficiently in a challenged wireless environment. In wireless networks packet losses are inevitable; link
outages, lossy channel characteristics, unstable connectivity, delay, and congestion are a few examples of
challenges that cause packet loss. A wireless channel is often subjected to interference and channel fading,
resulting in packet loss and packet corruption. TCP assumes every packet loss is caused by congestion
in the network and invokes its congestion control algorithm. This decreases the congestion window by a
fraction (usually half) each time reducing the congestion window size, and thus causing inefficient use of
bandwidth. Schemes such as split-TCP connections and local retransmissions were developed to circum-
vent the problem caused by TCP’s assumption of congestion being the only cause for packet loss [5].

TCP uses ACKs to provide reliable data transmission and retransmissions. The source retransmits a
TCP segment to the destination when a timeout occurs while waiting for an ACK. A connection setup is
performed through a three-way handshake between the source and the destination pair of nodes. This takes
up 1 round-trip time (RTT) before data may be sent, which causes significant performance degradation in
a telemetry network because of short contact duration between nodes. By using a slow start algorithm,
TCP takes many RTTs to ramp up the sending rate before it can fully utilize the available bandwidth. This
results in a significant amount of waisted capacity in an environment which often has episodic connectivity.

TCP does not efficiently perform flow control in a network with asymmetric links since it requires a
highly reliable ACK stream. Because of dynamic topology, link outages are common. The congestion
control algorithm is invoked during short link outages, causing an increase in the number of retransmis-
sions. The connection is terminated in case of longer link outages. This causes difficulty in restoring links
and finding alternate paths to the destination [6]. TCP also does not provide any QoS differentiation for
prioritizing the type of data being transmitted.

SCPS-TP (Space Communications Protocol Standards Transport Protocol) [7] is an extension to TCP,
used particularly for satellite communications, developed to address problems posed by asymmetric links.
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SCPS-TP addresses some similar problems to those of telemetry networks although it is not fully suitable
for telemetry applications. This is in part because it relies on channel condition information which is either
pre-configured or discovered over time from the network [8].

Although UDP is a simpler protocol than TCP, it does not offer any guarantee for guaranteed data
delivery, so it is unreliable. Unlike TCP, UDP does not have connection set-up mechanism and does not
provide congestion control or flow control or data retransmissions. UDP also does not provide differenti-
ated levels of precedence or QoS for the classes of data available in the telemetry environment.

D. Optimizations for Mobile Wireless Networks

TCP assumes that congestion is the only reason for the loss of data segments in the network. To prevent
congestion collapse, aggressive congestion control and avoidance algorithms were developed, which made
TCP adapt to congestion by decreasing the size of its congestion window substantially. This mechanism
has proven very effective in wired networks. As networks have evolved to included various wireless link
types as well, the possibility of losses due to causes other than congestion has increased. Factors such as
high link error rates, channel fading, interference, long propagation delays, and noisy channel conditions
increasingly become the reason for packet losses. Hence, decreasing the congestion window size for
each loss detected in a wireless network is the wrong approach and results in a major drop in the overall
utilization of the network, as shown later in our simulations.

Active research to find out other ways to deal with losses in a wireless network has spurred develop-
ment of newer algorithms. TCP Peach [9] and TCP Westwood [10] are two such algorithms developed for
wireless networks. TCP Peach was developed as a congestion control scheme for satellite IP networks.
Satellite networks are often characterized by long propagation delays and high error rate channels. It was
necessary that the algorithm could differentiate when the loss occurred due to congestion or corruption. It
introduced two new algorithms, sudden start and rapid recovery, along with traditional congestion avoid-
ance and fast retransmit algorithms. TCP Peach performed better in terms of throughput and also provided
an overall fair share of network resources compared to traditional TCP algorithms [11].

TCP Westwood was developed to improve the performance TCP in both wired and wireless environ-
ments. TCP Westwood makes use of end-to-end bandwidth estimation to discriminate the cause of packet
loss in the network. It calculates the rate of connection continuously at the TCP sender side and computes
the congestion window threshold and slow start threshold. It monitors the rate by tracking the rate of
returning ACKs [12]. The main advantage of using TCP Westwood is that the only modifications to the
TCP algorithm are at the sender side. Improvements in throughput and fair usage of link capacity are other
advantages.

Other techniques have been designed to improve the performance of TCP in wireless environments [5].
Three different techniques were employed to improve the performance of TCP. The first technique involves
a direct end-to-end protocol implementation in which the sender is responsible for error recovery. The error
recovery is performed using TCP SACK and explicit loss notification (ELN) mechanisms. The second
technique provides link-layer reliability and the third technique implements a split-connection protocol,
where the end-to-end connection breaks at the base station. The results show providing local reliability at
the link-layer that is TCP-aware improves TCP performance in wireless networks.

A detailed study of the effects of asymmetry on performance of TCP in a network has been performed
by [13]. Techniques such as ACK congestion control (ACC), ACK filtering (AF) used to control the
frequency of ACKs, TCP sender adaptation (SA), ACK reconstruction (AR) and scheduling data and
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ACKs were developed to minimize the number of ACKs to counter the problem of asymmetry.
The performance of the TCP protocol also was evaluated in a network with high bandwidth-delay

product and random loss [14]. TCP showed deterioration in the throughput performance when random
losses occurred and also was unfair towards connections with larger round-trip times (RTTs) when multiple
connections share a bottleneck link.

E. ARQ Algorithms

ARQ algorithms improved over time, achieving better performance in terms of bandwidth utilization,
delay, and reliability. The simplest approach in achieving reliability is through the stop-and-wait algo-
rithm. The algorithm employs a feedback mechanism in which the sender is notified of the delivery of
the packet. In this approach, the sender transmits a packet to the receiver and waits for an ACK. In case
the sender does not receive an ACK for a packet, which might be because of lossy link characteristics or
packet-drops, the sender waits for a timer to expire, after which it retransmits the un-ACKed packet. This
causes the link to be idle for the entire time the sender is waiting for an ACK causing inefficient utilization
of available bandwidth and a delay of one RTT per packet.

An alternate is the pipelined go-back-N algorithm. Multiple packets are sent simultaneously to the
destination and the sender waits for all the ACKs. Once the sender misses an ACK for a single packet a
retransmission of all the packets since the lost packet occurs. Although this eliminates the round-trip delay
caused by waiting for an ACK for each packet, it introduces the delay caused by retransmitting packets
since the loss. Fast retransmit is an optimized go-back-N algorithm in which the sender retransmits
packets even before the timer expires. Retransmission occurs when the sender receives more than a certain
number of duplicate ACKs. This algorithm recovers quickly from lost ACKs but it still faces similar
problems as go-back-N .

An alternative to the fast retransmit algorithm is the selective repeat ARQ. In this algorithm, retrans-
mission of only those packets for which the sender did not receive an ACK takes place. When the packets
are retransmitted they arrive out of sequence. Hence, the receiver maintains a buffer to store the packets to
rearrange them at the end of the entire session. The algorithm’s complexity increases since both the sender
and the receiver have to maintain a consistent state throughout the session and the receiver must have an
increased buffer size. It also fails in the case too many packet losses occur during transmission if there
is limited space for ACK blocks, as in the case of TCP SACK [15]. Another version of selective repeat
ARQ sends ACKs for a group of packets instead of a single packet each time. This reduces the overall
complexity at the receiver buffer space and corrects the behavior of the protocol during multiple packet
losses. Selective negative acknowledgement (SNACK) is an alternative to SACK in which the receiver
sends ACKs requesting a damaged or lost packet. The receiver explicitly notifies the sender which packets
were lost or corrupted and thus may need to be retransmitted. TCP SNACK was originally implemented
in satellite communications in which the end-to-end delay was long. SNACK provides the sender with a
complete view of the receiver buffer when the sender receives an ACK specifying damaged or lost pack-
ets. The sender aggressively sends packets that are lost without waiting for a timeout. In this case TCP
congestion control is not invoked and utilization of bandwidth is improved.
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III. NETWORKING CHALLENGES IN AIRBORNE TELEMETRY NETWORKS

A typical T&E (test and evaluation) telemetry network consists of three types of nodes: test articles
(TA), ground stations (GS), and relay nodes (RN). The TAs are the airborne nodes involved in the test and
contain several data collection devices that are IP devices (e.g. cameras) called peripherals. TAs house
omnidirectional antennas with relatively short transmission range. The GSs are located on the ground and
typically have a much higher transmission range than that of a TA through the use of large steerable an-
tennas. In point-to-point communication mode, the GS tracks a given TA across some geographical space
in a test range. However, due to the narrow beam width of the antenna, a GS can only track one TA at any
given time. The GS also houses a gateway (GW) that connects the telemetry network to the Internet and
several terminals that may run control applications for the various devices on the TA. Furthermore, the GSs
can be interconnected to do soft-handoffs from one to another while tracking a TA. The RNs are dedicated
airborne nodes to improve the connectivity of the network. These nodes have enhanced communication
resources needed to forward data from multiple TAs and can be arbitrarily placed in the network. The flow
of T&E information is primarily from the TAs to the ground stations GSs, however command and control
data flows in the reverse direction. There are a number of challenges to communication protocols in this
environment:

• Mobility: The test articles can travel at speeds as high as Mach 3.5; the extreme is then two TAs
closing with a relative velocity of Mach 7. Because of high speeds, the network is highly dynamic
with constantly changing topology.

• Constrained bandwidth: Due to the limited spectrum allocated to T&E and the high volume of data
that is sent from TA to GS, the network in general is severely bandwidth constrained.

• Limited transmission range: The energy available for telemetry on a TA is limited due to power and
weight constraints of TA telemetry modules, requiring multi-hop transmission from TA to GS.

• Intermittent connectivity: Given the transmission range of the TA and high mobility, the contact du-
ration between any two nodes may be extremely short leading to network partitioning. Furthermore,
the wireless channels are subject to interference and jamming.

The result of these challenges is that end-to-end paths may be available only for a few seconds, or not
at all.

F. AeroTP Reliability Mechanisms

In this section we review the reliability modes of AeroTP, which are described in greater detail in [8].
Based on the application requirements, there will be a number a classes of data being transmitted over the
telemetry network. For this reason we define multiple transfer modes that are mapped to different traffic
classes. All modes except unreliable datagram are connection-oriented for TCP-friendliness and will use
byte sequence numbers for easy translation to TCP at the AeroGW, so that packets may follow varying or
multiple paths and be reordered at the receiver-side gateway.

• Reliable connection mode must preserve end-to-end acknowledgement semantics from source to
destination as the only way to guarantee delivery. We do this using TCP ACK passthrough, which
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has the disadvantage of imposing TCP window and ACK timing onto the AeroTP realm, but will
never falsely inform the source of successful delivery.

• Near-reliable connection mode uses a custody transfer mechanism similar to that used in DTNs [16]
to provide high reliability, but can not guarantee delivery since the gateway immediately returns
TCP ACKs to the source on the assumption that AeroTPs reliable ARQ-based delivery will succeed
using SNACKs (selective negative acknowledgements) [7] supplemented by a limited number of
(positive) ACKs. This still requires that the gateway buffer segments until acknowledged across the
telemetry network by AeroTP, but is more bandwidth-efficient than full source–destination reliabil-
ity. However, the possibility exists of confirming delivery of data that the gateway cannot actually
deliver to its final destination.

• Quasi-reliable connection mode eliminates ACKs and ARQ entirely, using only open-loop error
recovery mechanisms such as FEC (Forward Error Correction) or erasure coding, across multiple
paths if available [17]. In this mode the strength of the coding can be tuned using cross-layer
optimizations based on the quality of the wireless channel being traversed, available bandwidth, and
the sensitivity of the data to loss. This mode provides an arbitrary level of statistical reliability but
without absolute delivery guarantees.

• Unreliable connection mode relies exclusively on the FEC of the link layer to preserve data integrity
and does not use any error correction mechanism at the transport layer. Cross-layering may be used
in future work to vary the strength of the link-layer error-correcting code.

• Unreliable datagram mode is intended to transparently pass UDP traffic, and no AeroTP connection
state is established at all.

In the simulations presented in this paper are focused on the performance of the reliable connection
mode.

IV. SIMULATIONS AND RESULTS

We compare the performance of AeroTP in the reliable connection mode with TCP and UDP protocols
using the ns-3 open-source simulator [18]. The selective-repeat ARQ algorithm is used to provide reliable
edge-to-edge connection between nodes for the AeroTP protocol. The network in this simulation setup
consists of two nodes communicating via a wired link that is prone to losses. One node is configured as a
traffic generator, and the other as a traffic sink. The traffic generator sends data at a constant data rate of
4.416 Mb/s (3000 packets/s with an MTU of 1500 B). The path consists of a 10 Gb/s link representing the
LAN on the TA, a 5 Mb/s link with a latency of 10s representing the mobile airborne network, and a second
10 Gb/s link representing the LAN at the ground station. Bit-errors are introduced in the middle link with
a fixed probability for each run, and the performance for each probability of bit-errors is shown in the plots
described in the next section. A total of 1 MB of data is transmitted during one single simulation between
the two nodes. The link is made unreliable by introducing losses using an error model with varying bit-
error probabilities ranging for 0 to 0.0001 for each of the protocols. Since none of the protocols in this
mode use FEC, any packet experiencing bit-errors are dropped. Each simulation is run 10 times to obtain
the results needed for comparison.
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Figure 4: Cumulative overhead

Figure 1 shows that AeroTP is able to achieve significantly better performance than TCP, which backs
off substantially as the BER (bit-error rate) increases. At the same time TCP’s end-to-end delay doubles
with a BER of 1× 10−5, as shown in Figure 2. Over the course of the simulation, both TCP and AeroTP
are able to deliver the full amount of data (1 MB) transmitted, however UDP looses a percentage of the
data due to corruption and the BER increases as shown in Figure 3. Lastly, we see that these performance
characteristics are achieved with a cost in overhead comparable to that of TCP in Figure 4.

V. CONCLUSIONS AND FUTURE WORK

The traditional TCP and UDP protocols, although widely used, do not meet the performance expecta-
tions of a T&E environment. These protocols do not offer any QoS or differentiated levels of precedence
for various kinds of data that exist in a T&E environment. Certain classes of data in this environment

8



require reliable data delivery service. The AeroTP protocol in the reliable-connection mode is capable of
guaranteeing delivery of data without significant performance degradation. In this paper, we implemented
the AeroTP reliable-connection mode in ns-3 using selective-repeat ARQ mechanism for a simple two
node network with losses introduced in the link. We can see that with increasing bit-error rates TCP fails
to achieve a desirable goodput although it delivers all the packets using retransmission, and UDP fails
to deliver packets to the destination. AeroTP performs better than both TCP and UDP in terms of both
the average and cumulative goodput. In the future, we will test and compare the performance of these
protocols in a much more complex scenarios and mobility models. In the future we will combine the
AeroTP simulations with the the Gauss-Markov random mobility model [19] and use the AeroRP routing
protocol [20] in the network to test the performance of AeroTP protocol in the reliable-connection mode.
We will also compare the performance of reliable-connection mode against the other reliability-modes to
observe the performance in terms of latency, overhead, and channel utilization.
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ABSTRACT 
 

This paper presents a methodology for the management of interference and spectrum for 
iNET. It anticipates a need for heavily loaded test environments with Test Articles (TAs) 
operating over the horizon. In such cases, it is anticipated that fixed and ad hoc networks will be 
employed, and where spectrum reuse and interference will limit performance. The methodology 
presented here demonstrates how this can be accomplished in mixed networks.  
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I. INTRODUCTION 
 

One of the focuses of the integrated Network Enhanced Telemetry project (iNET) is to enhance 
the current comprehensive telemetry standard IRIG-106. This standard is used in aeronautical 
telemetry application to ensure inter-operability between test articles (TAs) and ground station 
(GS). With the help of iNET Program office, SRC, and the TRMC center of Department of 
Defense for their funding of this effort, research conducted at Morgan State University (MSU) 
has focused on providing solutions for two important critical needs identified by the Central Test 
and Evaluation Investment Program (CTEIP): “the need to be able to provide reliable coverage 
in potentially high capacity environments, even in Over-The-Horizon (OTH) settings”, and “the 
need to make more efficient use of spectrum resources through dynamic sharing of said 
resources, based on instantaneous demand thereof”.  While maintaining the desired level of 
performance for all the TAs in the network, MSU’s Mixed Network architecture shows that a 
cellular-Ad-hoc network can be used to provide coverage for TAs that fly outside the coverage 
area of the GS. This mixed network uses clustering techniques to organize the aggregate network 
into ad hoc networks based on properties of each TA, which currently include signal strengths, 
location , throughput-delay and power performance,[1][2][3].   
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At MSU, advanced studies have been performed previously on clusters base on their location, 
their Signal to Noise ratio (SNR) and their power performance that led to some successful 
results. Currently, the problem that arises is the interference power generated between opposite 
and adjacent clusters, which minimizes the performance between TAs in the mixed network, due 
to the limitation of spectrum. The objective of this research is to cluster TAs in some defined 
areas based on their properties and then measure the signal to interference power ratio (SIR). 
This paper describes the analytical foundation used to show that interference power ratio 
measure provides an excellent tool for optimizing the clustering of a mixed network.  

 
 

II. MIXED NETWORK ARCHITECTURE 
 
MSU’s research has led to the design of mixed network architecture as shown in the figure 
below. The mixed network used a k-mean algorithm to partition the networks into a single 
cellular network and multiple ad hoc networks, or cluster cells (CC). The cellular network has 
higher capacity and provides lower coverage area; whereas, the ad hoc network provides a 
tremendous coverage area at lower capacity. In [1], the CCs are organized based on the radius 
and angle of every TA. Currently, the mixed network has been re-organized not only based on 
the radius and angle but also based on the power performance of every TA as developed in [3]. 
The following assumptions were considered in the design of the mixed network:  
- The GS is located at the center of the cellular network. 
- Around the cellular network, there are four clusters cells that communicate through gateway 

nodes with GS.  
- The TAs know their position at any time given.  
- All the TAs are able to operate in Cellular mode (CM), ad hoc mode (AHM) or gateway 

mode (GM) depending on their position relative to the GS.  
 

 

 
 
 
 
 
 
 
  
 
 
Figure 1: Mixed Network Overview (source [1]) 
 

There are three important parameters that affect the performance of the mixed network. In [3] 
two of the parameters are developed: Contention and Queuing. The third parameter is 
interference power ratio that is generated by TAs from opposite and adjacent clusters. Since 
opposite clusters in this work are assumed to be operating at the same frequency, the TAs of one 
cluster act as interferers to TAs in the opposite cluster. If the TAs could communicate while 

Gateway node 
Gateway node 

Cluster cells 
Ad-hoc Node 

Cellular Nodes Ground Station 
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hearing other co-channel or adjacent channels TAs, signal degradation will occur. In such 
environments, interference limits the overall performance of the network.  
 

 

III. TYPES OF INTERFERENCE 
 

There are two types of interference: 
1. Additive, which includes co-channel, adjacent channel, intersystem inter-modulation, and 

inter-symbol interfering signals. 
2. Multiplicative, caused by multipath reflections, diffraction and dispersion of transmitted 

signals as they enter the receiver of wireless systems, especially mobile. 
From these two types, the interference signals in wireless communication system are placed in 
two categories for the purposes of this research: those caused by natural phenomena, which are 
beyond the scope of this research, and those manmade signals, which can be attenuated or 
controlled. 
 
 

A. CO-CHANNEL INTERFERENCE 
 

This type of interference is the interfering signal that has the same carrier frequency as the 
acceptable information signal. It is generated by the fact that two opposite clusters share the 
same frequency, known as a reuse frequency. Unlike thermal noise which can be overcome by 
increasing the signal-to-noise ratio (SNR), co-channel interference cannot be overcome by 
simply increasing the signal power of a transmitter [6]. An increase in signal power transmitted 
increases the interference to neighboring co-channel clusters. To reduce the co-channel 
interference, we use two conditional techniques:  
- The co-channel interference probability (CCIP) measure (Pc) 
- The blocking probability or CCCIP that is defined as the probability that the undesired signal 

local mean power (LMP) exceeds the desired LMP by a protection ratio β 
The derivation of CCIP is performed assuming a Nakagami mobile environment because it is one 
of the most appropriate models for mobile communication. The Nakagami distribution (also 
called m-distribution) provides an optimum foundation in analyzing data in outdoor environment 
shown below as developed in [5]. 
The CCIP Pc can be expressed as: 
Pc = Prob ( �� ������ � 	
        (1) 

Where  
- S= the LMP of the desired signal 
- Ii= the LMP of the  i th interferer 
- β= the protection ratio 
- k= the number of interferers 
Considering the Gauss-Hermite assumption, the error in desired levels can be managed. However 
depending on the cellular region’s characteristics, the shadow-fading parameter � has different 
values. Hence, CCIP can be modified to 



4 
 

�� � � ����
��� � � ��� �� ��� � �������� ������� � � � !��"���#$�!%&'( �) �#*�+����
,*�+����
,- &�
./ 012� ��� 123 (2) 

where�4�,4�, . . . 43 = standard deviations of the logarithm of the LMPs of the k interferers, 5 is 
the orthogonality function between different signals, and G is cumulative distribution function 
(CDF) of the normal distribution. 

Since �#6 � 78&� �) � 9:        (3) 
Where  
- R = the radius of the cluster; 
- D = the distance from nearest co-channel cluster; 
- 78= the cluster size 
Pc can be written as 

�� � � ����
��� � ��� �� ���� �������� ������� � ; � !��"�<=>?'(��*+����,*+����,���
�
./ 012� ��� 123   (4) 

where F is the CDF.  
This equation (4) gives us the general form for the CCIP in function of the critical co-channel 
interference reduction factor�@ A) ; and is only true for known cluster size and the co-channel 
interference is independent from the SNR of each TA.  CCIP is directly proportional to @ A)   
factor. Note that within a cluster, every TA acts a node meaning each of them is a transceiver. 
Therefore, the factor @ A)  can be calculated for several path loss environments using the path 
loss coefficient.  
 
For dynamic (unknown) cluster size, the co-channel interference is dependent on the SNR of 
each TA, and the distance between the k interferers are not the same within the network. Hence 
equation (4) can be rewritten as 

�� � � ����
��� � � ��� �� ��� � �������� ������� � ;
B
CD !�"���E/,F!�� *G/�H=�>�I

'(�#+����&���� 0
./ J

KL12� ��� 123   (5) 

Where, 
- M� = the area mean power of the desired signal; 
- A  = the radius of the cluster contained the desired transmission; 
- AN = the radius of the cluster contained the i th interferer; 
- M� = the distance of the i th interferer from this cluster 
This probability in (5) will help us in maintaining good performance within the mixed network.  

 
 

B. ADJACENT CHANNEL INTERFERENCE 

This type of interference is caused by an excess in power from an adjacent cluster. In another 
words, the desired and the adjacent signals may be partially correlated with their fades. Hence, 
there is a probability that�2� O P2�, where 2� and 2�are the two envelopes of the desired and the 
interfering signals respectively and P is a constant [5].  
Assuming that the expected mean QR2��S � QR2��S � T4�   
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where nc is the correlation coefficient between 2�and 2� 
The PDF �c�o
 of 2� � 2� 2�)  can be obtained as follows [5] UX�p
qpr] � WW] U<X\XY O ]?        (7) 

Using the desired signal, we consider the term R =i�c, where �c is the power gain at the 
intermediate frequency filter output for the desired signal relative to the adjacent channel 
interferer; hence, Us\�t
 � UX�p
qprit u) � �Y�vX
<Y,tu?

uh<Y,tu?\�mvXtujw \)       (8) 

Where vX is given by the formula vX�xy[ z
 � {\̂�|}z
Y,�xy
\x\  
And with z = 0, the above formula will reduce to 
 nc � �Y,�xy
\x\         (9) 

where the term xy \~)  is the difference in frequency between the desired signal and the 
interferer. The term x is the time delay spread. The nc is inversely proportional to x or x�. As nc decreases, the adjacent channel interference also decreases.  
From these two major types of interferences, when adjacent channel interference is compared 
with co-channel interference at the same level of interfering power, the effects of the adjacent 
channel interference are lesser. 

 
 

IV. PERFORMANCE MEASURE OF SIR 

The SIR for any mobile systems can be approximated by [6] 

�� � �� � <9:?!
          (10) 

Where M = the number of co-channel interfering clusters; n= path loss exponent; D = distance 
between two co-channel clusters; R = radius of a cluster; 
 
In this analysis, we assume an OFMD signal that was developed in [7]. Using the equations (5) 
and (8), the basic equation for the SIR of a TA and a carrier for an OFDM system in the case of 
synchronously arriving signals can be shown as ��fA
N � ��>��� �����>,� "�����>���,�������������

       (11) 
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Where �N:= the receiver power of the carrier i; �3:���= the total received power from Gateway 
transceiver station k; ��= the processing gain; ��= the orthogonality factor for intra-cluster 
interference;  	��= models the orthogonality loss due to non-ideal channel estimation and due to 
fading multipath channel; ��= models the thermal noise. 
In the case of a single carrier, equation (11) will reduce to:  ��fA
N � h ��>���� "�����>������� ���j� where �: � � ��>��Nrg      (12) 

The parameter 5 illustrates the orthogonality between the signals from different Gateway test 
articles. This interference management function is useful in re-clustering the mixed network 
structure. Now, the ad hoc will be characterized based on the interference measure. 
We added the weight W as an exponent of SIR performance measure because it allows us to vary 
the operating point of the SIR performance measure in the simulation. This implies that we can 
optimize the clustering of a mixed network to improve performance for various applications 
based on interference requirement. Hence, the clustering scheme for the mixed network proposed 
by [3] can now be modified to include one additional performance measures, SIR, as shown in 
equation (12).  

],[ __ wdelwthruww_angw_dist SIR,Delay,Thru,AngleDistCluster =  
 
 

V. RESULT AND DISCUSSION 
 

The clustering for ad hoc nodes in the method presented in [1], [2], and [3] uses a K-means 
clustering method based on different measures. The next step is to add SIR, which reflects the 
overall performance of the network. With this new measurement, the distribution of TAs has 
improved by re-clustering the network. This improvement minimizes the interference in the 
mixed network, and provides a better management of the spectrum. The re-clustering of the 
mixed network minimizes interference by re-locating TAs interferers into different clusters as 
you can see in figure 2. The graph to the left shows the number of TAs displays in each cluster. 
We have a total of four clusters with the first containing about 150 TAs. We overloaded this 
cluster in order to increase interference. The graph to the right shows the distribution after taking 
into consideration SIR measure. The TAs interferers are re-clustered within the network so that 
we can achieve better spectrum efficiency. 

 
Figure 2: Distribution of nodes among the four clusters  
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During the redistribution of interferers TAs, we use equation (12) to determine the interfering 
signals within the network. Figure 3 displays the mixed network architecture where the ad hoc 
networks are located around the cellular network. Figure 3 (left) shows the clusters distribution 
of figure 2 (left) before removal of interfering TAs presented in the network. Figure 3 (right) 
shows the clusters of figure 2 (right) after redistribution of interfering TAs across the network. 

 

 
Figure 3: Clustered network before & after implementing interference measure 

Figure 4 shows two different parameters: the average SNR power (represented by the long bar in 
both part of this figure) and the SIR power. To the left, the average SNR power is 44.8 dB and 
the SIR power is 33 dB. These results are affected with interfering TAs that are operating in the 
network. To the right, the average SNR power has increased to 48 dB and the SIR has decreased 
to 27 dB. From these results, we see that the average power increases by about 4 dB, while the 
average interference power decreases by about 5 dB. With the assumption that each cluster 
operates on one of the several frequencies, this technique offers a method to manage frequency 
and address interference in a complex environment. 

 

 

Figure 4: Signal strength and interference  
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VI. CONCLUSION AND FUTURE WORK 

 
We have shown that SIR affects the overall performance of the mixed network, thus increasing 
performance. We have derived analytical results for the SIR performance measures for our 
mixed network, and have shown through simulations that it can be used to optimize the 
performance of the mixed network based on Quality of Service requirements. We plan to prove 
analytically the simulations that were developed experimentally in [1], [2] and [3].  
 
The next step in our research is to derive the appropriate weights associated with each 
measurement technique used in the mixed network. These weights will be used to expand the 
clustering schemes and construct an analytical framework to the experiments in [1], [2] and [3]. 
This will allow us to re-cluster and optimize the performance of the mixed network based on 
distance, angle, throughput, delay, and interference management.  In addition, we plan to 
develop a methodology to utilize the spectrum efficiently, where the mixed network can be 
managed on a continuous basis by organizing the network with a clustering scheme that 
combines location, signal quality, traffic intensity, spectrum and interference. We have 
demonstrated that SIR is a powerful tool that can be used to optimize the overall performance of 
a communication system.  
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Abstract 

 

The purpose of this paper is to explain the process to implementing a wireless sensor network in 

order to improve situational awareness in a dense urban environment. Utilizing a system of 

wireless nodes with Global Positioning System (GPS) and heart rate sensors, a system was 

created that was able to give both position and general health conditions.  By linking the nodes in 

a mesh network line of sight barriers were overcome to allow for operation even in an 

environment full of obstruction. 
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Introduction 

 

In order to provide accurate and reliable communication amongst a tactical team one must 

implement a situational awareness scheme that is easily maintainable as well as discrete.  Often, 

in-field situational awareness is achieved via verbal communication.  This method has been used 

for decades; however, due to ever changing environments, verbal communication can become 

cumbersome and misleading if the users are unable to understand each other.  In addition, in 

situations where absolute transparency is a must, verbal communication can be a damaging asset.  

Technological advances throughout the world now call for personnel discovery to be as capable 

as all other equipment and devices that are in use.  Without improvements to tactical situational 

awareness, mission failure can occur, which can lead to money wasted and lives lost.  Therefore, 

research in the field of wireless network communication coupled with GPS functionality 

potentially increases the accuracy of situational awareness applications.  The Situational 

Wireless Awareness Network Team (Team SWAN) was tasked to create an innovative solution 
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to this real world problem by implementing a wireless network using existing technology along 

with various types of sensors. Initial requirements for the system, developed by the team, are 

summarized as follows: Wireless communication and sensory data collection will be used to 

augment situational awareness of personnel in tactical settings.  The situational awareness 

wireless network will implement commercial, off-the-shelf, sensors and wireless modules within 

a dense urban area. GPS and heart rate sensors will be used to collect sensory data within the 

defined area. The wireless network, utilizing a mesh topology, will allow non-line-of-sight 

communication between all nodes and a base-station.  This will be accomplished using the 

popular Digi Xbee wireless modules with built-in Zigbee mesh networking protocol.  The 

sensors will be comprised of a Vinotech GPS module and a Polar heart rate sensor.  Data, along 

with multiple power measurements, will be collected by the microprocessor for telemetry 

interpretation.  This will then be transmitted to a base-station computer to allow for visual 

display and data logging.  The display will consist of a map indicating the locations of the 

wireless devices, the heart rate and power measurements for each device, as well as information 

about the user and the device’s address.  The visualization software will also allow for device 

configuration and management.  The software will be written in Python and feature the Nokia 

Graphical User Interface (GUI) development framework Qt.  Overall, the mission is to acquire 

and convey sensory data to a central base-station utilizing a wireless mesh topology network. 

 

 

Initial design 

 

The initial design of the application is intended to perform a few required functions. Wireless 

communication and sensory data collection will be used to augment situational awareness of 

personnel in tactical situations.  The situational awareness wireless network will implement 

commercial off-the-shelf sensors and wireless modules within a dense urban area. GPS and heart 

rate sensors will be used to collect situational data within the defined area. A wireless network 

utilizing a mesh topology will allow non-line-of-sight communication between all nodes and a 

base-station. The telemetry will then be transmitted to the base-station to allow for visual display 

and data logging.  

 

The result was comprised of two types of modules.  The first of which was a portable, battery 

powered unit that contained a wireless network device, microprocessor, and a series of sensors. 

This module is called a node and is to be worn by an individual.  Though this node is able to 

support many sensors, there are a minimum of two in order to illustrate data collection.  The first 

sensor was the GPS device that detected the node’s current geographical position.  The second 

sensor on the module was a heart rate monitor that determined the wearer’s current heart rate.  In 

the module, the microprocessor collected the data from the sensors, constructed a data packet to 

send and then sent the data to the base-station.   

 

The wireless node had two primary functions. The functions were to maintain a mesh network 

with all other modules and to send and receive data to and from specific modules on the network.  

The mesh network was in existence so that data could be conveyed to any module on the 

network without maintaining direct line-of-sight.   This was achieved by allowing other modules 

to pass data around within the mesh so that it was received by the base-station using the 

addressing of the modules. 
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The other device was a slightly larger less mobile unit called the base-station.  This device 

consists of a computer (laptop/PC/netbook) and the same wireless module used in the other 

network modules.  As data from the nodes was transmitted to the base-station via the wireless 

transmitter, special software running on the computer interpreted the data and presented it to an 

end user.  The software then logged the data and allowed for the possibility that the data could be 

viewed at a later time. 

 

Besides this, many different devices of each component were examined and compared.  This 

included three different variants of microcontrollers, GPS modules, wireless modules, and heart 

rate monitors.  Being that all components were off the shelf, they were all comparable in 

performance and quality.   

 

Node Design  

 

Power was an important necessity for each module to work as required. A lithium battery had 

some advantages that other types of batteries do not have. This included that it can be recharged. 

It has a longer life span, can work for several hours and has no memory effect. Voltage 

requirements for the designed system were 3.3 volts and 5.0 volts.  

 

A pulse width modulation (PWM) or switch mode charger was used in the design to charge the 

Li-ion battery. It includes a synchronous PWM controller and power field effect transistors 

(FET) for accurate voltage and current regulation. The 20 pin narrow shrink small outline 

package (SSOP) used was the Linear Technology IC (LTC) LTC4008. The charger also included 

a thermostat sensor input that shuts off the charging if an undesirable temperature condition was 

detected at the input so the batteries did not over charge and get damaged. At this condition the 

high temperature was indicated by the fault output pin. A flag pin was used to give an indication 

that charging current had decreased below ten percent of programmed current. The ICL pin 

indicates that the charging current is being reduced by input current limiting so that the charging 

algorithm would be adapted. 

 

A Gas Gauge IC was an extremely accurate and reliable solution for capacity monitoring and 

reporting. It monitored the charging and discharging activity of the battery by measuring the 

voltage drop across a small current sense resistor connected in series with the battery. It 

measured discharge and discharging rate and calculated the time to empty the battery to more 

accurately gauge the capacity.  The IC selected for this operation was the bq2052 IC 16pin 

narrow SOIC package. The IC provided a single wire serial interface that allowed an external 

device to read and write the status of its internal registers that included voltage, current, battery 

capacity, temperature and status. The purpose of this IC in the design was to read the status of 

battery discharge rate or display it visually. If the voltage battery dropped below minimum 

threshold a LED flashed on the display.  

 

There were two regulators used in the design for supplying power to the system. The two used 

were the UCC283-5 for 5 V output regulation and UCC283-3 for 3.3V output regulation. Both 

the regulators provided the line regulation of 5V to 9V.  TO-220 was the industry standard 
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package size for the regulators. The regulators had filter capacitors on both the input and output 

side in order to reduce noise. Filter capacitors remove the ripples and smooth the output voltage.  

 

The wireless communication was accomplished by a device called an ‘Xbee’ made by Digi 

International.  The device utilizes a modified Zigbee stack protocol and can be pre-configured to 

join a specific mesh network.  It allowed for encrypted data transfer as well as full network 

addressing, though in this application communication was limited between the node and base-

station.   

 

Two sensors were selected for the nodes, a GPS module and a heart rate sensor.  The particular 

GPS module selected was chosen for its small package size and robustness.  The device used was 

from Vincotech and had a fairly strong antenna pre-built on the module, which reduced size and 

cost.  The heart sensor was purchased from Polar as they offered an off the self sensor as well as 

a OEM IC for interfacing with it.   

 

The microcontroller utilized for the nodes was an Atmel 368 running a custom runtime language 

provided by the Arduino open source project.  The microcontroller interpreted the sensory data 

and packaged it for transmission.  In addition the microcontroller interfaced with a small display 

on the device to show important troubleshooting information. 

 

These devices where joined using a custom printed circuit board (PCB) and were contained in a 

single package.  Though for the prototype, they are not mounted as compactly as possible. Figure 

1 displays the final prototype of the node mounted on acrylic. 

 

 
    Figure 1: Final design showing the PCB as well as all other module components. 
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Base-Station Design 

 

The base-station device did not require as much hardware design as the node counterpart.  The 

hardware was essentially limited to a single Xbee device, while all other functionality was 

provided by software that was running on the computer hosting the Xbee device.   

 

The software had the duty to record all data that was sent to the base-station from the nodes via 

the Xbee wireless module.  Once the data had been logged, the software interpreted the data and 

presented it to the user so that it is graphical and easy to understand.  The software allowed the 

user to decide which nodes to monitor and to personalize the nodes with information such as 

occupant name, rank, etc.  In addition it can retrieve and ‘replay’ old data that has been 

previously logged. Figure 2 shows the basic model that the software utilized. 

 

The final design required the creation of unique software for the base-station component.  The 

software had the duty of recording all data sent to the base-station from the nodes via the Xbee 

wireless module.  Once the data has been logged, the software interpreted the data and presented 

it to the user.  The software displayed all the incoming data, grouped into labeled sections by 

Xbee address.  The node’s position was displayed on a map obtained via Google Maps. 

 

 
Figure 2: Software Basic Model 
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The model portion of the software handled the majority of back-end operations, primarily the 

interaction with the wireless module. The USB/RS232 data interpretation was completed with 

the Serial Monitor Thread.  This thread ran behind the program, monitoring the serial port for 

incoming data.  As data came in, the monitor would determine the source of the data, and inform 

the model of the new data.  The model portion would check the new Packet object for its source, 

and then update the Device/User object with the new information.  The model would then update 

the various GUI view components as shown in figure 3.  These portions included a map, which 

would be updated when data containing GPS coordinates was received.  In addition, the GPS 

data, along with any heart rate data, was displayed on the GUI in text form.  The raw data was 

also displayed in a terminal, with the source indicated.  

 

 
Figure 3: Device Management Panel 

 

The GUI itself allowed for configuration of the model, in that it would select the serial port to 

which the Xbee was attached.  The map portion was completely interactive, and contained zoom 

and pan functionality.  

 

An addition aspect of the design that was part of the software modeling was the structure of the 

data packet frame.  A universal frame format was used for all the transmission of data within the 
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network.  It is universal because the same format was used regardless of the device or sensor that 

was generating the data.   

 

  
Figure 4: Data Packet Frame 

 

Depending on the sensor, the frame was between 14 and 42 bytes long.  As shown in figure 4, 

the frame consisted of a start and end flag.  This was so the receiving device knows when one 

frame is completely received.  It also contained a unique device ID, which is also its address.  It 

was this address that was used to identify the node/user to which the data belongs.  There was 

also a sensor ID that is unique for each type.  Following the sensor ID, the sensory data contains 

all the actual sensor data.  The data format was specific to the sensor type. 

 

As whole frame was generated whenever new sensor data was being transmitted, there was a 

unique sensor ID associated with every type of sensor in the network.  Because the ID was 8 bits 

long, there could be a total of 256 sensors on each node.  Though only two sensors were 

required, it is possible to add more, as well as have different sensors on different nodes.  The 

nature of some sensors vary, thus the amount of data varied.  To minimize frame length, the data 

length could be scaled from 4 to 32 bytes. 

 

 

Conclusions and Recommendations 

 

A new innovation in situational awareness was produced.  Team SWAN was able to create a 

system that measures both GPS coordinates and heart rate, and sends the data over a wireless 

mesh network back to the base-station for analysis.  In this way the obstacle of line-of-sight 

requirement is overcome, allowing for the network to exist even in dense urban environments.  

The system is also easily adaptable to various sensing devices, therefore making future 

innovations in this area rich in possibilities. The functionality of a wireless sensor network 

makes numerous options available as far as expansion is concerned.  Situational awareness can 

take into effect many different factors.  A fire chief may wish to know the condition of his 

firefighters, or a coach may wish to know how his team is fairing.  The vast array of sensors on 

the market makes these and more easily adapted possibilities.  By placing CO2 and temperature 

sensors, the fire chief will better understand the conditions his firefighters are working in, and 

where to concentrate their work.  Similarly, by using the GPS and heart rate sensors along with a 

speedometer a bicycle team coach will know where his team is, and their current condition.  

Thus it can be said with confidence that the possibilities are limitless. 
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Appendix 

       

Acronym List: 

 
FET Field Effect Transistors  
GPS Global Positioning System 

GUI Graphical User Interface 

IC Integrated Circuit 

Li-Ion Lithium Ion 

LTC Linear Technology IC  
PCB Printed Circuit Board  

PWM Pulse Width Modulation  
SSOP shrink small Outline Package  
SWAN Situational Wireless Awareness Network 

V Volts 
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ABSTRACT 

 

This paper presents a model for Quality of Service (QoS) management  in a mix of fixed Ground 

Station (GS)  and ad-hoc telemetry networks, and introduces an enhanced clustering scheme that 

jointly optimizes the performance of the network using multiple distance measures based on the 

location of the wireless nodes and the traffic level. It also demonstrates that a “power” 

performance measure is an effective tool for modeling and managing QoS in Mixed Networks. 

Simulation results show that significant QoS performance improvements can be obtained and 

maintained even under severe traffic conditions.   
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I. INTRODUCTION 

 

The iNET effort was launched to  create a telemetry network that will enhance the traditional 

IRIG-106 point-to-point telemetry link from TAs to ground stations[1].  Research conducted at 

Morgan State University (MSU) has focused on providing solutions for two important 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”, and “the need to make more efficient use of spectrum 

resources through dynamic sharing of said resources, based on instantaneous demand thereof”.   

 

The Mixed Network architecture developed by MSU, combines  fixed or GS/cellular networks 

with mobile ad-hoc networks (MANETs) and reflects the future of wireless networks. 

Performance in mixed networks is especially difficult to characterize because  serving users with 

real time applications is a challenge as multiple elements complicate “Quality of Service” (QoS) 

guarantees. The original mixed network used clustering techniques to partition the aggregate 

network into clusters or sub-networks based on properties of each TA which included signal 

strengths and location [2][3].  This paper starts with an overview of the mixed network 
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architecture followed by a discussion of the power performance measure and how it can be used 

to establish the appropriate operating point in the mixed network in order to provide Quality of 

Service (QoS) guarantees for time critical applications as a function of the traffic level. It then 

introduces an enhanced clustering scheme that jointly optimizes the performance of the mixed 

network using multiple distance measures based on the Signal to Noise Ratio (SNR) of the 

wireless nodes and the overall traffic level of the mixed network [4]. Finally, it  presents 

extensive simulation results to prove that using our mixed network model provides significant 

QoS performance improvements that can be maintained even under severe operating conditions.  

This paper concludes by showing that the proposed enhanced clustering scheme can be extended 

to include additional distance measures such that the mixed network can be jointly optimized 

based on QoS, Spectrum, or Interference management requirements. 

 

 

II. MIXED NETWORK ARCHITECTURE 

 

The design and implementation of a mixed wireless network is a very challenging task because 

both systems, MANET and Cellular operate using different design constraints that are not 

directly compatible[5][6]. Changes have to be made in the Internet protocol (IP) at the different 

layers  in order to provide a seamless integration between the two communication systems.  The 

goal of the mixed network is to combine the advantages of both sub-networks by using the high 

capacity cellular network to enhance the MANET and use the MANET to extend the coverage of 

the cellular network. The Mixed Network designed by MSU is based on the following 

assumptions. It uses an optimized two-stage clustering scheme developed by Babasola [2] to 

divide the network into a cellular with a GS and one or more ad-hoc sub-networks also known as 

cluster cells (CC). It is assumed that the GS is located at the center of the cellular network, and 

that several CCs are located around it as shown in Figure 1.  

 

 

 

 

 

 

 

 

 

 

  

 
Figure 1: Mixed Network Overview (source [2]) 

 

All TAs are equipped with dual interface Network Interface Cards (NIC) that allows them to 

operate in cellular mode (CM), ad-hoc mode (AHM) or gateway mode (GM) depending on their 

location from the GS.  Gateway nodes (GN) are capable of communicating in both cellular and 

ad hoc mode simultaneously and they can be used to relay data from TAs that are operating in 

OTH settings to the GS or vice versa. More information regarding the architecture of the mixed 

network and the basic clustering scheme can be found in [2] and [3].  

Gateway node 

Gateway node 

Cluster cells 
Ad-hoc Node 

Cellular Nodes Ground Station 
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III. PARAMETERS FOR QOS APPLICATIONS 
 

A. Choice of QoS Parameters 

 

QoS is defined as a scheme with priorities that assures that real time data is delivered in real 

time. A QoS scheme has to assure that critical or high priority applications are guaranteed the 

network resources they need, regardless of traffic conditions in the network. One of the key 

issues discussed in this paper is how to implement QoS guarantees in a mixed wireless network .  

Since QoS guarantees can take different forms [7][8], the approach used in this paper focuses on 

two parameters: throughput and delay. The throughput of a wired or wireless network represents 

the average rate that data packets can be successfully delivered from all the sources to all the 

destinations over the communication channel. A QoS guarantee of throughput assures both the 

source and destination that a minimum data transfer rate will be maintained throughout their 

exchange of data packets. Delay refers to the time delay in seconds data packets experience as 

they travel through the communication network from their source to their destination. A QoS 

guarantee of delay assures both the source and destination that the delay experienced by the 

packets they exchange will not exceed some agreed upon threshold time. The throughput and 

delay curves shown in Figure 2 indicate that the performances start deteriorating when the traffic 

load approaches the maximum capacity max of the network. This implies that a  QoS guarantee  

is easier to implement when the traffic level is very low. Maintaining QoS guarantees becomes 

very challenging when the traffic level becomes very high.   

 

 
Figure 2: Throughput and Delay Performance Curves (source [4]) 

 

 

B. Analytical Derivation of QoS Parameters 

 

The most important challenge associated with providing QoS guarantees is congestion.  Since the 

sources of congestion vary significantly between wired and wireless networks, different 

approaches are needed for wireless networks. Congestion control in wireless networks is more 

challenging than wired networks. A closer look of the region of our mixed network where the 

GNs are located indicates that the performance of the mixed network depends on the interaction 

between the TAs in the two sub-networks. There are two important parameters that affect the 

performance of each sub-network and have an impact on congestion: contention between the 

TAs in the mobile ad-hoc network, and queuing at the Gateway TAs that serve as the link 

between the mobile ad-hoc and the Cellular networks.   
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In our queuing model, we assume for a system with QoS requirements that a packet will be 

dropped if its queue time Tq is greater than some maximum threshold wait time Tmax. Contention 

in MANET is evaluated by looking at the Medium Access Control (MAC) protocols. The MAC 

protocol plays a critical role in allowing different users to share a common communication 

medium. Collision occurs when two or more users transmit at the same time using the same 

communication medium. There are two ways of managing and controlling the multiple access 

and collision problems. The first approach uses the Aloha or Slotted-Aloha contention protocols 

that resolve collision problems after they occur [9]. The second approach uses contention 

protocols that try to avoid collisions before they occur. The most important collision avoidance 

protocol is the Carrier Sense Multiple Access contention protocol.  Our previous research work 

[3], was based on the slotted Aloha contention protocol and a simple queuing model.  In this 

paper, we extend our research work by deriving the analytical equations using the more 

advanced CSMA contention protocol. Since there are various versions of the CSMA protocol we 

base our analysis on the non-persistent CSMA protocol because it provides us with excellent 

throughput/delay characteristics [10]. The following section presents a summary of the analytical 

solutions we derived for the throughput and delay equations for both sub-networks. A detailed 

explanation of the steps taken to derive the final analytical equations can be found in [4]. 

 

Since contention and queuing affect the overall performance of the mixed network, the aggregate 

throughput due to both parameters can be computed as shown in equation (1). 

 

 

 

      (1) 

 

 

where: “G” represents the traffic demand, “a” represents the propagation delay normalized in 

time units,  “Ts” is the service time in the queue, and “Tmax” is the  maximum wait time in queue.  

Similarly, the aggregate delay equation due to both parameters is shown in equation (2).  

 

  

  

(2) 

 

where: “G” represents the traffic demand , “S”  is the throughput,  “a” represents the propagation 

delay normalized in time units, “α” is the  normalized acknowledgment time for packets that 

have been received, and  “ ” is the normalized retransmission delay. 

 

The next step is to do a trade-off analysis in order to identify the best throughput versus delay 

combination. In the ideal case, a network manager wants the maximum throughput with lowest 

possible delay. Since that is a very difficult task to achieve, the more realistic option is to come 

up with an approach that tries to balance the two parameters by identifying the appropriate 

operating point such that the overall network performance is optimized with an emphasis on 

either throughput or delay. In this paper, we propose using the “power” performance measure to 

achieve that goal. A detailed explanation of our approach is presented in [4]. 

 

quecont ThruputThruputThruputAggr *_

quecont DelayDelayDelayAggr _
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IV. NETWORK MANAGEMENT FOR QOS APPLICATIONS 

 

A. Power Function to Manage QoS  

 

The throughput and delay performance measures were initially derived separately for the 

contention and queuing networks in the previous section. The “power” performance measure 

shown in equation (3) can be used to combine the two parameters into one, and evaluate trade-

offs between competing  performance metrics such as throughput and delay [11].   The name 

power when applied to a communication system is derived from a physics analogy where 

throughput represents energy and delay represents time.  Note that : 0 ≤ Power ≤ 1  because  

Throughput < 1  and  Delay > 1 . 

 

(3) 

 

The power performance measure can be used to characterize the overall performance of the 

mixed network. It will be used to establish the best operating point or region for the mixed 

network as shown in Figure 3(a), such that the clustering algorithm organizes the wireless nodes 

for optimum traffic management and QoS delivery. The aggregate power equation for the non-

persistent CSMA protocol is shown in equation (4) . 
 

 
 

(4) 

 

 
 

The simple power function allows the user to identify only one particular operating point for the 

network. We modified it by adding weights to each distance measure  as shown in equation (5), 

so that we are able to select and vary the operating point based on the network management  

requirements that puts an emphasis on throughput or delay as shown in Figure 3(b). 

 

 (5) 

 
 

 
Figure 3: Original and Adapted Power Function Performance Curves  (source [4]) 
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B. Enhanced Clustering Algorithm 

 

Clustering is the grouping of a set of nodes into subsets or clusters cells based on some identified 

common attribute such as  location, etc…The original clustering algorithm presented in [2] is  

based on a two stage “k-means” clustering scheme [12][13]. In the first stage, the algorithm 

groups the nodes into either the cellular or the ad-hoc network based on their location from the 

ground station. In the second stage, it groups the nodes in the ad-hoc network into k cluster cells 

(CCs) based on an Euclidean distance measure  by computing the minimum distance between 

each node and the k-centroids. Although the k-centroids are initially chosen randomly, the 

algorithm converges when the location of the k-centroids doesn’t change anymore indicating that 

they have reached their optimum position.  In this paper, we present an enhanced clustering 

algorithm shown in Figure 4 that operates in two modes by modifying the second stage. It can 

either cluster the nodes based on their spatial location only, or it can use the operating point 

determined by the power function to group nodes and set traffic levels in the ad-hoc network 

such that the traffic level in each CC is optimally distributed and  QoS guarantees can be met in 

all CCs. We experimentally select the appropriate weights to establish the trade-off between the 

distance and traffic parameters as shown in equation (6).   

 

(6) 
 

 

 
 

Figure 4: Enhanced Clustering Algorithm  (source [4]) 

 

 

V. SIMULATION RESULTS AND DISCUSSION 

 

A. Designing the Experiment 

 

The goal of a network manager is to get the real throughput and delay performance curves shown 

in Figure 2 as close as possible to the ideal curves by choosing the appropriate operating point 

and maintaining the performance even under severe traffic conditions.  In this section, we will 

use the simulation results to show that our QoS management model is efficient at achieving that 

1 2*w wAggregateClust Par Spatial Clust Par TrafficClust Par
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goal. Our simulation experiment is designed as follows. First, we organize nodes in a mixed 

network using the original clustering algorithm based on spatial location only. Second, we 

purposely create conditions for congestion in one of the CCs by creating high traffic conditions. 

In the third step, we evaluate the throughput,  delay, and power performance measures in the 

high traffic cell and all other CCs before and after the enhanced clustering scheme is applied to 

prove that the enhanced clustering algorithm has relieved the congestion in the mixed network 

and improved the overall performance. All the simulations are done using the Matlab software, 

and additional detailed results can be found in [4].  

 

B. Simulation Results using Original and Enhanced Clustering 

 

Figure 5(a) shows the mixed network after the original clustering algorithm that is only based on 

the Euclidean distance measure and k = 4 CCs is applied. To show the impact of congestion on 

the throughput and delay  performance measures that are important to QoS guarantees, CC#1 is 

purposely flooded with nodes that have a high traffic demand with high QoS requirements. The 

new re-clustered mixed network that uses the enhanced clustering algorithm based on equation 

(6) is shown in Figure 5(b). Figure 5(b) shows that the enhanced clustering algorithm that is 

based on both location and traffic level, did the most practical thing in order to tackle the 

congestion in CC#1. It divided CC#1 into two separate clusters CC#2 and CC#4 such that the 

overall high traffic demand that used to be present in CC#1 only is now shared by the two 

neighboring CCs. The amazing part about the algorithm is that it did the re-clustering and the 

new re-assignment of the CCs on its own without prior pre-conditioned demands from the user. 

The next step is to evaluate the effect of the enhanced clustering algorithm on the traffic 

distribution, throughput, delay and power performance measures in all CCs.  

 

 
Figure 5: Original and Enhanced Clustering of Mixed Network  (source [4]) 

 

The distribution of traffic among the four CCs before and after the enhanced re-clustering is 

shown in Figure 6(a). It indicates that using the original clustering (P=1), CC#1 carries nearly 

67% of the total traffic in all ad-hoc CCs, which is a level of traffic that is 6 times higher than the 

next highest traffic level in CC#2 and CC#4. This will create a severe congestion in CC#1 that 

will be reflected in the performance curves of the throughput,  delay and power. The results after 

the enhanced clustering is applied (P=2) indicate that CC#1 does not carry the majority of the 
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total traffic in the ad-hoc network anymore. The enhanced clustering algorithm re-organized the 

Ad-hoc network such that the total traffic is more evenly divided among the four clusters with no 

one CC carrying more than 35% of the total traffic.  

 

 
Figure 6: Traffic Distribution and CSMA Power Function (source [4]) 

 

Figure 6(b) indicates the values of the power function before and after the enhanced clustering 

algorithm is applied. It should be noted that a level of 1 or 10 in the x-axis represents a maximum 

traffic demand level of 100%.  It shows that the CSMA power reaches its peak at around 30% of 

the maximum traffic demand before the enhanced clustering is applied (P=1), and at around 60% 

of the maximum traffic level after the enhanced clustering is applied (P=2). It should also be 

noted that the CSMA power goes to zero around 60% of the traffic demand before the enhanced 

clustering is applied (P=1), and never goes to zero after the enhanced clustering (P=2) is applied. 

A power level that goes to zero implies that the delay has increased significantly due to 

congestion. The next step is to evaluate the effect of the enhanced clustering on the throughput 

and delay distance measures. 

 

The results in Figure 7(a) indicate that before the enhanced clustering is applied (P=1), the 

throughput performance for the CSMA contention protocol in CC#1 is negatively affected by 

congestion.  This can be seen by comparing the CSMA throughput performance to the ideal 

throughput curve where throughput equals demand and evaluating the level of traffic loss.   

 

 
Figure 7: CSMA Throughput Before and After Enhanced Clustering   (source [4]) 
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Figure 7(b) shows that the CSMA  throughput performance in CC#1 after the enhanced 

clustering is applied (P=2) has increased significantly. This can be validated by looking at the 

traffic loss in Figure 7(b) and noticing that it has decreased significantly compared to that in 

Figure 7(a).  

 

Figure 8 indicates that before the enhanced clustering is applied (P=1), the average delay for 

CC#1 in 8(a) and all the CCs in 8(b) reaches saturation around 60% of the maximum traffic 

demand. After the enhanced clustering is applied (P=2),  the average delay in CC#1 in 8(a) and 

among all CCs in 8(b) is around 1/10 of the maximum delay before re-clustering and  never 

reaches saturation indicating once again that the congestion is under control.  
 

 
Figure 8: Delay Before and After Enhanced Clustering   (source [4]) 

 

 

VI. CONCLUSION AND FUTURE WORK 

 

In conclusion, we provided a valid model to implement QoS guarantees in a mixed wireless 

network by focusing on two parameters: throughput and delay.  The two parameters were 

combined into one using the power performance measure because it allowed us to evaluate trade-

offs between the two competing performance metrics. We provided analytical equations for the 

power function and proved using simulation results that it can be used to establish the 

appropriate operating point in the mixed network in order to provide Quality of Service (QoS) 

guarantees for time critical applications as a function of the traffic level. We applied the 

enhanced clustering algorithm and proved using extensive simulation results that it can manage 

congestion in the ad-hoc network and can therefore jointly optimize the performance of the 

mixed network using multiple distance measures such as spatial location and  the overall traffic 

level in the ad-hoc network.  The analytical and simulation results prove that the proposed 

enhanced clustering scheme can be extended to include additional distance measures such that 

the mixed network can be jointly optimized based on QoS, Spectrum, or Interference 

management requirements. This will be the focus of our future work.  
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ABSTRACT

Accurate mobility models are needed to simulate the physical movement of nodes in a highly-dynamic
aeronautical network. The fundamental problem with many synthetic mobility models is their random,
memoryless behavior. Airborne ad hoc networks require a flexible memory-based 3-dimensional mobility
model. We present a new 3-dimensional implementation of the Gauss-Markov mobility model for airborne
telemetry network simulations, and compare its behavior to memoryless models such as random waypoint
and random walk using the ns-3 simulator.

I. INTRODUCTION AND MOTIVATION

Airborne communication presents a challenging environment for mobile ad hoc networking. High
mobility, limited bandwidth and transmission range, and unreliable noisy channels, create a harsh envi-
ronment for communications [1]. The problems of congestion, collisions, and transmission delays are
only made worse in an ad hoc multi-hop environment [2]. Additionally, we cannot assume that any two
nodes will be within transmission range of each other for very long. Two highly mobile nodes moving in
opposite directions at hypersonic relative velocity might only expect to have a few seconds of opportunity
to discover, setup, and transfer data, or to make a successful handoff.

New protocols are emerging to address these difficulties [3] and there is a need to evaluate their per-
formance, initially, through realistic simulations. The ns-3 simulator is an emerging network performance
simulation environment with several mobility models already built in, including random direction 2D,
random walk 2D, random waypoint, constant velocity, constant acceleration, and constant position [4].

The fundamental problem with many synthetic mobility models is their random, memoryless behav-
ior. Simulations using these mobility models exhibit unnatural movements with abrupt and often extreme
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changes in velocity and direction, uncharacteristic of highly-mobile airborne nodes. These mobility mod-
els are insufficient in simulating a highly-dynamic airborne ad hoc network. They also lack support for
3-dimensional position allocation, relative velocity between nodes in 3-D space, and realistic flight be-
havior. In this paper, we present a 3-dimensional implementation of the Gauss-Markov mobility model
suitable for use in multi-tier, highly-dynamic MANET simulations. We present an analysis of the proposed
model and its characteristics based on ns-3 simulations.

II. CURRENT NS-3 MOBILITY MODELS

As of ns-3.7, the built-in mobility models include constant velocity, random walk 2D, random direction
2D, and random waypoint. We now present a brief summary of these models.

In constant velocity, nodes proceed along their initial velocity vector for the duration of the simulation
as shown in Figure 1a. There are no geographic boundaries in this model. In random walk 2D, each node
is given a random trajectory (speed and direction) and travels on that trajectory for a fixed period of time
or a fixed distance as shown in Figure 1b. When nodes reach the limits of the 2-dimensional boundary,
they bounce off in a new direction mirroring the previous direction and velocity. Figure 1c shows an
example of the random direction model, in which nodes travel on a random trajectory until they reach
the 2D boundary, at which time they pause for a random period of time and head off in a new random
direction and speed. In the random waypoint model, as illustrated in Figure 1d, each node travels to a
random waypoint (x,y coordinate), pauses for a period of time, and then heads off to another waypoint.
The waypoints, node speeds, and pause times are modeled as uniformly distributed random variables.

(a) Constant Velocity (b) Random Walk (c) Random Direction (d) Random Waypoint

Figure 1: ns-3 Memoryless Mobility Models

These simple synthetic mobility models do not mimic the motion of airborne nodes very well. The
nodes undergo sudden changes in speed and direction at random, which is uncharacteristic of real objects
(e.g. aircraft).
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III. AIRBORNE MOBILITY MODEL REQUIREMENTS

Some of the challenges faced by airborne networks include high mobility, limited bandwidth, limited
transmission range, and intermittent connectivity [1]. Airborne nodes are highly dynamic and require 3-
dimensional models. The current ns-3 mobility models are designed for 2-dimensional movement. The
random waypoint model, the basic design of which is not limited to 2 dimensions, can only select from
waypoints generated from the ns-3 position allocation class. And at this time, there are only three position
allocation models identified in the position allocation class: grid position, random rectangle, and random
disc, all of which are 2-dimensional allocation schemes.

Simulated airborne nodes represent the motion of physical objects flying through the air, for which
natural laws must be obeyed. This implies that the path of an airborne node will not be completely
random, but its position at any point in time will be dictated largely by its previous position and velocity
vector. Therefore, the mobility model must have memory. The mobility models mentioned previously are
all memoryless. One characteristic of a memoryless mobility model is the existence of very sharp and
sudden changes in direction and speed. One measure by which a good airborne mobility model should be
judged is the fluidity of movement between consecutive positions.

A multi-tier MANET topology is required to support various quality of service needs while also at-
tempting to provide seemless airborne connectivity [5, 3]. Multi-tier networks introduce coverage asym-
metry, since higher altitude nodes can potentially have far more neighbors than ground-based or low-
altitude nodes. An airborne MANET will have nodes at different altitudes performing different functions
and with different communication and mobility characteristics. Thus our model also supports multi-tier
networks.

IV. GAUSS-MARKOV MOBILITY ALGORITHM

In this section, we first present the basic Gauss-Markov algorithm for modeling two-dimensional mo-
bility. We then extend the model to three dimensions as well as introduce new parameters to accurately
model the mobility of airborne nodes.

A. The Basic 2D Gauss-Markov Algorithm

The Gauss-Markov mobility model is a relatively simple memory-based model with a single tuning
parameter, alpha α, which determines the amount of memory and variability in node movement. In this pa-
per, we describe other tuning parameters that have a significant impact on the dynamics and characteristics
of the Gauss-Markov mobility model as well as the selection of alpha.

In the traditional 2-dimensional implementation of the Gauss-Markov model, each mobile node is
assigned an initial speed and direction, as well as an average speed and direction. At set intervals of time,
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a new speed and direction are calculated for each node, which follow the new course until the next time
step. This cycle repeats through the duration of the simulation. The new speed and direction parameters
are calculated as follows [6]:

sn = αsn−1 + (1− α)s̄+
√

(1− α2)sxn−1

dn = αdn−1 + (1− α)d̄+
√

(1− α2)dxn−1 (1)

where α is the tuning parameter, s̄ and d̄ are the mean speed and direction parameters, respectively, and
sxn−1 and dxn−1 are random variables from a Gaussian (normal) distribution that give some randomness to
the new speed and direction parameters.

Special Case: α = 0
When α is zero, the model becomes memoryless; the new speed and direction are based completely upon
the average speed and direction variables and the Gaussian random variables.

sn = s̄+ sxn−1

dn = d̄+ dxn−1 (2)

Special Case: α = 1
When α is 1, movement becomes predictable, losing all randomness. The new direction and speed values
are identical to the previous direction and speed values. In short, the node continues in a straight line.

sn = sn−1

dn = dn−1 (3)

Setting α between zero and one allows for varying degrees of randomness and memory. In addition
to α, the dynamics of the Gauss-Markov mobility model are greatly influenced by other variables like the
time step, the selection of the average speed and direction, and the mean and standard deviation chosen for
the Gaussian random variables. For example, choosing a standard deviation on the Gaussian distribution
governing the direction that is much larger than the average direction generates a very different movement
pattern than if the standard deviation and average direction values are similar.

B. Extending the Model to Three Dimensions

In this section, we discuss several methods to extend the basic Gauss-Markov 2-dimensional model
to three dimensions. The first approach is to apply the Markov process to the x, y, and z axis of a 3-
dimensional velocity vector. The velocity vector is computed as:

xn = αxn−1 + (1− α)x̄+
√

(1− α2)xxn−1

yn = αyn−1 + (1− α)ȳ +
√

(1− α2)yxn−1

zn = αzn−1 + (1− α)z̄ +
√

(1− α2)zxn−1 (4)
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The advantage of this approach is that at each time step, the new velocity vector values can be ap-
plied directly to the constant velocity helper class in ns-3 that will calculate the position of the mobile
nodes automatically. This eliminates the need for direction variables entirely, along with the trigonometric
calculations that would be required to determine the node velocity vector.

The problem with this method is that it is uncharacteristic of aircraft in flight; it is not easy to model
airplane flight based upon the plane’s velocity in the x-direction, its velocity in the y-direction, and its
velocity in the z-direction. Aircraft flight can be more accurately modeled using a velocity variable com-
bined with variables for both direction and pitch. In the second approach, we start with the speed and
direction variables found in the 2-dimensional Gauss-Markov model, and add a third variable to track the
vertical pitch of the mobile node with respect to the horizon as follows:

sn = αsn−1 + (1− α)s̄+
√

(1− α2)sxn−1

dn = αdn−1 + (1− α)d̄+
√

(1− α2)dxn−1

pn = αpn−1 + (1− α)p̄+
√

(1− α2)pxn−1 (5)

Note that these formulæ represent basic 3-dimensional node movement. The objective of this model is
to accurately represent the 3-dimensional node movement while limiting the complexity. It is not necessary
to model the various flight controls, like the rudder, flaps, ailerons, angle of bank, etc. It is sufficient to
model the aircraft movement itself using the Gauss-Markov algorithm, for which we assume the direction
and pitch variables represent the actual angles at which the aircraft is moving.

After calculating these variables, the algorithm must determine a new velocity vector and send that
information to the ns-3 constant velocity helper, in which the new node location is calculated. Assuming
the direction and pitch variables are given in radians, the velocity vector v̄ is calculated as:

vx = sn cos(dn) cos(pn)

vy = sn sin(dn) cos(pn)

vz = sn sin(pn) (6)

V. SIMULATIONS

We implemented the proposed 3D Gauss-Markov model in ns-3 simulator. Table 1 summarizes the
various parameters of our implementation, the attributes they represent, and the default values. In order
to examine the results of the mobility model in 3D, a Windows application was developed that parses the
ns-3 trace file data and displays the mobile node paths on the computer screen. This viewer allows one to
zoom in and out and rotate the traces in three dimensions about the origin. As various parameters of the
Gauss-Markov mobility model are adjusted, the changes in node mobility characteristics can be displayed
and analyzed.

We conducted ns-3 simulations to evaluate various characteristics of the mobility model. Simulations
included 4 mobile nodes with a simulation boundary of 300 km2. The simulations were run for a duration
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Table 1: Parameter description for 3D Gauss-Markov implementation in ns-3
Simulation parameter Attribute description Default value
Bounds 3D boundary of the cruising area X: [−100, 100],

Y: [−100, 100], Z: [0, 100]
TimeStep parameter recalculation interval 1 second
Alpha tunable parameter α 1.0
MeanVelocity average velocity of nodes Uniform random variable

[0 1]
MeanDirection average direction of nodes (radians) Uniform random variable

[0 2π]
MeanPitch average node pitch above horizon Constant Random Variable = 0
NormalVelocity individual node velocities Normal distribution

mean = 0, std. dev. =1.0
NormalDirection individual node directions Normal distribution

mean = 0, std. dev. =1.0
NormalPitch individual node pitch Normal distribution

mean = 0, std. dev. =1.0

of 200 seconds and the TimeStep was set to 5.0 seconds. All plots were generated using the Windows-
based Trace Viewer application.

C. Verifying Special Cases (α = 0, 1)

(a) α = 1 (b) α = 0

Figure 2: Gauss-Markov Model with α = 1 and α = 0

The node movements observed for cases of α = 0 and 1 are shown in Figure 2. As expected from
the Gauss-Markov calculation, when α = 1 the nodes move in a straight line (unless they run into the
simulation boundary). On the other hand, when α = 0 the nodes movements are based completely on
the average velocity and direction offset by the Gaussian random variables. Since there is no memory
component to the calculation, this results in more abrupt movements and sharper angles as shown in
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Figure 2b. The larger the standard deviation (with respect to average values), the more random is the node
movement. Notice that when α = 0, the movements are not completely random; the nodes move in a
general direction over time. This is because Equation 2 includes the average speed and direction as well
as the Gaussian random variable. Removing the average from the calculation would allow the nodes to
wander more freely.

D. Variations in α

Setting α between zero and one allows us to tune the Gauss-Markov model with degrees of memory
and variation. In order to analyze the impact of α on the mobility, we conducted simulations using the
parameters given in Table 2. Figure 3 shows variation in node movement with varying values of α. We
observe that as α increases, the node paths become less random and more predictable.

Table 2: Simulation setup while studying the impact of α

Simulation parameter Value
MeanVelocity [800 1200] m/s
MeanDirection [0 2π] radians
MeanPitch [−0.05 0.05] radians

NormalVelocity N(0, 80)
NormalDirection N(0, 1.4)

NormalPitch N(0, 0.2)

(a) α = 0.25 (b) α = 0.5 (c) α = 0.85 (d) α = 0.95

Figure 3: Gauss-Markov model with α = 0.25, 0.5, 0.85, and 0.95

E. Change in Standard Deviation

In addition to α, a significant parameter affecting node movement is the standard deviation of the
Gaussian random variables. By only changing the standard deviation of the normal direction variable from
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its previous value of 1.4 radians to only 0.4 radians (about 23 degrees), the node movements become much
less random as shown in Figure 4. As expected, setting the standard deviation of the Normal (Gaussian)
distribution much smaller than the mean value provides relatively straight paths. Setting the standard
deviation on par with the mean value results in a more random path. Setting the standard deviation much
larger than the mean results in a much more random path.

(a) α = 0.25 (b) α = 0.5 (c) α = 0.85 (d) α = 0.95

Figure 4: Gauss-Markov model with low standard deviation of 0.4 radians

F. Change in Timestep

Another significant parameter affecting node movement is the TimeStep, or how often a new set of
values are calculated for each node. Since the nodes velocity and direction are fixed until the next timestep,
setting a large timestep will result in long periods of straight movement. A short timestep (say 0.25
seconds), will result in a path that is almost continuously changing as shown in Figure 5. Nevertheless,
the zero mean on the Gaussian random variables should result in a relatively straight path, even when α is
small.

(a) α = 0.25 (b) α = 0.5 (c) α = 0.85 (d) α = 0.95

Figure 5: Gauss-Markov model with small time step of 0.25 seconds

When the time step is relatively large (e.g. 5 seconds), we observed in that the node movements
become more linear when increasing α from 0 to 1 (Figures 3 and 4). However, this is not the case when
the time step parameter is small. Figure 5 shows that when using TimeStep = 0.25 seconds, the trace is
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fairly linear at α = 0.25, but it becomes more random as we approach α = 0.95. This behavior is exactly
opposite when compared to the results with time step of 5 seconds. This is because of the increasing
memory effect with increasing values of α. The node’s new direction is based more upon it’s previous
direction than when α is small, therefore, small changes from the Gaussian random variable have the
opportunity to accumulate and alter the look of the path.

G. Simulating Multi-Tier Networks

Realistic airborne MANETs employ the services of different groups of nodes – each group performing
a particular function [5]. The mobility of these groups may vary significantly from one another. Hence
a generic mobility model cannot accurately represent the mobility of all groups. While one group may
experience little or no mobility (e.g. ground nodes), the other group may be moving at Mach speeds (e.g.
airborne nodes). Hence, both our model and implementation provide for simulating multi-tier networks,
in which different groups of nodes can have different mobility parameters. In this section, we present
the results of a three-tier network that was simulated in ns-3. The three tiers were modeled using three
different instances of the proposed Gauss-Markov model. First, the ground nodes were modeled using
low speed and velocity variance, and moderate variance for the direction and pitch. Secondly, the medium
altitude nodes were modeled with high velocity and variance, and finally, the high altitude nodes were
modeled with moderate velocity and variance.

Figure 6 depicts the top down view of the single multi-tier trace file. The individual tiers can be
visualized by rotating the viewing angle to a nearly horizontal direction as shown in Figure 6b. In this
figure, we are able to observe the node movements grouped by their altitudes. The high altitude nodes are
positioned at the top of the image, the medium altitude nodes are positioned in the middle of the image,
and the ground nodes are the short path lines clustered closely together in the bottom center of the image.

(a) Top Down View (b) Horizontal View

Figure 6: Multi-Tier Nodes – Top Down and Horizontal Views
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VI. CONCLUSIONS

The three dimensional Gauss-Markov mobility model presented in this paper can be used to model
multi-tier airborne MANETs. Compared to the previously available ns-3 mobility models, the Gauss-
Markov model provides more realistic node movement. Different types of aircraft movements can be
simulated by tweaking the three basic tuning parameters of α, standard deviation, and time step. The
Gauss-Markov model integrates well with the existing ns-3 mobility models, and also provides 3D support
for the constant velocity helper and the position allocation classes used by the existing mobility models.
Furthermore, it can be used in simulating multi-tier network environments, where different groups of
nodes serve different functions and have different communication and mobility characteristics.
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Abstract – This paper presents the architecture and design efforts for L-3 3
rd

 generation 

telemetry transmitter ST-5000.  A Modulator/Upconverter with a low phase noise PLL 

synthesizer, a highly efficient and rugged power amplifier module with the multistage GaN 

HEMT devices and a high power density buck-boost power supply are discussed. 

 

I. INTRODUCTION 

In the World Radio Communication Conference 2007, an additional spectrum in C-band was 

allocated for aeronautical telecommunication and high data-rate telemetry system.  For meeting 

L-3 Telemetry-East (L-3 TE) commitment to the defense and aerospace industries‟ transition, L-

3 TE teamed with L-3 Nova Engineering to develop the ST-5000 to bring C-band capabilities to 

the telemetry marketplace. 

The ST-5000 is a small size, light-weight, high efficiency transmitting device capable of 

modulating and transmitting high speed digital baseband signals up to a power level of 10 watts 

in an airborne environment.  It is the first transmitter capable of transmitting all three Tiers of 

range telemetry waveforms as defined by the latest IRIG-106 standard and the data rate for the 

SOQPSK and multi-h CPM being up to 50 Mbps.  The key features include a Forward Error 

Correction (FEC) encoder to enhance link margin, wide data rate compatibility (i.e., 100 kbps to 
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50 Mbps), and programmable RF output power from 1 to 10 Watts.  This ST-5000 is designed to 

incorporate interchangeable power amplifier (PA) modules to permit operation at either S, LL, 

LU or C band to comply with specific mission requirements. 

The transmitter system consists of three separate functional subsystems: an Interface-Modulator-

Upconverter (IMU), a power amplifier and a power supply (PAS) subsystems (Figure 1).  The 

IMU will remain in place with the PAS subsystem being interchangeable to accommodate the 

different frequency band and power level requirements. 

Data & CLK

Frequency Control

Mode Control

S/LL/ LU PA Module

C Band PA Module

(4. 4 –  4. 9 GHz)

(5. 05 –  5. 30 GHz)

Tx 

Datalink

Antenna

10 Watts

Digital Modulator
Synthesizer/ 

Up Converter

PA Modules

+ 28 Vdc

10 Watt Telemetry 

Transmitter

PS Module

IMU

 

Figure 1: ST-5000 telemetry transmitter system block diagram 

In this paper, we discuss our design and development efforts on each subsystem for the S-band 

and C-band transmitters.  An IMU, in which is the heart for the digital signal modulation and 

processing, is introduced in section II.  A highly efficient and rugged power amplifier with the 

close loop power control capability is discussed in section III.  A high power density buck-boost 

power supply utilizing high frequency MOSFET switching technology is depicted in section IV.   

 

II. INTERFACE-MODULATOR-UPCONVERTER 

The IMU architectural components include baseband processing, analog conversion, LO 

synthesis, and up conversion. This architecture is shown in Figure 2.  The goal of this 

architecture is to support L, S, and C Bands. 
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Figure 2: IMU architecture 

The IMU architecture reflects balance of requirements covering performance, power 

consumption, cost, size, and manufacturability.  Various trades were made in development to 

achieve the best possible solution across all design goals. 

IMU Design Trades 

Synthesizer – Phase Noise Performance 

It was identified early in the design cycle that the synthesizer would drive the size, weight, cost, 

and performance.  The key here was to meet the IRIG106 specification for phase noise and 

spurious emissions while allowing tuning from lower L-Band to C-Band.  For ease of discussion, 

we will reference 10KHz offset in the phase noise plot.  For Tier 0/1 waveforms the requirement 

is -80dBc/Hz and for Tier 2 it is -90dBc/Hz.  The primary design driver was to be Tier 2 

compliant at the high end of C-Band.  A high quality discrete approach would meet this 

requirement but force the implementation into a higher cost two board solution.  To remain with 

a single board solution we chose a broadband fractional N synthesizer.  This allowed us to meet 

the phase noise performance for Tier 0/1/2 for all of L and S bands and be Tier 0/1 compliant in 

C band.  The trade was made to sacrifice Tier 2 C band compliance for early ST-5000 product 

offerings and re-address this issue in later versions.  Figure 3 shows the phase noise plots by 

band for Tier 0/1 and 2. 
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Figure 3: Tier0/1 & Tier2 phase noise performance 

Synthesizer – Spurious Performance 

The fractional N synthesizer used in the IMU by its nature will create low level, in band spurs.  

The performance of this device will set the limit for the overall performance of the ST-5000.  

Data was taken for L, S, and C bands.  Spur levels were measured in the worst case normal mode 

of PCMFM at lowest bit rate (100KBPS).  This provides the least amount of spreading for 

modulated spurs.  All measured spurs (Figure 4) were well below limits set in IRIG106. 
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Figure 4: Spurious Performance L/S/C Bands 

IMU Bit Error Rate Performance 

Reference Transmitter 

The intent was to make a high quality bench top transmitter, receiver, and demodulator bit sync 

that would meet or exceed the performance called out in IRIG106.  The Rohde & Schwarz 

SMJ100A, which has -114dBc/Hz phase noise at a 10KHz offset at 5.2 GHz, was utilized as a 

reference transmitter.  Reference data (Figure 5) was taken from the SMJ100A for all modulation 

types at the high end of each frequency band. 
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Figure 5: SMJ100A Benchmark BER Data 
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Tier 0 – PCMFM Performance 

Data was collected at bit rates of 5, 10, 15, and 20 MBPS from lower L-Band to Upper C-Band.  

The IMU matched or was within a couple of tenths of a dB of the reference system in all cases.  

This data shows that the RF output of the IMU is virtually equivalent to the high quality 

reference transmitter built using larger and costlier off the shelf equipment.  Figure 6 shows the 

BER performance the IMU in PCMFM. 
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Figure 6: IMU PCMFM BER Data 

Tier 1 – SOQPSK – TG Performance 

Data was collected at bit rates of 5, 20, 30, and 40MBPS from lower L-Band to Upper C-Band.  

BER performance with 40 MBPS bit rate is shown in Figure 7.  The IMU performance will 

degrade with various errors induced due to implementation.  At the time the data was taken, there 

is a known error in the IMU printed wiring board design that increases carrier leakage at 

frequencies above 4GHz.  This plays out in the data at high frequencies and lower bit rate.  

Performance in L and S Band is equal to the reference.  Performance in C Band is out by 0.2 to 

0.4 dB from the reference system.  Phase distortions caused by leakage issues will be mitigated 

in production versions of the ST-5000 IMU.  
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Figure 7: IMU SOQPSK BER Data 

Tier 2 Multi-h CPM Performance 

Data was collected at bit rates of 5, 10, 15, and 20 MBPS from lower L-Band to S-Band.  

Performance at 5, 10, and 15 MBPS matched or was within 0.1 dB of the reference system.  

Performance at 20MBPS was within 0.2 dB of the reference system.  Performance in C Band 

was not shown due to the lack of compliance for the synthesizer in C-Band.  Higher performance 

versions of the ST-5000 are planned in the future to meet CPM performance in C-Band.  Multi-h 

CPM BER performance curves are shown in Figure 8. 



Cleared by DoD/OSR for public release under OSR 10-S-2599 on July 15, 2010 Page 8 

 

1.E-08

1.E-07

1.E-06

1.E-05

1.E-04

1.E-03

1.E-02

1.E-01

1.E+00

7 8 9 10 11 12 13 14

B
it 

E
rr

o
r 

R
a

te

Eb/N0

BER vs. Eb/N0
Multi-H CPM

1435.5 at 5MBPS 1534.5 at 5MBPS 1710.5 at 5MBPS 1834.5 at 5MBPS 2200.5 at 5MBPS 2394.5 at 5MBPS

1435.5 at 10MBPS 1534.5 at 10MBPS 1834.5 at 10MBPS 2200.5 at 10MBPS 2394.5 at 10MBPS 1435.5 at 15MBPS

1534.5 at 15MBPS 1710.5 at 15MBPS 1834.5 at 15MBPS 2200.5 at 15MBPS 2394.5 at 15MBPS 1435.5 at 20MBPS

1534.5 at 20MBPS 1710.5 at 20MBPS 1834.5 at 20MBPS 2200.5 at 20MBPS 2394.5 at 20MBPS  

Figure 8: IMU CPM BER Data 

 

III. POWER AMPLIFIER PALLET 

The architecture of the Power Amplifier Pallet (PAP) is shown in Figure 9.  It can be divided 

into three main functional areas of preamplification/filtering, control and high power amplifiers.  

The PAP receives +10dBm signal from the IMU and implements buffering/filtering in order to 

provide the clean drive signal for the high power amplifier section.  The control section consists 

of temperature compensation methods working in conjunction with the RF power detection 

circuit at the output to close the loop on internal gain adjustments needed to level the output 

power (i.e., 2, 5 and 10 Watts).  A lowpass filter and isolator are used to provide harmonic 

filtering and isolation from high VSWR loads (i.e., “OPEN” and “SHORT”).  The power 

detection circuit consists of a directional coupler which is following the harmonic filter and 

isolator, so that the detected power is not corrupted by the harmonics.  
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Figure 9: Block diagram for the power amplifier pallet 

A hybrid power amplifier architecture, which includes the pre-driver, the driver and the final 

amplifier, is used and provides >30% efficiency for S/L band and > 25% efficiency for C band.  

Some of the HPA devices (i.e., Si-LDMOS, GaAs-FET, GaN-HEMT) had been evaluated in our 

laboratory.  For meeting high efficiency, high output power, high gain and small size, the 

gallium nitride high electron mobility transistors (GaN-HEMT) are currently being used for both 

the driver and the final amplifier due to its superior breakdown voltage and power density 

characteristics [1].  The final stage PA was designed to operate in class-C mode.  The gate is 

biased below threshold so that the transistor is active less than half of the RF cycle and is 

operating at saturated condition for improving the power added efficiency (PAE). 

Class-C S-Band vs. C-Band Final Power Amplifiers 

For meeting the minimum +10-Watt at the transmitter output spec and the IRIG-106 operating 

environment requirements (i.e., -40C to +85C), the S-band and C-band final power amplifiers 

were designed to deliver 16-Watt at PA output.  The flange package devices were utilized and 

were mounted directly on the chassis for conducting good heat dissipation.    

The matching networks were implemented as a hybrid between transmission line and lumped 

components as shown in Figure 10 [2]-[3], due to limited PCB area (i.e., 1.5” x 2.7”).  The 

ladder type low Q reactance networks not only provide broad band impedance matching, also 

create Low-Pass frequency response which provides additional filtering for the harmonics at the 

PA output. 
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Figure 10: The hybrid matching networks with transmission-line and lumped-element for the 

final PA. 

Input power sweeps for the S-band PA were implemented at 2.2 GHz, 2.3 GHz and 2.4 GHz for 

the amplifier biased at 22 volts. The measurements for the „Output Power‟ (in Watts), the „Large 

Signal Gain (in dB) and the „Drain Efficiency‟ (in %) are shown in Figure 11.  The final PA 

output power is able to deliver more than 17-Watt with efficiency higher than 57% across 

frequency and temperature. 

 

Figure 11: Input power sweeps for the S-band final PA, biased at 22 V and measured at 2.3 GHz. 

The maximum output power was 19-watt with a drain efficiency at 61%. 

Large signal frequency responses for the C-band PA were performed from 4.4 to 5.3 GHz. The 

maximum „Output Power‟, „Large signal Gain‟ and „PAE‟ are plotted in Figure 12.  With desired 
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PCB area, the amplifier was able to deliver 17-watt with efficiencies up to 53% at 4.8 GHz 

which is 10% lower than the S-band PA.  However, the large signal gain dropped drastically 

from 10.5dB to 4dB at the 5.3 GHz band edge.  It revealed that the unmatched final PA did not 

have sufficient bandwidth at transmit band.  To fully meet the design requirements, the balanced 

amplifier structure or the distributed/tapered transmission lines for the matching networks were 

utilized.  However, the real estate for the C-band PA pallet might be twice bigger than the 

required spec, which was not an option for the modern telemetry transmitter. 

 

Figure 12: Large signal frequency responses for the C-band final PA. 

Full PA Pallet Performance 

After closing the power control loop, we were able to monitor the PA pallet output power level, 

and to program the power level according to user requirement utilizing the 31dB digital step 

attenuator at the front-end and adjusting the gate or/and drain bias voltages on the final PA.  

Adjusting the gate and drain bias voltages could also optimize the PAE performance.  Table 1 

shows the measurements for the S-band PA pallet total current draw and drain efficiency vs. the 

frequency (i.e., 2.2 to 2.4 GHz) and temperature (i.e., -40 to +85 C) with 10-watt RF output.  The 

full PA pallet efficiency is better than 30% across the frequency and temperature. 

 2.2 GHz 2.24 GHz 2.28 GHz 2.32 GHz 2.36 GHz 2.4 GHz 

  Ids ηD Ids ηD Ids ηD Ids ηD Ids ηD Ids ηD 

-40C 1.344 33.82 1.347 33.75 1.387 32.77 1.4 32.47 1.4 32.47 1.39 32.61 

+25C 1.281 35.484 1.258 36.13 1.245 36.51 1.251 36.33 1.268 35.85 1.29 35.24 

+85C 1.376 33.034 1.321 34.41 1.29 35.24 1.3 34.97 1.334 34.07 1.39 32.72 
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Table 1: S-band PA pallet total current draw (Ids in Amps)/Drain Efficiency (ηD in %) vs. the 

frequency and temperature at 10-watt RF output power. 

The full C-band PA pallet is under development for integration at the time when we are writing 

this paper.  The bandwidth limitation, real-estate occupancy restriction and power consumption 

restraint are our major design challenges.  We will publish the final results in the near future.  

 

IV. POWER SUPPLY 

The ST5000 Power Supply is comprised of two different versions, one for the S and L-Band 

Transmitter and one for the C-Band Transmitter.  Both power supply electrical designs are 

virtually identical with the exception that the C-Band version is designed to provide twice the 

output power; therefore some components are capable of handling higher currents.  The C-Band 

RF Power Amp (PA) also requires an additional 8V power supply.  One other difference with the 

C-Band power supply is that all the PA control and monitoring circuitry was moved to the power 

supply PCB in order to facilitate the area required for a larger amplifier.  A block diagram of the 

overall power supply is included in Figure 13. 

 

Figure 13: ST5000 power supply block diagram 

The S and L Band Transmitter power supply assembly consists of three converters.  One 

provides 6 volts to power the Modulator (IMU) and a portion of the PA, another which generates 

-5 volts for the PA gate drive and a main converter that provides 22 volts to the PA‟s RF power 
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section.  The C-Band Transmitter requires an additional converter to generate 8 volts necessary 

for the PA Driver circuit.  Each power supply is a non-isolated DC/DC converter utilizing high 

frequency MOSFET switching technology. 

The 6V supply is a buck derived converter and is used to provide power to the IMU and portions 

of the PA.  It is also used as a housekeeping supply for the main converter, powering voltage 

monitors and drive circuits prior to the main converter startup.  Features of this supply are input 

under voltage lockout (UVLO), output overvoltage and output short circuit protection.  The 

power output is 7.2 watts for S and L Band and 10.2 watts for C-Band. 

The -5V supply is used to provide the gate bias to the PA.  The circuit is actually a buck 

controller configured to generate an inverted (negative) output voltage.  The PA gate bias only 

draws a small amount of current, therefore this supply is only capable of providing 40mA.  Its 

protection features are the same as the 6V supply, input under voltage lockout, output 

overvoltage and output short circuit protection. 

The C-Band requires an additional 8V power supply for the PA Driver circuit.  This supply is a 

small 2.4 watt buck converter, driven from the 28V input, it also maintains the same protection 

features as described in the 6V converter paragraph above. 

The main high power converter generates 22Vdc, used by the PA.  It regulates the output voltage 

using a buck-boost mode of operation, meaning that the input voltage can be either greater than 

or less than the output voltage.  A conversion topology was used that offers improved efficiency 

by minimizing power wasting snubbers, typically necessary to dissipate unwanted resonant 

energy developed in high frequency switching power supplies.  Another advantage to this 

particular topology is reduced input ripple current which permits the use of a much smaller input 

EMI filter, a necessity in a design with very limited space.  The power supply‟s switching 

frequency is 300Khz, this frequency was chosen based on a compromise between higher 

efficiency and permitting the use of smaller passive switching components (inductors and 

capacitors).  The supply is designed to accept input power from a Mil-Std-704 bus with the 

exception of a maximum operational input voltage of 40Vdc, 11 volts greater than required by 

Mil-Std-704.  This higher voltage capability is advantageous when operating from a battery 

application with an over-charged source.  The output power capability of the S-Band design is 47 

watts, while the C-Band is 109 watts.  The 22V output is digitally adjustable from 20V to 26V in 

order to improve overall transmitter efficiency.  The overall power supply efficiency is 84% 

under all line and load conditions over a temperature range of -40
o
 C to +85

o
 C baseplate; this 

efficiency includes the 6V, 8V and -5V supplies described above.  The 28Vdc input section 

utilizes a dual stage EMI filter in order to be fully compliant with Mil-Std-461, along with a high 

efficiency, indefinite input reverse voltage protection circuit.  Some of the other features are 

input current monitoring, input under voltage lockout, output short circuit protection and power-

on voltage sequencing.  



Cleared by DoD/OSR for public release under OSR 10-S-2599 on July 15, 2010 Page 14 

 

In order to obtain the high power packaging densities required for this Transmitter, especially the 

C-Band version, PCB design was critical from both a thermal standpoint and noise management.  

The required high power density is achieved through the use of surface mount components, 

several of which use thermally enhanced packages capable of dissipating heat more efficiently.  

By using the multilayer PCB to both spread the heat and provide a low impedance thermal path 

to the chassis, component temperatures are maintained at a level that minimizes overall system 

temperature rise resulting in improved reliability. 

In designs packaged as dense as the ST5000 series of Transmitters, controlling power supply 

switching noise is imperative.  The thermally enhanced surface mount packages described above 

are vital in removing unwanted heat from the design but can also have an evil side.  Due to their 

flat package with relatively large surface areas, they create a low impedance, capacitive path for 

switching noise.  If the particular device is in the switching path of the converter and there is a 

large voltage swing present on the part, it will cause an undesirable AC current to be induced 

into any parallel surface willing to accept it, such as other traces, large plane areas or even the 

chassis.  These currents must return back to their source and in doing so may generate voltage 

spikes depending on the path they take.  Although these capacitive currents cannot be completely 

eliminated, through proper PCB layout they can be minimized and kept local to the power supply 

where they will not disrupt any sensitive circuits or even worse find their way onto the RF 

transmission line. 

 

V. CONCLUSIONS 

Great design efforts were taken on the ST-5000 to develop a modern HyperMod transmitter with 

small size, high power efficiency and wide data rate compatibility.  The integrated S-band 

transmitters had been thoroughly evaluated in our laboratory.  The BER performance (Figure 

14), at all three-tier modulation schemes, meets IRIG 106-07 standard.  The future work will be 

focused on the full C-band transmitter design which is a big challenge in the telemetry industry 

and is expected to be complete before the end of 2010. 
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Figure 14: ST-5000 S-band Transmitter BER performance for the SOQPSK at 2.3 GHz without 

FEC 
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ABSTRACT 
 
This paper describes the use of an efficient FPGA design flow, called Ogre, developed at BYU 
to design and implement PCM/FM demodulators. Ogre exploits the notion of reuse by taking 
advantage of a library of specially designed cores parameterized by XML metadata. A judicious 
choice of library cores, targeted to signal processing functions common to sampled data 
modulators and demodulators, reduces the design and test cycle time. We demonstrate this by 
using the tool to construct rapid prototypes of three different versions of FM demodulators and 
show that the bit error rate performance is comparable to demodulators on the market today. 
 
 

KEY WORDS 
 

FPGA, PCM/FM, Demodulators, Bit Synchronization 
 
 

INTRODUCTION 
 

The signal processing functions associated with modulation and demodulation continue to 
migrate from the continuous-time domain to the discrete-time domain. This trend is due to a 
number of factors that exploit the advantages of sampled-data systems. Sampled data systems are 
far more flexible than their continuous-time counterparts, especially in the functionality available 
to the system designer. Sampled data systems also offer the prospect of reconfigurability which 
enables highly efficient multimode operation for both modulators and demodulators. The key 
factors that have enabled this trend are the availability of high rate, relatively high precision, 
analog-to-digital converters (ADCs) and high-performance discrete-time processors such as 
programmable DSPs, FPGAs, and ASICs.  
 
The programmable DSP is the most flexible and the easiest to program, but achieves these 
advantages at the cost of performance. The ASIC offers the best performance, but is not flexible 
(at best, ASICs can provide limited parameterization) and the design process is very long and 
costly. FPGAs offer an attractive middle ground: the FPGAs offer flexibility and 
“reprogrammability” like the programmable DSP, and have performance that can rival that of the 
ASIC. 
                                                
  This work was supprted by the I/UCRC Program of the National Science Foundation under Grant No. 0801876. 
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Figure 1: PCM/FM demodulator block diagram, divided into sections based on clock domains. 

 
However, there are challenges in developing communication systems with FPGAs. Design and 
test processes can be lengthy and tedious.  Design productivity can be increased through “reuse” 
[1]. Reuse (or “using again”) leverages previous FPGA designs in much the same way a 
computer programmer leverages subroutines available in a code library. The key to reuse is a 
library of cores that offer sufficient flexibility to be useful and are not too small or too large.  
 
To address this issue the Configurable Computing Laboratory at Brigham Young University has 
developed a tool that enables rapid prototyping of radios. The tool, called Ogre, is a design flow 
for FPGAs that exploits a library of parameterizable cores specifically designed for the tasks 
needed by modulators and demodulators. Each core is also accompanied by XML metadata 
providing a description of the core.  The Ogre tool flow leverages this metadata to intelligently 
interface cores which have been connected in a design. 
 
This paper reports on the application of the Ogre tool to design PCM/FM demodulators. The 
design flow and testing are described in the following sections. Laboratory experiments show 
that the Ogre design flow is able to produce good PCM/FM demodulators in a matter of hours 
without sacrificing performance. 

 
 
 

BASIC PCM/FM DESIGN 
 

The basic outline of the PCM/FM demodulator is illustrated in Figure 1. The 1 Mbit/s PCM/FM 
signal at an IF of 70 MHz is presented to an ADC sampling at 100 Msamples/s. The sampled 
signal is translated to I/Q baseband using a discrete-time quadrature mixer. The I/Q baseband 
samples are downsampled to 20 Msamples/s and presented to the FM demodulator. The FM 
demodulator output is downsampled to 4 Msamples/s to produce a PCM pulse train at 4 
samples/bit. Timing synchronization is performed by a timing synchronization PLL. The target 
platform for this design is the Nallatech XTremeDSP board illustrated in Figure 2. 
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Figure 2: The target platform for the PCM/FM demodulator: the Xilinx/Nallatech XtremeDSP board. 

 
Three options for the FM demodulator were explored. Block diagrams of these options are 
shown in Figure 3. We showed in [2] that the three options have the same SNR performance and 
provide an area/clock-rate tradeoff. The options shown in Figure 3 (a) and (b) compute the 
derivative of the instantaneous phase of the input I/Q sample pairs and represent the discrete-
time equivalent of the limiter discriminator demodulator. These circuits achieve the highest clock 
rates, but also require the most area [2]. The option shown in Figure 3 (c) is a discrete-time phase 
lock loop and requires the smallest circuit area but cannot operate at as high a clock rate as the 
other two options [2]. 
 
The timing PLL is shown in Figure 4. It is a traditional discrete-time timing synchronizer using 
the early-late timing error detector [3] operating at 4 samples/bit. 
 
 

DESIGNING WITH THE OGRE TOOL 
 

The PLL option of the FM demodulator was designed using the Ogre design tool.  Since both 
options (a) and (b) are made up of commonly used blocks – FIR filters, CoRDiC, divider, 
multlipliers – these designs were assembled using cores from Xilinx CORE Generator.  Xilinx 
CORE Generator provides well-parameterized blocks for systems such as these.  However, the 
option (c) requires much different blocks, such as a direct digital synthesizer (DDS) and loop 
filter.  In this case, the Ogre tool was very useful in providing an environment in which blocks of 
this type could be found and connected.  A library of blocks had already been created 
specifically targeting PLL-style radio systems (see [1]).  A few blocks from this library were 
used to create the final option (c) fm demodulator shown in Figure 1.   
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Figure 3: The option for the FM demodulator. 
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Figure 4: Detailed block diagram of the bit timing synchronization PLL. 

The Ogre tool offers many benefits to the designer, some of which were used in the creation of 
this design. One nice feature is that of connecting signals such as the clock input.  This signal, 
which is required by most blocks, does not have to be hooked up manually in the Ogre design.  It 
is simply left disconnected in the design. During the VHDL generation, all clock inputs are 
merged into one top-level input.  This is also true of the clock enable and reset signals.  A screen 
shot of the Ogre design environment for the discrete-time PLL-based FM demodulator of Figure 
3 (c) is illustrated in Figure 5. 
 
Along with merging common inputs, such as the clock, the Ogre tool generates a state machine 
to enable every block at the correct time.  It does this by creating a schedule, based on 
information from the XML metadata, of when every block requires its inputs and when each 
block’s outputs are ready.  Once this schedule is created, VHDL is generated to enable the 
validIn port for each block at the appropriate time.  This feature is and has been especially useful 
for pipelining designs which need to run at higher clock rates.  The designer may simply add 
registers anywhere in the design for timing closure to be met.  These registers are taken into 
account by the Ogre tool when the schedule is created so that the data in the design still flows 
appropriately.  In this way, the functionality of the original design is maintained while allowing 
the design to be clocked at much higher rates.  In the PLL option design, this feature was not 
necessary due to the simplicity of the schedule.  The Ogre tool was able to figure this out and a 
state machine was generated which enabled every block on every cycle. 
 
The parameters on each block in the Ogre tool are easily updated. Figure 6 shows an example of 
how parameters are set for a certain block, in this case the loop filter block.  Once a block in the 
design is clicked, the current parameters for the block are shown and can be changed by the user.  
 
The information regarding what parameters exist and what values are valid for each parameter is 
found in the XML metadata accompanying each block.  Parameters range from low-level things 
such as bit widths, to higher-level properties such as loop bandwidth.  With these highly 
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parameterized blocks and the ease of changing parameters, blocks become very reusable to 
designers.  
 
Overall, the design process for the PLL option was very much simplified by the use of Ogre.  
With the ability to reuse blocks and with Ogre doing much of the work itself, the design 
completed in less than an hour.  Of course, this did not represent the complete design.  The 
generated VHDL had to be integrated with the rest of the system for the FPGA to be correctly 
configured.  However, the overall design time was reduced due to the use of Ogre on this section 
of the design. 
 
When the designer is finished connecting the blocks in their design, the “BYU Interface 
Synthesis” block (which is present in every Ogre design) is clicked to reveal the Ogre VHDL 
generation interface. An example is shown in Figure 7. Once the output directory is specified, the 
designer clicks the “Generate” button to start the process.  It is at this point that the design is 
reviewed, the schedule is created, and the top-level VHDL is output along with VHDL for the 
state machine.  The VHDL for all of the library cores used in the design is also output to provide 
the designer with everything necessary to use the new design. 
 
 
 

 
Figure 5: The discrete-time PLL-based FM demodulator of Figure 3.(c) using the Ogre tool. The VHDL code 
generated from this model was used in the final design. 
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Figure 6: Parameter window for Loop Filter (loop_filter_v2_0) library block. 

 
 
 

LABORATORY TEST RESTLTS 
 

Each receiver design was tested in hardware using the setup shown in Figure 8. A tri-mode 
telemetry transmitter from Quasonix was used as the PCM/FM source. The data source was set 
to the internally generated length-(215-1) PN sequence and the carrier frequency was set to 2255 
MHz. The resulting signal was mixed to 70 MHz using an LO and mixer as shown. A calibrated 
noise source was used to set the desired Eb/N0. A modest LNA was used to set the signal level as 
required by the ADC.  The ADC and FPGA were housed on the Nallatech/Xilinx XtremeDSP 
board. The ADC operated at 100 Msamples/s and the FPGA was a Virtex4 (XC4VSX35-
10FF668).  Data and clock were output from the FPGA board and used by the bit error rate test 
set to measure the bit error rate performance. A photograph of the experiment is shown in Figure 
9. 
 
All three designs used a pair of identical low-pass FIR filters as shown in Figure 1. This filter 
plays the role of the IF filter in more traditional analog designs and controls the trade-off 
between intersymbol interference and noise power [4]. The low-pass filter was a length-469 FIR 
filter with an equivalent 3-dB bandwidth of 200 kHz and a transition bandwidth of 678 kHz. The 
PLL-based demodulator was a second order loop with a damping constant of 1 and closed loop 
bandwidth of 200 kHz. 
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Figure 7: Ogre tool VHDL generation. 

 

 
Figure 8: Laboratory test configuration. 
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Figure 9: A photograph of the laboratory test configuration for the PCM/FM demodulators. 

 

The test results are summarized by the plots in Figure 10. The only difference between the three 
approaches is the FM demodulator. The tests results show that the discrete-time versions of the 
limiter-discriminator shown in Figure 3 (a) and (b) produce essentially the same bit error rate 
performance. The PLL-based demodulator has a slightly higher bit error rate: about 0.6 dB 
inferior to the limiter-discriminator approaches. A reference curve is also included in Figure 10. 
The reference curve is derived from Figure 2-10 of the 199-06 Telemetry Applications 
Handbook [4]. The relationship between the BER performance of the rapid-prototype 
demodulator and the reference curves shows that the BER performance of the rapid-prototype is 
comparable to the commercially available demodulator used to generate the data in the 
Telemetry Applications Handbook. 
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Figure 10: Laboratory test results for the PCM/FM demodulator using the three FM demodulators outlined in Figure 
3. The reference curve is from Figure 2-10 of [4]. 

 

CONCLUSION 
 

In this paper we described a rapid prototyping environment for FPGAs specifically targeted to 
modulators and demodulators. This tool, called Ogre, reduces the design and test cycle times by 
exploiting reuse based on a carefully chosen library of cores. We applied the design environment 
to design three different versions of a PCM/FM demodulator in a few hours. Laboratory tests 
showed that the bit error rate of the PCM/FM demodulators is comparable to those available on 
the market today. Thus, the rapid prototyping does not sacrifice performance. 
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ABSTRACT 
 

RF Communication (COMMS) systems where receivers and transmitters are in motion must be proven 
rigorously over an array of natural RF link perturbations such as Carrier Doppler shift, Signal Doppler shift, 
delay, path loss and noise.  These perturbations play significant roles in COMMS systems involving 
satellites, aircraft, UAVs, missiles, targets and ground stations.  In these applications, COMMS system 
devices must also be tested against increasingly sophisticated intentional and unintentional interference, 
which must result in negligible impact on quality of service.  Field testing and use of traditional test and 
measurement equipment will need to be substantially augmented with physics-compliant channel emulation 
equipment that broadens the scope, depth and coverage of such tests, while decreasing R&D and test costs 
and driving in quality. This paper describes dynamic link emulation driven by advanced antenna and motion 
modeling, detailed propagation models and link budget methods for realistic, nominal and worst-case 
hardware-in-the-loop test and verification. 
 
 

KEYWORDS 
 
Channel Simulation, Channel Emulation, Doppler Shift, Fading Simulation, Fading Emulation, Delay 
Simulation, Delay Emulation, RF Simulation, RF Emulation. 
 

 

INTRODUCTION 
 

RF communication systems, whether used for human communications, data exchange or command and 
control, involve transmitter and receiver systems that are in motion with respect to one other, and that are 
often separated by great distances.  These systems are not easily modified or serviced once deployed, yet they 
are mission critical and must be designed and rigorously tested against a nearly overwhelming array of worst-
case and nominal mission requirements and communications conditions.  Foundational to such tests is 
precision emulation of the RF propagation effects on the communication signals themselves.  These RF effects 
include, but are certainly not limited to carrier and signal Doppler shift, range delay, range attenuation, noise 
and interference, both accidental and intentional.  These signal effects vary with distance, velocity, RF 
frequency, data rate, modulation type, transmitter attributes, receiver characteristics, antenna pointing 
accuracy and antenna patterns, to name several. 
 
Deep component-level and hardware-level tests must account for each of these RF effects, singly and in 
combination for full assurance of communication system imperviousness to them.  Failure to fully consider 
and test against these signal effects means that tests that do not reflect real-world conditions, resulting in 
inferior end systems.  Additionally, device and system design costs may be higher than necessary if tests 
and/or test equipment impose signal conditions that cannot occur in nature.  In the end, improper and/or 
incomplete verification can easily result in partial or complete mission failure or communication system-
imposed mission restrictions. 
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APPLICATIONS 
 
Channel Simulators add RF realism to any RF link design and test situations where receivers and transmitters 
are moving with respect to each other.  Channel Simulators are used, for example, to emulate links between 
fixed or moving terrestrial assets and space vehicles (satellites, manned vehicles, rockets, etc.), inter-linkages 
between vehicles, links between space platforms and atmospheric assets such as UAVs, missiles, aircraft, etc.) 
and atmospheric vehicle links to terrestrial assets. 
 
In each case, the RF link is subject to the laws of physics which imply carrier and signal Doppler shift, delay, 
path loss and noise, as well as intentional and accidental interference.  RF link performance also depends 
heavily on factors such as flight profiles, antenna patterns, modulation types, data rates, transmitter power 
levels, and receiver Signal to Noise Ratio (SNR) requirements. 

 
Antenna placement is a major factor whenever antennas cannot be aligned permanently on the corresponding 
transmitter or receiver antenna.  This occurs for example, with spinning or tumbling satellites, or when aircraft 
turn or bank such that their wings or fuselage come between receiver and transmitter antennas.  In these cases, 
periodic signal attenuation or complete interruption must be accommodated.      

 
When atmospheric or ground assets are part of the link, additional considerations include terrain, as well 
atmospheric and weather effects on signals. 

 
As well, fast amplitude and phase scintillation may characterize signals passing through metallic exhaust 
plumes, or through an electrically/magnetically disturbed medium.  Multipath and statistical models for Rician 
and Rayleigh fading, among others, may apply as well. 

 
Channel Simulators enable hardware-in-the-loop testing against each of these factors, and more, either singly 
or in combination.  They do so in physics compliant, phase-continuous fashion, such that their output signals 
precisely match reality. 
 
 

CHANNEL SIMULATOR DESIGN 
 

The advanced Channel Simulator is often designed as shown in Figure 1, with emphasis on modularity and 
user-configurability to meet evolving needs.  Due to the use of standard RF, IF and control interfaces, such 
instruments can be readily integrated with other test and measurement equipment. 
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Figure 1.  Block diagram of an advanced Channel Simulator. 
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RF frequency down-converters are often included at the input to the system, and RF frequency up-converters 
included at the output, so that the channel simulator matches the actual transmit and receive frequencies of the 
systems under test.  Channel Simulators can usually be employed at RF or IF, at the convenience of the user. 
 
The instrument’s Intermediate Frequency (IF), not specifically related to the Radio Frequency (RF), is first 
band-pass filtered to remove frequency components that are outside the instrument’s input frequency range.  
The resulting signal, still analog, is then converted to digital form by an Analog to Digital (ADC) stage with 
high resolution and sufficient sample rate to accurately represent the input signal. 
 
In the DSP stage, the Channel Simulator digitally applies physics-compliant, phase-continuous and time-
varying carrier and signal Doppler shift, range attenuation, range delay and noise.  The instrument applies 
these effects singly or in combination, based on inputs to the Control Interface related to the relative motion, 
distance and RF effects to be simulated.  
 
Once the signal perturbations have been applied, the digital signal is converted back to analog in an 
interpolation Digital to Analog (DAC) stage then filtered according to the output specifications of the 
instrument.   
 
Overall instrument control is provided by a Processor that may be running an instrument server which is 
responsible for receiving and implementing user inputs to the Control Interface.  Normally however, the 
Processor is not involved in actual DSP activities, since these are conducted in real time. 
 
Channel Simulators often include test and/or interference signal generators, whose outputs can be used as test 
signals, or can be combined with user input signals to create interference signals.  Signal Generators are often 
able to emit multiple signals with independent modulation types, data, data rates, frequency offsets, 
amplitudes, etc.  Some also generate signals from Clock/Data signal inputs, In-phase/Quadrature-phase (IQ) 
inputs, or binary data stored in files.   
 
Regardless of source however, signals at the input to the ADC emulate those that occur on a transmitted 
signal.  Signals at the output of the DAC represent those that occur at the receive end of the link.  This allows 
the injection of test and/or interference signals at the transmitter node and/or receiver node.   
 
Injected signals can emulate both unintentional and intentional interference including sweepers, pulses, chirps 
and others.  Unauthorized users appearing as carrier-under-carrier or guard-band signals can be simulated, as 
well as jammers that seek not to eliminate communications, but degrade their Quality of Service (QOS). 
 
Time domain, frequency domain and/or data domain signal analysis is also present in some channel simulation 
equipment.  This provides analytic and visual confirmation that Control Interface inputs to the Channel 
Simulator are causing the desired signal emulation. 
 
The channel simulator can be controlled statically, set to specific conditions of Doppler shift, delay, loss, 
noise, etc.  Dynamic control can be supplied from user-written programs, industry-standard propagation and 
flight modeling software, or user-developed profile spreadsheets. 
 
In summary, the Channel Simulator is specifically designed to create realistic RF effects, and can add 
interference and worst-case conditions to enable verification of communication system operation under a wide 
variety of conditions. 
 
 

TEST SYSTEM DESIGN 
 
Initial Research and Development (R&D) activities often utilize simple test setups comprised of standard Test 
and Measurement (T&M) equipment.  Setups like these can often be found in product test and Quality 
Assurance (QA) areas as well.  While effective at many levels, such test setups do not result in the full signal 
realism under which communication systems must truly be verified.   
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The addition of a Channel Simulator, as shown in Figure 2 adds realism, and therefore more complete testing, 
with dynamic carrier and signal Doppler shift, range delay, range attenuation, noise and interference. 
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Figure 2.  Enhanced test setups with Channel Simulators. 

 
Figure 3 illustrates a full-system verification with both transmit and receive systems or components under test.  
This sort of setup is particularly useful for automated regression testing of new firmware, software or 
hardware in the transmit and/or receive systems or components under test. 
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Figure 3.  Full-system test with channel simulation. 

 
As a concrete example, a typical satellite modem test setup could be constructed as shown in Figure 4.  The 
“Dynamic motion, distance and RF profile” (the Profile) would include ground station locations and satellite 
orbit information, as well as transmitter, receiver and antenna characteristics, weather conditions, atmospheric 
conditions, and more. 
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Figure 4.  Typical satellite modem test setup. 

 
Channel Simulators can also be used outside the indoor laboratory in a wide variety of test, verification and 
training applications.   
 
As shown in Figure 5, Channel Simulators can also be used to verify test range operation.  Here, a single 
Profile controls multiple Channel Simulators synchronously to emulate signals from an in-flight UAV, aircraft 
or missile.  In this usage, each telemetry tracking station receives the same data, but with different Doppler 
shift, delay, attenuation, noise, interference and link budget and/or terrain-related dropouts associated with the 
flight vehicle’s distance and motion relation to the tracking station.  This results in realistic test of the tracking 
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station hardware, software and firmware, as well as the links from the tracking station to the range control 
center and its data display and Best Source Selection (BSS) operation.  Most range operation can be verified 
without actual flights being required. 

 

 
Figure 5.  Use of Channel Simulators for Test Range verification. 

 
A final example is shown in Figure 6, where channel simulators can be used with surrogate on-orbit assets for 
feasibility studies of the operation of a planned Inter-Satellite Link (ISL) between a to-be-launched Low Earth 
Orbit (LEO) satellite and a to-be-launched geosynchronous (GEO) satellite.  Here, the Profile would detail 
planned and worst-case LEO and GEO orbits, the ground station location, and all transmitter, receiver and 
antenna characteristics.  The Channel Simulator would then create and transmit a signal that when returned on 
the GEO downlink, would precisely emulate the signal that would occur as a result of the planned LEO  
GEO  ground signal path. 
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Figure 6.  Use of Channel Simulators for Test Range verification. 

 
 

CHANNEL SIMULATOR OPERATION 
 
The most important attribute of a Channel Simulator is its strict adherence to the laws of physics.  Failing that, 
the Channel Simulator cannot produce realistic RF effects.  In the worst case, this may result in data errors 
introduced by the instrument.  Or, instrument output signals may be stepped, rather than smooth and spectrally 
clean, leading to false conclusions regarding the device under test. 
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Channel simulators must be capable of delivering not only the range of Doppler shift expected, plus margin, 
but also the variety of Doppler shift rate expected.  The same is true for range attenuation and range delay.  
All three must be delivered phase continuously and mathematically consistent, either singly or in combination. 
 
 

CARRIER DOPPLER SHIFT 
 
In applications where receivers and transmitters are in motion with respect to one another, carrier Doppler 
shift is a significant factor in system design and validation.  Carrier Doppler shift is defined as the frequency 
shift at the center of the signal’s occupied bandwidth.  Receivers must remain locked to a signal, maintaining 
proper Bit Error Rate (BER) performance, even as the received signal’s center frequency shifts over time due 
to the relative velocity between the transmitter and the receiver. 
 
Equation 1 describes Doppler shift based on the actually transmitted frequency and the relative velocity 
between the transmitter and the receiver: 
 
FS = FA * (V/c)                               (Equation 1.) 
 

Where; 
FS Doppler shift (Hz)  
FA Transmitted frequency (Hz) 
V Relative velocity between transmitter and receiver (km/s) 
c Speed of light (299,792.458 km/s) 

 
Using Equation 1, Figure 7a is the carrier Doppler shift curve for a typical LEO satellite pass over an Earth 
station transmitting at 14.5 GHz, with a maximum 80º elevation and a minimum range of 715 km.  Figure 7b 
is for the same LEO satellite viewed from a different Earth station where the maximum elevation is only 17º 
with a minimum range of 1700 km.   
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Figure 7a.  Carrier Doppler shift curve for a 
LEO pass with 80º elevation, 715 km minimum 
range, and a 14.5 GHz signal. 

 

Figure 7b.  Carrier Doppler shift curve for a LEO 
pass with 17º elevation, 1700 km minimum range, 
and a 14.5 GHz signal. 

Figure 7a and 7b represent the same satellite viewed from different Earth stations, and depict different 
minimum and maximum carrier Doppler shift values, but often more significantly for receive-chain 
components, different carrier Doppler shift rates. 
 
Channel Simulators emulate these scenarios, and far more challenging ones (e.g. “random” aircraft/weapons 
flight paths on test ranges), smoothly, phase-continuously and with strict attention to physics so that receive-
chain hardware, firmware and software can be properly evaluated and refined using fully realistic signals. 
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SIGNAL DOPPLER SHIFT 
 
Since modern communications signals have non-zero bandwidth, by Equation 1 signal Doppler shift profiles 
are actually represented by a family of curves for the Doppler shift of each frequency component of the signal.  
 
For example, in the QPSK waveform of Figure 8, the higher frequency components would receive more 
Doppler shift than the lower at any particular non-zero relative velocity between the transmitter and receiver. 
 

 
Figure 8.  Typical QSPK signal with root raised-cosine filtering. 

 
For a 1.5 GHz QPSK signal with 36 MHz bandwidth, for example, the initial segment of the Doppler shift 
curve appears as in Figure 9.  Here, the upper curve is for the higher frequency edge of the signal, the center 
curve is for the signal’s center frequency, and the lower curve is for the lower frequency edge of the signal.  
As shown, the signal’s occupied bandwidth decreases over time as a function of the difference between the 
upper and lower curves.      
 

 
Figure 9.  Example QSPK occupied bandwidth change as a function of Doppler shift. 

 
This bandwidth contraction is a result of the Doppler shift stretching of the QPSK waveform itself, with 
corresponding decrease in data rate.  Such Doppler shift-induced data rate changes are a key characteristic of 
the Channel Simulator. 
 
 

PROPAGATION DELAY 
 

All communication systems have some form of inherent delay in propagation between transmitter and 
receiver. This is true for wire-line systems, optical systems, and wireless radio systems.  In each case, 
propagation velocity is related to the dielectric constant of the medium through which the signal passes. 
 
Propagation velocity is expressed as a percentage of the speed of light, and in vacuums (dielectric constant = 
1) and in air (dielectric constant = 1.00054) propagation velocity can be considered to be 100% of the speed of 
light for most practical purposes. 
 
Therefore, in wireless communication systems the propagation delay between a transmitter and receiver can 
be calculated by dividing the straight line distance between the transmitter and the receiver, by the speed of 
light as in Equation 2. 
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D = R / c     (Equation 2.) 
 
Where; 

D Delay (sec)  
R Range (km) 
c Speed of light (299,792.458 km/s) 

 
The propagation delay plot in Figure 9 corresponds to the satellite flight of Figure 7a. 
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Figure 9.  Propagation delay for a LEO satellite pass with 80º elevation, 715 km minimum range, and a 

14.5 GHz signal. 
 

When performing one-way tests, where a receiver or transmitter is being tested, the Channel Simulator must 
be capable of signal delay ranges dictated by both the closest and farthest separation between transmitter and 
receiver.  When performing simulations of bent pipe uplink and downlink communications scenarios, Channel 
Simulators apply smooth and phase-continuous delay for the total of the uplink delay plus the downlink delay. 
 
Communications systems testing between atmospheric vehicles (aircraft, UAVs, and missiles) and between 
such vehicles and ground stations or satellites follow the same considerations, except that minimum and 
maximum delays are much smaller due to the relatively close proximity between transmitters and receivers.  
 
 

RANGE ATTENUATION 
 

Communication system performance also depends on the power level of the received signal. Satellite-borne 
transmitters are typically low-power systems at great distances from receiver systems. Modeling dynamic 
signal power levels and validating operation under worst-case conditions are key receiver system tests. 
 
The power level of a received signal is primarily affected by free-space path loss, which can be calculated 
from Equation 3: 
 
L = 32.4 + 20 log F + 20 log R  (Equation 3.) 
 

Where; 
L Free-space path loss (dB)  
F Frequency (MHz) 
R Range (km) 
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Figure 10.  Range attenuation for a LEO satellite pass with 80º elevation, 715 km minimum range, and a 

14.5 GHz signal. 
 

A Channel Simulator must accept a low-level input signal then further attenuate it according to the attenuation 
profile of the communications system being tested.  
 
Additional path loss occurs when antenna patterns, weather, cable lengths, user-defined losses, and other 
similar factors are included.  Channel Simulators typically have sufficient dynamic attenuation capability, still 
with phase continuous performance, to accommodate these additional and often dynamic losses. 

 
 

ADDITIONAL SIMULATION INPUTS 
 

Channel Simulators accept dynamic control parameters such as Doppler shift, range delay, and range 
attenuation.  At their root level, most signal perturbations and impairments other than interference and noise 
can be described by dynamic time variations of these parameters.   
 
For example, transmit antenna patterns indicate the effective power levels at various azimuth, elevation and 
range points with respect to the antenna.  Reciprocally, receive antenna patterns relate to sensitivity in various 
directions.  Motion, pointing, polarization, terrain obscuration, horizon limits and body-shielding profiles of 
the transmit and receive antennas can be combined with corresponding radiation and sensitivity patterns to 
result in dynamic signal attenuation values for Channel Simulator control. 
 
Such signal attenuation values can be further combined with other attenuation as a result of atmospheric gas 
absorption, rain attenuation, overhead obscuration, free-space path loss Equation 3, and user-defined 
attenuation profiles. 
 
In addition, some attenuation values are constant, as is the case with many receive-chain or transmit-chain 
hardware components.  Other attenuation values are dynamic, but relatively slowly changing, as with 
separated antennas that move on and off boresight with respect to each other.  Still other attenuation values 
change rapidly as when Rayleigh or Ricean fading is involved and in cases where a signal passes through the 
edges of a rocket’s metallic exhaust plume. 
 
All of these individual attenuation values sum to dynamic attenuation profiles for the Channel Simulator, with 
similar examples available for Doppler shift, delay, noise and interference parameters. 
 
This means that even though the Channel Simulator is physics-compliant in all of its operation, so too must be 
the Channel Simulator control software and resulting input data values.  Absolute physics compliance at the 
Channel Simulator control level, as well as in the Channel Simulator-applied effects and output are vital. 
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PHASE CONTINUITY AND HIGH RESOLUTION INTERPOLATION 
 

As noted at several points in this paper, Channel Simulators must perform their operations in a fully phase-
continuous manner, with absolute and strict attention to applicable physics laws and principals. This ensures 
that throughout the instrument’s capabilities, and as highly dynamic scenarios are run, no data errors are 
introduced as a result of waveform discontinuities, inappropriate transitions or glitches. 
 
The Channel Simulator must faithfully model nature in this regard, so that the instrument can be confidently 
substituted into the communications system for accurate and dependable results. This implies sophisticated 
high-resolution interpolation between commanded Doppler, delay or attenuation points. 
 
 

CONCLUSION 
 

Realistic and comprehensive RF testing can significantly enhance communication system quality and decrease 
costs.  The RF Channel Simulator is a vital tool for generating realistic test signals with appropriate carrier and 
signal Doppler shift, delay, attenuation, noise and interference. 
 
These signal perturbations are phase-continuous in nature, and vary smoothly and dynamically based on the 
relative motion between transmitters and receivers and other factors.  Channel Simulators must recreate such 
perturbations with extreme attention to physics. 
 
Since the relative motion between a receiver and transmitter is generally complex, as are the multitude of 
possible RF effects, Channel Simulators must be controlled in a comprehensive, visual and intuitive manner 
so that users can focus on the problems they are trying to solve, and the tests they are attempting, rather than 
on the details of how to make the Channel Simulator work in the scenarios of interest. 
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ABSTRACT

In this paper we present a VHDL implementation of the soft output Viterbi algorithm (SOVA). We
discuss the usefulness of the SOVA in a serially concatenated convolutional code (SCCC) system. We
explore various hardware design decisions along with their implications. Finally, we compare the simu-
lated performance of the hardware implementation to a software reference model over an additive white
Gaussian noise (AWGN) channel for several bit widths and traceback window lengths.

INTRODUCTION

In the communication theory world, bit error rate (BER) performance is typically improved by choos-
ing longer and more complex codes. Unfortunately, they are not always implementable in the hardware
available today. Forney first introduced the idea of concatenated codes in [1] as a way of dividing a long
code into smaller, more manageable pieces. His system consisted of inner and outer codes, with the outer
usually being longer and more complex than the inner.

The idea of concatenating multiple convolutional codes was introduced in [2], and was made possi-
ble in part by the the newly-developed soft output Viterbi algorithm (SOVA). An inner SOVA decoder
provides a 1–2 dB gain in BER performance over an inner hard-decision Viterbi decoder [2]. The concate-
nation of convolutional codes was then examined further in [3], in which the name ”serially concatenated
convolutional code” (SCCC) came about.

SCCC systems are very useful in the telemetry world, as they are easily implemented and provide
similar performance to that of some LDPC codes. Before an SCCC decoder can be built, however, the
SOVA must be implemented in a portable way. In this paper, we introduce a VHDL implementation of the
SOVA that can be used in several parts of an SCCC decoder. The following are our contributions:

• We examine the soft output Viterbi algorithm and its required data structures.

• We provide an overview of a particular implementation of the algorithm.

• We simulate the hardware implementation and compare its bit error rate (BER) performance with
that of a software reference decoder.
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Figure 1: Block diagram of the soft output Viterbi algorithm.

SOFT OUTPUT VITERBI ALGORITHM

The Viterbi algorithm (VA) is a widely-used method for maximum likelihood decoding, and its simple
implementation makes it an easy choice in most practical applications. One of its shortcomings, however,
is its inability to provide soft-decision outputs. Significant performance loss is encountered when con-
catenating two VA decoders, as opposed to soft-output decoders. An extension of the Viterbi algorithm,
known as the soft output Viterbi algorithm (SOVA), was introduced in [4] partially as a way to address this
issue. Instead of outputting decoded bits (i.e. hard decisions), the SOVA outputs a soft (or real) reliability
value corresponding to each decoded bit. These soft outputs can then be used by other parts of a system
(such as a serially concatenated convolutional code system) to improve overall performance.

The full SOVA makes use of two input streams and two output streams, as seen in Figure 1. One set of
inputs and outputs corresponds to encoded bit stream, C, while the other set corresponds to the message
bit stream, m. For simplicity, we assume that the m input is not present (i.e. zero) and the C output is not
needed.

This remainder section describes the modified SOVA outlined in [5]. The goal of the SOVA was to
leave the original VA as unchanged as possible, while extending its functionality to allow for soft outputs.
For simplicity, we assume the use of a (5,7) convolutional code, an AWGN channel model, and a decoding
traceback length of T .

Before we explore the algorithm itself, we explore a convolutional code’s trellis, which is critical to the
operation of the SOVA. Figure 2 shows a trellis diagram for a binary, recursive, systematic, rate R = 1/2
convolutional code. To organize the information contained in a trellis, we define the following labels:

• The memory constraint length: ν . The memory constraint length is the number of memory locations
in the convolutional encoder.

• The state index: q. The states are labeled from top to bottom, with q ∈ {0,1, · · · ,2ν − 1}. These
values are a direct mapping from the binary vector stored in an encoder’s memory. Each stage
in a trellis contains a column of starting states and a column of ending states, labeled qS and qE,
respectively.

• The edge index: e. Similar to the state index, the edge index is labeled from top to bottom according
to its exit point from the column of starting states, and takes on the values e ∈ {0,1, · · · ,2ν+1−1}.
The edge index is perhaps the most important value in a trellis stage, as it is used to refer to all the
other values.

• Input and output: m(e)/c(e). Each input into an encoder corresponds to a particular output vector.
This is determined by the current state of the encoder, and also corresponds to a state transition.
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Figure 2: Trellis diagram of a binary, recursive, systematic, rate R = 1/2 convolutional code.

Therefore each edge has its own input and output information, which is determined by the structure
of the code.

The SOVA makes use of many variables and structures to decode a convolutionally encoded sequence,
which we now define:

• The path metrics: MK . At each time step K, a path metric is stored for each state q in the trellis. The
path metric is used to determine which state corresponds to the current maximum likelihood path
through the trellis.

• The edge metric increments: γK . An edge metric increment is calculated for each edge in a trellis
stage, and is combined with the appropriate path metric before arriving at the next set of states.

• The winning edges: WK . The winning (or surviving) edges are those that maximize the merging
metrics.

• The delta values: ∆K . The delta values are the differences between competing path metrics.

• The path decision values: m̂/Ĉ. During the second pass through the trellis, decoded values are
stored in the appropriate path decision stream.

• The reliability values: y/Z. Each path decision is the decoder’s “best guess” at what the original
transmitted bit was, and each reliability represents how confident we are that those path decisions
are correct.

The algorithm makes two passes over the received sequence: one in the forward direction, and one
in the backward direction. The forward pass calculates the path metrics according to the received values
for each time step K ∈ {0, · · · ,N−1}, where N is the length of the received sequence. For simplicity, we
assume an AWGN channel, BPSK modulation, and a coding rate R = k/n.

For each time step, edge metric increments are calculated as

γK(e) =
n−1

∑
i=0

rK[i]a(e)[i], (1)
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where rK contains noisy BPSK-mapped received symbols and a(e) contains BPSK-mapped versions of
c(e) for a particular edge in the trellis. We define a path metric candidate

M(i)
K (q) = MK−1(qS(ei))+ γK(ei), (2)

where i ∈ {1,2} and qE(ei) = q. Therefore each state has two path metric candidates that are compared to
select the updated path metric

MK(q) = max
{

M(1)
K (q), M(2)

K (q)
}
. (3)

The value i = 1 is typically assigned to the winning candidate, with i = 2 being assigned to the losing
candidate. Each time a path metric for state q is updated, the absolute difference between the winning and
losing candidates merging at state q is stored, or

∆K(q) =
∣∣∣M(1)

K (q) − M(2)
K (q)

∣∣∣ . (4)

Winning edges are calculated as

WK(q) = argmax
e:qE(e)=q

{MK−1(qS(e))+ γK(e)} . (5)

At the end of the received sequence, the decoder makes a pass through the information gathered in the
forward pass. This second pass, known as the “traceback” (TB) loop, is where the decoded information
is obtained. We initialize the traceback loop with the state corresponding to the maximum likelihood path
metric at time N−1, or

qTB,N−1 = argmin
q∈{0,1,··· ,2ν−1}

{MN−1(q)}. (6)

We use the time index K again, but this time in reverse order. It is initialized as

K = N−1. (7)

The steps of the traceback loop are as follows:

1. Find the winning edge whose ending state is qTB,K , or

eTB,K =WK(qTB,K), (8)

where WK(qTB,K) returns the winning edge with the ending state qTB,K .

2. Find the path decisions corresponding to eTB,K , or

m̂K = m(eTB,K) (9)
ĉK = c(eTB,K), (10)

where m(eTB,K) and c(eTB,K) return the input and output information contained on the edge eTB,K .

3. Update the reliability values according to the method described in [5]. (We only show the updating
of y, but the update process of Z follows the same steps.)
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Figure 3: A black box view of the SOVA decoder.

• Set the current reliabilities equal to ∆, or yK(q) = ∆k(q).

• Let J loop on the remaining reliabilities, or J ∈ {K−T +1, · · · ,K−1}.

• If m̂(1)
J (q) 6= m̂(2)

J (q), then we update yJ(q) using the equation

yJ(q) = min
{

∆K(q), y(1)J (q)
}

(11)

• If m̂(1)
J (q) = m̂(2)

J (q), then we update yJ(q) using the equation

yJ(q) = min
{

∆K(q)+ y(2)J (q), y(1)J (q)
}

(12)

4. Move to the starting state of the edge eTB,K , or

qTB,K−1 = qS(eTB,K). (13)

5. If K = 0, traceback is done. Otherwise, decrease K by 1 and go back to Step 1.

HARDWARE IMPLEMENTATION

Our SOVA decoder design begins with a look at the inputs and outputs that are encountered by the
algorithm. The information inputs and outputs are soft, real probabilities in the form of log-likelihood
ratios (LLRs). This design assumes quantization using a universal bit width, B, across all elements in the
decoder.

• The information inputs: Pi c1 and Pi c0. These are the quantized versions of rK[1] and rK[0],
which are the a priori LLRs at time K.

• The information outputs: Po c1, Po c0, and Po m. These are the updated a posteriori output
LLRs.

As with most digital hardware, our decoder has a concept of time, the ability to clear its contents,
and the ability to be enabled/disabled. This is accomplished with the following control signals, which are
common among time-sensitive digital hardware:

• The clock signal: CLK. Perhaps the most important control signal in digital hardware, CLK provides
a common time reference to all relevant circuits. All components in this design that require CLK are
sensitive to its rising edge.
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• The reset signal: RST. This design assumes that RST is an active-high, synchronous reset, although
that is not required for a SOVA decoder in general. All registers in this design are set to 0 when
RST is activated.

• The clock enable signal: CE. Each register in this design is controlled by a common, active-high
CE. When disabled, registers do not allow new values to be stored, while maintaining their current
values. This signal is required by outside components to control the flow of information.

In order to manage all of the information needed during the decoding process, we break the design
down into three individual pieces, each responsible for a separate task:

• Metric manager. The metric manager (MM) provides information about the path metrics to all other
units in the decoder. This includes the current winning state, the winning paths at each time step,
and the differences between path metric candidates (∆).

• Hard-decision traceback unit. The hard-decision traceback unit (HTU) accepts information about
the winning paths and updates the path decision vectors as defined by the trellis. It outputs the oldest
path decision in the traceback window, as well as comparisons of path decision candidates.

• Reliability traceback unit. The reliability traceback unit (RTU) is similar to the HTU in that it
accepts information about the winning paths, but it also accepts the four ∆ values being output by
the MM. It uses these two information sources to update the reliabilities for the current path decision
vectors, while it outputs the oldest reliabilities in the traceback window.

These pieces are collectively controlled by the control signals. All addition operations are overflow-
protected in the positive and negative directions by using a minimum and maximum value. A block
diagram of the connected system is shown in Figure 4.

Pi_c1

Pi_c0

CE

CLK
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Metric

Manager

(MM)

Hard-Decision

Traceback

Unit (HTU)

Reliability

Traceback

Unit (RTU)
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Po_m
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Figure 4: The internal structure of the SOVA decoder.
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Index
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Figure 5: A block diagram of the path metric manager.

A. Metric Manager

The metric manager (MM) is responsible for updating, comparing, and storing the path metrics. It
outputs information about the winning paths at each time step, as well as the state index corresponding to
the current maximum likelihood path. It accomplishes this with a set of registers that store the metrics,
while using a metric calculator (MC) to determine what the next set of metrics will be. The MC also
determines winning edges as well as the values of ∆. A block diagram of the MM is shown in Figure 5.
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Figure 6: Block diagram of the traceback unit corresponding to ĉ[1].

B. Hard-Decision Traceback Unit

The hard-decision traceback unit (HTU) is responsible for managing the path decisions that occur
during the decoding process. It accomplishes this using a method of traceback called “register exchange,”
with a traceback window length of T . The typical HTU of a SOVA decoder contains traceback registers
for each of the path decision streams. Our design works around a systematic code, therefore removing the
need for traceback registers corresponding to the information bits. A block diagram of the traceback unit
for ĉ[1] is shown in Figure 6.

C. Reliability Traceback Unit

The reliability traceback unit (RTU) is responsible for storing and updating the reliabilities of the path
decisions. The RTU uses the same traceback window length as the HTU, although instead of maintaining
four length-T registers, the RTU keeps track of four length-T arrays of length-B registers. In other words,
there are four arrays, each with T locations. Each location in an array contains a register with B bits. Since
the HTU only keeps track of path decisions ĉ[1] and ĉ[0], the RTU only maintains the reliabilities z[1] and
z[0]. A block diagram of the traceback unit for z[1] is shown in Figure 7, and the block diagram for the
update process for that unit is shown in Figure 8.

PERFORMANCE RESULTS

The decoder presented in this paper was implemented in VHDL, and was compared with a given
reference decoder written in MATLAB, which was known to be accurate. MATLAB was used to generate
noisy, encoded streams of data, which were then quantized using a common bit width, B. A bit error rate
(BER) comparison was done using only the information bit decisions (i.e. m̂ or ĉ[1]), meaning the LLR
outputs of each decoder were mapped to 0’s and 1’s.

Each simulation was run over a minimum of 1,000,000 transmitted bits, with a requirement of at least
100 bit errors after decoding. While these values are on the low end of what can be used to generate an

7



array0

array1

array2

array3

w0
w1
w2
w3

CTRL

tb0

tb1

tb2

tb3

d0
d1
d2
d3

c1_hat0_xor
c1_hat1_xor
c1_hat2_xor
c1_hat3_xor

x0
x1
x2
x3

w0

Update

d0

tb0

z1_0
tb0[0]

x0

w1

Update

d1

tb1

z1_1
tb1[0]

x1

w2

Update

d2

tb2

z1_2
tb2[0]

x2

w3

Update

d3

tb3

z1_3
tb3[0]

x3
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Table 1: Hardware metrics of the SOVA decoder for the bit width B = 8.

T Slices Occupied (%) Maximum Clock Frequency (MHz)
8 6.111 143.369

16 11.817 143.390

“accurate” BER plot, they are sufficient for determining whether or not the VHDL decoder is performing
as expected, since both decoders operate on the same noisy data. Figure 9 shows the results of simulations
over various bit widths with a traceback length of T = 8. Figure 10 shows the results of simulations over
various bit widths with a traceback length of T = 16.

The VHDL used to define the SOVA decoder was synthesized, mapped, and routed for use on the
XC5VLX110T FPGA, which is a member of Xilinx’s Virtex-5 family. The processing was done using the
Xilinx ISE design tools. Table 1 shows the results of the building of this design with the traceback lengths
T ∈ {8, 16}.

CONCLUSIONS / FUTURE WORK

The results of the simulations indicate that the VHDL decoder presented in this paper successfully
performs the soft output Viterbi algorithm. Our design provides the framework for a general purpose
SOVA decoder that can be used in a serially concatenated convolutional code (SCCC) system.

Our decoder implementation was built using a software-based approach. Work can be done in the
future to improve the speed of the decoder, however doing so would require the design to be less portable.
In the future, we plan to integrate this design with an SOQPSK-TG demodulator to create a SCCC de-
coder. The resulting system, when run over many iterations, obtains performance approaching the Shannon
Limit.
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Figure 9: Plot of simulated bit error rate for T = 8.
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ABSTRACT

High data rate communication between airborne vehicles andground stations over the bandwidth
constrained Aeronautical Telemetry channel is attributedto the development of bandwidth effi-
cient Advanced Range Telemetry (ARTM) waveforms. This communication takes place over a
multipath channel consisting of two components - a line of sight and one or more ground reflected
paths which result in frequency selective fading. We concentrate on the ARTM SOQPSK-
TG transmit waveform suite and decode information bits using the reduced complexity Viterbi
algorithm. Two different methodologies are proposed to implement reduced complexity Viterbi
decoders in multipath channels. The first method jointly equalizes the channel and decodes the
information bits using the reduced complexity Viterbi algorithm while the second method utilizes
the minimum mean square error equalizer prior to applying the Viterbi decoder. An extensive
numerical study is performed in comparing the performance of the above methodologies. We
also demonstrate the performance gain offered by our reduced complexity Viterbi decoders over
the existing linear receiver. In the numerical study, both perfect and estimated channel state
information are considered.

KEY WORDS

Aeronautical Telemetry, Channel Equalization, Reduced complexity Viterbi decoders and Mini-
mum Variance Unbiased Estimator

INTRODUCTION

The technology used in aeronautical telemetry has become more and more sophisticated over
the years. The complexity of this technology is primarily due to the increased data rates within
a limited frequency spectrum over a dynamic wireless channel. The data rates have increased
from 100Kbps to 10-20Mbps. Such a rise in data rates called for: 1) more spectrally efficient
waveforms for the data transmission from the aircraft and 2)techniques to reduce multipath
interference (MPI) due to frequency selective nature of thechannel.

Frequency modulation (FM) with data encoding using pulse coded modulation (PCM) which has
been the dominant carrier modulation for several years proved inadequate in terms of spectral
efficiency. The search for more spectrally efficient waveforms initially led to the design of two
basic waveform suites namely Feher-patented Quadrature Phase Shift Keying (FQPSK) [4] and
Shaped Offset Quadrature Phase Shift Keying (SOQPSK) [5]. Later, variants for these wave-
forms (FQPSK-B, FQPSK-JR, SOQPSK-TG) were developed which are classified as Advanced
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Range Telemetry (ARTM) Tier-I modulation schemes. However,migrating from a low data rate
transmission to a high data rate transmission resulted in pronounced wireless channel-effects.

The aeronautical telemetry channel is characterized by twocomponents: a line of sight (LOS)
path and one or more ground reflected paths. Numerous experimental results from test sites
confirm the presence of a strong single bounce MPI [2] which was later standardized as the
wideband telemetry channel [3]. Because of the high data rate, the channel becomes frequency
selective over the signal bandwidth. This results in data loss. Hence, prior to bit detection at the
receiver, there is a need to equalize the channel to improve the detection performance. There
are two ways of equalization: 1) Estimation of the channel state information (CSI) followed by
equalization using this CSI, or 2) Equalization without an explicit estimation.

Channel equalization without explicit channel estimation has been investigated in literature. Rice
et al. applied adaptive equalization based on constant modulus algorithm (CMA) and the decision-
feedback minimum mean squared error (DF-MMSE) [6], while Popescu et al. employed an
adaptive equalization procedure based on Kalman filter [7].These adaptive equalizers are based on
the training sequence error. It is seen that neither of theseequalizers is able to give an acceptable
performance in terms of BER in the presence of MPI. The result in [8] demonstrates that, non-
linearity of the channel phase is the cause for data loss and none of the above equalizers are
capable of restoring the phase coherence between the transmitted and received signals corrupted
by the telemetry channel. This motivated research in the other direction - estimating CSI followed
by equalization. Ian et al. [9] proposed a pilot-aided channel estimation procedure based on
minimum variance unbiased (MVU) estimator for joint estimation of channel parameters. With
the estimated channel parameters, channel equalization isperformed using minimum mean square
error (MMSE) or direct channel inversion (DCI) equalizers. The results in [9] prove that, the
estimation followed by equalization is efficient in removing the channel phase corruption.

The focus of this work is to evaluate the performance of the estimation followed by the equal-
ization methodology with reduced complexity Viterbi decoders [10] and [11]. We propose two
different schemes for performing channel equalization using reduced complexity Viterbi decoders:
1) Channel estimation based on MVU estimator followed by joint equalization and detection and
2) Channel estimation based on MVU estimator followed by MMSEequalization and subsequent
detection. The performance of the proposed schemes is evaluated against each other and with
[9].

SYSTEM MODEL

SOQPSK-TG waveform suite

In this work, we concentrate on SOQPSK-TG waveform suite forthe transmitted waveform. In
general, SOQPSK is a Continuous Phase Modulation (CPM) waveform suite that is a variant of
Minimum Phase Shift Keying (MSK). SOQPSK-TG (Telemetry Group) is a form of SOQPSK,
which differs in the frequency shaping pulse [1] from SOQPSK-MIL (Military). It may be
represented as a partial-response, ternary CPM scheme by

s(t; α) = exp[j(φ(t, α) + φ0)], (1)

with the phaseφ(t, α) given by
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φ(t, α) = π
∫ t

−∞

∑

m

αmg(τ − mT )dτ = π
∑

m

αmq(t − mT ), (2)

whereαm is the information symbol for bit indexm, T is the duration of eachαm, g(t) is the
frequency shaping pulse of lengthLT andq(t) is the phase pulse thought of as the time-integral
of g(t). WhenL = 1, the signal is full-response and whenL > 1, it is partial response. Without
the loss of generality, we assumeφ0 = 0. The information symbols are generated by

αm = (−1)m+1
[am−1(am − am−2)

2

]

, (3)

wheream ∈ {−1, 1} are the input bits. The frequency shaping pulseg(t) is a spectral raised
cosine pulse windowed by a temporal raised cosine pulse function with the parameters defined
in [1]. This frequency pulse helps achieving the desired spectral efficiency.

Wideband telemetry channel

The ground based receiver receives a corrupted version of (1) sent by an airborne transmitter.
This corruption is due to the aeronautical telemetry channel. This channel is accurately modeled
as a two ray model with a line of site path combined with a ground reflected single-bounce
multipath [3]. The received signal is given as

r(t) = h(t) ⊗ s(t) + w(t), (4)

wherew(t) is the Complex Additive White Gaussian Noise (CAWGN) with mean0 and variance
σ2, h(t) is the realization of the aeronautical telemetry channel and ⊗ represents convolution.
This continuous time channel model as defined in [3] is given by

h(t) = Γ0δ(t) + Γ1δ(t − τ1), (5)

whereΓ0 is the complex LOS path gain,Γ1 is the single-bounce multipath complex gain andτ1

is delay of the multipath relative to the LOS path. Typical values for these channel parameters
are |β/α| ∈ [0.7, 1.0], ∠Γ0 ∈ (0, 2π), ∠Γ1 ∈ (0, 2π) and τ1 ∈ [20, 100]ns. When (4) is sampled
above the Nyquist rate determined froms(t), the discrete version of the received signal is given
by

r[n] = h[n] ⊗ s[n] + w[n], (6)

with h[n] = Γ0δ[n] + Γ1δ[n− τ ], τ representing the relative single bounce delay in terms of the
received samples as determined by the transmit symbol rate and the receiver sampling frequency
i.e. if the bit rate isR and the sampling rate isfs, thenτ = dτ1fsR/2e.
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In our work, we consider the bit rate of the transmitted SOQPSK-TG signal asR = 10Mbps and
the sampling rate of the received signal asfs = 10 samples/symbol. According to this sampling
rate, the value of multipath delay,τ ∈ [1, 5].

Reduced complexity Viterbi decoders

The complexity reduction in the Viterbi decoders comes fromviewing SOQPSK-TG from CPM
standpoint. Being a CPM signal, the optimal detection of SOQPSK-TG signals need a multi-
symbol trellis decision tree [12]. Due to a memory of 8 symbolperiods in SOQPSK-TG, the
number of states in the trellis is huge (i.e 512). Hence, the implementation of an optimal
trellis detector architecture for SOQPSK-TG is impractical. It has been shown that [14], using
am−1, am−2 and m-even/m-odd as state variables, SOQPSK-MIL can be described by a time-
varying four state trellis with different sections form-even andm-odd. The four state trellis
diagram is given in Fig. 1 Therefore, in order to use the same trellis representation for detecting
SOQPSK-TG, two techniques have been explored in literature: Pulse Amplitude Modulation
(PAM) approximation in [10] and Pulse Truncation (PT) technique in [11]. It is further established
from the four state trellis diagram that, the relation between the trellis state values and the phase
state values is one-to-one [10]. The trellis state values00, 01, 10, 11 map to the phase state values
3π/2, π, 0, π/2 respectively. Note that phase states refer to the values of the phases accumulated
till the time mT .

Fig. 1. 4-state time varying trellis

Viterbi decoders based on PAM approximation:

The PAM approximation of SOQPSK-TG [10] can be written as

s(t; α) ≈
∑

m

ejθm−1b0,mg0(t − mT ) +
∑

m

ejθm−1b1,mg1(t − mT ), (7)

where ejθm−1 represents the phase state that maps to one of the four statesin the trellis, b0,i,
b1,i are called the pseudosymbols that map to the information symbols αm and g0(t), g1(t) are
known asprincipal pulses as defined in [10]. The two pseudosymbols in (7) are given by

b0,m = ejπαm/2, b1,m =
1

2
(ejπγ1,m/4 + ejπγ0,m/4). (8)
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The binary antipodal digitsγ1,m ∈ {±1} and γ0,m ∈ {±1} are related to the ternary symbol
αm ∈ {−1, 0, 1} by αm = 1

2
(γ1,i + γ0,i). Whenγ1,m = γ0,m, the valuesαm = ±1 are achieved.

Whenγ1,m = −γ0,m or γ0,m = −γ1,m, the valueαm = 0 is achieved. The pulsesg0(t) andg1(t)
serve as match filters in the detector, where the sampled match filter output is

yk(m) =
∫ (m+L+1−k)T

mT
r(t)gk(t − mT )dt; 0 ≤ k ≤ 1. (9)

As defined in [10], these matched filter outputs are used to compute the PAM-based branch
metric increment given by

zl,m = Re
[

e−jθ[Pl]
1

∑

k=0

yk(m)(bl
k,m)∗

]

, (10)

where l ∈ {0, ..., 7} represents the index for the 8 branches in the trellis,Pl ∈ {0, 1, 2, 3}
represents the phase state index for the corresponding starting stateSl ∈ {00, 01, 10, 11}, bl

k,m

are the branch pseudo-symbols and(·)∗ is the complex conjugate. This branch metric increment
is used in the Viterbi algorithm [13, Ch. 7], as in

λm+1(El) = λm(Sl) + zl,m, (11)

where El ∈ {00, 01, 10, 11} represents the ending state for thel-th branch andλm(·) is the
cumulative metric for a given state at indexm.

Viterbi decoders based on PT technique:

An alternative approach to complexity reduction is to use truncated frequency pulses spanning
only over a lengthT (one symbol time) in the Viterbi decoder. The basis for truncating the
frequency pulses is that the long frequency pulses are near-zero for a significant portion of their
duration. The modified phase pulse being

qPT(t) =











0; t < 0,
q(t + (L − 1)T/2); 0 ≤ t ≤ T,
1/2; t > T.

(12)

This approximation of the phase pulse makes it behave like a full-response pulse. Hence, the four
state trellis standardized for SOQPSK-MIL can be used for detection of SOQPSK-TG signals
too. The sampled matched filter output using the PT-technique is

y(m) =
∫ (m+1)T

mT
r(t)e−jπαl

mqPT (t−mT )dt, (13)

whereαl
m represents the branch information symbol at bit indexm for branchl in the trellis.
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The PT-based increment and the cumulative metric in the Viterbi algorithm is defined by

zl,m = Re
[

e−jθ[Pl]y(m)
]

,

λm+1(El) = λm(Sl) + zl,m. (14)

CHANNEL ESTIMATION AND EQUALIZATION

This section explains the channel estimation algorithm followed by the channel equalization
techniques.

Estimation Algorithm

In this section, we describe the Pilot-Aided Channel Estimation Procedure [9] which is based on
Minimum Variance Unbiased (MVU) estimator to extract the channel from a sequence of received
pilot symbols. The estimation algorithm will output the estimate ĥ[n] = Γ̂0δ[n] + Γ̂1δ[n − τ̂ ],
whereΓ̂0 is an estimate of the line of sight component,Γ̂1 is an estimate of the non-line of sight
component and̂τ is an estimate of the multipath delay.

It is assumed that, a block of symbols is transmitted which contains contiguous pilot symbols
concatenated with a stream of contiguous data symbols. The pilot symbols are known at the
receiver and will be used for the purpose of the channel estimation. The estimated channel
parameters will be used for equalizing the data symbols. It is assumed that, the channel remains
coherent within this block of symbols. After sampling at thereceiver, the received training
sequence is given as

rp[n] = Γ0sp[n] + Γ1sp[n − τ ] + wp[n]; n = 0, 1, ...(Np − 1),

whereNp is the number of samples in the training sequence. TermΓ0 andΓ1 are the true channel
coefficients andτ is the true multipath delay.

In the algorithm, for every possible value of the multipath delay, the complex channel gain coeffi-
cients are jointly estimated by the MVU estimator [15] and the corresponding mean square error
(MSE) between the received pilot symbols and the proposed signal with estimated parameters is
evaluated. The value of the multipath delay that results in minimum MSE is the final mulitpath
delay estimate. The estimates of the complex channel gains correspond the MVU estimator with
the final multipath delay estimate. If∆max denotes the maximum possible multipath delay,Γ̂0,
Γ̂1 are the final complex channel gain estimates andεmin is the minimum MSE, the pseudo-code
of the algorithm can be shown as,

Initialize τ̂ , Γ̂0, Γ̂1 to 0 andεmin → ∞
for i = 1 to ∆max do
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Jointly estimateΓ̂i
0 and Γ̂i

1

Calculateεi

if εi < εmin

εmin = εi, τ̂ = i, Γ̂0 = Γ̂i
0 and Γ̂1 = Γ̂i

1

end if
end for

Channel Equalization

The two channel equalization methodologies for reduced complexity Viterbi decoders are ex-
plained below:

Joint Viterbi Equalization (JVE)

JVE refers to combined equalization and detection, after anexplicit channel estimation. The de-
tection of information sequence in Viterbi algorithm involves finding the branch metric increment
after each duration ofmT , wherem is the bit index. The branch metric increment is used in
the algorithm to calculate the cumulative metric atmT . This cumulative metric is then used
to reduce the number of possible paths in the trellis at eachmT . The branch metric increment
calculation includes matched filtering. From the description of the branch metric increment for
reduced complexity techniques, (9) and (13), the received sequence is first correlated with the
truncated pulse (in PT technique) or the principal pulses (in PAM approximation). This is followed
by building the corresponding branch metric increment. Thetruncated pulse and the principal
pulses can be assumed as actual signals(t) and are utilized in the match filters. Since the received
signal r(t) is a convoluted version of the actual signal (i.e.h(t) ⊗ s(t)) along with CAWGN,
the structure of the matched filters need to be modified in order to directly handle the received
signal. Therefore, instead of the matched filters consisting just the truncated pulse or the principal
pulses, we replace them with the convolution of channel response and the related pulses. Hence,
the matched filters in (9) and (13) are modified to

ȳk(m) =
∫ (m+L+1−k)T

mT
r(t)

[

h∗(t) ⊗ gk(t − mT )
]

dt; 0 ≤ k ≤ 1, (15)

ȳ(m) =
∫ (m+1)T

mT
r(t)

[

h∗(t) ⊗ e−jπαl
mqPT (t−mT )

]

dt. (16)

ȳk(m) and ȳ(m) replace yk(m) and y(m) in the equations (10) and (14) to calculate the
branch metric increments for Viterbi decoders based on PAM approximation and PT technique
respectively.

MMSE Equalization based receiver

Unlike JVE, MMSE equalization based receiver performs explicit channel equalization prior to bit
detection. In this paper, we consider MMSE filter in the frequency domain [9], which minimizes
the error cost function
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J = E{||S(ω) − F ∗(ω)R(ω)||2}, (17)

through optimal selection of the linear filterF ∗(ω), whereR(ω) = S(ω)H(ω) + W (ω) is the
frequency domain representation of (4). TermsR(ω), S(ω), H(ω) andW (ω) are the frequency
domain representations ofr[n], s[n], h[n] andw[n] respectively. The optimal linear filter is given
by

Fopt(ω) =
E{|S(ω)|2}H(ω)

E{|S(ω)|2}|H(ω)|2 + σ2
. (18)

In [9], E{|S(ω)|2} is approximated by the ensemble average of|S(ω)|2. H(ω) is the frequency
domain representation of the final estimated channel. The MMSE equalization output is given as

ropt(n) = IFFT{F ∗

opt(ω)R(ω)}. (19)

To perform the equalization, the received sequence is divided into blocks of lengthNFFT and
each block is transformed into frequency domain using the Fast Fourier Transform (FFT). Then,
the resultant blocks are multiplied by the MMSE filterF ∗

opt(ω) and inversed using Inverse Fast
Fourier Transform (IFFT) to obtain the sampled domain equalization sequence.

SIMULATION RESULTS

Equalization performance for all the equalization strategies depend on the accuracy of the channel
parameter estimates output from the channel estimation algorithm. For the purpose of comparison
with the previous work [9], the number of pilot symbols for the estimation algorithm is maintained
as 20. Fig. 2 compares the BER of the PAM based JVE against both the MMSE equalization
based receivers i.e sub optimal symbol by symbol detector [9] and near optimal PAM based
Viterbi decoder. Fig. 3 contrasts the BER of PT based JVE with both the MMSE equalization
based receivers. In the above figures, JVE and MMSE equalization filter with Viterbi decoders
greatly outperform MMSE equalization with symbol- by-symbol detector. Furthermore, from the
above figures it can be noticed that, for both the PAM/PT basedViterbi decoders, the MMSE
equalization filter performs at par with JVE. It can also be observed that the performance of
PAM based Viterbi decoder is better than the PT based Viterbidecoder which complies with the
observation in [16] for non-MPI channels.

CONCLUSION

Data sent by an airborne transmitter to a ground based receiver undergoes corruption because
of the multipath introduced by the aeronautical telemetry channel. This necessitates channel
equalization at the receiver. Equalizers solely based on pilot sequence error fail to give acceptable
performance in terms of BER. Pilot based channel estimation followed by MMSE or DCI channel
equalization improves the BER. In this paper, two different methodologies for channel equaliza-
tion with reduced complexity Viterbi decoders are investigated for a SOQPSK-TG waveform suite.
The first method jointly equalizes the channel and decodes the information bits using the reduced
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Fig. 2. BER with JVE and MMSE equalization (with PAM based Viterbi decoder/symbol-by-symbol detector). All equalizers
use 20 pilot symbols. Simulation parameters include SNR = 5dB,|Γ0| = 1, |Γ1| = 0.7 andτ = 1.
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Fig. 3. BER with JVE and MMSE equalization (with PT based Viterbi decoder/symbol-by-symbol detector). All equalizers use
20 pilot symbols. Simulation parameters include SNR = 5dB,|Γ0| = 1, |Γ1| = 0.7 andτ = 1.

complexity Viterbi algorithm while the second method performs MMSE equalization prior to bit
detection. Both the complexity reduction approaches - PAM approximation and Pulse Truncation
technique have been considered for both the equalization methodologies. It is demonstrated that
both the joint Viterbi equalization and the MMSE equalization for reduced complexity Viterbi
decoders exhibit almost identical performance and significantly outperform MMSE equalization
with Symbol-by-Symbol detector. In addition, it is observed that the decoders based on PAM
approximation have slightly better BER performance than their PT counterpart.
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1 ABSTRACT 

In this article we show how phase noise and demodulator complexity define the potential 
performance of high data rate telemetry receivers for ARTM continuous phase modulation 
(ARTM CPM) signals.  Given a level of phase noise and demodulator complexity, we can 
predict the potential performance of a receiver.  We also provide the results of actual receiver 
performance measurements (obtained using RCB-4000 Telemetry Receiver). 

We develop a simplified analytical model for an ARTM CPM signal transmission and present 
the resulting equation for phase increment difference between close signal sequences.  The 
analysis of demodulator performance deterioration due to inter-symbol interference and due to 
receiver phase noise is then provided.  Actual receiver phase noise data is included and is used to 
analyze demodulator performance. 

 

2 SIGNAL 

In ARTM CPM, the data to transmit forms a sequence of symbols, or a data vector, 

 𝐴 = {𝑎�∞, … , 𝑎��, … ,𝑎�� , … ,𝑎�, … ,𝑎� , …  , 𝑎�, … ,𝑎∞},    (2.1) 
With the symbols mapped to a 4-element alphabet, 

𝐴� = {−𝑎��,−𝑎��, 𝑎��,   𝑎��}        (2.2) 

where  𝑎�� = 1,𝑎�� = 3,      

with 𝑎�∞ and 𝑎∞ being the symbols at the very beginning and end of the infinite transmission 
process, and, 𝑎��  and 𝑎�  are the symbols at beginning and end of the subsequence used for 
analysis (when it is not practical or possible to consider the entire infinite data sequence).   
Within the analysis subsequence, 𝑎�  is a current or central symbol, and, 𝑎��  and 𝑎�  are the 
leftmost and rightmost symbols of the subsequence.  For a single symbol demodulator both L = 0 
and R = 0, for a decision directed demodulator L = 0 and R>0, and for a multi-symbol 
demodulator L>0 and R>0, where L is the number of stored symbols received previously, and R 
is the number of symbols used for the decision making that are transmitted after central symbol. 



2 
 

We begin the subsequence analysis by introducing the following correspondence between time t, 
symbol period T, and symbol number n, 

𝑛 = ��
�
� ,−∞ < 𝑡 < ∞        (2.3) 

  
The symbols are initially independent, but require infinite bandwidth for undistorted 
transmission.  A Bessel filter of the 3rd order with a 3 dB cutoff frequency at 0.7 may be used for 
pulse shaping to limit the required bandwidth.  Raised cosine pulse shaping with a 3 symbol 
response time and 0.5 roll off factor (required by IRIG for CPM and other modulation types [1]) 
is also utilized.  Pulse shaping introduces correlation between symbols.  Even for a raised cosine 
response, the only inter-symbol correlation is in the neighborhood of the middle point of each 
symbol.  
 

Table 1  First 5 symbols after Bessel filter compared to leaky integrator. 

Bessel Leaky Integrator Difference Relative error 
for first 5 
symbols 

0.9324 0.9324 0 
0.06848 0.06303 0.00545 

-0.0009682 0.004261 -0.0052292  
-2.39E-05     

 
0.00006484 0.000288 -0.0002232 

-0.000002068 0.00001947 -2.154E-05 

 
Table 2  First 5 symbols after RC filter compared to leaky integrator. 

RC Leaky Integrator Difference Relative error 
for first 5 
symbols 

0.9292 0.9292 0 
0.1189 0.06579 0.05311 

-0.002625 0.004658 -0.007283  
0.040028 

 
-0.00472 0.0003298 -0.0050498 

-0.0007263 0.00002335 -7.497E-04 

 
After pulse shaping the inter-symbol correlation k equals 0.07, or 7%.   Table 1 and Table 2 
show the response coefficients for the first 5 symbol intervals of both filters and their 
approximations.  For our analysis, with accuracy within about 4%, both the Bessel and raised 
cosine pulse shaping can be replaced by a normalized leaky integrator with feedback gain equal 
to k. 
The modulation index alternates with each symbol.  For a lower modulation index at a central 
position, the phase increment for symbol 𝑎� is, 

𝑠� = 𝜋ℎ(1 − 𝑘)∑ (1 + ∆ℎ(���)����)𝑎�∞
���∞ 𝑘|���|    (2.4) 

 

For a higher modulation index at central position, the phase increment for symbol 𝑎� is, 
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𝑠�� = 𝜋ℎ(1 − 𝑘)∑ (1 + ∆ℎ(�����)����)𝑎�∞
���∞ 𝑘|���|,   (2.5) 

 

where ℎ is the lower modulation index, and, ∆ℎ, is the modulation index ratio. 
 
The subsequent phase increments are accumulated into the instantaneous phase of the baseband 
signal.  The modulated signal is then frequency up-converted and sent to the receiver.  The phase 
increment sample corresponding to each symbol can be then be represented as, 
 

𝑆� = 𝑒� ∑ ���
���∞         (2.6) 

 

3 INTER-SYMBOL INTERFERENCE EFFECT 

Demodulators are characterized by their ability to distinguish between the two closest signals 
from all possible signals that can be transmitted.  Reception is impossible when these signals 
become indistinguishable from each other. 
We will define general expression for minimum phase increment difference between two 
adjacent central symbols of two signals affected by the inter-symbol interference with a 
correlation k between symbols. 
The closest sequences are the sequences that differ from each other by only one symbol.  Inter-
symbol interference makes this phase increment difference even closer.  The sequences can be 
defined as follows:  

𝐴 = {𝑎�∞, … , 𝑎��, … ,𝑎�� , … ,𝑎�, … ,𝑎� , …  , 𝑎�, … ,𝑎∞},   (3.1) 
and  

𝐵�⃗ = {𝑏�∞, … , 𝑏��, … , 𝑏�� , … , 𝑏�, … , 𝑏�, …  , 𝑏�, … , 𝑏∞}    (3.2) 
 
with the following relationship between their corresponding symbols: 

1) Tail symbols 𝑎�∞ to  𝑎���� , and  𝑎��� to 𝑎∞ are not seen by the demodulator and are as 
different as possible from 𝑏�∞ to  𝑏���� , and  𝑏��� to 𝑏∞.  Therefore we assign all ‘a’ = -
3, and all ‘b’ = 3. 

2) Central symbols must be different, but closest to each other, i.e. adjacent in the symbol 
alphabet, and as far as possible from their tail symbols.  Therefore 𝑎� = 1 and 𝑏� = −1. 

3) All symbols between and including symbols with indexes from –L to R, except central 
symbols, are seen by the demodulator and therefore can have any value, but, all a and b 
with the same indexes must be equal to each other to satisfy the requirement to minimize 
the distance between sequences. 

4) The modulation index is minimal at the central position, i.e. it is h for the symbol 𝑎�. 
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In this case normalized phase increments of each sequence at position n would be, 

𝑠�(𝐴) = 𝜋ℎ∑ �1 + ∆ℎ(�����)�����𝑎�∞
���∞ 𝑘|���|        (3.3)   

      

𝑠�(𝐵) = 𝜋ℎ∑ �1 + ∆ℎ(�����)�����𝑏�∞
���∞ 𝑘|���|        (3.4)  

 
While the phase increment difference between the sequences at position n would be, 

∆𝑠� = 𝑠�(𝐴) −  𝑠�(𝐵) = 2𝜋ℎ �𝑘|�| − 3 �( 𝑘|�����| +  𝑘|�����|)(1 + ∆ℎ �
(���)

)��        

          (3.5) 
 
Formula 3.5, above, demonstrates how inter-symbol interference decreases the phase increment 
difference.  If only elements of the compared sequences A and B in the [-N, … , N] interval are 
examined, the phase difference estimation is defined as, 
 

∆𝑠�([−𝑁,𝑁]) = 𝑠�(𝐴([−𝑁,𝑁])) −  𝑠�(𝐵([−𝑁,𝑁])) = 2𝜋ℎ �𝑘|�| − 3 �( 𝑘|�����| +

 𝑘|�����|)(1− 𝑘� + ∆ℎ �����

(���)
)��  (3.6) 

 
The relative phase increment error due to not using an infinite number of symbols is then, 

𝑟� = ∆��([��,�])� ∆��
∆��

= ����( �|�����|� �|�����|)(������∆�)

�|�|��|�|������ �|�����|� �|�����|�(��∆�)�
    (3.7) 

 
Assuming that symbol synchronization is working correctly, the phase difference between 
central symbols of the sequences A and B (at  𝑎�  and 𝑏� ) is equal to ∆𝑠� , and the phase 
differences between the positions away from n=0 will be equal to the difference between the sum 
of increments from 0 to the absolute number of the corresponding symbol position.  Therefore 
phase difference for the sequences A and B at position n becomes, 
 

∆𝜑�([−𝑁,𝑁]) = ∑ �∆𝑠�([−𝑁,𝑁])�|�|
��� =

2𝜋ℎ ���|�|��

���
− 6𝜋ℎ �1− 𝑘� + ∆ℎ �����

(���)
� �∑  𝑘|���|��|�|

��� +  ∑  𝑘|���|��|�|
��� �   

(3.8) 
 
For the infinite sequence (3.8) becomes, 
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∆𝜑� = ∑ (∆𝑠�)
|�|
��� = 2𝜋ℎ ���|�|��

���
− 6𝜋ℎ �1 + ∆ℎ �

(���)
� �∑  𝑘|���|��|�|

��� +  ∑  𝑘|���|��|�|
��� �  

(3.9) 
 
and, the relative phase difference error is then, 

𝑅� = ∆��([��,�])� ∆��
∆��

=
��� ���∆� ���

(���)�

���|�|��

(���)�∑  �|���|��|�|
��� � ∑  �|���|��|�|

��� �
����� ���∆����

��
(���) �

  (3.10) 

 
With N more than 20, the relative errors associated with equations 3.7 and 3.10 decrease rapidly 
and become negligibly small.  Therefore equation 3.5 can be used, instead of equation 3.8, to 
calculate phase difference. 

The demodulator distinguishes between symbol 𝑎� and 𝑏� = −𝑎� by comparing absolute values 
of the correlation between received signal samples and expected template samples generated by 
the symbol sequences, 

𝐴𝑡����⃗ = {𝑎�� , … ,𝑎��,𝑎�,  𝑎�, … , 𝑎�},      (3.11) 

and  

𝐵𝑡����⃗ = {𝑎�� , … ,𝑎��,−𝑎�,  𝑎�,, … , 𝑎�}       (3.12) 

 
The correlation is a normalized absolute value of the scalar product of complex signal samples to 
complex conjugate samples corresponding to the truncated sequences At and Bt. 
Since the maximum difference will be observed at the central position, it is fair to expect that the 
logarithm of the sum of exponents will be very close to the phase difference in the middle of the 
sequence which, according to equation 3.9 is, 
 

∆𝜑� = 2𝜋ℎ − 6𝜋ℎ𝑘 �1 + ∆ℎ �
(���)

� � 𝑘|�| +   𝑘|�|�      (3.13) 

 
The performance then depends on the length and position of the interval [-L; R].  The relative 
performance deterioration due to inter-symbol interference is, 
 

𝐷(𝐿,𝑅) = ����∆��
���

= 1 − 3𝑘 �1 + ∆ℎ �
(���)

� � 𝑘|�| +   𝑘|�|�    (3.14) 

 
In decibel scale equation 3.14 can be represented as, 

𝐷(𝐿,𝑅)�� = 10𝑙𝑜𝑔��(1 − 3𝑘 �1 + ∆ℎ �
(���)

� � 𝑘|�| +   𝑘|�|�)   (3.15) 
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Notice equation 3.15 is a powerful tool for characterizing any ARTM CPM demodulator 
architecture performance.  
 

4 PHASE NOISE EFFECT 

It is necessary to consider the contribution of phase noise to the performance deterioration.  The 
expression of the phase noise in phase jitter notation is provided in [2]: 

𝜑��� ≈ �2 ∙ 10
�������(��������������)

��      (4.1) 

 

where  𝐴� = 10
����
�� ∙ (10��� − 10�) + �

�
(10

����
�� − 10

��
��) ∙ (10��� − 10�) 

𝑆� is phase noise at frequency offset 10� Hz. 
 
 

 
Figure 1  Phase noise curves for Tier – I, Tier – II, and upgraded RCB-4000 receiver. 
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Figure 1 shows phase noise values, 𝑆�, required for Tier–I, Tier–II [1],  receivers as well as the 
measured values for an upgraded RCB-4000 receiver with the C-band (4400 – 5150 MHz) 
module as shown in Appendix A. 
 

With phase noise, the minimum phase difference between symbol sequences - ∆𝜑� (eq. 3.13) 
becomes smaller by the phase jitter term 𝜑��� (eq. 4.1), so that the phase difference (eq. 3.13) 
and the relative phase difference in decibels (eq. 3.15) becomes, 
 
Phase difference: 

 ∆𝜑� ≈ 2𝜋ℎ − 6𝜋ℎ𝑘 �1 + ∆ℎ �
(���)

� � 𝑘|�| +   𝑘|�|� − 𝜑���     (4.2) 

Relative error (dB): 

 𝐷(𝐿,𝑅)�� ≈ 10𝑙𝑜𝑔��(1 − 3𝑘 �1 + ∆ℎ �
(���)

� � 𝑘|�| +   𝑘|�|� − ����
��

)    

(4.3) 
 
Figure 2 illustrates how the ideal performance differs from the achieved performance under 
varying conditions at a C/N ratio that maximizes the difference between curves.  (The receiver 
performance will not depend on h, k, L, or R for no noise and likewise for infinite noise.)  
Beginning with Figure 2 (a), the upper left chart shows that, at the expected inter-symbol 
interference level of 7 %, the single symbol demodulator performance is 3.2 dB below ideal. 
Demodulators using past decisions perform better, but even using an infinite number of 
previously received symbols this demodulator type will still be 1.3 dB below ideal.  Multi-
symbol demodulators show nearly optimal performance when the number of symbols is equal to 
or greater than 5, and, even the 3-symbol demodulator can be just 0.2 to 0.3 dB below optimal. 
The upper right chart, Figure 2(b), shows the same data taken for a heavier inter-symbol 
interference of 15 %.  In this case the significance of using multi-symbol demodulators is much 
higher, since the decision-directed demodulator performs 3.7 dB below optimal while a single-
symbol demodulator is at 10dB below optimal. 
Figure 2 (d) below illustrates that the performance deterioration for single-symbol vs. multi-
symbol demodulator is directly proportional to the ratio between low and high modulation index. 
Finally, Figure 2 (c) demonstrates the effect of phase noise.  The bottom curve, of Figure 2(c) 
(which actually shows two overlapped curves for Tier-I and Tier-II) illustrates how the 
performance deteriorates when the phase noise curve satisfies the minimum ARTM Tier-II [2] 
requirements.  It is obvious that even with an ideal demodulator of arbitrary complexity, 
performance will be at least 0.5 dB below ideal.  The top curve, Figure 2 (c) represents the 
performance of an RCB-4000 receiver with C-band upgrade module.  
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Figure 2  Clockwise from top left: (a) dependence of demodulator performance on 

demodulator complexity, (b) inter-symbol interference level, (c) receiver phase noise, and 
(d) high to low modulation index ratio. 

 

5 CONCLUSION 

In this work it was shown that phase noise and demodulator architecture put significant 
constraints on ARTM CPM signal receiver performance.  As expected the best results are 
achieved for receivers with phase noise curve significantly below the ARTM Tier-II 
requirements for small frequency offsets and a multi-symbol demodulator performs better than a 
single symbol demodulator.  One way to view this is in terms of receiver complexity.  Others 
have shown [3] that a large reduction in receiver complexity can be traded for a small 
performance degradation.  A receiver with the phase noise performance of the RCB-4000 can be 
combined with a reduced complexity receiver baseband design and have better performance than 
one merely meeting the ARTM Tier-II phase noise requirement combined with an ideal receiver.   
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APPENDIX A: C-BAND (4400 – 5150 MHz) TELEMETRY RECEIVER 

Measurements from a typical RCB-4000 receiver are shown in Table 3  C Band Telemetry 
Receiver Typical Test Results for all Frequency Bands and in Figure 3  Typical C Band L-3 
Communication Telemetry Receiver Phase Noise. 

Table 3  C Band Telemetry Receiver Typical Test Results for all Frequency Bands 

Parameter Measured Data Specification Remarks 
Receiver Sensitivity -100 dBm -92 dBm BER of 1e-6 , C/N of 

15 dB 
Dynamic Range 105 dB 92 At 1.5 MHz 

bandwidth 
Phase Noise -98 dBc/Hz @10KH 

offset 
Tier II -90 dBc/Hz @10KH 

offset 
VSWR < 2:1  2:1 Return loss of 9.5 dB 
Noise Figure 5 – 8 dB 8 dB  
 

 

Figure 3  Typical C Band L-3 Communication Telemetry Receiver Phase Noise 
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DIGITAL CROSS-POLAR INTERFERENCE CANCELLER 
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ABSTRACT 
 
Dual-polarized data transmission promises to double the system capacity by transmitting independent 
signals simultaneously on both polarizations in the same channel. However, the polarization 
orthogonality of the propagation field can not always be perfectly preserved in various environments. 
Also the antenna and waveguide networks may not be able to achieve absolute polarization isolation. 
Therefore cross-polarization interference becomes a severe source of performance degradation in 
dual-polar systems.  
 
This paper presents an all-digital design of the cross-polarization interference canceller (XPIC or 
CPIC). This canceller is designed to remove the cross-polar interference so that comparable 
performance to single-polar system can be achieved for each polarization. Specifically, this digital 
design aims for 
 

• Mitigating the cross-polarization interference caused primarily by antenna orientation. 
(Delay between the signals from both polarizations is considered insignificant.) 

• Can operate with time varying cross-polar interference varying at rates of 2-3 Hz and 
beyond.   

• Initial isolation can be as low as 10 dB.    
• Is well suited to an all digital modem where clocking from the A/D is independent of 

symbol timing recovery clocks.   
 
 

ALGORITHM AND IMPLEMENTATION 
 
The cross-polar interference canceller is designed as a digitally implemented module that can be 
readily integrated into various digital demodulators. As illustrated in Figure 1, the module should 
be plugged in right after the A/D converters and before all other demodulation modules. The 
integration is highly straight-forward since no changes will be required for the down-the-line 
symbol timing recovery and carrier recovery modules. 
 
In dual-polarized transmission, two independent signals travel in horizontal and vertical polarizations. 
In each polarization, there are two orthogonal rails which we generally name as I channel and Q 
channel. As such the dual-polarized transmission can also be viewed as a 4-D transmission, with four 
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independent signals traveling in four orthogonal channels. In our implementation, we assume the 
analog signals from both polarizations are converted into digital signals using four A/D 
converters locking to the same sample clock (CLK) (This may be 2X of the highest symbol 
CLK). Here for convenience, we name the two channels in horizontal polarization as I1 channel and 
Q1 channel, and the two channels in vertical polarization as I2 channel and Q2 channel.  
 
 
 

I1

Q1A/D 
Converter 

I2

Q2

A/D 
Converter 

A/D 
Converter 

A/D 
Converter 

Sample 
CLK

Cross-Polar 
Interference 
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Polarization 
Demodulator

Vertical 
Polarization 
Demodulator

I1'

Q1'

I2'

Q2'

 
 
 

Figure 1.  Plugging in the Cross-polar interference canceller in to the digital demodulators 
 

 
The imperfect propagation field and antenna alignment issue causes cross-polar interference. 
Additionally, even within a single polarization, the received I channel and Q channel signals may not 
be perfectly orthogonal causing interference. Our interference canceller design aims at taking out both 
cross-polar interference and the I-Q channel interference using one algorithm. To better explain the 
algorithm that is applied to the entire 4-D canceller, here we start with an example of I-Q channel 
interference canceller. This 2-D interference canceller is illustrated in Figure 2. The key is to measure 
the correlation between the I channel and the Q channel signals, which indicates the leakage of one 
channel into the other. A correlation measurement is generated by taking the product of I with Q and 
low pass filtering (LPF) the result.  This measured correlation value is subsequently sent through an 
integrator (or a proportional integral (PI) element). The output of the PI element is then negated (G1) 
and multiplied to each I channel sample to generate a correction term. The correction term is then 
added to each Q channel sample to remove the interference. The bandwidth of the filter and gains on 
the PI elements are chosen to track the desired rate of the variation of the interference (nominally 2-3 
Hz). The interference removal makes the Q channel orthogonal to I channel, (and vice versa).  There 
is no need to phase align the complex I/Q channels as this is part of the carrier phase recovery 
operation to be done in the modem. 
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Note that, other than performing the I-Q channel interference cancellation to reestablish the 
orthogonality between the I and Q channels, the canceller also performs amplitude equalization (to 
insure equal amplitudes in I and Q channels) as well as DC removal.      
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Figure 2. The I-Q channel Interference canceller for single polarization 
 
To extend the 2-D interference canceller design for a 4-D canceller, we will need to estimate and 
remove all the interference terms in the following matrix: 
 

  I1 Q1 I2 Q2 

I1 1 x1 y1 y2 

Q1 x1 1 y3 y4 

I2 y1 y3 1 x2 

Q2 y2 y4 x2 1 

 
 
Six correlations have to be performed to obtain the interference terms, x1, x2, y1, y2, y3 and y4. The 
x1  term is used to impart a correction to I1 from channel Q1 channel (or vice versa.  Only one of 
them is sufficient). Similarly the x2 term is used to impart a correction to I2 from Q2 (or vice versa.  
Only one of them is sufficient).   
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However, the y1 term is used to impart a correction to I1 from I2 as well as to impart a correction to I2 
from I1.  This is required to completely eliminate the effect of I2 on I1 and vice versa.  These two 
signals are never “rotated” with respect to each other in the modem like I & Q signals are.  Similarly 
the y2, y3 and y4 terms are used to generate corrections in both directions.    
The block diagram in Figure 3 shows the entire cross-polar interference canceller design. 
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Figure 3. The Cross-polar interference canceller  
 
 

COMPLEXITY ANALYSIS 
 
The cross-polar interference canceller implementation consists mostly of multipliers and adders. 
Here’s a breakdown of the various components of the canceller and their implementation 
requirements. 
 

• Correlator: The correlator a multiplier used to find the correlation between two ideally 
orthogonal signals. 

 
• PI (Proportional Integral) term: The P path as well as the I path each need one multiplier 

(for applying different gains on the P and I terms). The I path needs an accumulator 
(adder). Another adder is needed to sum the results from both the P and I paths. Some 
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glue logic is required to prevent any clipping of the I path accumulated result as well as 
the overall sum of the P and I paths. 

 
• LPF (Low Pass Filter): The LPF can be an averager over some block of data or a first 

order IIR filter (If the BW is chosen properly, the multiply can be implemented with a 
simple shift). Thus it may only require one or two adder and some glue logic. 

 
• For DC removal on one of the paths we need one PI loop, one LPF, one adder (to subtract 

out the DC component) and some glue logic.  
 

• The Amplitude Equalizer (EQ) needs one adder (to find the amplitude imbalance), one 
LPF, one PI loop, one multiplier (to scale the amplitude) and some glue logic. 

 
• The interference canceller (IC) module needs one LPF, one PI loop, one multiplier (for 

applying a gain), one adder (for interference removal) and some glue logic. 
 
The cross-pole canceller design consists of six Correlators, four DC removal blocks, two EQ 
blocks and eight IC blocks which amount to a total of 44 multipliers, 56 adders and some glue 
logic. Parts of this design need to run at the sample rate. Sample rates less than 200 MHz can be 
easily handled in current FPGAs by just using a clock speed equal to the sample rate. For higher 
sample rates replication of part of the logic can allow running at a clock speed that is a fraction 
of the sample rate.  
  
 

SUMMARIZATION 
 
The following are some of the highlights of the cross-polar interference canceller design:  
 

1. The cross-polar interference canceller is a high-speed, low-complexity, all-digital module that 
takes in 4 channels of signals with substantial cross interference at sample rate, and outputs 4 
channels of cleaner signals with significantly mitigated interference also at sample rate.    

 
2. The initial interference of one channel onto another can be as high as -10 dB or more. 

 
3. The implementation runs on the sample Clock and is not sensitive to the symbol rate, or 

modulation format in each of the polarizations.  
 

4. Both complex signals are sampled at the same rate.  In general, the sample clock is 
independent of the symbol clock.  Symbol timing is recovered with an interpolating filter and 
an NCO.  This technique has been used successfully in modern all digital modem designs.  
This also allows for infinite symbol timing resolution over a wide variety of symbol rates.   
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5. The sample-based implementation is independent of the symbol timing and frequency 
recovery, and is not decision-directed. This allows the module to be easily integrated into 
various digital demodulators with no changes required to the rest of the demodulator design. 
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ABSTRACT 

 

This research article reports a design of a wide band multilayer microstrip patch antenna 

(MSPA).  Positions of a coaxial  probe feed to main patch of the multilayer MSPA, 

widths and lengths of main and parasitic patches, and height of a Rohacell foam layer in 

the multilayer MSPA were optimized to achieve desired performance  in L-band. The 

work also reports a design of a two-by-two array of multilayer MSPA.  We present 

results on antenna radiation patterns and return loss obtained with full wave finite 

element simulations with Ansoft HFSS software and measurements with a vector 

network analyzer.  

 

Key Words: Bandwidth, patch, multilayer, foam, array 

 

 

INTRODUCTION 

 

Microstrip patch antennas (MSPA) are small in size and have low profile and these 

advantages allow them to easily integrate in the body of aircrafts, missiles or other 

communication systems. They can be fabricated easily at low cost. Conventional 

microstrip patch antennas have small bandwidth of 1 to 2% around its resonant 

frequency.  Narrow band response of microstrip patch antennas make them unsuitable for 

applications involving high bit data rate transfer.  Our aim is to design a wide bandwidth 

microstrip patch antenna in the L-band that would be useful for high speed data transfer 

needed for aeronautical telemetry applications.    

 

In this work we present a design of parasitically coupled wideband patch antenna 

operating at a resonant frequency of 1.8GHz by modeling and simulation with Ansoft 

HFSS software.  We also present a design of a microstrip feed network for a 2 x 2 array 

of wideband patch antennas with Ansoft Designer software.  We performed a full wave 

finite element simulation of the 2 x 2 wideband antenna array with the feed network.  We 
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present return loss as a function of frequency and radiation patterns of these antennas in 

this work.  

 

WIDEBAND MSPA DESIGN 

 

A schematic diagram of a multilayer microstrip patch antenna is shown in Figure 1.  It 

has a main driven microstrip patch radiating element, a parasitic patch radiating element 

and a foam layer sandwiched between the two radiating elements. The patches are square 

in shape.  The length of a side of the driven patch is half wavelength at resonant 

frequency.  The length is computed by using expression (1).  

 

 
fr = resonant frequency 

c = speed of light in free space 

L = length of the patch 

εeff = effective dielectric constant 

 

The presence of additional dielectric substrates above the main patch shown in figure 1 

causes a shift of the operating frequency. An equivalent effective dielectric constant of 

the entire multilayer structure is needed to design wideband stacked patch antenna. 

Bernard and Toussignant utilized conformal mapping technique to obtain expressions for 

the effective dielectric constant εeff and filling fractions for a microstrip transmission line 

in a multilayer structure [1]. We used expressions in their work and computed the 

dimensions of driven patch and parasitic patch in the multilayer antenna structure shown 

in figure 1. The correction factor ΔL in formula (1) was calculated using expressions 

from the work of Kirschning and coworkers [2]. 

  

 
 

Figure 1. A schematic diagram of a multilayer patch antenna 

 

Microstrip Square Patch Antenna 

 

The primary patch element is a square patch with sides equal to L. We used a coaxial 

probe to feed RF signal to the primary patch as shown in figure 1. The position Xp of the 

probe on the X-axis is calculated by using expression from reference [3]. The calculations 
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for the lengths of the patches, the probe position and effective dielectric constant were 

done using Matlab code. 

 

Multilayer Microstrip Patch Antenna 

 

The multilayer microstrip patch antenna resonating at 1.80GHz was designed and 

fabricated using RT Duroid 5880 substrate with a dielectric constant εr = 2.2, a loss 

tangent tanδ = 0.0009 and height h1 = 1.575mm. We placed a Rohacell foam of 10.5 mm 

height between the main patch substrate and the parasitic patch substrate. Rohacell foam 

has a dielectric constant εr ≈ 1.05 and a low loss tangent tanδ <0.0002.  

 

We performed our design calculations for the sizes of main patch and parasitic patch at 

1.8 GHz. The square shaped patches have a value of 54 mm for the length of a side of the 

patches.  The coaxial probe position was found to be Xp = 26mm.  We found an effective 

dielectric constant for the dielectric multilayer structure to be ɛeff = 2.1.  

 

We implemented the geometry of the multilayer stacked patch antenna in Ansoft HFSS 

software platform and it is shown in figure 2. We set boundary conditions, excitation port 

and frequency sweep parameters in the software.  We performed full wave finite element 

electromagnetic calculations for the antenna. We fabricated the multilayer microstip 

patch antenna shown in figure 3. 

 

       
 

Figure2      Figure 3 

 

Figure 2. A multilayer microstrip patch antenna (MSPA) design inside an air box shown 

as a wireframe in Ansoft HFSS.  

 

Figure 3. Picture of fabricated multilayer microstip patch antenna operating at 1.8GHz 

using Rogers RT-5880 Duroid. 
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Results and Discussion for the Multilayer MSPA 

 

Return Loss and Bandwidth 

 

The return loss of our antenna as a function of frequency obtained from HFSS 

simulations  is shown in figure 4 and it is -40 dB at a resonant frequency of 1.80GHz.  

The bandwidth is 138 MHz or 7.5%. We made return loss measurements on our antenna 

with an Anritsu vector network analyzer and the measured return loss is around -30dB 

with a bandwidth of 200MHz or 10.1% and it is shown in figure 4.  

 
Figure 4. A plot of simulated and measured return loss of the stacked patch antenna 

 

Input Impedance of Multilayer MSPA 

 

The multilayer microstrip patch antenna is designed to have a resonant input impedance 

of 50 Ohms at 1.80 GHz. The parasitic patch resonate at a frequency that is closer to 

main patch's resonant frequency of 1.80 GHz. The real and imaginary parts of the input 

impedance of multilayer MSPA that results from coupling between main and parasitic 

patches are  shown in figure 5. 

 

 
Figure 5. Plot of the real and imaginary part of the input impedance of the antenna 
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Radiation Patterns of Multilayer MSPA  

 

The far field radiation patterns are simulated using Ansoft HFSS software. The electric 

field results are shown in figure 6 with E-plane (Eθ) for φ = 90
0
 and φ = 0

0
. The electric 

field component Eφ results are displayed in figure 7 for φ = 90
0
 and φ = 0

0
. 

 

 
 

Figure 6. Simulated electric filed component Eθ pattern of MSPA  

 

 
 

Figure 7. Simulated electric field component Eφ  pattern of MSPA  
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A TWO-BY-TWO ARRAY OF MULTILAYER MSPA 

 

Design of a 2x2 Multilayer MSPA Array 

 

A 2x2 array is designed and the configuration of the array in Ansoft HFSS is shown in 

figure 8. The four radiating elements are made of multilayer stacked microstrip patch 

antennas operating at 1.8GHz. Each of the radiating element has a SMA coaxial 

connector feed at the bottom of main substrate.  The main patches are square in shape 

with a side length of 55 mm.  A parasitic patches are rectangular in shape of size 55 mm 

x 58mm.  The spacing between the radiating elements is 111 mm or 0.667λo where λO is 

free space wavelength of electromagnetic waves at 1.8 GHz. The elements of the array 

are excited by using an H-shaped microstrip feeding network that is designed with Ansoft 

Designer software. The microstrip feed network is in a separate RT Duroid 5880 

substrate of thickness 1.575 mm. In order to perform simulations of the two-by-two 

multilayer MSPA array with the H-shaped microstrip feed network, we established a 

dynamic link between the power divider in Ansoft Designer and the 2x2 Array in Ansoft 

HFSS and the co-simulation set up in Ansoft Designer is shown in figure 9.  

 

 
Figure 8. A 2x2 Array configuration in Ansoft HFSS. 

 

 
Figure 9. A co-simulation set up in Ansoft Designer for the 2 x 2 stacked patch array. 
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Results and Discussion for a 2x2 Multilayer MSPA Array  

 

Return Loss 

 

The 2 x 2 array has a return loss of -35 dB at 1.8GHz and it has 10.1%  band width at a -

10 dB return loss level .   The bandwidth of the antenna array is 182 MHz.  These results 

were obtained from figure 10. 

 

 

 
 

Figure 10. A plot of return loss of a 2x2 array from co-simulation describe above. 

 

Radiation patterns 

  

Polar plots of electric field components of the 2 x 2 array of multilayer MSPA are shown 

in figure 11 and side lobes are visible in the Eθ polar plots. 

 

                                 Eθ              Eφ 

     
 

Figure 11. Simulated Eθ and Eφ  radiations pattern of a 2x2 array of multilayer MSPA. 
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CONCLUSION 

 

A multilayer microstrip patch antenna that has a wide band width in the L-band was 

designed by full wave finite element simulations with Ansoft HFSS.  We used a low 

dielectric constant substrates for a main patch and a parasitic patch.  We inserted a thick 

Rohacell foam between a parasitic patch and main patch and thus improved the 

bandwidth of microstrip patch antenna from 1.5% to 7.5%.  We also designed a 2x2 array 

of multilayer MSPA with a microstrip feed network and the designs were completed by 

co-simulations with Ansoft Designer and Ansoft HFSS.   The measured return loss for 

the a multilayer MSPA that we fabricated with our design is -30dB at 1.8 GHz. The 

simulated return loss for a multilayer 2x2 array is -35dB at 1.8 GHz. Future work 

involves a phased array where the H-shaped feed network will be replaced with an active 

phase shifter network to steer the beam.  
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ABSTRACT 

In this article we present results from modeling and simulation of a L-band reflection type phase 

shifter (RTPS) that provides continuous phase shift of 0° to 360°.  The RTPS circuit uses a 90º 

hybrid coupler and two reflective load networks consisting of varactor diodes and inductors.  

Proper design of 90° hybrid coupler is critical in realizing maximum phase shift. The RTPS 

circuit implemented on a Rogers Duroid substrate is large in size.  We discuss methods to reduce 

the size of L-band RTPS. 

 

Key words: varactor diode, hybrid coupler, phase shift 

 

   

 

INTRODUCTION 

 

Phase shifters are used widely in several RF communication systems.  Currently there is 

significant research on various types of RF phase shifter circuits.  We need L-band phase shifters 

that provide a maximum of 360º phase shift for a phased array antenna that would be used for 

aeronautical telemetry.  We plan to use them with radiating elements of a planar antenna array 

for beam shaping and beam steering applications.    
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DESIGN OF QUADRATURE HYBRID COUPLER FOR RTPS 

Conventional hybrid couplers evenly divide incoming RF power between its two non-isolated 

output ports.  A hybrid coupler could provide either a phase difference of 90° or 180º between 

RF signals at its two output ports.  A schematic diagram of a hybrid coupler is shown in Fig. 1. 

This circuit is symmetric in shape and it uses four quarter wavelength long transmission lines at 

an operating frequency.  The two shunt type quarter wavelength transmission lines have a 

characteristic impedance of 50 ohms and the two horizontal or series quarter wavelength 

transmission lines have a characteristic impedance of 35.35 ohm. Quarter wavelength long 

transmission lines in a quadrature hybrid coupler has narrow bandwidth at its operating 

frequency.   

We used a L-band frequency of 1.8 GHz in calculating the lengths and widths of signal 

conductors of microstrip transmission line sections of a quadrature hybrid coupler.  We used RT 

Duroid 3203 substrate of height 1.524 mm and a copper cladding thickness of 0.017 mm. We 

implemented a quadrature hybrid coupler in AWR Microwave Office software platform and 

evaluated its performance by simulations.  We found that plots of scattering parameters as a 

function of frequency were as expected for the simple quadrature hybrid coupler.  Next we added 

four asymmetric microstrip T-junctions at the four corners of the quadrature hybrid coupler 

circuit as shown in Fig. 2 and performed simulations.  The S-parameter plots of Fig. 3 show that 

the hybrid coupler operates at a lower frequency of 1.652 GHz.  We next implemented the 

quadrature hybrid coupler with four asymmetric T-junctions in Ansoft's high frequency structure 

simulator (HFSS) software and performed full wave finite element calculations.  We varied the 

parameters of microstrip asymmetric T-junctions and four microstrip quarter wavelength 

microstrip line sections of the quadrature hybrid coupler in HFSS software.  We performed 

optimization simulations with HFSS.  The S-parameter plots of optimized quadrature hybrid 

coupler in Fig. 4 show that the hybrid coupler works at 1.8 GHz.   

 

 

Figure 1. A schematic diagram of conventional quadrature hybrid or branch line coupler. 
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 Figure 2. A diagram of quadrature hybrid coupler with four T-junctions in Microwave office 

 

Figure 3.  A plot of S-parameters of branchline coupler of figure 2 in Microwave Office and the  
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      branchline coupler operates at 1.652 GHz instead of 1.8 GHz. 

 

Figure 4.  A plot of S-parameters of branch line coupler obtained from HFSS simulations. 

  

REFLECTION TYPE PHASE SHIFTER DESIGN 

A reflection type phase shifter (RTPS) circuit that provides a continuous phase shift of 180° at a 

L-band frequency was reported in reference [1].  The RTPS in reference [1] uses a quadrature 

hybrid coupler and a pair of reflective loads. Each reflective load consists of an inductor 

connected in  parallel to two varactor diodes in an "anti-series" configuration [1].  We made 

improvements to the RTPS reported in reference [1] by incorporating a radial stub network to 

provide DC bias voltages to four Infineon BB833 varactor diodes and a quadrature coupler 

designed with HFSS simulations.  A shunt connected radial stub  network with a 60 mil thick  

R03203 substrate implemented in Microwave Office software is shown in Fig. 5.   
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Figure 5.  A shunt connected radial stub for providing DC bias voltages to varactor diodes. 

We performed simulation of the shunt connected radial stub with Microwave Office software.  

The scattering parameters and input impedance as a function of frequency for the radial stub are 

shown in Fig. 6 and Fig. 7 respectively.  We find that the shunt connected radial stubs provides 

high input impedance values to RF signals and they would essentially isolate the DC voltage 

source from RF signals in our RTPS circuit. 

 

Figure 6.  A plot of scattering parameters of a radial stub as a function of frequency. 
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Figure 7.  Real and imaginary parts of  input impedance of a radials stub.      

The RTPS circuit of reference [1] with our improvements to DC bias circuit and quadrature 

hybrid coupler was implemented in Microwave Office and it is shown in Fig. 8.  We performed 

simulations of improved RTPS circuit with Microwave Office and Fig. 9 shows transmission 

phase of RTPS circuit as a function of control voltage applied to the Infineon BB833 varactor 

diodes at 1.8 GHz.  Our simulation results show that we could obtain a continuous phase shift 

from 0 to nearly 360º with the improved RTPS circuit. 

 

CONCLUSION 

A continuous phase shift of 0° to nearly 360
0
 could be obtained by making improvements to a 

RTPS circuit that uses varactor diodes in an "anti-series" configuration. The RTPS was 

fabricated on a RO3203 substrate and it was large in size due to the radial stub bias network.  We 

propose to use a spiral transformer based quadrature hybrid coupler [2] in place of conventional 

hybrid coupler to reduce the size of RTPS.  We also propose to use RF MEMS varactors instead 

of Infineon BB 857 varactor diodes in future.   
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Figure 8.  A reflection type phase shifter circuit in Microwave Office software platform. 
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Figure 9.  Simulated transmission phase of RTPS as a function of control voltage to diodes.  
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A NOVEL ANTENNA DESIGN FOR SIZE CONSTRAINED
APPLICATIONS REQUIRING A THIN CONFORMAL
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ABSTRACT

This paper will discuss the design of a new antenna element for use on vehicles requiring a thin
conformal antenna such as on missiles or targets.  The new element employs a partial shorted
edge, which reduces the size of the element compared to a traditional microwave patch, while
maintaining the impedance bandwidth.

KEY WORDS

Microstrip antenna, telemetry antenna, partially shorted edge

INTRODUCTION

This paper will describe the design and development of a conformal mounted antenna designed
for use on missiles or targets.  Such antennas are typically used for the transmission of telemetry,
the reception of Global Positioning System (GPS) signals or command and control signals.  The
antenna described herein is unique due to the size constraints placed on the design.  The antenna
element incorporates a partial short along one edge of the element in order to decrease the
physical size of the element while providing a relatively large bandwidth.

The traditional approach has been to use one or more half-wave slots or microstrip patches and
integrate the aperture onto a thin conformal structure for mounting on the vehicle.  The simplest
structure is a rectangular thin copper patch radiating element on a dielectric over a ground plane.
A dielectric layer or cover layer is often placed over the radiating element.  The cover layer
serves as a protective surface against environmental effects such as aerodynamic heating or
moisture.

Figure 1 shows several antennas mounted on the telemetry section of an air launched missile.
The antennas shown are for telemetry, flight termination and GPS.  The antennas mount into
slots cut into the surface of the section so that the outer surface of the antenna is conformal to the
missile body.  The number of elements used in the antenna is determined by the radiation pattern
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requirements and/or the physical size available to the designer.  The challenges faced by the
antenna designer are that the antenna must be thin, have a relatively large bandwidth, achieve the
required radiation pattern and meet the system environmental requirements.

When the electrical size of the antenna elements exceed the available physical space and there is
no suitable high dielectric constant material available, then the antenna designer must use a novel
technique to meet the design goals.

Figure 1: Antennas mounted on a telemetry section of a missile.

DESIGN REQUIREMENTS

The antenna design requirements are usually derived from the weapon specification, link budget
calculations or legacy antenna specifications.  In this paper a VHF telemetry antenna design will
be described.  This design presented significant challenges on account of the limited physical
space compared to the electrical size of the element and the relatively large percentage
bandwidth required.  The general performance requirements are listed in Table 1.

Table 1: General design requirements
Parameter Requirements
Center
frequency

231 MHz

Gain while
mounted on the
missile

Nose: greater than -10 dBi
Tail: greater than -15 dBi
Roll plane: greater than -20 dBi
90% coverage: greater than -15 dBi

Bandwidth 2:1 VSWR greater than 0.9 MHz
Polarization Linear, predominately vertical with average horizontal component not less

than -15 dB below vertical component
Size
(approximate)

Cylindrical in shape with:
10 inch outside diameter
9.65 inch inside diameter
7.5 inches in length
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Environmental Operating temperature: -40 to +177 degrees Centigrade and up to 540
degrees Centigrade surface temperature for 20 seconds.
Random vibration, shock, acceleration, humidity, salt fog, sand and dust
Flight environment: up to 100,000 feet altitude and supersonic flight
environment

It should be noted that the bandwidth and thinness requirements are what make the design of this
antenna a significant challenge.  The antenna must meet all the performance requirements over
the entire operating envelope and all naturally occurring combinations of environmental
conditions.

DESIGN APPROACH

There are many constraints the designer must consider when starting a new design in order to
achieve an optimal design.  In this case, a three-element design was chosen as a candidate which
could meet the radiation pattern requirements and fit into the allowed space.  Based on previous
design experience and the environmental conditions, RT/Duriod 6002 from Rogers' Corporation
was chosen as the dielectric material for the antenna.  RT/Duriod 5870 was chosen as the cover
layer for the antenna since this material has been used successfully on many other antennas for
air launch missile applications.

The antenna element design went through many iterations on the way to the final design.
Various configurations were simulated using Ansoft HFSS, which is a full wave electromagnetic
simulator.  The final configuration consisted of a quarter wave element with a partially shorted
edge as shown in Figure 2.  The shorted edge produces two beneficial results; the length of the
element is physically shorter and the energy radiated in the horizontal field meets the
requirements.

Top Layer Bottom Layer

Element
Connected to

Feed

SMA Output

Area where edge is shorted to ground

Figure 2: Antenna element.
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FABRICATION

The antenna circuits were fabricated as flat layers using normal printed circuit board techniques.
A number of layers were made that consisted of ground, matching and element layers.  The
various layers were then heated and formed onto a mandrel with bonding film between the
layers.  Figure 3 shows the layer stack-up and final assembly of one element.

Figure 3: Layer stack up and final assembly.

TEST RESULTS

After fabrication, the antenna was mounted on a missile mock-up and the radiation patterns were
measured in an anechoic chamber.  Figure 4 shows the missile mock-up with the antennas
mounted on the telemetry section.  Antenna gain data was taken every 2 degrees in azimuth and
every 2 degrees in roll.  Radiation patterns and return loss measurements were measured and
compared to the design requirements.
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Figure 4: Antenna mounted on a missile mockup in an anechoic chamber.
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Figure 5: Contour plots of measured vertical and horizontal polarization gain

Figure 5 shows contour plots of the data collected in the anechoic chamber.  Note that for each of
these plots the x and y axis must be multiplied by 2 to get the correct roll or azimuth value.
SciLab was used to reduce and extract various cuts and to format the data for polar plots.  SciLab
is a high-level, open source, numerically oriented programming language with syntax similar to
MATLAB.  Figure 6 shows the radiation patterns for the nose, tail and roll cuts.
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Figure 6: Radiation patterns: nose, roll and tail cuts

The measured gain data is summarized in Table 2.  The measured values exceed the design
requirements listed in Table 1.

Table 2: Summary of measured data
Gain Vertical, minimum value, dBi Horizontal, minimum value, dBi
Nose 1.43 0.56
Tail -8.98 -11.92
Roll -4.70 -14.84
90% of coverage -7.3 -12.3

Figure 7 shows the VSWR plot of one of the elements.  As can be seen in the plot, the measured
2:1 impedance bandwidth is 1.0 MHz, which exceeds the design requirement.
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Figure 7: VSWR plot
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CONCLUSION

The development of a telemetry antenna for size constrained application was presented along
with a description of the design and fabrication process.  Measured results were presented
showing that the design goals have been met.
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ABSTRACT 
 
Direct spatial antenna modulation (DSAM) is a new approach to phased array control that opens 
up new “smart antenna” architecture possibilities. The DSAM technique leverages the inherent 
spatial differences of excitation in an antenna in a novel way to achieve the equivalent of 
conventional modulation and beam control effects. Smart antenna techniques are of potentially 
increasing importance to test range operations given a trend toward more flexible, inter-
networked, and autonomous test activities. 
 
The DSAM technique has been demonstrated through several generations of analysis, 
simulation, and prototyping, but has previously only been applied to narrowband antenna 
designs. Furthermore, the IQ DSAM approach in particular has not been previously implemented 
in hardware.  
 
This paper details the application of IQ DSAM to achieve wideband phase control using a 
commercial off the shelf (COTS) antenna. The phase control performance of IQ DSAM over a 
range of 1.5 GHz to 4 GHz is measured across relative field control angles of +/- 45 degrees. The 
measured IQ DSAM performance is compared to what could be expected from a conventional 
phased array element control architecture. 
 

KEY WORDS 
 

Phased array, IQ DSAM, Smart Antennas, Beam Steering, Multiple Beam 
 

INTRODUCTION 
 
When it comes to the metric of raw antenna gain, it is difficult to beat the traditional gimbaled, 
reflector-based antenna range telemetry asset. Modern antenna system requirements are trending 
toward more complex behavior, to include multiple simultaneous beams, adaptive behavior, 
spatial processing, and both polarization and pattern diversity. The reflector architecture, 
however, is generally incapable of supporting behaviors such as multiple simultaneous beams, 
spatial processing, or adaptive behavior presents difficulties with respect to cost and 
maintenance. In essence, a reflector does an excellent job of providing gain in exactly the 
direction that it is physically pointed, and not much else. 
 
Introduction of electronic control over antenna behavior in the form of a phased array brings 
with it a host of smart antenna capabilities. Unfortunately, phased arrays are traditionally 
associated with significant complexity and cost. Hardware performance limitations can also be 
prohibitive to achieving a suitable design, especially when multiple band operation is required. 
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The telemetry community is moving from L-band (1435-1850 MHz) and S-band (2025-2400 
MHz) toward C-band (4400-5200) operation. The move toward C-band operations will not be 
abrupt, so appropriate solutions will likely need to support all of the L, S, and C bands for the 
near future. This represents a nearly 4:1 frequency range, which is a truly daunting wideband 
requirement. 
 
The DSAM approach to antenna field phase control represents a wideband alternative to 
conventional phase-shifter controlled array architectures, and may prove advantageous. This 
document presents the results of a new experiment that verifies both the IQ DSAM technique in 
general, as well as the wideband applicability of the technique. 
 
Considering the novel aspects of the investigation, the immediate results achieved are 
encouraging, and suggest that the IQ DSAM technique may be a suitable and advantageous 
alternative to a conventional phased array implementation. The IQ DSAM technique was 
measured to be effective over the entire test operating frequency range of 1.5 GHz to 4 GHz. 
 

IQ DSAM BACKGROUND 
 
The fundamental behavior of the quadrature fields produced by a circular microstrip patch 
(CMSP) antenna was addressed in detail in [1]. This work demonstrated through mathematical 
proof that the CMSP antenna quadrature fields could be treated readily as the I and Q channel 
equivalents in a communication channel or antenna array weight controller. It demonstrated 
agreement between the application of DSAM techniques to several different antenna structures 
through rigorous analysis, simulation, and prototype tests.  
 
This new work, in contrast, applies a DSAM architecture to solve the pragmatic problem of 
wideband carrier phase control. The basic thesis of this work is that the general behavior 
demonstrated through mathematical proof for the CMSP antenna is applicable to any other 
antenna without restriction so long as the new antenna has certain elemental properties: 
 

1) The ability to produce CP over the majority extent of the main beam 
2) At least two input ports representing orthogonal spatial field component excitation points, 

with isolation among the ports sufficient to the intended task 
 
In 2), the port isolation requirements depend on the application. For data communication, the 
port isolation would represent the equivalent of channel separation. For beamforming in a phased 
array, the port isolation will determine the accuracy of phase control. When performing both data 
symbol modulation and phased array control jointly with IQ DSAM, the requirements will be 
dictated by the more sensitive of the two functions. 
 
Furthermore, the basic behavior of the antenna when driven with the IQ DSAM technique will 
remain unchanged, such that the antenna under consideration retains the original operating 
bandwidth and main lobe spatial extent. This work supports the thesis on both counts, applying 
IQ DSAM to a COTS antenna of appropriate functionality and then demonstrating effective field 
phase control while retaining the bandwidth of operation of the COTS antenna. 
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The same formula derived for the CMSP antenna in previous work for the relative excitation of 
the I port and the Q port of the modulated antenna will be used to determine the relative 
excitations required to achieve a particular commanded field phase in this experiment. For a 
desired command angle, φ, the relative voltage to be applied to the I and Q ports of the 
modulated antenna are  
 /      (1) 

 
       (2) 

 
where it is anticipated that Vπ/2 ⇔ I and V0 ⇔ Q. These equations were originally derived for the 
case of a CMSP antenna to be used in a phased array, but the guiding principles of DSAM 
predict that the gross ideal behavior of the COTS antenna considered here will be identical to 
within a scaling factor. This assertion motivates the test event that resulted in the measured data 
presented in the next section. This data clearly indicates the applicability of IQ DSAM to phased 
array control over a set of appropriately-featured antennas using amplitude control alone. 
Furthermore, this IQ DSAM approach is portable to any appropriate COTS antenna. 
 

TEST CONFIGURATION 
 
Rather than analyze, simulate, design, and implement a new antenna structure, the proof in [1] 
was used to drive a COTS antenna using the IQ DSAM technique in a rapid prototype 
implementation. A COTS WJ-8326-2A quad-ridge horn antenna was selected as the test antenna. 
The antenna’s existing vertical and horizontal polarization feed points are driven according to [1] 
in order to affect control over the relative transmitted signal phase. 
 
Two Agilent E4422B signal generators, one corresponding to the I channel and the other to the Q 
channel, were used to excite the antenna structure. The transmitted signal was received at a 
second COTS antenna, which was configured for circular polarization using a 90 degree hybrid. 
The hybrid output was connected to two cascaded Mini-Circuits ZX60-6013E-S low-noise 
amplifier (LNA) blocks, and the signal was cabled to an Agilent E4406A vector signal analyzer. 
The 10 MHz frequency reference of the E4406A was also used to synchronize the two E4422B 
units. A block diagram of the experiment setup is shown below in Figure 1. 
 
A table of control values was generated to aid in the repetitive taking of data at 250 MHz 
intervals across a 2.7:1 frequency range from 1.5 GHz to 4 GHz. The control values, given in 
Table 1, were determined by equations (1) and (2) and then transformed to dB values relative to 
an arbitrary unity power level. 
 
Calibration of the experimental setup was performed at each excitation frequency. The 
calibration was performed as an end-to-end process, whereby the transmit (TX) signal excited by 
the signal generators was monitored at the receive (RX) side of the configuration on the E4406A 
vector signal analyzer. 
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Splitter
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LNA

A

B

RX Antenna TX Antenna

 
Figure 1 – Experiment configuration using two signal generators for IQ excitation control 

and a vector signal analyzer for signal reception and phase determination 
 

The two E4422B signal generators were labeled “A” and “B”. Calibration consisted of first 
harmonizing the RX signal amplitude based on a TX excitation due to the A and B signal 
generators when operated alone. While transmitting only from A, the RX signal level was noted 
on the E4406A; this process was repeated for B. The output power level of A was then modified 
to bring the individual A and B measurements to the same level. The modified power level for A 
was then used as a fixed offset for that given frequency. 
 
The next calibration step harmonized the relative phase of the two signals produced by A and B. 
Both A and B were co-locked to the 10 MHz reference signal produced by the E4406A. The 
relative reference phase of B was adjusted until a minimum signal level was produced. This state 
represented the transmission of an opposite-sense CP relative to the CP state of the RX antenna.  
 
The relative phase state of B was then stored as a fixed offset. Next, the reference phase of B was 
commanded to an angle of 180o, which represents a condition of the same-sense CP as the RX 
antenna. The accuracy of the relative state was evaluated by noting a maximum value of RX 
signal in the new condition, as well as by noting that the same RX signal strength was present 
when either of A or B were deactivated. Minor reference phase adjustments were made to B to 
bring about this set of conditions. 
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RELATIVE 
PHASE |I| |Q| 

I (dB) 
“B” 

Q (dB) 
“A” 

0 0.0000 1.0000 -40 0 
5 0.0872 0.9962 -21.19 -0.03 
10 0.1736 0.9848 -15.21 -0.13 
15 0.2588 0.9659 -11.74 -0.30 
20 0.3420 0.9397 -9.32 -0.54 
25 0.4226 0.9063 -7.48 -0.85 
30 0.5000 0.8660 -6.02 -1.25 
35 0.5736 0.8192 -4.83 -1.73 
40 0.6428 0.7660 -3.84 -2.31 
45 0.7071 0.7071 -3.01 -3.01 
50 0.7660 0.6428 -2.31 -3.84 
55 0.8192 0.5736 -1.73 -4.83 
60 0.8660 0.5000 -1.25 -6.02 
65 0.9063 0.4226 -0.85 -7.48 
70 0.9397 0.3420 -0.54 -9.32 
75 0.9659 0.2588 -0.30 -11.74 
80 0.9848 0.1736 -0.13 -15.21 
85 0.9962 0.0872 -0.03 -21.19 
90 1.0000 0.0000 0 -40 

Table 1 – Excitation Values for the two orthogonal ports of an antenna  
structure as determined by the phase-only modulation constraints of (1) and (2) 

  
The final step of the calibration process involved setting the relative phase of B to 90o. This state 
represents a linear-polarized condition wherein A and B are in-phase. After a quick check to see 
that the RX signal was approximately the same for a B phase setting of both 90o and -90o, the 
taking of data commenced with the 90o setting. 
 
In the test, the relative amplitude settings for A and B correspond to Q and I, respectively, as 
indicated in Table 1. At each excitation frequency, each value pair from Table 1 was selected and 
the relative amplitudes of I and Q components of the RX signal as indicated on the E4406A were 
noted.  
 
Data was taken every 250 MHz from 1.5 GHz to 4 GHz. The tested frequency range was limited 
by the operating range of the equipment. The Agilent E4422B and E4406A both have an upper 
operating frequency of 4 GHz, and the WJ-8326-2A has an operating range of 1.5 GHz to 10 
GHz. The data was taken in a snapshot fashion, and averaging over multiple full runs was not 
performed. 
 

ANALYSIS OF RESULTS 
 
The measured IQ DSAM test results were analyzed with respect to phase and amplitude accuracy 
over the 1.5 GHz to 4 GHz excitation frequency range. The total control angle range was 90o, 
with the reference control angle chosen to be 45o. The 45o reference angle corresponds to a 
relative port excitation of I=0.7071, Q=0.7071. The average accuracy over all frequencies is 
plotted versus the control phase relative to the 45o state in Figure 2. In Figure 2, the 45o 
command reference angle is shown as 00. An ideal trend-line is shown in Figure 2, and error bars 
representing one standard deviation to either side of the mean are shown for the measured data. 
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Figure 2 – Measured IQ DSAM phase angle shows accuracy across 1.5 GHz to 4 GHz. 

Error bars representing one standard deviation to each side of the average are included. 
 
Complete +/-180o phase control can be achieved using the COTS antenna using a one-bit phase-
shifter on each of the I and Q inputs. Alternatively full-range phase control can be accomplished 
spatially using switched-DSAM [1], where the I and Q signals are routed to two additional, 
antipodal excitation ports on the antenna structure. This alternative implementation would 
require modifications to the antenna used in these tests, or, more likely, a new switched-DSAM 
antenna implementation. 
 
The average amplitude accuracy of the IQ DSAM approach over frequency as a function of 
command phase angle is shown in Figure 3. The ideal amplitude accuracy value is 0 dB relative 
to the averaged 45o reference state, which is shown without error bars as 0o in the figure. 
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Figure 3 – Measured IQ DSAM amplitude response shows accuracy across 1.5 GHz to 4 

GHz. Error bars for one standard deviation to each side of the average are included. 
 
Figures 2 and 3 indicate that the range of inaccuracy of the IQ DSAM approach in the measured 
test configuration falls within a zone relative to the respective averages as indicated by the error 
bars across the frequency range of 1.5 GHz to 4 GHz. This expectation results in an end-to end 
accuracy specification of around +/-5 degrees for phase and +/-0.5 dB for amplitude. The greater 
inaccuracy of the amplitude response shown in Figure 3 for the -15o command angle is due to a 
single outlier data point from the 2.5 GHz test run. 

 
ARCHITECTURE COMPARISON 

 
A phased array control system based on IQ DSAM can be compared to one using a conventional 
analog approach. In essence, the IQ DSAM trades off the need for a variable phase shifter in the 
architecture and implements equivalent functionality solely using amplitude control. Phase 
shifters can be expensive, power consumptive, inaccurate, and often have significant signal 
insertion loss.  
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Part # and Mfg. 
Power 

Consumption 
Insertion 

Loss 
Phase 

Accuracy 
Amplitude 
Accuracy 

P5P-49A-5, G.T. Microwave 3 W 13 dB +/-15o +/-2.5 dB 
IQ DSAM Test Results 70 mW 3.5 dB* +/-5o +/- 0.5 dB 
IQ DSAM Benefit 42:1 9.5 dB 3x 5x 

Table 2 – Comparison of performance specifications for broadband COTS phase shifter 
and the measured IQ DSAM results, with an estimated equivalent architecture insertion 

loss of 3.5 dB as indicated by the “*” for the IQ DSAM case 
 
One key parameter of performance where conventional phase-shifters often fall short is in 
operating frequency bandwidth. Typically, conventional phase shifters are specified over a very 
narrow band of operation with relatively accurate performance. The same device can often be 
used across a much wider bandwidth with decreased accuracy. In an attempt to get at a fair basis 
of comparison in a wideband application, an intentionally wideband COTS phase shifter is 
compared to the measured IQ DSAM results. The specifications of a COTS phase shifter with 
similar broad-band performance and the measured DSAM test results are given in Table 2 [2]. 
 
Typically, both amplitude and phase control are implemented in each phased array element. The 
constraint equations (1) and (2) were used to generate the phase-only modulation test values 
given in Table 1. It is also possible to use the IQ DSAM control weights to achieve simultaneous 
amplitude and phase control as presented in [1]. The main point of difference between a 
conventional analog phased array element control circuit and an IQ DSAM implementation is 
therefore the presence of a variable phase shifter in the former, and a power splitter in the latter. 
Figure 4 illustrates the differences between these control architectures. 
 
The amplitude control elements shown in Figure 4 are easily implemented with broadband 
performance, to include low insertion loss of less than 1 dB across the band [3]. Hence, the 
phase-shifter insertion loss of 13 dB in Figure 4A is much greater than the estimated 3.5 dB for a 
typical RF power splitter used in the DSAM approach of Figure 4B. Additionally, the 
conventional approach stacks an attenuator block in series with a phase-shifter block, effectively 
cascading the amplitude and phase error terms associated with each block. In the IQ DSAM case, 
however, there is only one control element in each path.  
 
Other factors to consider include supply power consumption, cost, size, and resolution. In 
general, power consumption is expected to favor the IQ DSAM approach, as are size and cost. 
Absolute phase resolution may favor the conventional phase shifter approach in this example, 
which has a 1.2o step resolution. The resolution limits of the IQ DSAM approach are not known, 
but achieving the 5o steps in this experiment already required 0.1 dB or better resolution. 
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(A)

(B)

 
Figure 4 – Conventional phase shifter (A) and IQ DSAM (B)  

phased array element control architecture comparison 
 
In the example provided here, the P5P-49A-5 phase shifter requires both +15 V and -15 V 
supplies at 100 mA each. This 3 W per element power consumption would become especially 
significant in large arrays. It is expected that technology such as the HP539LP3 digital step 
attenuator manufactured by Hittite could be used in an IQ DSAM implementation [3]. This 
device requires only a single +5 V supply at approximately 3.5 mA. Assuming four such devices 
would provide the required RF dynamic range, this comparison indicates up to a 42:1 power 
consumption benefit for the IQ DSAM approach. This benefit becomes all the more interesting 
when considering the 9.5 dB greater loss of the conventional approach, which would also require 
additional amplification, and thus supply current, to be overcome. 
 

CONCLUSION 
 
This paper presents the first measurement of the IQ DSAM approach to phased array antenna 
element excitation control. The IQ DSAM approach was applied to a COTS antenna with 
success across a 2.7:1 frequency bandwidth spanning 1.5 GHz to 4 GHz. Measurement of a 
broadband DSAM configuration is also new as of this publication. 
 
The performance of the IQ DSAM approach was analyzed, and a statistical expectation of 
accuracy for the measured results was presented. The accuracy of the IQ DSAM approach was 
compared to that of a COTS phase shifter with a similar frequency range across multiple 
parameters of interest, including accuracy, insertion loss, resolution, and power consumption. In 
typical architectural implementations, the IQ DSAM approach was shown to be superior to a 
conventional approach in all aspects except resolution. The architectures and components 
compared in this work are of course a small slice of all possible configurations that could be 
devised. However, the general benefits of DSAM versus conventional approaches are expected 
to hold broadly based on the nature of the technology. 
 
As it relies on the host antenna to provide certain enabling characteristics, DSAM necessarily 
binds two typically separate aspects of a telemetry system together. While there are benefits to 
this approach, it is also a potential vulnerability requiring additional consideration. Of particular 
interest is the off-axis performance of the IQ DSAM technique. Answering the question: “how 
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do the modulation and beam control characteristics of DSAM hold across all spatial angles 
within the beam pattern of the antenna?” is important. While other work that is pending 
publication treats this question, it remains at this point a consideration for the future. Certainly, 
the beamforming results indicated in the prior ITC 2009 publication suggest that the IQ DSAM 
approach is effective off-axis [1]. 
 
While the testing operated across a frequency range less than what would cover L, S, and C 
bands simultaneously, there is little indication that there is an inherent frequency limitation to the 
IQ DSAM approach. To the contrary, DSAM theory indicates that the frequency limitation of the 
technique flows from the piece-part components, most notably the antenna itself and the 
amplitude control elements. With a steadily increasing basis in fact, the DSAM technique may 
hold the key to producing efficient phased array technology for future telemetry applications. 
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ABSTRACT 
 

Prognostic technology uses a series of algorithms, combined forms a prognostic-based inference 

engine (PBIE) for the identification of deterministic behavior embedded in completely normal 

appearing telemetry from fully functional equipment. The algorithms used to define normal 

behavior in the PBIE from which deterministic behavior is identified can be adapted to quantify 

normal spacecraft telemetry behavior while in orbit about a moon or planet or during 

interplanetary travel. Time-series analog engineering data (telemetry) from orbiting satellites and 

interplanetary spacecraft are defined by harmonic and non-harmonic influences, which shape it 

behavior. Spectrum analysis can be used to understand and quantify the fundamental behavior of 

spacecraft analog telemetry and relate the behavior’s frequency and phase to its time-series 

behavior through Fourier analysis.  
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Telemetry, test data, prognostic, diagnostic, failure analysis, data analysis, Fourier analysis, 

spectral analysis, spectrum analysis, communications science, telemetry science, signals 

 

INTRODUCTION 

 

Space vehicle dynamic environmental factory acceptance testing does not mimic the 

environment that spacecraft will experience while in space. Factory testing does expose the 

spacecraft to the worse case vibration, acoustic, shock, thermal and vacuum conditions to 

encourage unreliable equipment to fail if the design and manufacturing causes a defect that 

would cause them to fail when exposed to the environment present getting to space and while in 

space. Thus, the expected analog telemetry behavior that will occur at in the environment 

experienced at altitude, inclination and sun angles is not available to be provided over to the 

mission control personnel to determine whether actual analog telemetry behavior is normal after 

launch or whether equipment on-board is experiencing behavior indicative of a failure.  

 

The same tools used by RF and digital signal design engineers for identify signal integrity offers 

new understanding for telemetry behavior from space. Analysis illustrates the harmonic 

properties of telemetry behavior as a function of time, amplitude, frequency and phase. 

Expanding spectral analysis to satellites and spacecraft illustrates their fundamental harmonic 

properties. This information can be used to improve vehicle reliability and define vehicle and 
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ground station telemetry system design performance parameters and reduce risk of catastrophic 

satellite and spacecraft failure. 

 

Spacecraft analog telemetry is reconstructed time-series information whose behavior is 

composed of many influences that are discernable using spectral analysis. Spectral analysis 

which relates time-series data to its frequency and phase components and illustrates the harmonic 

properties of telemetry behavior from spacecraft as a function of time, amplitude, frequency and 

phase and an can define and quantify normal spacecraft behavior for all applications in space. 

Expanding the use of spectral analysis to include the spacecraft reconstructed analog telemetry 

signals from spacecraft identifies all their fundamental harmonic properties so that behavior can 

be understood. To reduce risk of catastrophic spacecraft failure from a surprise equipment 

failure, spectral analysis can be used on the reconstructed analog telemetry signal to identify 

determine unreliable spacecraft equipment operational status and performance as well as 

generate spacecraft telemetry system performance requirements. 

 

 
FIGURE 1 COMPARISON OF AN ORIGINAL ELECTRICAL ANALOG SIGNAL AND 

ITS RECONSTRUCTED ANALOG TELEMETRY BEHAVIOR 

 

Figure 1 illustrates an original analog signal and its reconstituted characteristics accomplished by 

a telemetry system. Today’s long life communications satellites may use up to 5 for 1 

redundancy to meet a 20-year design life.  

 

 
 

FIGURE 2 POWER SPECTRAL DENSITY (PSD) FOR AN RF SIGNAL 
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Satellite and launch vehicle reliability is around 25% infant mortality failure rate. Believing that 

there is no solution to the infant mortality problem for satellites and launch vehicle customers 

use commercial insurance companies to reduce risk of failures causing impact on financial assets 

and income. Spectral analysis is the decomposition of time-series electrical signals into its 

frequency and phase components. Spectral analysis is used in many applications to understand 

the electrical signal properties.  

 

Figure 1 illustrates telemetry as reconstructed time-series analog signal, quantifiable using its 

amplitude, frequency and phase just as other electrical signals can be and the use mathematics 

developed for signal analysis and orbital mechanics. Space engineers remain unaware of the 

intelligence in telemetry signal behavior, usually referred to as systemic noise.  

 
1
Telemetry is a source of information that can be used to increase space vehicle reliability and 

safety. Telemetry has an industry reputation as being expensive, complex, unnecessary, 

unreliable and costly and space system purchasers such as NASA and the Air Force do not 

specify to the space systems builder the number of measurements and accuracy of telemetry so 

space system builders minimize its use. Space system builders consider the customer past request 

when deciding the number and accuracy of telemetry measurements to provide on a space 

system. NASA, INTELSAT and the Air Force ask for more telemetry than usual. First time 

space system customers do not have experience to recognize the need to request adequate 

telemetry and trust the builder to provide an adequate number of measurements who will often 

use only a minimal number to get through factory testing. 

 

Telemetry Science
®
 makes telemetry behavior understandable, reliable, quantifiable and key to 

space program success, and can justify the cost of adding telemetry to all on-board equipment. 

Using RF and digital electrical signal spectral analysis, the normal harmonic influences can be 

understood and leveraged as another tool for engineers to minimize risk of catastrophic 

spacecraft equipment failure.  

VIRTUAL ANALOG ELECTRONIC SIGNAL (VAES) 

Telemetry originating from satellites in space, exhibit sinusoidal/harmonic behavior similar to 

electrical and RF signals. Until now, these properties have been relatively underutilized. 

Engineers responsible for the on-orbit operations and maintenance of spacecraft and satellites use 

telemetry to determine the spacecraft Bus equipment and payload status and operational 

functional performance. Telemetry is often received and recorded and made available in large 

quantities to engineers for evaluation often overwhelming them. Engineers have developed many 

software tools to automate the evaluation of large quantities of satellite telemetry. The most 

common tool to determine the correctness of telemetry behavior is upper and lower limits.  

 

Telemetry in the aerospace industry from satellites and spacecraft is a reconstruction of an 

analog signal. It is not continuous analog data but segmented based on the sampling frequency 

used for each measurement. For satellites in a circular orbit, without external influences, a 

satellite’s earth orbit is a circular or elliptical, however, the Earth’s non-uniformity and 

influences from the sun, all other moons and planets and other influences causes both in-track 
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and out-of-track effects. Starting with a perfect orbit circular shape, and no short or long-term 

influences, the behavior that a typical analog telemetry measurement creates while in orbit is that 

of a sinusoidal signal similar to an electrical signal. This (virtual) analog electrical signal 

(VAES) can be treated as an electrical signal with all the same properties and thus the 

mathematical tools used to quantify and understand electrical signal properties can be shared 

with the behavior from a VAES. 

 

To quantify the behavior of electrical and RF signals, Fourier analysis is used also called 

harmonic analysis. 
2
Harmonic and Fourier analysis yields the decomposition of behavior in 

terms of a sum of sinusoidal and co sinusoidal functions that can be recombined to obtain an 

approximation to the original function. Every analog or digital signal can be written as a 

(infinite) sum of sine and cosine functions of different frequencies; this is the idea of Fourier 

analysis, where trigonometric series are used to solve a variety of boundary-value problems 

using partial differential equations.  

 

 

 
FIGURE 3 HARMONIC FUNCTION 

  

To convert from satellite orbit position to harmonic time series data (telemetry), trigonometric 

functions are used. The sine of a real number, t is given by the y-coordinate (height) of the point 

P in the following diagram, where t is the distance of the arc shown. The sin of a real number t is 

given by the y-coordinate (height) of the point P in the following diagram, in which t is the 

length of the arc shown. Figure 2 illustrates circular or elliptical motion converted to times series 

data. 

 

From the relationship for time and amplitude varying electrical signals, Fourier analysis uses: 

For:  x(t) = Asin(ωt + φ) 

∫x(t) = fω (ω) 

∫fω(ω) = fφ(φ) 

 

Fourier's representation of functions as a superposition of sine’s and cosines has become 

ubiquitous for both the analytic and numerical solution of differential equations and for the 

analysis and treatment of electrical and RF communication signals. Figure 3 represents time 

series and magnitude data, frequency and amplitude components and phase magnitude 

components for an analog measurement. Fourier analysis changes time-series data to frequency 

and phase data when the original behavior can be put into an equation form. Frequency data 

shows when time series-data changes which aids in identifying important values within the 

original time series data. Because orbiting satellites repeat their behavior every orbit, telemetry 

http://en.wikipedia.org/wiki/Fourier_analysis
http://en.wikipedia.org/wiki/Fourier_analysis
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measurement behavior repeat their behavior every orbit period allowing the use of the same 

principals used in electrical and RF signal analysis.  

For an electrical signal, modulating the amplitude, frequency or phase provides a means of 

adding information. For telemetry behavior, modulating the amplitude of the VAES occurs from 

external harmonic influences such as the changing sun-to-orbit plane angle (β).  For an electrical 

signal, when the carrier is modulated, its amplitude goes above and below its unmodulated 

amplitude. The maximum percentage modulation possible is 100%. Going above this causes 

distortion. Distortion is bad because our electrical equipment technology cannot accurately 

recover information from an intentionally distorted signal. Some electrical and RF signals that 

are intentionally distorted can be recovered by knowing how the originally signal was distorted. 

Figure 4 illustrates modulated and unmodulated electrical signal.  

 

FIGURE 4 AMPLITUDE UNMODULATED PORTION AND MODULATED SIGNAL 

3
Modulation is a process in which a modulator changes some attribute of a higher frequency 

carrier signal proportional to a lower frequency message signal. A change in the message signal 

will produce a corresponding change in the amplitude, frequency or phase of the carrier or a 

change in a combination of these. A signal transmitter can then send this carrier signal through 

the communication medium more efficiently than the message signal alone. Finally, a receiver 

will demodulate the signal, recovering the original message.  

In amplitude modulation (AM), the amplitude of the carrier changes based on the amplitude of 

the message.  

The message signal rides on top of the carrier as the amplitudes of both vary with time. The 

frequency of the carrier, however, is much higher than the frequency of the message. This carrier 

frequency is the center of the 'channel,' or frequency allocation of this signal. Frequency 

allocations vary depending on the medium of transmission. 
4
For broadcast transmissions, where 

signals are sent through the air, the government regulates frequency allocation. If the RF signal is 

transmitted over wire, such as in cable television, there is more freedom in the choice of carrier.  
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FIGURE 5 ANALOG ELECTRONIC MEASUREMENT SINUSOIDAL BEHAVIOR 

AND ITS FREQUENCY AND PHASE SPECTRUM 

BASEBAND, PASS BAND SIGNALS AND AMPLITUDE MODULATION 

 Due to their low frequency content, the information signals have a spectrum such as that in the 

Figure 6 below. There are a low frequency components and the one-sided spectrum is located 

near the zero frequency. 

The hypothetical signal in Figure 6 has four sinusoids are near 0 Hz frequency. The frequency 

range of this signal extends from zero to a maximum frequency of fm. We say that this signal has 

a bandwidth of fm. In the time domain, this 4-frequency component signal may look as shown in 

Figure 6. 

 

FIGURE 6 TIME DOMAIN LOW FREQUENCY STEADY STATE INFORMATION 

SIGNAL WITH PHASE MODULATION 



7 

 

1 2 3 Frequency0 4

Bandwidth  

FIGURE 7 THE FREQUENCY SPECTRUM OF FIGURE 5  

 

HARMONIC INFLUENCES OF SATELLITE TELEMETRY 

 

Harmonic influences of satellite VTES include (1): orbit plane drift rate caused by solar, lunar 

and planetary gravity forces changing sun-to-orbit plane angles (β) and (2): the earth’s solar 

constant (ς) which changes  ~5% peak-to-peak per year. 

 
5
The beta (β) angle is the angle between the satellite orbit plane and sun vector. Beta is fixed for 

sun-synchronous orbits and variable for asynchronous orbit planes. Beta can vary from 0
o
, when 

the sun is in the orbit plane and 90
o
 when the orbit plane is orthogonal to the orbit plane.  For low 

earth circular orbits, orbit planes, β changes very quickly.  

 

 

 

 

 

FIGURE 9 FREQUENCY SPECTRUM FOR TELEMETRY 

BEHAVIOR IN FIGURE 7  
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FIGURE 8 PHASE SPECTRUM FOR FIGURE 11 
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NON-HARMONIC INFLUENCES 

 

Non-harmonic influences include the location of the telemetry measurement, either internally to 

equipment or located in an area or region inside or outside the vehicle. Analog measurements in 

different quadrants will behave within well definable phase relationships based on the difference 

in time from exposure to solar input plus or minus a delay. The magnitude of the peak and 

minimum values may also differ. 

 

Another non-harmonic influence on telemetry behavior is the change in spacecraft’s thermal 

blanket absorptivity/emissivity (α). Satellite and spacecraft thermal blanket ability to provide 

insulation and protection changes in a predictable way. Thermal blankets shield the equipment 

from the damaging effects of solar radiation. 
6
Without the protection of earth’s atmosphere, 

spacecraft are exposed to the full energy spectrum of the sun which degrades everything it 

radiates. When the solar radiation is not present, the equipment is exposed to the extreme low 

temperatures of space.  

 

ELLIPTICAL AND CIRCULAR ORBITS 

 

For a satellite in a circular orbit, its speed is constant and its altitude from the earth is fixed. A 

satellite in an elliptical orbit, velocity changes with its position around the orbit and its altitude 

changes symmetrically. In an elliptical orbit, the earth is located at one focus. The satellite’s orbit 

will have a perigee and an apogee. 
7
A satellite in an elliptical orbit exhibits different virtual 

telemetry signal behavior than from a circular orbit. In an elliptical orbit, the velocity is higher 

during perigee than during apogee and the time that a satellite is close to the earth is far shorter 

than the time it is far away from the earth. While a satellite is approaching perigee, its velocity 

increases. When a satellite is moving away from the earth after passing through perigee, its 

velocity slows until it reached apogee and then begins to increase again after it passes apogee 

and is on its way back to perigee.  

 

The virtual telemetry electronic signal for a satellite in an elliptical orbit has a fixed frequency 

and phase but is not symmetric in amplitude. For satellites in elliptical orbits, the earth can be 

much closer at perigee than for circular orbiting satellites and may influence the behavior of 

many measurements. Because of a significant perigee, the unbalanced gravitational forces for an 

FIGURE 10 FIGURE CIRCULAR AND ELLIPTICAL ORBITS SHAPES 
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elliptical orbit during perigee passes can cause its Ω-dot to be very high. With continuously 

varying altitude, higher Ω-dot, the eclipse periods may not be as symmetrical as for circular 

orbits. Their duration of eclipses and their frequency of eclipses are more difficult to envision.  

 

The virtual telemetry electronic signal for an elliptical orbit can be made from the positive 

amplitude sinusoidal function and a negative amplitude sinusoidal function. The point at which 

the virtual telemetry electronic signal is 0-amplitude is equal to the ratio of the semi-minor axis 

to the semi-major axis of the ellipse the orbital period. 

 

INFLUENCES FROM SATELLITE DESIGN PARAMETERS ON VIRTUAL 

TELEMETRY ELECTRONIC SIGNAL BEHAVIOR 
 

Figure 10 illustrates the long term analog telemetry measurement behavior from a measurement 

located inside a satellite with a 12 hour orbit for a 30 day period. Because telemetry behavior 

from satellites is identical in behavior of an analog electrical signal, the analysis used to 

understand the properties of an electrical signal, e.g. modulation, demodulation, S/N, etc. can be 

used. Due to the large amount of telemetry often available for analysis, only the orbital 

minimum, average and maximum values are used for Figure 10. A satellites regular equipment 

duty cycling is observable in changes in VAES behavior frequency and phase analysis and 

includes: 

 

 Equipment thermal heater cycling every 3 hours (9.25 x 10
-5

 Hz) 

 Equipment thermal heater cycling every 4 hours (6.9 x 10
-5

 Hz) 

 Rate gyro cycling weekly (1.65 x 10
-7

 Hz) 

 TT&C subsystem actvation every 6 hours (4.6 x 10
-5

 Hz) 

 Battery reconditioning every 5 months (7.7  x 10
-8

 Hz) 

 Eclipse season operations every 5 months for a 30 day period (6.4 x 10
-8

 Hz) 

 An increase in the frequency to 1/hour for TT&C contacts at 0
o
 sun-to-orbit plane angle 

to determine thermal blanket emmissivity/absorptivity rate change (2.7 x 10
-4

) 

 Minimum sun-to-orbit plane angle every 6 months (6.4 x 10
-8

 Hz) 

 Maximium sun-to-orbit (β) plane angle every 6 months (6.4 x 10
-8

 Hz) 

 

Figure 11 illustrates the frequency spectrum for the harmonic behavior in figure 10.  

 

FIGURE 10 MINIMUM, AVERAGE AND MAXIMUM TELEMETRY VALUES 

FOR THE 4 YEAR LIFE OF GPS SATELLITE IN 12 HOUR ORBIT WITH 2 

ORBITS PER DAY WITHOUT EQUIPMENT CYCLING 

oC 
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CONCLUSION 

 

Fourier analysis and spectral analysis can determine satellite equipment telemetry behavior from 

space increasing the value of telemetry to ensuring satellite safety, availability and mission 

success. Sharing many properties as electrical signals, telemetry behavior from satellites can be 

another tool to quantify satellite and spacecraft equipment integrity. The intelligence added using 

harmonic signals to electrical and RF signals are similar to the harmonic influences that effect 

normal telemetry behavior and can be used to define equipment behavior. This analysis can be 

used by engineers to decrease risk for spacecraft owners and operators. 
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ABSTRACT 
 

Free-space optical communications offer the technology breakthrough required by future Earth 
Exploration Satellites for their High Rate Payload Telemetry, while they required clear sky 
propagation conditions leading to locate receiving optical ground stations on favorable sites in 
terms of atmospheric propagation and to use site diversity to reach classical system availability 
requirements. This paper presents a methodology that can be used to optimize such a network 
relying on experimental meteorological satellite data. It also presents quantitative results in terms 
of link availability over a European ground network and the associated downlink capacity 
considering possible future Low Earth Orbit satellites. 
 
 

INTRODUCTION 
 
In the framework of its roadmap for high data rates Payload Telemetry (PLTM), the French 
Space Agency (CNES) has performed studies highlighting the great potentiality of free-space 
optical communications for Earth Exploration Satellites (EES). Laser communications can indeed 
face the demand of the future Earth Observation missions by offering significant improvements 
compared to classical radio-frequency communications: increased data rates with reduced power 
consumption, mass and size.  
 
Optical communications links are however significantly impaired by the propagation through 
atmosphere and in particular through clouds. Consequently, they basically require clear sky 
propagation conditions, which lead to locate receiving optical ground stations on favorable sites 
in terms of atmospheric propagation. Moreover, to reach availability requirements, such a ground 
optical network should include “site diversity” configurations, which can increase the probability 
of successful transmission compared with a single site configuration. 
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In order to verify the feasibility of such optical telemetry links in terms of system availability and 
of downlink capacities, CNES has first decided to perform a meteorological study, which has 
been realized by French National Meteorological Agency (METEO FRANCE). This analysis 
aimed at providing identification and ranking of the more favorable European locations in terms 
of clear sky probability.  
 
Meteorological data have then been coupled with orbitography data for several possible future 
European EES missions. This analysis has provided the total communication durations and the 
corresponding data volumes that could be reached using optical downlink telemetry with 
optimized ground networks.  
 
This paper presents both the initial meteorological study and the mission analysis. The first part 
of the study is dedicated to the meteorological study that allows the computation of “clear sky” 
statistics over a particular zone of interest. A wide range of availability statistics enabling the 
choice of optimal positions of ground is given in this first part. A non exhaustive set of possible 
future Earth Observation missions is then presented including their orbitography. For each 
mission, the assessed downlink capacities are finally given for the different optimized. 
 
 

1. METEO STUDY 
 
The aim of the meteorological study performed by METEO FRANCE in 2009 for CNES was the 
determination of the best locations in Europe for optical ground stations. For that purpose the 
study consisted first in the calculation of "clear sky" frequencies over the geographical area of 
interest and then in the selection of a set of interesting places based on clear sky statistics. 
 
Experimental cloudiness data measured by satellites have been used since they are more accurate 
than data measured from ground. The cloud cover measured from satellite is indeed not 
dependent on the height of the observed clouds. It is computed for each pixel of the satellite 
measurement area by algorithms coupling various measurement channels. An opacity coefficient 
is then assigned to the pixel depending on the cloud classification. This study uses the cloud 
classification developed by the NWC SAF (Satellite Application Facilities Now Casting). Such 
an approach leads thus to a “small scale” analysis, which is compatible with the resolution of the 
orbitography analysis. Both small geographical (some tens of kilometers) and small temporal 
(some hours) scales are of great interest for the study of optical link capacities, since they give 
access to local phenomena and diurnal evolution that cannot be considered with global long-term 
climate-oriented statistics. 
 
The study is focused on Europe including the arctic island of Svalbard, which presents a great 
interest for polar Earth Exploration satellites in terms of visibility duration. The analysis of “clear 
sky” frequencies over the Svalbard is however treated separately from the rest of the Europe, 
where a selection of the best location is achieved. This is due to the fact that the more reliable 
data for Europe comes from a Geostationary satellite called MSG1 and that data from this 
satellite were not available over the Svalbard as shown in Figure 1. The only meteorological data 
available for this northern area come from a satellite with polar orbit: METOP. 
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Figure 1: MSG1 satellite coverage. 

 
The Europe domain is restricted between 32°N and 72°N in latitude and between 10°W and 30°E 
in longitude in order not to compute useless statistics on numerous sea pixels, and also to take 
into account resolution problems near the limits of the GEO satellite coverage. The “clear sky” 
statistics are performed over this area using MSG1 data based on observations with the following 
characteristics: 
 

• 3 years of daily data: 2006, 2007, 2008; 
• 16 daily images: four images spaced out by 15 minutes are taken four times a day at fixed 

time slots (3 a.m.; 9 a.m.; 3 p.m.; 9 p.m. in Universal Time) 
• Number of pixels by picture: 400x400=160 000 pixels 

 
Clear sky statistics have then been calculated by counting, for each pixel of an image, the number 
of occurrence of a cloudless coefficient of opacity in the desired time scale. These statistics are 
averaged over the three years of observation and over the four images of each time slot. Yearly 
and monthly clear sky statistics have been computed for each particular time slot (i.e. 3 a.m., 9 
a.m., 3 p.m. or 9 p.m.) (see Figure 2). From Figure 2, the seasonality of the cloudiness 
phenomenon can be clearly observed. Obviously, the clear sky probability is higher in summer 
(Figure 2-c) than in winter (Figure 2-b) in most of the European area. Clear sky probability can 
reach 90% and more in the south-east of Spain, in Greece or Turkey. When looking at yearly 
statistics, a zonal organization can be observed (see Figure 2-a): 
 

• Above 50°N, probabilities of clear sky below 30%; 
• Between 50°N and 40°N, values between 30 and 50%; 
• Below the 40°N, clear sky  probabilities exceeding 50%; 
• Whatever the latitude, coastal areas often have a better clear sky probability than inland 

territories. 
 

Europe 

Svalbard 
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Figure 2: Annual vs. monthly probabilities of “clear sky” in Europe (a- annual; b- January; c-July). 
 
In case of Svalbard, the experimental METOP dataset contains the cloudiness measured on every 
pixel within a geographical area extending between 81°N and 76°N in latitude and between 10°E 
and 30°E in longitude. The step is 0.1° in latitude and 0.5° in longitude. METOP data were only 
available for the year 2007 with four images a day at the following time: 9 a.m.; 12 a.m.; 3 p.m. 
and 9 p.m. Unfortunately, the sampling times of this METOP data are note exactly the same as 
MSG1 ones (loss of the 3 a.m. slot and addition of one at 12 a.m.).  
 

 
Figure 3: Example of monthly “clear sky” probabilit ies in Svalbard (January). 

 
Figure 3 presents the resulting Svalbard “clear sky” probabilities for January. The computed 
values for this month are generally greater than 60% for the whole island, which is better than 
most of places in Europe at the same period of time (cf. Figure 2-b). If site diversity must be 
considered, Svalbard appears thus as a good complement to bring additional transmission time 
especially during winter. 

a- Annual “clear sky” 
probability  (%) 

b- January “clear sky” 
probability  (%) 

c- July “clear sky” 
probabilit y (%) 
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2. OPTIMIZED GROUND NETWORK 
 
Clear sky probabilities computed from METOP and MSG1 data allow now to do a first selection 
of the most promising locations for the implementation of optical ground stations. It has been 
decided to consider a possible ground station in Svalbard in the following of the study because of 
its quite good clear sky probability during and also and mainly because of its high daily visibility 
duration when considering LEO polar satellites. The Svalbard station would be exactly located at 
78.23°N and 15.38°E, which is the current position of lots of ground stations belonging to the 
KSAT operator.  
 
The methodology used for the selection of other possible ground station sites in Europe is based 
on the distribution of the clear sky probabilities over iso-latitude domains. For each iso-latitude 
area, the best sites were chosen so that their clear sky probability belongs to the higher percentile. 
The main objective of this method is to identify points with a good clear sky probability and 
sufficiently spread on the longitude axis in order to increase the daily visibility time of the 
envisaged LEO satellites, whose tracks are distributed along the longitude axis. 
 
For each iso-latitude domain equal to 1°, the selected points are finally those whose yearly “clear 
sky” probability is above the 95% percentile of the probability values in this latitude band, for all 
the time slots. This selection illustrated by colored areas on Figure 4 (on the left side) is called 
Q95. 
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Figure 4: Selection of the best ground stations locations in terms of clear sky probability. 
 
The second stage of this selection is to select about thirty points where the cloud fraction will be 
coupled with orbital characteristics. This selection, which is represented by red and black points 
on Figure 4 (on the right side), has been done in order to keep: 
 

• some points in the north (Sweden) to offer latitude diversity 
• some points on the East-West axis to offer latitude diversity 
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• some points in France to analyze the service availability in CNES country 
• one or two points per block of 5° by 5° 
• the absolute best points in terms of clear sky probability. 

 
Finally, considering the monthly and yearly statistics of all these points, six final locations have 
been chosen for the end of the study. These 6 points are represented with red points and numbers 
on the right side of Figure 4. Their clear sky probabilities are given in Table 1: they all offer a 
yearly availability greater than 75% except for one location, which is only at 65% (site number 
6). For this analysis, clear sky conditions correspond to a cloud fraction value lower than 25 % 
for at least one of the 4 daily time slots. 
 

Number lat (°) lon (°) jan feb mar apr may jun jul aug sep oct nov dec year
6 46,75 -1,95 52,8% 50,0% 54,8% 70,0% 61,8% 76,7% 72,8% 78,5% 78,4% 64,5% 63,3% 65,6% 65,9%

17 42,35 1,05 78,7% 72,6% 75,3% 68,9% 64,0% 82,2% 92,4% 95,7% 79,6% 74,2% 77,8% 79,6% 78,5%
19 43,15 6,25 68,5% 70,2% 66,7% 75,6% 66,3% 88,9% 98,9% 94,6% 83,0% 72,0% 67,8% 66,7% 76,7%
20 41,75 12,35 64,0% 63,1% 67,7% 73,3% 84,3% 88,9% 98,9% 96,8% 92,1% 78,5% 76,7% 69,9% 79,6%
25 39,45 -7,35 75,3% 75,0% 76,3% 72,2% 80,9% 94,4% 95,7% 98,9% 90,9% 82,8% 80,0% 83,9% 84,0%
29 36,65 22,95 73,0% 61,9% 78,5% 77,8% 96,6% 98,9% 100,0% 100,0% 97,7% 83,9% 71,1% 64,5% 83,8%  

Table 1: Clear sky probabilities of the selected most favorable sites. 
 
This analysis has thus provided a selection of the more favorable European locations in terms of 
clear sky probability based on quantitative and qualitative criteria using experimental cloud 
coverage datasets. 
 
 

3. MISSION ANALYSIS: ORBITOGRAPHY 
 
The objective of the mission analysis was to simulate one year of orbital characteristics of future 
Earth Explorations Satellites in Low Earth Orbit considering ground stations locations selected 
during the meteorological analysis. These simulations have been performed for the European 
GMES (Global Monitoring for Environment and Security) missions with its Sentinel satellites, 
the post-EPS mission, which is part of a joint European/US polar satellite system, and SWOT 
(Surface Water Ocean Topography) a joint project including NASA and CNES. The orbital 
characteristics of the satellites corresponding to these missions are presented in Table 2. SWOT is 
the only satellite that does not have a Sun Synchronous Orbit (SSO). The satellites altitudes vary 
from 693 km to 950 km depending on the mission. Two satellites among the same mission can be 
phased together on the same orbital plane, but two different missions are not phased together: this 
“fleet” of satellites is not phased. 
 
In the simulations, the orbits are generated with analytical extrapolations taking into account 
earth potential up to J6, without friction. There is thus no semi-major axis decreasing, which 
maintains consequently the relative phasing between the satellites (this is realistic for all the 
orbits that are to be maintained). The relative differences in orbit position are generated through 
differences in semi-major axis (from 693 km to 950 km). The differences between orbital planes 
are due to the diversity of local times and in the case of SWOT the local time is drifting (mainly 
due to J2). For the considered simulations there is no orbital phasing: the satellites are considered 
to be active for a period of their mission, which is common to the entire fleet. The calculations of 
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periods of time during which the satellites are visible from ground stations and the statistical 
analysis are achieved on the basis of these full orbit simulations. 
 

Mission Altitude (km) Inclination (°) Local Time Phasing 
Sentinel-1a 693 SSO 6:00 AM Descending Node 
Sentinel-1b 693 SSO 6:00 AM Descending Node 

S1a & S1b at 180° 

Sentinel-2a 786 SSO 10:30 AM Descending Node 
Sentinel-2b 786 SSO 10:30 AM Descending Node 

S2a & S2b at 180° 

Sentinel-3a 814 SSO 10:00 AM Descending Node 
Sentinel-3b 814 SSO 10:00 AM Descending Node 

S3a & S3b at 180° 

Sentinel-5 P 800 SSO 1:30 PM Descending Node - 

Post-EPS 800 SSO 9:30 AM Descending Node - 

SWOT 950 78 - - 

Table 2: Orbital characteristics of the missions. 
 
Concerning ground stations, a minimum site angle of 20° was assumed to consider a given 
satellite as visible. This value results from link budgets considerations considering optical 
communications. Under this elevation value, systems are currently not expected to transmit with 
the sufficient margin and with the board-to-ground trade-offs. 
 
 

4. MISSION ANALYSIS: DOWNLINK CAPACITY 
 
Orbital data provided by simulations carried out during the first phase of the mission analysis are 
then coupled to the cloudiness time series used to compute clear sky statistics. The main 
objective is to assess the average data volume that can be transmitted by optical telemetry 
systems on a daily basis. Figure 5 shows an example of concurrent elevation (blue line) and 
cloudiness (green curve) data for a French station and the SWOT mission. The dashed line 
represents the minimum elevation (20°) above which the satellite visibility is considered. 
 
Clouds are roughly assumed to stop waves’ transmission at optical frequencies. Consequently, 
the atmospheric propagation channel is considered to basically have an ON-OFF behavior 
depending on the presence of clouds on the Space-to-Earth link. For the purpose of this analysis, 
the yearly visibility time is obtained by integrating 1 – cloudiness/100 over time during periods 
where at least one ground station is visible. The elementary time step is given by the orbitography 
data and is equal to 10 seconds. Cloud cover data are linearly interpolated to get such a 10 
seconds sampling time. If site diversity is implemented, several ground stations can be visible 
from the satellite at the same time. This situation is illustrated by Figure 6: 2 Earth stations are 
considered (number 25 and 20 according to Figure 4) during the SWOT mission. Red crosses 
correspond to satellite positions where only the Portuguese station (number 25) is geometrically 
visible, blue crosses correspond to a period where only the Italian station (number 20) is visible 
and magenta crosses correspond to satellite positions where both stations are visible. For this 
analysis, the assumption was made that it is possible to indicate to the satellite which ground 
station is better in terms of cloudiness on a global basis during the continuous periods of time 
where several stations are visible (fro example magenta crosses on Figure 6). Moreover, no 
latency was considered when changing the station where to download satellite data which should 
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be quite optimistic. Other assumptions are possible like considering two telescopes on-board the 
satellite transmitting exactly the same content (with 3 dB loss due to the split between both 
chains): in that case, the choice of the best satellite-to-Earth link would be done every 10 seconds 
and not globally over a given visibility period. Nevertheless, for the analysis presented in this 
paper, only the first assumption was considered. 
 

Figure 5: Concurrent cloudiness and elevation data for SWOT mission 
(left : one week, right : one visibility period) 

 

 
Figure 6: Example of satellite visibility in site diversity configuration. 

 
The global visibility time computed by integrating cloudiness data has then been multiplied by 
the elementary data rate. A realistic data rate at optical frequencies with small aperture terminals 
should be 10.5 Gbit/s (see �[1]) (or even 42 Gbit/s if 4 channels are multiplexed with Wavelength 
Division Multiplexing (WDM) techniques). In order to assess the interest of optical 
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communications with classical X-band systems, a reference data volume corresponding to a polar 
station (Svalbard) with a 1 Gbit/s data rate and a minimum elevation angle equal to 5° was also 
computed for each mission. It provides the reference data volume that must be at least reached or 
even significantly exceeded to demonstrate the feasibility and the interest of optical solutions 
with or without site diversity, because it is based on a ground station offering currently the 
maximum duration of PLTM transmission and on a data rate that is foreseen to be reached in a 
few years with Radio Frequency (RF) links, typically in X-Band. No effect of cloudiness has 
been considered at X-band. 
Different site diversity configurations have been studied, Svalbard having the number 0: 

• with 2 ground stations: (17, 19) ; (26, 29) ; (26, 20) ; (0, 19) ; (0, 26) 
• with 3 ground stations: (6,17,19) ; (17,20,25) ; (17,20,29) ; (17,25,29) ; (20,25,29) 
• with 4 ground stations: (17,20,25,29) 

 
The average daily global data volumes assuming a data rate equal to 10.5 Gbit/s are presented on 
Table 3. The X-band references on Svalbard are provided by Table 4. 
 

Ground station(s) SWOT Sentinel-1a Sentinel-2a Sentinel-3a Post-EPS 
6 8107,1 4830,2 6047,9 6342,8 6139,1 

19 9510,7 5807,3 7046,4 7380,4 7169,3 

29 9830,1 6073,8 7313,4 7698,7 7487,1 

20 9563,6 5854,6 7184,8 7549,8 7340,4 

25 9741,9 6007,3 7353,1 7770,6 7613,4 

17 8983,3 5483,0 6756,1 7100,4 6974,8 

0 14518,1 13037,9 15267,0 15716,9 15407,8 

17, 19 12256,3 7705,3 9189,3 9629,0 9403,2 

25, 29 18638,9 11913,5 14167,4 14790,5 14451,4 

25, 20 16387,8 10553,9 12429,6 13004,9 12667,2 

6, 17, 19 14830,9 9468,9 11209,2 11708,6 11423,2 

17, 25, 20 17934,3 11743,7 13734,8 14329,5 14024,7 

17, 25, 29 20976,7 13896,1 16246,7 16889,1 16567,9 

20, 25, 29 21437,8 14277,8 16604,8 17282,7 16944,9 

17, 20, 25, 29 22708,0 15356,6 17739,5 18438,1 18123,6 

0, 19 24028,8 18845,2 22313,4 23097,3 22577,1 

0, 25 24260,0 19045,2 22620,1 23487,4 23021,2 

Table 3: Average daily transmitted data volume for optical links at 10.2 Gbit/s (in Gbits). 
 
 

Ground station SWOT Sentinel-1a Sentinel-2a Sentinel-3a Post-EPS 
Svalbard 
X-band 

9493,5 8297,9 9123,5 9351,4 9239,0 

Table 4: Reference average daily transmitted data volume in RF at 1 Gbit/s (in Gbits). 
 
A first conclusion is that ground stations located in the South of Europe hardly reache the 
reference daily data volume when single station network is considered. At the opposite, Svalbard 
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data volumes at optical frequencies exceed the reference ones despite the effect of cloud 
coverage. Then, site diversity configuration generally enables to exceed the RF (X-Band) 
reference especially when Svalbard ground station is used. Even site diversity with only two 
Southern ground stations sufficiently distant on the longitude axis provides very interesting daily 
data volume. Moreover, if an elementary data rate equal to 42 Gbps is considered, these results 
are obviously multiplied by 4 which emphasizes very significantly the interest for such optical 
telemetry solutions. 
 
 

CONCLUSION 
 
This paper presents a methodology that can be used to optimize a ground network for possible 
optical telemetry satellite-to-Earth links relying on experimental cloudiness data. This 
optimization is based on both quantitative and qualitative requirements. 
 
Then, an analysis of the average daily data volume that can be transmitted considering optical 
telemetry and such an optimized ground network has been detailed. Basic assumptions for 
downloading strategies have been made and several missions have been considered. The 
comparison of obtained results with a reference case in RF, at X-Band, has roughly demonstrated 
the potentiality of high rate downlink optical communications for future LEO Earth Explorations 
Satellites with increased rates. This study has furthermore shown the feasibility of optical 
telemetry links in terms of mean system availability and its great interest in terms of transmitted 
data volumes. 
 
A similar analysis could be repeated considering more realistic technological assumptions such as 
given latencies when the satellites changes the ground station to which it transmits data. Other 
download strategies could also be considered such as the one including two telescopes on-board 
the satellite. Finally, statistics of the duration of continuous periods without any possible 
transmission could also be computed to complete the average daily analysis and asses the 
required satellite storage capacity. 
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ABSTRACT 

 

The purpose of the NASA Remote Imaging System Acquisition space camera prototype is to 

integrate multiple optical instruments into a small wireless system using radiation tolerant 

components. This stage of prototyping was the development of a broadband variable-focus 

camera that can transmit data wirelessly. A liquid lens in conjunction with a cerium doped 

double gauss eliminates traditional focusing mechanisms.  

 

 

INTRODUCTION 

 

The National Aeronautics and Space Administration (NASA) Space Shuttle is nearing the end of 

its career as the premier space transport vehicle and its replacement, the Orion space vehicle, is 

currently under development. The Orion will have less available stowage volume than the 

current space shuttle in an effort to reduce the fuel mass required to escape the gravitational pull 

of the earth. This necessitates the redesign of many of the onboard scientific and observational 

instruments. Of specific interest are those instruments pertaining to imaging and spectroscopy; 

these range from the cameras used to monitor crew and vehicle health to microscopes and 

endoscopes. Often there are as many as six separate off-the-shelf imaging instruments present on 

a single mission, all performing necessary tasks. In addition to the space that these multiple 

systems take, they generally have not been designed to withstand the radiation exposure of the 

space environment leading to abbreviated shelf-lives that often fail before the conclusion of the 

mission.  

 

The Remote Imaging System Acquisition (RISA) space camera is NASA’s solution to alleviating 

these issues, via the development of a single portable system made of radiation tolerant 

components, consolidating the necessary imaging functions as well as providing environmental 

monitoring functionalities. The final product will be completely wireless, communicating with a 

base computer through the wireless 802.11g protocol. It is intended to be used in the crew cabin, 
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on the exterior of NASA vehicles, and on Lunar or Martian surfaces. The smaller integrated size 

will increase the functionality to weight ratio in an environment where ounces are measured in 

thousands of dollars. Having a more portable design will facilitate the handling and installation 

of the imager with the wireless aspect alleviating many of the operational constraints inherent to 

wired implementations.  

 

Lenses Detector Circuits Computer
 

Figure 1 – Integrated System 

 

Our team’s work with the current iteration of the RISA project began with an integrated Field 

Programmable Gate Array (FPGA), temperature sensor, imaging board and lens system. 

Previous teams were unable to sufficiently troubleshoot the camera’s software and firmware in 

order to produce a prototype capable of collecting image and temperature data. Similarly, the 

performance of the previous lens system did not meet the MTF requirements and was unsuitable 

for the space environment. The focus this year was to produce an innovative optical design 

centered around a liquid lens, finish implementing the firmware and software necessary for 

operation, and to begin developing a wireless design to replace the wired USB connection. The 

system block diagram is shown in Figure 1. 

 

 

OPTICAL OBJECTIVE 

 

The basic requirements for the optical design are to maximize functionality and versatility using 

novel technology to develop an imaging system operational over the 400-1000nm range, 

optimizing its use for monitoring the crew and vehicle health. Designing to the CS-mount 

standard allows for integration with any commercially available optical instrument containing 

standardized CS or C-mount connectors. As with any imager, the lens system must be capable of 

high quality imaging across a large depth of field. Incorporating novel technology, the double 

gauss liquid lens system allows for continuous focus adjustment without use of traditional nested 

cam barrels or repositioning of the detector. Having no moving parts in the system design 

prevents wearing down of the parts and removes the possibility of mechanical failures causing a 

loss of focusing ability. The system must have a minimum MTF of 0.30 at the system Nyquist 

frequency of 98 line pairs per millimeter, which is the limit set by the pixel size of the detector. 

  

The initial optical system had been designed and implemented by the previous team and 

consisted of a micro imaging lens placed in front of a Varioptic liquid lens. It was designed for 

monochromatic imaging and was highly vignetted, falling short of the required MTF. The final 

design is similar in that we utilize a series of glass elements to provide the bulk of the optical 

power of the system with the liquid lens providing small power variations for use as a focusing 

mechanism. The main difference lies in the implementation and placement of the glass 

components used in the imaging system. 

 

Use of the liquid lens introduced many difficulties into the design of the optical system and it 

remains the limiting feature in the final design. One of the difficulties is that the clear aperture of 

the lens is only 2mm in diameter, which severely restricts the amount of light that is able to 

propagate through the system and create an image on the detector. Another inadequacy is the 
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inherent aberration content, which also varies when the radius of curvature is changed, 

preventing its use in a high quality imaging system over a large range of focal lengths. Finally, 

the materials that the lens is composed of are vulnerable to radiation darkening and freezing 

upon exposure to the space environment. 

 

On the other hand, this component replaces the traditional mechanical focusing adjustment 

which is often a failure point of systems currently in use. The liquid lens is used as a variable 

optical power component, with available powers ranging from -8 to 18.9 diopters based on an 

applied voltage of 0 to 60 volts. Due to its recent emergence in the marketplace, the liquid lens is 

the only component in this design that has no radiation tolerant equivalent and will have to be 

tested further to quantify the effects of radiation on its performance and longevity. The anti-

reflective coating on the exterior surfaces is only effective over the 400-700nm range and will 

need to be re-designed to accommodate the 400-1100nm over which the camera is expected to be 

used. 

 

 
Figure 2 – Varioptic Arctic 314 Liquid Lens Schematic 

 

Figure 2 shows the schematic of the liquid lens. Materials one and four are plane parallel plates 

which contain the inner liquids without adding any power to the system. Material two is an 

electrically insulating oil based material while material three is an electrically conductive water 

based material. When a potential difference is applied across the water/oil interface, the contact 

angle of the water with the electrode changes, causing face three in Figure 2 to curve. It is this 

curving with respect to applied voltage that makes this system into a variable power lens 

element. 

 

We found that the best design to account for the 2mm diameter liquid lens clear aperture and the 

resolution requirements is to place the liquid lens at the stop of a double gauss design, which is 

the location of the smallest beam footprint in this type of system. Based on performance analysis 

using the optical modeling software CodeV we determined that six elements is the fewest 

number possible while maintaining an F/# less than 5, a full field of view (FFOV) of 28º and 

relative illumination of 90% at full field. Since there are no commercially available elements that 

will meet our design requirements, we chose from the available cerium doped glasses of 

appropriate indices and Abbe numbers, designing custom lenses that mitigate the aberration 



 4 

content inherent in the liquid lens.  

The final design, seen in Figure 3, is a double gauss system consisting of two singlets and two 

achromatic doublets located around a Varioptic Arctic 314 liquid lens in air at the stop. The 

liquid lens acts as the focusing mechanism for image distances between 0.8 meters and infinity 

while retaining acceptable image quality of an average square-wave end-to-end MTF over 30%. 

20mm in front of the first singlet is a sun-shield mitigating stray light effects on the image plane. 

The optical system is mounted to the camera body using a standard CS-mount section and 

consists of the sun shield, lenses, and liquid lens element. Behind the mounted lenses is a 

polished silica window whose purpose is to maintain the inner atmosphere of the imager while 

still allowing for interchangeable lenses. The final elements are detector components. The 

maximum lens element diameter is 12mm, with the 1” diameter window being the largest optical 

element. The nominal focal length of the optical system is 18.9mm with the image distance vs. 

applied voltage curve shown in Figure 4. 

 
 

 

Figure 3 - Lens Layout 

 

 
Figure 4 - Image distance vs. voltage applied to liquid lens 

 

 

OPTICAL ANALYSIS 

 

All of the analyses run on this system were performed over a wavelength range of 400-700nm 

based on the availability of liquid lens indices between 400 and 700nm. The lens glasses have 

relatively low dispersion beyond this point, so the performance at higher wavelengths will not be 

drastically different. The doped glass transmission is driven by reflection losses across the entire 

range, but the liquid lens transmission curve drops off around 900nm which will affect the 

contrast at longer wavelengths. This is an issue that will have to be resolved in order for the 

35.0291 mm CS-Standard 

12.52 mm OPL 
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design to be fully functional.  

Table 1 - Lens Specifications variable with Object Distance 

Object Distance (mm) 800 1500 Infinity 

On-axis 1.882 1.262 0.836 

 9°  Field 0.872 0.757 0.768 RMS Spot Radius (µm) 

14° Field 2.254 1.509 0.971 

Avg. Square Wave MTF at 96.154 lp/mm  

(max pixel resolution) 

56.36% 69.75% 73.95% 

Liquid Lens Radius of Curvature (mm) -27.314 -50.012 Infinity 

 

Performance of the lens system across the range of focal distances is shown in Table 1. The 

minimum object distance of 800mm is based on the minimum distance at which the averaged 

sagittal and tangential MTF values fall to near 50% as seen in Figure 5. Depending on the 

desired final imager performance the near object distance limit can be shortened to bring the 

minimum end-to-end system MTF to the limit of 30%, but the specifications here stop around an 

MTF of 40% to allow for electrical system noise.  

 

 
 

Figure 5 - MTF at 800mm object distance 

 

 

ELECTRICAL BACKGROUND AND OBJECTIVES 

 

The electrical engineering work required for this project has been an ongoing process entailing 

hardware, software, and firmware modifications. The ideal final design, which remains to be 

completed, consists of a computer-controlled circuit board with an ambient temperature sensor, 

an imaging chip, and a wireless communications interface. The current hardware prototype was 

developed by previous teams and is shown in Figure 6. The USB Interface board, or primary 

circuit board, houses all the components essential to sensory data acquisition. It contains a Virtex 

xcv300-4pq240 FPGA and connects to both the temperature sensor and imaging chip. An FPGA 

is a programmable device used to replicate a desired logical circuit through firmware 

programming. This FPGA serves as the metaphorical “brain” of the primary circuit board and 

orchestrates communication between each device. A  MATLAB-enabled computer serves as the 

user-interface through which commands are entered and transmitted to the FPGA. Figure 7 

illustrates the physical dependencies of the aforementioned components. 
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Figure 6 - Image of the USB interface board 

 

 
Figure 7 - Overall system configuration   

 

Our design objectives were to finish implementing the I²C protocol that allows the FPGA to 

communicate with the Kodak Imaging device and the temperature sensor, and to provide the 

basic design framework for the wireless interface that will eventually replace the wired USB 

cable connection between the  MATLAB-enabled computer and the primary circuit board. 

 

 

I2C PROTOCOL INTRODUCTION 

 

I²C is an industry standard, serial communications bus created by Philips in the 1980s. It is used 

to attach peripheral components to devices such as microcontrollers or FPGAs, and thus provides 

a structured framework for data transfer between components. A typical configuration consists of 

a “master” device, such as an FPGA, and multiple “slave” devices, such as the temperature and 

imaging sensors. These are physically connected to the same data and clock lines.  

 

 
Figure 8 - I2C writing operation (upper); I2C reading operation (lower) 

 

Successful data transfer requires that all components adhere to the same protocol, meaning that 

receiving and transferring data requires a specific sequence of commands and replies. All devices 

on the I²C bus must be able to understand and issue these commands in the proper sequence. 

Figure 8 depicts an example of this sequence, where bolded boxes indicate actions performed by 

the slave device and regular boxes represent actions performed by the master. Given that this 

communications protocol is so well documented, the reader is encouraged to independently 

research this topic should the need for a more comprehensive description arise. 
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FIRMWARE DESIGN 

 

Firmware can be defined as the set of programs or code implemented within digital electronics 

devices. The firmware this design is primarily concerned with is the VHDL code used to 

program the FPGA, and in particular, the code implementing the I²C protocol. The design of 

such algorithms is greatly facilitated through the use of HLSMs, or state machines. These 

diagrams serve as powerful design tools, from which VHDL code can be directly generated. 

Figure 9 below shows a sample state machine that implements a three-cycles-high laser timer.  

 

 
Figure 9 - Laser Timer state diagram 

 

Each circle is called a “state” and it may have several outputs associated with it. Transition to the 

next state occurs at the rising-edge of the clock if the appropriate input has been satisfied. In this 

example, the system begins in the “Off” state where the output X is zero (laser is off). Transition 

to the “On1” state occurs once a button, represented by the letter B, has been pressed. Once this 

occurs, the laser turns on (X = 1) for three clock cycles and automatically returns to the original 

state where the state machine will remain until the button is pressed again. 

 

Using this methodology, VHDL code for the three primary firmware components was designed, 

and debugged. These components are the “SC2” component, the “Simple_I2C” component, and 

the “I2C_core” component. The first component contains four state machines that control 

synchronization with the USB, interpret MATLAB commands, interface with the other two 

components, and route images from the Kodak Imager to the MATLAB-enabled computer. The 

second component contains a single state machine that implements the high-level I²C protocol 

shown in Figure 7, and the third component has a state machine that translates these high-level 

I²C commands into actual voltages on the data and clock lines.  

 

 

SOFTWARE DESIGN 

 

MATLAB by MathWorks is the application currently in use for the user-interface. The ability to 

request temperature and image data required writing code that would enable proper 

communication with the FPGA. All MATLAB queries to the FPGA require the transfer of four 

bytes of data. These bytes are used by the FPGA for synchronization, to determine whether the 

operation requires the use of the implemented I²C protocol, and to determine what specific I²C 

command is needed along with any data the master might need to transfer. Using this basic 

framework, MATLAB code was written in order to allow for configuration of the temperature 

and imaging sensors in addition to the request of data.  
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ELECTRICAL ANALYSIS AND RESULTS 

 

The firmware modifications were verified through the use of Xilinx’s ISE Simulator. Figure 10 

is a simulation illustrating the voltage variations in the data and clock lines during data transfer 

from the FPGA to any slave device. Since this is only a simulation, no actual slave device exists 

and its replies are missing. Nonetheless, this simulation is indicative of a functional I²C 

implementation.  

 

 
Figure 10 - Complete writing operation simulation (missing slave acknowledges are circled) 

 

Figure 11 contains actual temperature data received in MATLAB during heating and cooling 

tests. The readings were within the expected range of -55°C and 125°C. Figure 12 shows an 

image taken using the Kodak imaging board. The fact that we were able to request data from 

both sensors proves that the I²C implementation is functional. 

 

 
Figure 11 - MATLAB plot of temperature readings. Lowest temperature recorded: --53.75°C. 

Highest temperature: 125°C 

 

 
Figure 12 - Kodak image in MATLAB of a shirt 

 

 

WIRELESS 

 

The proposed hardware design that will replace the current USB cable connection is illustrated in 

Figure 13. These components are to be located on the primary circuit board. The upper path 
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operates during a receive procedure, and the lower path operates when the FPGA intends to 

transmit data. The switch is responsible for alternating between these two modes. 

 

 
Figure 13 - Hardware diagram for physical layer of 802.11g wireless transceiver 

 

The antenna transmits and receives wireless signals. Research indicates that a dipole antenna 

with a resonant frequency of 2.4 GHz is suitable for a 802.11g Wi-Fi application. The LNA, or 

low-noise amplifier, amplifies the received signal. The down converter alters the incoming signal 

frequency to one suitable for the ADC, which converts analog signals to digital signals. Finally 

this digital signal is fed to the FPGA where it is processed in order to extract the data. 

Transmitting data requires a similar process, but in reverse. Digital data from the FPGA is 

converted to analog, up-converted in frequency and amplified before being radiated by the 

antenna. 

 

Figure 14 shows the firmware components needed to process incoming and outgoing data. When 

a signal is being transmitted in free space, the data is encoded into the analog signal using a 

particular modulation scheme. These firmware blocks are meant to extract and/or encode this 

data depending on whether the data is being received or transmitted. 

 

 
Figure 14 – Block diagram of 802.11g wireless firmware design (Simplified) 

 

The demodulator receives the incoming digital signal and extracts the data using the expected 

modulation scheme. This data is stored in the RX FIFO until the Sync component can verify that 

the frame contains the proper synchronization pattern. This data is then sent along until the 

“Depacketizer” arranges the data and stores it in the RXWait component until the FPGA is ready 

to retrieve it. Transmitting data requires a similar process, but in reverse. The end result consists 

of having the digital data modulated, or encoded, and getting it ready to be sent out by the 

aforementioned hardware components.   
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CONCLUSIONS 

 

Our rendition of the RISA project was to take the previous year’s monochromatic, highly 

vignetted imager and design a multi-spectral, variable focus, 90% full field illuminated, radiation 

tolerant system. The current RISA prototype transmits images incident upon the detector via 

USB cable to a MATLAB-enabled computer, which serves as the user-interface and base-station. 

The system transmits one megapixel images at one frame per two seconds. These images can 

then be viewed as live feed, or stored for future use and analysis.  

 

Preliminary hardware and firmware concepts for the wireless design have been developed for 

future implementation. The suggested 802.11g Wi-Fi protocol should fulfill the minimum 

transfer rate of eight megabits per second as well as provide a reliable uplink for distances over 

ten feet. Design of the circuitry for this system still needs to be performed and implemented. 

 

The proposed final optical system is designed around a CS-mount detector interface and is 

intended to image over the wavelength range of 400-1100 nm. The lens system performs at an 

MTF of over 30% across the image distance range of 800mm to far field at the system Nyquist 

frequency of 98 line pairs per millimeter. The aberration content is well controlled and the spot 

diameter falls near the pixel size of 6 micrometers over the majority of the ±14 degree full field 

and image distances. The next step is to order the lenses and design and build a suitable 

mounting system to perform physical tests of the integrated system. 
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ABSTRACT 

 

Providing normal telemetry behavior predictions prior to and post launch will help to stop 

surprise catastrophic satellite and spacecraft equipment failures. In-orbit spacecraft fail from 

surprise equipment failures that can result from not having normal telemetry behavior available 

for comparison with actual behavior catching satellite engineers by surprise. Some surprise 

equipment failures lead to the total loss of the satellite or spacecraft. Some recovery actions from 

a surprise equipment failure increase spacecraft risk and involve decisions requiring a level of 

experience far beyond the responsible engineers.  
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Telemetry, Behavior, Analysis, Prediction, Predicting, Satellites, Spacecraft, Transducer, 

Measurements, Prognostics, Prognosis, Algorithm 

 

INTRODUCTION 

 

Satellite and spacecraft builders do not generate normal telemetry behavior predictions for the 

life of a spacecraft during test. Predicting accurately long-term satellite and spacecraft telemetry 

behavior generically came about as the result of the development of prognostic technology. 

Diagnostics allows the identification of equipment that has failed.  

 

FIGURE 1 THE MANY BOEING/AIR FORCE GLOBAL POSITIONING SYSTEM 

BLOCKS I, II, IIA SATELLITES DESIGNED USING PROGNOSTIC TECHNOLOGY 



2 

 

 
1
Prognostic technology is used for the identification of the information prognosticians use to 

predict equipment that is going to fail. In order to predict equipment failures, prediction of 

(unavailable) normal behavior was necessary. Prognostics was used on the first 12 Boeing/Air 

Force Global Positioning System (GPS) satellites to predict on-board atomic clock failures. The 

next 40 GPS satellites were designed based on the prognostic analysis completed on Block I GPS 

satellites. 

 

Expected satellite and spacecraft analog telemetry behavior in a space environment is not 

generated during factory acceptance test, thus a-priori telemetry data is not available prior to or 

after launch for the environment. Telemetry simulators are available to validate telemetry 

processing and display software, validating the telemetry structure and the needed 

decommutation, algorithms for determining correct configuration and operating performance and 

data display for the hundreds of digital and analog telemetry measurements.  

 

Spacecraft are launched into orbit without definitive analog telemetry behavior. Vehicle 

modeling tools used to design satellites and spacecraft are used to verify that the spacecraft 

environment will be well within equipment acceptance and qualification limits. Spacecraft 

engineers must use a “wait and see’ approach to quantify and qualify satellite and spacecraft in-

space actual telemetry behavior waiting until the spacecraft has operated in space to decide what 

is “normal” behavior.  

 

Having the information to decide immediately after launch what is normal analog telemetry 

behavior can reduce catastrophic loss due to infant mortality failures. Oracol
®
 is a Windows-

based telemetry behavior generation service that predicts normal, long-term telemetry behavior, 

available before launch, during spacecraft ground systems development, prior to launch. It uses 

known harmonic and non-harmonic influences to provide spacecraft engineers, the information 

to train and gain experience in normal satellite and spacecraft telemetry and develop analysis 

tools to evaluate all analog telemetry behavior and determine from initial orbit injection long 

term operating status of all on-board equipment.  

 

FIGURE 2 SPACECRAFT THERMAL VACUUM CHAMBER TEMPERATURE 

PROFILE DURING TEST  
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Spacecraft and launch vehicles suffer from a ~25%, 1
st
 year infant mortality failure rate. Many 

infant mortality failures are from surprise failures that could have been identified early and 

managed to reduce risk of total failure by using telemetry behavior predictions for comparison 

between actual and predicted behavior. To stop a loss from a surprise equipment failure, 

engineers need to have normal telemetry behavior identified for diagnostic purposes to identify 

analog telemetry behavior indicative of a failure.  

Spacecraft analog measurements are reconstructed analog electrical signals. Analog telemetry is 

added to satellites and spacecraft to provide engineers on Earth and on-board diagnostic tools 

information to determine equipment functional status, operating performance and configuration. 
2
Factory thermal vacuum testing exposes spacecraft equipment and the vehicle to a highly 

limited set of environments, usually only hot and cold temperature extremes associated with 

acceptance values and other temperatures only briefly during temperature transitions. Figure 2 

illustrates a thermal vacuum test temperature profile, which shows temperature history spacecraft 

are exposed to during thermal vacuum testing. The test starts and ends at room (ambient) 

temperature and includes hot starts (HS), cold starts (CS), full-functional tests (FF), and 

abbreviated functional tests (AF) are performed at temperature plateaus. When equipment fails 

or ambiguous data occurs, the thermal vacuum chamber is opened and equipment is repaired or 

replaced and the test is restarted.  

 

Figure 3 illustrates telemetry, which is reconstructed analog signal. Telemetry is a reconstruction 

of an analog electrical signal. Because of the harmonic nature of orbits, telemetry from orbiting 

or interplanetary spacecraft results in the same properties as electrical and RF signals. 

Interplanetary spacecraft are traveling from one planet to another, the desired addition of energy 

to the trajectory, which are usually done using a rocket motor or ion thruster keep the spacecraft 

in an overall orbit trajectory. All interplanetary spacecraft remain are under the gravitation forces 

of the sun and planets and thus have an orbit trajectory with an apogee and a perigee for each 

change in energy. These orbit trajectories are either circular or elliptical which means that an 

analog measurement located anywhere on the spacecraft behavior will be similar to behavior 

from earth orbiting satellites. 

 

 
 

FIGURE 3 RECONSTRUCTION OF AN ANALOG SIGNAL FOR A CIRCULAR ORBIT 

 

Using trigonometric functions, and Fourier analysis, telemetry behavior from spacecraft and 

satellites can be understood. For time series data from satellites and spacecraft,  
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In-orbit/in-space spacecraft telemetry behavior is influenced by harmonic and non-harmonic 

influences and considered too complex to quantify. The values of telemetry measurements are 

controlled by the unique internal electrical and mechanical relationships for each circuit/unit the 

telemetry measurements are integrated. Coarse approximations are used from factory acceptance 

testing by using conditions as close as possible to the in-orbit conditions. Therefore, spacecraft 

engineers are not provided reliable a-prior information to know what to expect for on-board 

equipment telemetry behavior.  

 
 

FIGURE 4 TIME SERIES DATA FROM CIRCULAR ORBIT 

Due to cost and complexity, there is no attempt during factory test at modeling spacecraft sun 

angles and vehicle attitude orientations for providing telemetry behavior for spacecraft engineers 

to use as a reference to determine the operation reliability of the equipment. Only the extreme 

hot and cold environments are used. Pre-launch supplied telemetry behavior predictions for 

analog measurements can be updated later using actual in-orbit beginning-of-life values to 

increase long-term accuracy. Providing normal telemetry behavior predictions for satellite and 

spacecraft analog measurements for engineers usable during launch readiness activities can 

provide the foundation for spacecraft engineers to develop tools for to ensure spacecraft 

operations will be safe and reliable.  

 

In-orbit spacecraft equipment will often fail while providing analog telemetry values well within 

normal operating behavior. 
3
Spacecraft engineers learn the equipment is unreliable when it fails, 

causing high-risk activities that result in the complete failure of the spacecraft.  

Current launch vehicle failure and in-orbit failure rate is 25% using acceptance testing. 

Obviously, the acceptance testing process is inadequate to identify infant mortality failures. To 

help avoid a catastrophic vehicle loss within the first year of in-orbit use, predictions for normal 

telemetry behavior can be used. This information provides a basis for determining if equipment 

is operating as expected. 

 

Predicting equipment performance, functionality, reliability, size, mass, power needs are very 

common in aerospace industry. Predictions for important information are used throughout the 

launch vehicle/spacecraft/satellite design process including: 

 

 Launch vehicle ascent trajectory 

 Launch vehicle loads, vibrations and acoustic energy 

 Launch vehicle attitude, stage separation, ignition times 

 Upper stage separation time, velocity, orientation 

 Spacecraft separation orientation 
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 Orbit tracking/orbital prediction ephemeris 

 Launch vehicle and space vehicle mass 

 Space vehicle electrical power needs 

 Thermal blanket degradation rate 

 Launch vehicle lift performance 

 Upper stage mechanical and electrical interfaces 

 Design life fuel/propellant usage 

 Battery capacity long term degradation 

 

ORACOL
®

 

 

Oracol
® 

is a Windows-based tool for providing long-term analog telemetry behavior for satellites 

and spacecraft in orbit. The results are intended to be a tool for spacecraft engineers to decrease 

risk of catastrophic vehicle and equipment failure. 
 

Oracol
® 

provides normal, in-orbit satellite telemetry measurement behavior predictions available 

months prior to and/or after launch. Oracol
® 

is suitable for all spacecraft and 

satellites/orbits/altitudes/inclinations/attitude control /thermal control and electrical power 

configurations. Telemetry behavior predictions are not available before because no one believed 

it was possible to predict telemetry behavior. 

 

Oracol
® 

generates normal telemetry behavior for an unlimited duration of mission life. It is used 

by the satellite mission control team to define normal satellite equipment behavior, which is only 

observable through telemetry. Using normal telemetry behavior predictions, decreases risk of 

mission failure by identifying suspect equipment problems in advance. By studying telemetry 

prediction behavior, increases the depth of understanding of Satellite in-orbit behavior. It 

increases the technical ability of Mission Control personnel to quantify safe satellite equipment 

behavior.  

 

Oracol
® 

is used with telemetry prognostic technology for predicting satellite and launch vehicle 

equipment failures. Oracol
® 

was created and used on the Boeing/Air Force Global Positioning 

System MEO satellites to identify satellite equipment that was going to fail. 

 

Its benefits includes lowering the risk of mission failure by reduces the chances of surprise 

failures. Most in-orbit failures occur well within acceptance limits. Oracol
® 

provides a warning 

that something has changed the expected behavior. It allows sufficient time for mission control 

team to respond/develop contingency procedure. It provides the information necessary for the 

mission control team to understand what should be occurring on a satellite. It can also be a 

training tool for mission control team to understand satellite equipment and subsystem electrical 

and mechanical interface relationships. Prior to launch, the mission control team has limited 

information regarding the long-term normal behavior of satellite from builder. 

 

Oracol
®
 uses harmonic and non-harmonic influences, which can be modeled to predict normal 

telemetry behavior for satellites and spacecraft for up to 30 years and more of mission life. 

Today’s long life spacecraft have a greater chance of failing catastrophically from an equipment 
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failure due the much larger number of piece-parts and the unavailability of high reliability piece-

parts. Today’s spacecraft are larger, more complex, less reliable and susceptible to single event 

upsets (SEU) and electrostatic discharge (ESD) failures due to the increased use of low voltage 

piece-parts.  

 

Spacecraft engineers that develop software tools for evaluating telemetry quickly and accurately 

need a foundation to build on. Oracol
®
 provides the information for pattern recognition software 

that can illustrate behavior not expected as well as information that should be looked at closer by 

engineers.  

 

With spacecraft costs and complexity skyrocketing and reliability decreasing, increasing the 

competency of engineers that monitor and evaluate spacecraft telemetry becomes a more 

important activity to spacecraft owners and operators.  

 
4
Satellite and spacecraft telemetry behavior is a result of harmonic and non-harmonic influences. 

The influences cause changes that usually occur well within equipment acceptance limits. 

However, many equipment failures occur well within acceptance limits and are identifiable if 

normal telemetry behavior predictions are available. Understanding and quantifying telemetry 

behavior from spacecraft offers the owners and operators a tool to protect their expensive, but 

unreliable equipment.   

 

Oracol
®
 uses known influences and other controlling factors to predict normal telemetry 

behavior. 

 

HARMONIC INFLUENCES ON ANALOG TELEMETRY BEHAVIOR 

 

Harmonic influences include orbit plane drift rate caused by solar, lunar and planetary gravity 

forces, changing sun-to-orbit plane angles and the earth’s solar constant which changes  ~5% 

peak-to-peak per year. 

 

 
 FIGURE 5 LONG TERM SOLAR OUTPUT REACHING THE EARTH 
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Figure 5 represents the output for the sun at the Earth from 1880 to 2000 indicating that there are 

both yearly and 11-year harmonic cycles. These cycles contribute to the peak and minimum 

temperatures for spacecraft.  

 

Figure 6 indicate the long term, peak-to-peak changes for a temperature measurement for a 

continuous changing, sun-to-orbit-plane (β) angle and the behavior of the minimum and 

maximum values for a measurement. 
5
The peak-to-peak variation for a satellite temperature 

measurement is minimal when the β angle is at maximum and at maximum when the β angle is 

the lowest. 

 

Figure 7 indicates the telemetry measurement behavior for a satellite with a fixed β angle and no 

degradation of the thermal blankets and thermal control subsystem 

 

 

FIGURE 6 RESULTING SATELLITE TELEMETRY BEHAVIOR WITH CONTINUOUS 

CHANGING SUN-TO-ORBIT PLANE ANGLE  
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FIGURE 7 TELEMETRY BEHAVIOR FROM SATELLITE WITH A FIXED 

SUN-TO-ORBIT-PLANE ANGLE (β) 
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NON-HARMONIC INFLUENCES 

 

Figure 8 illustrates the NASA Space Station β angle prediction for one year. 

NON-HARMONIC INFLUENCES ON ANALOG TELEMETRY BEHAVIOR 

6
Non-harmonic influences include the location of the telemetry measurement, internally to 

equipment or located in an area or region. Analog measurements in different quadrants will 

behave within well definable phase relationships.  

 

FIGURE 9 PHASE RELATIONSHIP BETWEEN SATELLITE/SPACECRAFT 

TEMPERATURE TELEMETRY MEASUREMENTS LOCATED IN DIFFERENT 

SATELLITE QUADRANTS 

Another non-harmonic influence is the change in thermal blanket absorptivity/emissivity (α) and 

its long-term influence of telemetry behavior. This ratio is known as α. 
7
Satellite and spacecraft 

thermal blanket α, increase over time in a predictable way. 

 

Orbit Period 

A 

M 

P 

L 

I 

T 

U 

D 

E 
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To meet the needs of spacecraft engineers, Oracol
®
 provides normal telemetry behavior 

predictions in several formats.  

 

AVAILABLE FORMATS  

 

A traditional format for time series information includes time vs. magnitude. This allows the 

identification of behavior in a time-based perspective. Figure 10 illustrates traditional time vs. 

magnitude information. Since telemetry is time-based data, engineers have used these 

representations to identify behavior that needs further research.  

 

 
 

FIGURE10 FORMAT 1, 3-D TIME VS MAGNITUDE VS FREQUENCY: ORBIT, 

DAILY, WEEKLY, MONTHLY MINIMUM, AVERAGE, MXIMUM VALUES 

 

Figure 11 illustrates 3-D, time vs. magnitude vs. frequency representations. These are used for 

enhanced analysis. Time vs. magnitude vs. frequency vs. phase representations allow the 

verification of normal behavior in all 4 dimensions understanding each harmonic contribution 

and identifying non-harmonic affects. Telemetry is time-based so analyzing its frequency and 

phase components helps to better quantify the results. 

FIGURE 11 FORMATS 2, 3-D IMAGE OF LONG TERM IN-ORBIT NORMAL TIME, 

AMPLITUDE AND FREQUENCY TELEMETRY BEHAVIOR FROM ORACOL
®
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PATTERN RECOGNITION SOFTWARE 

 

Oracol
® 

normal telemetry behavior predictions
 
results can be used with pattern recognition 

software to identify unexpected telemetry behavior.  

 

CONCLUSION 

 

Oracol
®
 results

 
provide the long-term telemetry behavior for spacecraft engineers to compare

 

actual behavior with expected behavior to determine equipment status and performance. Oracol
® 

results can stop surprise
 
equipment failures by identifying normal behavior and comparing actual 

with expected behavior. Normal telemetry behavior predictions are available prior to launch and 

can be used to develop analysis tools for engineers to analyze spacecraft telemetry. Results based 

on actual behavior are available after orbit insertion. Oracol
® 

predicts
 
normal satellite and 

spacecraft long-term telemetry behavior by identifying harmonic and non-harmonic influences 

and their affect on telemetry behavior reducing risk to satellite and spacecraft owners and 

operators of catastrophic failures while increasing the technical level of spacecraft engineers.  
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) project is transitioning from standards 

development to deployment of systems.  In fielding a Telemetry Network System (TmNS) 

demonstration system, one must choose and integrate technological building blocks from the 

suite of standards to implement new test capabilities.  This paper describes the operation of a 

TmNS and identifies the management, configuration, control, acquisition, and distribution of 

information and operational flows.  These items are discussed utilizing a notional system to walk 

through the mechanisms identified by the iNET standards.  Note that at the time of this paper the 

efforts discussed are only at the very beginning of the design process and will likely evolve 

throughout the design process. 

KEYWORDS 

iNET, System Management, Metadata, Radio Access, Information flows 

INTRODUCTION 

The demonstration system is a realization of the TmNS (Telemetry Network System), which 

includes the items necessary to exercise or enable the capabilities in a useful and meaningful 

manner.  One of the main uses for the system is the ability to retrieve data during a test mission 

from the on-board data recorder.  This requires that a wireless two-way communication link be 

established from the mission control facility to the test article.  The bounds for the system are 

identified in the context diagram below (Figure 1).  The context diagram shows that most of the 

common items utilized for this demonstration are included as part of the TmNS. 

This demonstration system has the goal to demonstrate the following capabilities: 

1) Dynamically share spectrum resources among many concurrent activities based 

on instantaneous demand for telemetry resources 

mailto:babbott@swri.org
mailto:mmoodie@swri.org
mailto:Thomas.Grace@navy.mil
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2) Manage this sharing appropriately through defined Quality of Service rules to 

ensure both defined priorities and fairness 

3) Provide near real-time access to the test article measurements either directly from 

the data acquisition source or from onboard data storage 

4) Command and control onboard equipment, parameters, legacy telemetry formats, 

and other functions from mission control 

5) Provide over the horizon telemetry 

6) Protect the integrity of telemetry communications 

Figure 1:  Demostartion System Context Diagram 

CONCEPTUAL DESIGN FORUMLATION 

The functional makeup of the TmNS is a composition of functions with flows illustrating the 

relationship of the functions.  The system functional composition describes the structure of the 

system as a hierarchical structure broken into segments, elements, and sub-elements and is 

represented in the diagrams.  The diagrams provided represent the functional breakdown of 

logical groupings of functionality. 

The detailed tree of the TmNS demonstration system breakdown is illustrated in Figure 2 below.  

This does not directly show the relationship of the TmNS with the Metadata and System 

Management supporting elements but these elements touch every aspects of the system being 

managed.  There are some items shown within the system hierarchy that are technically external 
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to the architecture but are captured to identify the functionality for the demonstration.  A 

description of key blocks is described in the following paragraphs. 

Figure 2:  Demonstration System Structure 

The TmNS block handles data transfer from acquisition sources (i.e. transducers, aircraft buses, 

etc) to data displays.  The TmNS functionality is supported by system-level System Management 

and Metadata functions.  The System Management functionality is rather broad in that anything 

that is managed has system management functions.  Metadata functionality is also very broad in 

that it describes the implementation of the functions that needs to be communicated to 

operational aspects. 

There are four segments the TAS (Test Article Segment), Radio Access Network Segment 

(RANS), ROS (Range Operations Segment) and TGS (Telemetry Ground Segment).  The 

segment functionality is supported by the segment-level System Management and Metadata 

functions.  The TAS block handles data transfer between the acquisition source/sinks, Ground 

Support Equipment (GSE), RANS, and establishes a logical connection with the TGS.  The 

RANS block handles data transfer between the TAS and ROS through the open air interface.  

The ROS block handles data transfer between the RANS and TGS utilizing the existing range 

networks.  The TGS block handles the data transfer between the ROS and data displays as well 

as processing to interface into the existing processing systems within the mission control facility.  

Over simplistically, the TGS is the consumer of information from the TAS, which yields a 

reciprocal functionality of the TAS. 

The TAS acquires data from aircraft data sources (including measurands), transfers that data to 

other components, and provides the means to encrypt/decrypt the data stream to and from the 

RANS.  The Vehicle Network (vNET) element provides the network connectivity for 

transferring data/information across the test article.  The Test Article (TA) Time Source element 

receives GPS time and provides time to the TA.  The TA Serial Streaming Telemetry (SST) 

element provides a gateway between vNET and legacy PCM systems.  The Peripherals element 
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provides the data sources and data sinks.  The Ground Support Equipment (GSE) element 

provides the network resources and applications necessary to support operations and 

maintenance of the TA. 

The RANS transfers data to and from the TA and ground.  The RANS Management (RFM) 

element manages the data flow through the radio link and ensures data/information makes it to 

the intended destination and provides the code point services for the Radio.  The Radio element 

provides the network to RF Bridge between the RFM and the antenna.  The Antenna element 

collects and radiates RF energy, and combines and splits the RF energy between the network 

Radio and the PCM transmitter. 

The ROS provides the resources necessary to integrate the TmNS demonstration capabilities into 

the existing range infrastructure and has the responsibility for managing the black-side elements 

within the system.  The Range Network element provides the network connectivity for 

transferring data/information across the range, and provides a data stream to mission control 

facility.  The Gnd Time Source element receives GPS time and provides time to the range.  The 

ROS manages the RANS and Gnd Serial Streaming Telemetry (SST) components.  The ROS 

also has the responsibility to maintain an awareness of the spectral resources. 

The TGS provides the resources necessary to integrate the TmNS demonstration capabilities into 

the existing range infrastructure.  The Mission Control (MC) network element provides the 

network connectivity for transferring data/information across the mission control room/facility, 

and provides the ability to encrypt/decrypt the data stream to and from the enclave.  The Gnd 

Time Source element receives GPS time and provides time to the range.  The Gnd Serial 

Streaming Telemetry (SST) element enables management of the SST components.  The Mission 

Control Applications element provides a gateway between the TmNS data traffic and the existing 

telemetry processing, and provides the management and applications to communicate to the TA. 

Message Flows 

The blocks of the system hierarchy interact through messages that carry time, data, and 

management information across the system.  The system messages/responses/interactions can be 

classified into a basic category of moving information or data that are further divided into three 

data groups, LTC/RC data, time data, and management data.  These are primary informational 

units used to communicate across the system including among the elements, sub-elements, and 

external interactions. 

 LTC (Latency & Throughput Critical) and RC (Reliable Critical) data carries critical data 

between data sources and the data sinks.  The LTC and RC data includes many different 

messages including mission data packets. 

 Time data is data from a time source to a time sink that provides for system-wide time 

synchronization. 

 Management data are commands and status requests sent to managed components (i.e. 

data source/sinks, switches/routers, radio, etc.) and returns status and events from the 
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managed components.  The management pathways are also used to configure components 

with the help of metadata that describes the configuration. 

System/Segment Level Message Flows 

The system/segment level messages flow between the TAS, RANS, ROS, and TGS.  These 

messages carry data, time, and management information to and from the segments (Figure 3).  

The details of the messages between each segment level block are shown below. 

Figure 3:  System Level Message Flow 

In general, information of LTC/RC data flows from TAS to TGS however, provisions are made 

such that LTC/RC can flow from TGS to TAS.  The RANS and ROS have no direct knowledge 

of LTC/RC data.  The PCM data is maintained and connected as it currently does.  All segments 

are managed thus management data is passed from managers to managed components.  Time is 

required by the segments for timing, data correlation, logging, etc. 

TAS Message Flows 

Figure 4 below shows message flows for the TAS.  Brief descriptions of the blocks are discussed 

below. 
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Figure 4:  TAS Message Flow 

Peripherals Element contains the data source and data sinks within the TA.  The data sources or 

acquisition sources are the producers of LTC/RC data and the data sinks are consumers of the 

LTC/RC data.  Time data is fed to these components for time tagging.  The management data is 

used for command, status, and configuration. 

VNET Element provides the network connectivity between components on the TA. 

GSE Element provides maintenance and support of the instrumentation system on the TA. 

TA SST provides the bridge/gateway between PCM instrumentation systems and the network 

data acquisition system.  This allows LTC/RC data to flow into the PCM system as well as allow 

PCM data to flow into the vehicle network.  This provides flexibility between the legacy PCM 

system and the network based system.  RANS provides the network pathway to enable the ROS 

to control the PCM transmitter within the TA SST. 

Time Source Element is fed by an external time signal that enables system wide time 

synchronization.  The time source provides that time for distribution via the vNET as well as to 

legacy PCM systems/components. 

RANS Message Flows 

Figure 5 below shows messages flow for the RANS.  Brief descriptions of the blocks are 

discussed below. 

Figure 5:  RANS Message Flow 

Both the TA and Gnd Radios provide the bridge between network data and the RF signal.  Each 

radio produces and consumes the RF signal creating a two-way RF link between the TA and the 

ground. 
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Both the TA and GS RANS Management manage the network traffic between the radios and the 

interconnecting networks.  It provides the ability to allocate RF resources based on user requests, 

and route and manage IP traffic within the RANS. 

Both the TA and Gnd Antennas provide the collection and radiating of RF energy.  The antennas 

must combine and split the RF SST signal and the network RF signal between the TA and the 

ground. 

ROS Message Flows 

Figure 6 below shows message flows for the ROS.  Brief descriptions of the blocks are discussed 

below. 

Figure 6:  ROS Message Flow 

The WAN (Wide Area Network) represents the range network infrastructure.  The WAN from a 

TmNS perspective is given IP packets and moves those IP packets such that they can be received 

by the destination. 
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of the spectrum within the given range.  This manager provides the accounting and scheduling of 

the spectral resources. 

The Network Manager manages the WAN and RANS resources to ensure that data/information 

flow between the TA and mission control.  This manager serves as the doorway for applications 

within the ROS to gain access to the black-side network. 

The Serial Streaming Telemetry Manager manages the black-side SST resources.  This manager 

manages the TA transmitter, the antenna control unit, SST receiver, and bit synchronizer. 

Radio

Access

Network

Segment

(RANS)

S
y
s
te

m
 M

a
n

a
g
e

m
e
n

t 
/ 
M

e
ta

d
a

ta

S
y
s
te

m

S
u

b
-E

le
m

e
n
t;

 N
o

n
-S

ta
n

d
a

rd

S
u
b

-E
le

m
e

n
t

E
le

m
e

n
t

S
e

g
m

e
n

t

E
le

m
e

n
t;

 N
o

n
-S

ta
n

d
a

rd

SM Data

Data

SM Data

Data

T
im

e
 D

a
ta

S
M

 D
a

ta

Time Data

Telemetry

Ground

Segment

(TGS)

WAN

Network Manager
Spectrum

Assignment

Manager

SM Data

SM/MD
SM/MD

Synchronized

Time

Source

SM/MD

Time Data

SM Data

Serial

Streaming

Telemetry

Manager

S
M

 D
a

ta

GPS SIgnal

SM/MD



8 

 

The Synchronized Time Source sub-Element is fed by an external time source that enables 

system wide time synchronization.  The time source provides that time for distribution via the 

WAN as well as within the range operations center. 

TGS Message Flows 

Figure 7 below shows message flows for the TGS.  Brief descriptions of the blocks are discussed 

below. 

Figure 7:  TGS Message Flow 

Mission Control Application and Network Elements contain the data sinks and data sources 
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synchronization.  The time source provides that time for distribution within mission control. 

A CONCEPTUAL DESIGN 

A conceptual design is presented in Figure 8 below to visualize how the demonstration system 
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Figure 8:  A Conceptual Design of a TmNS 

Peripheral Element 

Ranges have a large investment in data acquisition units and data recorders.  Some of these 

devices have specialized data acquisition interfaces that are unique.  Sometimes because of the 

uniqueness, the replacement cost can be costly.  Therefore, by addressing the network from an 

interface perspective it also allows the customer to either buy a new network enabled peripheral 

or to modify the existing unit interface with a network interface or build a network gateway to 

the existing device or do nothing and continue to use the existing system. 

TA SST Element 

This element is basically an adaptation of the existing systems.  The main addition is a PCM 

gateway that takes in the SST PCM data, packages it up into network messages, and sends them 

to the vehicle network.  One could also make the gateway look like a DAU and format the 

network data into the serial streaming telemetry link.  The line from the transceiver to the PCM 

transmitter represents the network control for the transmitter.  The PCM encoder takes data from 

the DAUs via the existing bus standard (CAIS) and serializes the data, which is encrypted and 

then transmitted. 

Vehicle Network Element 

This element is somewhat new for airborne telemetry.  The network switches provide the data 

pathways to enable the data sources to communicate with the data sinks.  The PTP time that is 

distributed across the vehicle network requires that the switches have the functionality to make 

time corrections to the PTP time messages so that the constant timing delays are removed from 

the system giving the perception that data source time readers are connected directly to the time 

masters.  Although, not explicitly called out as a requirement but for throughput efficiency, the 
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switches must be able to support the multicast protocols.  In addition, instead of switches some 

installation may desire a router for potential isolation of extended networks. 

Ground Support Equipment Element 

The main piece of the ground support equipment is centered on a computer so that the systems 

can be programmed, checkout, perform calibrations, analyze bus traffic, provide stimulus to the 

peripherals, etc.  The major addition is likely software to manage the network and network 

analysis tools to aid in troubleshooting. 

TA Time Source Element 

This element is basically new for airborne telemetry.  The GPS antenna is standard and used in 

existing installations.  The time master is new because it provides PTP time to the time sinks 

(data sources) via the network.  Today’s systems provide time out of band from the data 

communications. 

RANS Transceiver SubElement 

This element is new for airborne telemetry.  The transceiver is envisioned to be composed of a 

radio and router.  The network radio must take in network data, convert that to RF waveform to 

SOQPSK, and perform the opposite when receiving.  The radio will use a TDMA (Time 

Division Multiple Access) scheme for the RF network.  The front end of the radio is anticipated 

to need a router to handle the incoming data from the vehicle network.  The RF network element 

is considered a constrained resource in the TmNS system.  This network being the constrained 

resource will have to make decisions on the data as far as priority and potential bandwidth 

reservations.  These are accomplished through QoS protocols. 

RANS TA Antenna SubElement 

This element is envisioned to be a pure RF passive system that takes RF energy in and outputs 

RF energy.  The airborne test articles typically use Omni-antennas which they radiate RF energy 

in all directions.  The typical Omni-antenna can be used in this application with the addition of a 

diplexer.  The diplexer is used to combine and de-combine RF energy based on the bands 

selected. 

RANS Gnd Antenna SubElement 

The heart of the GS antenna element already exists, the direction antenna and ACU (antenna 

control unit) to point it and track the airborne test article.  The first modification is in the antenna 

feed to handle the RF bands and the diplexer to de-combine and combine the RF energy based on 

the bands selected.  The directional antenna normally has two slip rings one for the vertical 

polarized SST RF signal and the other for horizontal polarized SST RF signal.  The pedestal will 

need to be modified to add another slip ring for the network RF signal.  In this design, the SST 

signal must be present on the test article in order to utilize the existing tracking mechanisms.  It 
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should be pointed out that normally the antennas are remotely located.  Therefore, utilization of 

much of the existing infrastructure is highly desirable. 

Gnd Serial Streaming Telemetry Element 

This element is basically an adaptation of the existing systems.  The main addition is a PCM 

gateway that takes in the SST PCM data, packages it up into network messages, and sends the 

data to the ground network interface.  The line from the gNET interface network is used for 

managing the GSS SST element. 

RANS Gnd Radio Frequency Network SubElement 

Just as the TAS RANS Management element is new so is this element new for airborne 

telemetry.  The network radio must receive the RF waveform like SOQPSK and convert that to 

network data and vice-versa for transmitting.  The radio uses a TDMA (Time Division Multiple 

Access) scheme for the RF network.  The front end of the radio is anticipated to need a router to 

handle the outgoing data into the ground network.  The RF network element is considered a 

constrained resource in the TmNS system.  This network being the constrained resource will 

have to make decision on the data as far as priority and potential bandwidth reservations.  These 

are accomplished through QoS protocols. 

Gnd Time Source Element 

This element is new for airborne telemetry and will likely be required near where the radio is 

installed.  It is anticipated that timing requirements may be desired for the RF link in order to 

maintain tight synchronization for the TDMA epoch.  The GPS antenna and IEEE-1588 time 

grandmaster are commercial off the shelf devices. 

Wide Area Network Element 

The WAN network already exists for many ranges.  Therefore, it was important to find a way to 

interface into the existing infrastructure.  One of the challenges here was QoS.  It was required to 

find a protocol that was widely supported by existing standard network devices that enable the 

TmNS to function with the necessary QoS.  The use of the differentiated services (DiffServ) was 

a protocol that fit the basic need.  However, DiffServ did not provide the traffic engineering that 

would be required to guarantee throughput. 

In many ranges antennas can be clustered together to minimize installation facilities.  Therefore, 

this element is primarily driven to establish a local LAN to tie into the local range WAN 

infrastructure.  The network router will likely be required to tie into the WAN and switches are 

needed to tie together the network-enabled devices.  It is unlikely that all the switches will 

require the PTP time (IEEE-1588) that is distributed across the LAN. 

Mission Control Elements 
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Most ranges conduct multiple concurrent test missions having numerous project engineering 

stations.  Physically there is no real significant change here except for the managers and software 

applications to process the network data. 

CONCLUSION 

The message flows represent the basic message exchanges needed by the TmNS to exercise the 

functions of the system to achieve the system level capabilities.  The interactions were generalize 

in order to be able to apply networking technologies.  The end goal being a system that leverages 

existing technologies and can be applied to meet the operational needs.  The flows illustrate that 

the TmNS is basically just a complex managed data pipe.  Additional decomposition will likely 

evolve the message flows into ensure performance measure can be satisfied.  The messages 

flows can be mapped to technologies identified in the iNET standards.  The technologies 

identified in the standards help formulated the componentization for the conceptual design.  The 

conceptual design is used to explain the details of the TmNS will operate to satisfy the 

operational requirements. 
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ABSTRACT 

The integration of standard networking technologies into the test range allows for more capable and 
complex systems. As System Management provides the capability for dynamic allocation of resources, it 
is critical to support the level of network flexibility envisioned by the integrated Network-Enhanced 
Telemetry (iNET) project.  This paper investigates the practical performance of managing the Telemetry 
Network System (TmNS) using the Simple Network Management Protocol (SNMP).  It discusses the 
impacts and benefits of System Management as the size of the TmNS scales from small to large and as 
distributed and centralized management styles are applied. 

 

To support dynamic network states, it is necessary to be able to both collect the current status of the 
network and command (or modify the configuration of) the network.  The management data needs to 
travel both ways over the telemetry link (in limited bandwidth) without interfering with critical data 
streams.  It is important that the TmNS’s status is collected in a timely manner so that the engineers are 
aware of any equipment failures or other problems; it is also imperative that System Management does 
not adversely affect the real-time delivery of data. 

 

This paper discusses measurements of SNMP traffic under various loading conditions. Statistics 
considered will include the performance of SNMP commands, queries, and events under various test 
article and telemetry network loads and the bandwidth consumed by SNMP commands, queries, and 
events under various conditions (e.g., pre-configuration, normal operation, and device error). 

KEYWORDS 

iNET, System Management, Performance, SNMP  

INTRODUCTION 

The Telemetry Network System (TmNS) is a system architected to enhance existing telemetry 
systems through the incorporation of networking technologies.  The goal of incorporating these 
technologies is the ability to gain flexibility in conducting test operations.  One of the key 
aspects is the addition of a two-way telemetry link that allows the test team in a control room to 
remotely manage the test system on a Test Article.  This ability enables the test team to 
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dynamically modify certain parameters of the test system to maximize test efficiency.  
Additionally, a managed two-way telemetry link provides a test range the ability to dynamically 
manage the spectrum resources across test assets to maximize spectral usage.  Furthermore, the 
two-way telemetry link provides the ability to remotely access the data recorder on board the 
Test Article.  This capability allows the test team to retrieve data from the data recorder in order 
to maximize knowledge during test execution. 

Providing the ability to remotely manage test resources increases the test team’s capabilities to 
dynamically adjust the telemetry system for maximum test efficiency.  This increase in flexibility 
creates challenges for test operations.  These capabilities enable the team to re-configure selected 
parameters on the fly.  Any re-configuration is likely to be conducted in between test points.  
One will have to understand the potential impacts of the changes and the time it takes to 
implement the changes.  For example, changing the gain range on a single data acquisition 
channel can seem rather benign, but this changes the calibration that may require, as minimum, a 
post test re-calibration of that data channel.  A more dramatic example is re-routing data on the 
Test Article.  One will likely need to have a model in order to predict the potential impacts of the 
re-configuration.  An increase in capabilities provides an increased level of flexibility that 
potentially leads to complexities in test execution. 

The System Management Standard enables the capabilities to manage the TmNS.  It provides the 
range of possibilities for a test range to implement via applications (managers).  Each range will 
be able to establish their own constraints through range polices which can be identified in the test 
metadata.  The test metadata structure is being defined in the Metadata standard.  Additionally, 
the number managers can vary per range and potentially per test program.  For example, a range 
is likely to have a single manager to manage the spectral resources.  However, each test is likely 
to have a manager for managing the test instrumentation system on the Test Article.  In addition, 
the Test Article can have its own manager to manage the resources on the Test Article. 

PERFORMANCE CONSIDERATIONS 

The goals of the assessment are to evaluate System Management and its impact on the 
performance of the TmNS.  The application of System Management should enable improved 
system performance through monitoring and tuning.  However, the addition of System 
Management to a system also adds additional network load.  This creates the perception that (by 
adding network load) System Management decreases the performance of the network.  This 
viewpoint downplays the potential benefits which may be gained by the use of a relatively small 
part of the network for System Management data.  The amount and types of management data, 
the network geometry, and the amounts and criticality levels of other system data are all 
variables which are trade spaces which must be considered when using System Management to 
benefit the system. 

Management data may be used at many different levels.  The use may be as basic as the 
collection of statistics from the system or as complex as dynamic modifications to the system.  
Some examples of statistics include the rates of network traffic moving through the network or 
the power level of a Data Acquisition Unit (DAU).  Dynamic management passes commands and 
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configuration information across the telemetry link to allow on-the-fly modifications.  One use 
case for dynamic management would be the ability to change to a new test configuration 
between maneuvers without requiring the Test Article to land.  The selection of system statistics 
to monitor and the amount of dynamic management utilized will vary according to the needs of 
the range.   

The convenience of having more live visibility and interaction capabilities with the test system 
must be weighed against the constraints of the system.  All Test Article networks are constrained 
by the physical limits of their links; the telemetry link is constrained even more so.  The TmNS 
objective is a 20 Mbps downlink and a 2 Mbps uplink [2].  When such a telemetry link is 
coupled with a common Ethernet 1 Gbps or even 100 Mbps network bandwidth, there is a clear 
requirement to down-select the data which travels the telemetry link.  The choice of which data 
to transmit is already difficult because human nature demands all the data all the time.  Users 
may chafe at the idea of losing yet another portion of their telemetry bandwidth to System 
Management data. 

Another consideration is the balance between the preservation of critical data streams and the 
preservation of management data streams.  Depending on system usage, either may require near-
real-time delivery of data.  While attention is most easily drawn to the needs of critical data 
streams such as key test data, the ability to ensure delivery of management data may also be 
highly important.  An over-temperature notification from a sensor may indicate a problem which 
could be alleviated if discovered in a timely manner.  A control message could be sent to enable 
a recorder neglected at pre-flight checkout.  In situations like these, System Management data 
might also be considered critical. 

While the benefits of System Management are fairly well known, the questions yet to be fully 
answered are, “How much is System Management going to cost in my system?” and “Can I trust 
System Management to get the job done in a timely manner?”  The considerations in applying 
System Management must weigh the size of System Management messages, management 
bandwidth on the Test Article, management bandwidth across the telemetry link, and the amount 
of time it takes to retrieve System Management information.  Other factors which impact the 
design trades include the size of the system (the number of devices being managed) and where 
the management information is being gathered (locally by consolidation or centralized).  For 
instance, consolidating non-critical management information on the Test Article is one method 
of reducing the amount of downlink bandwidth.  Quantifying these types of costs will allow 
ranges to make informed choices on the ratio of System Management to test data. 

STANDARDS ASSESSMENTS METHODS 

The management of the TmNS has been standardized by the iNET System Management 
Working Group using the Simple Network Management Protocol (SNMP).  The TmNS System 
Management Standard defines a collection of management information through an SNMP 
Management Information Base (MIB).  The SNMP protocol defines methods for requesting the 
MIB information (queries, or snmpgets), sending MIB information (commands, or snmpsets), or 
receiving asynchronous MIB information (notifications).  SNMP agents on each TmNS device 
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use this MIB to exchange management information with a System Manager application.  At the 
highest level, the System Manager is the Mission Control Center Test Manager.  This gives the 
Mission Control Center the capability to monitor statistics and faults and (if appropriate) control 
or configure some pieces of the TmNS across the network.  The management of the TmNS using 
SNMP and the management information prescribed by the TmNS System Management Standard 
will be the platform for this assessment. 

Using SNMP for System Management has a long track record in the network world [7] and has 
more recently been employed in the Flight Test environment [8].  By their very design, networks 
are flexible and extensible.  Perhaps because it is difficult to describe a typical network (and 
hence a typical network management system) few direct studies of SNMP System Management 
effects have been undertaken.  We will present information from one study which surveyed an 
extensive collection of vendor and standardized MIBs to characterize the typical management 
information packet size.  We also glean data from studies aimed at comparing the network 
characteristics of different versions of SNMP or those comparing SNMP to other System 
Management protocols.  The limited amount of information available in the literature points to 
the need for our assessment to illustrate how ranges can best benefit from System Management.  

Methodologies of Historical SNMP Studies 

A study by Schonwalder analyzed 824 standard and vendor MIB modules to characterize the 
typical management information packet size [1].  This study was a statistical analysis based 
solely on the MIB structures and did not include any live network measurements.  Among the 
calculations in the study, one measure was the average size of the SNMP packets.  While this 
study did not perform empirical measurements on a network system, it did show a likely range of 
sizes with which we can use to bound the measurements in the TmNS study. 

A comparison of SNMPv2c versus the various authentication levels allowed by SNMPv3 [3] 
illustrated the differences between the SNMP versions using measurements including protocol 
overhead (bytes in the packet due to features like authentication, over and above the data being 
requested) and network capacity consumed.  This study was performed on a small, non-realistic 
system with two management stations connected by a switch to an SNMP agent on a 10 Mbps 
network.  The SNMP agent was based on Agent++ software.  A packet-sniffing station using 
Ethereal (the predecessor to Wireshark) was connected inline through a hub on the same side of 
the switch as the SNMP agent. 

SNMPv3 and SNMPv2c were also compared as part of an evaluation of options for secure 
SNMP [5].  Network capacity and processing time were measured on a 10 Mbps network using 
Ethereal.  The network consisted of a System Manager attached to a Net-SNMP agent across a 
secure tunnel.  

An extensive study of different SNMP agents was performed as part of a comparison to Web 
Services [4].  Bandwidth and round-trip delay were measured for agents from 3Com, Cisco, HP, 
IBM, Nortel, Net-SNMP, Microsoft Windows XP, NuDesign, SNMP Research, Cabletron, and 
Xircom.  The study was conducted with SNMPv1 and SNMPv2c.  Measurements were made 
with the tcpdump utility sampling messages on the manager side of the network.  
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TmNS Standards Assessment Testbed 

To investigate the choices necessary when applying System Management to a telemetry network, 
we have designed a series of assessments based on a simulated test range [6].  The test range has 
two Test Articles.  One Test Article has ten managed devices (those capable of interacting 
through SNMP System Management messages); the second Test Article may be configured with 
seven to fifteen managed devices.  The Test Articles are equipped with a variety of common test 
instrumentation including recorders, data acquisition units, Serial Streaming Telemetry (SST) 
transmitters, switches, and routers (Figure 1).  Each of these devices has an SNMP interface used 
to send and receive System Management messages.  
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Figure 1.  TmNS Test Bed Network 
 

The test range Mission Control Center has a Test Manager application which acts as the interface 
for sending and receiving management information to and from the Test Articles. The Mission 
Control Center can manage devices on the Test Articles directly or may communicate with a 
“Test Article Manager” (a technique known as “centralized management”).  The Test Article 
Manager is an application which can perform management on the local Test Article devices.  The 
Test Article Manager can be configured to collect MIB statistics from the Test Article devices at 
varying intervals.  The Test Article Managers can also perform “Consolidated Management”; 
they can consolidate statistics from the Test Article devices and distribute commands and 
configuration to the Test Article devices.  Figure 2 shows consolidated management messages 
(striped blue arrow) which are distributed by the Test Article Manager to Test Article #1 and 
centralized management messages (yellow arrows) that go directly from a manager to the device 
being managed.  The Test Article Manager may use this consolidated management technique to 
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communicate with the Mission Control Center through a Net-SNMP Test Agent (part of the Test 
Article Manager).  This allows for the reduction of management data bandwidth across the 
telemetry link.  The presence of the Test Article Manager also allows management information 
to be collected and logged when the telemetry link is down.  
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Figure 2. Centralized and Consolidated Management 
 

Ideally, all equipment would be actual flight test hardware.  However, this is not a practical 
approach due to the immediate need for proving TmNS technologies and unavailability of actual 
flight test hardware that complies with the TmNS standards.  As a way to move forward, device 
emulators have been deployed in the networks; some as end devices and others as TmNS 
proxies.  These emulators may be used in the place of the actual flight test hardware until the real 
hardware becomes available.  For flight test hardware that is currently in the test bed but not 
fully TmNS-compliant, the device emulator will serve as a TmNS proxy device.  The proxies 
will support the TmNS MIB through Net-SNMP agents.  The SNMP agents on the flight test 
hardware will be developed by the vendors. 

TmNS System Management Scaling Assessments 

The TmNS System Management Standard will be assessed using several different criteria:  

 Size of the system 

The number of devices being managed will be scaled from one to twenty-five.  The number of 
Test Articles will be scaled from one to two. 

 Geometry of the management system 
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A comparison of centralized management and consolidated management will be performed. 

 Loading of the network 

Variations of the TmNS data message load and variations of the System Management load 
(number and frequency of variable queries) will be applied.  The System Management loading 
will reflect typical test phases and events such as configuration before the test, normal test 
conditions, and device error during the test. 

The measurements performed on these different assessment conditions will include network load 
(all network traffic, SNMP traffic, TmNS traffic), number of SNMP packets and bytes sent and 
SNMP message latency.  The measurements will be accumulated between the Test Article 
Manager and the Test Article devices; between the Test Article Manager and the Mission 
Control Test Manager; and between the Test Article devices and the Mission Control Test 
Manager.  The network traffic will be recorded under these conditions with an inline Absolute 
Analysis Model AA-3300-010 and analyzed for statistics using Wireshark.   

RESULTS 

Results of Historical SNMP Studies 

The SNMP message size study [1] analyzed 824 standard and vendor MIB modules.  The study 
concentrated on the size of the raw SNMP protocol headers and data.  The 28 bytes for User 
Datagram Protocol (UDP) and IPv4 headers were not included in the packet sizes.  The study 
found that 70-90% of the encoded SNMP messages analyzed would be smaller than 484 bytes (a 
historical SNMP packet size limit).  Approximately 90% of encoded SNMP messages in the 
study would be smaller than 1500 bytes (the typical Ethernet “maximum transmission unit” or 
maximum packet size).  

The comparison of SNMPv2c and SNMPv3 protocols [3] illustrated that in most cases SNMPv3 
puts a heavier load on the system in terms of bandwidth.  This should not be a great surprise 
considering the additional features provided by SNMPv3.  The protocol overhead added by the 
use of SNMPv3 was about 10% for SNMP gets and sets even without use of the authentication 
features (SNMPv3 noAuthnoPriv).  An additional (small) 1% average overhead was accumulated 
with the enabling of the SNMPv3 features (authNoPriv or authPriv).  The network bandwidth 
measurements showed SNMPv3 messages consuming nearly twice as many bytes as SNMPv2c 
for the SNMP set and SNMP get operations.  Again in the bandwidth study, the difference 
between SNMPv3 varieties (noAuthnoPriv, authNoPriv, or authPriv) was minimal.     

The security alternatives study of SNMPv2c and SNMPv3 [5] showed similar results to the 
previously described SNMPv2c and SNMPv3 protocol study.  An SNMPv2c request for the 
sysContact variable (IETF RFC 3418) required 79 bytes and generated a 101 byte response for a 
total round-trip packet expenditure of 180 bytes.  The same operation in SNMPv3 required 306 
to 358 bytes for the request and response SNMP messages.  It was not clear whether these 
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measurements included the UDP and IPv4 headers.  Processing time included the time between 
when the in-line network analyzer saw the SNMP get message and when it saw the SNMP 
response message.  In this network, the mean processing time for an SNMPv2c message was 310 
microseconds; the SNMPv3 processing time varied from 500-700 microseconds, depending on 
the SNMPv3 features enabled. 

In the extensive survey of many vendor SNMP agents [4], it was shown that the bandwidth for 
one SNMP message transporting one object was likely to be under 100 bytes (neglecting UDP 
and IPv4 headers).  These calculations were verified by retrieving “hundreds of MIB objects” 
from a variety of SNMP agents.  Measurements of the round-trip delay for an SNMP get (or 
SNMP getbulk where available) were presented for 23 SNMP agents from various vendors.  
Measurements of the time required to retrieve one and 22 objects (SNMP variables) in one 
message were measured ten times on each agent with the lowest values tabulated.  Additional 
measurements of 66 and 270 objects were made on agents which supported large SNMP 
messages (only six of the 23 agents supported the largest request size).  The median round-trip 
time for one object request was 1.25ms, with 15 agents under 2ms.  The median round-trip time 
for 22 objects in one SNMP request was 3.55ms (0.16ms per variable requested).  No 
information was given about the size or geometry of the network, so it is difficult to know the 
scale of this data.   

Of the four studies discussed here, two compared SNMPv2c and SNMPv3; most made various 
measurements of bandwidth or packet size; and some measured message transmission or 
response time.  SNMPv3 was shown to take roughly double the network resources of SNMPv2c.  
It should be noted that groups which compared SNMPv2c and SNMPv3 [3, 4, 5] emphasized 
that since the SNMPv3 costs are related to authentication, there are configurations in which the 
SNMPv3 differences are reduced when the management connections are persistent over a long 
duration.  The studies pointed to an SNMP message size that is often near one hundred to a few 
hundred bytes, enabling someone implementing System Management in a constrained 
environment to make educated guesses about the required bandwidth for a given set of SNMP 
variables.  Finally, two studies showed radically different time scales for acquiring SNMP 
information (one in the millisecond range and one in the microsecond range) reminding us that 
network geometry plays a big role in the timeliness of System Management messages.     

As noted earlier, it is difficult to collect a cohesive picture of the costs and trades related to 
SNMP management based on the current literature.  This is due in part to the variety of ways in 
which management can be used.  Some areas of investigation (such as SNMPv2c versus 
SNMPv3) have been sufficiently evaluated to provide the reader with a basic understanding of 
the trades involved.  These studies provide some basic guidance to ranges, but point strongly to 
the need for additional, focused investigation.   

Results of TmNS System Management Scaling Assessments 

The results of the TmNS System Management Scaling Assessments will be presented at ITC.  
The analysis of System Management latencies, packets, and bytes sent during various loading 
conditions will give guidance for the development of future TmNS ranges.  The results of the 
TmNS System Management Assessment should help indicate how to design a system where 
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SNMP messages are successfully transmitted under heavy data loads and where TmNS data 
messages do not get dropped because of heavy SNMP traffic. 

CONCLUSION 

We have presented a framework for a System Management Scaling Assessment for the 
Telemetry Network System.  The results of this work will not only help to prove out the 
capabilities of the TmNS System Management Standard, but will also provide guidance to ranges 
adopting the TmNS.  Several SNMP studies were presented showing performance trades 
involved in choosing SNMPv2c or SNMPv3 for a System Management implementation.  These 
studies also give the reader a general feeling for the bandwidth required when managing a 
system.  The TmNS System Management Scaling Assessment will build on these studies and use 
the TmNS System Management Standard to illustrate how System Management can best be 
applied to the telemetry environment. 
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) project has developed standards for 
network-based telemetry systems. While these standards are based largely on the existing body 
of commercial networking protocols, the Telemetry Network System (TmNS) has more stringent 
performance requirements in the areas of latency, throughput, operation over constrained links, 
and quality of service (QoS) than typical networked applications. A variety of initial evaluations 
were undertaken to exercise the interfaces of the current standards and determine real-world 
performance.  

The core end-to-end performance initial evaluations focus collectively on the movement of 
telemetry data through the TmNS. These initial evaluations addressed two areas: end-to-end data 
delivery and parametric data extraction. This paper presents the approach taken by these on-
going efforts and provides initial results. The latest results will be presented at ITC 2010.  

KEYWORDS 
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INTRODUCTION 

The integrated Network-Enhanced Telemetry (iNET) project has developed standards for 
network-based telemetry systems.  While these standards are based largely on the existing body 
of commercial networking protocols, the Telemetry Network System (TmNS) has more stringent 
performance requirements in the areas of latency, throughput, operation over constrained links, 
and quality of service (QoS) than typical networked applications.   
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SYSTEM-LEVEL CONSIDERATIONS FOR END-TO-END PERFORMANCE 

The networks used in telemetry applications may use some of the same building blocks that are 
used in typical enterprise computer networking, but the performance requirements for telemetric 
networks require purposeful planning of architectures and interfaces to achieve success.  In 
enterprise networks, most applications can live with best effort service delivery because the 
applications rarely have tight latency requirements.  If it takes a few seconds or minutes longer to 
get your email or file transfer through when the network is heavily utilized, then usually that is 
deemed acceptable in enterprise networks as long as the data gets through in a “reasonable” 
amount of time.  Even for more “time-critical” applications like voice or video, the network 
latency variations can be absorbed by sufficiently large application-level buffers.  Enterprise 
networks also have the “luxury” of relatively low average network utilization and a small 
percentage of “high-priority” traffic in the network.  Since most enterprise network users’ traffic 
patterns are highly bursty (i.e. low duty cycle of network utilization from a single node), the 
aggregation of the network can leverage these statistics to provide sufficient capacity to all users 
without planning capacity equal to the sum of the peak loads from each user. 

Telemetric networks have a much more difficult problem than enterprise networks.  Since a 
majority of the traffic in these networks is movement of acquired test data, a high percentage of 
the traffic has tight latency requirements (100s of milliseconds) due to safety of flight concerns.  
This same characteristic leads to a high percentage of the traffic in telemetric networks also 
being considered “high priority”.  Since much of the acquired test data is either periodic sampled 
data or bus event driven by periodic message update rates in avionic systems, the data throughput 
from both individual data acquisition units (DAUs) and the aggregate of all DAUs is a fairly 
constant rate when observed in a one second window.  Add in that some portion of the telemetric 
network will be on a test article with size, weight, power, and environmental constraints and the 
network will likely have some portion that has high constant network utilization with high 
priority and low latency requirements. 

One of the key benefits of the new iNET program is the development of a two-way network 
telemetry link connecting the test article network to the ground network.  Within iNET’s 
Telemetry Network System (TmNS) architecture, the Test Article Segment (TAS) connects to 
the Telemetry Ground Segment (TGS) by way of the Radio Access Network Segment (RANS) 
and Range Operations Segment (ROS).  Like most wireless networks, practical constraints on 
available spectrum mandate that the available network throughput in the RANS is significantly 
smaller (in some cases two to three orders of magnitude smaller) than in the test article and 
ground networks it connects.  Managing this constrained RANS link efficiently is critical to 
ensuring that as much high-priority traffic is able to pass with as little latency as possible, often 
with additional reliability constraints. 

These constraints require acknowledging that more network throughput will be routinely 
requested by end applications than is available in the network.  In typical enterprise networks 
with constrained links like digital subscriber line (DSL) or cable modem, all data fight equally 
for available throughput and thus all applications slow to the capability of the link.  The use 
cases for TmNS require that the access to available throughput be favored and possibly 
guaranteed to the applications with the highest priority.  Implementing approaches to both 
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quantify and mark the relative priority of data and then enforce these priorities in the network are 
generally categorized as Quality of Service (QoS) mechanisms. 

INET STANDARDS FOR END-TO-END PERFORMANCE 

Since achieving multiple levels of QoS within a network-based system requires an end-to-end 
system-wide approach, there are QoS-related elements in each of the iNET standards.  The test 
article, RANS, radio, and ground standards focus on the data transport portions of QoS.  The 
system management standard provides mechanisms for determining status of network utilization 
and application throughput.  The metadata standard provides the ability to describe test setup that 
is used by the system management interfaces to configure the QoS-affecting settings within the 
system.  All of these pieces must work together to provide end-to-end QoS. 

A major function of a TmNS is to move acquired test data from test articles to ground processing 
with different needs for latency, throughput, and reliability that vary depending on the particular 
measurements and on the test operating conditions.  For instance, during one phase of a 
particular test, the test operators may need samples of a particular set of measurements with as 
little latency as possible due to safety of flight issues even if it means losing some samples 
during telemetry dropouts.  In another phase of the same test, the test operators may need reliable 
transport of these same measurements for analysis even if it raises latency due to resending data 
lost during telemetry dropouts.  The Test Article Standard provides two protocols to 
accommodate these varying needs.  The Latency/Throughput Critical (LTC) Delivery Protocol 
specifies how to deliver TmNSDataMessages when latency or throughput constraints are more 
important than reliability constraints.  The Reliability Critical (RC) Delivery Protocol specifies 
how to deliver TmNSDataMessages when reliability constraints are more important than latency 
or throughput constraints.   

LTC uses the User Datagram Protocol over the Internet Protocol (UDP/IP) to deliver sequences 
of TmNSDataMessages to multicast addresses.  Delivery to unicast and broadcast addresses is 
also allowed.  Since the data delivered by LTC is by its very nature latency critical, this protocol 
is focused on controlling latency first and data reliability second.  Consequently, no guaranteed 
transport mechanism is used that would require acknowledgements and resends which would 
delay data outside of the latency performance bound.  The MessageDefinitionSequenceNumber 
field in each received TmNSDataMessage can be used by the DataSink to determine what data (if 
any) was lost due to a telemetry dropout or other system problem.  When used in the typical 
multicast variant, LTC also provides an efficient means of sending the same data to multiple 
DataSinks.  Consequently, LTC is very well suited to sending live test data from DAUs to 
recorders, computational units, displays, etc. within the test article network where network 
reliability is virtually guaranteed due to the fully wired media. 

The second protocol for the delivery of TmNSDataMessages is the RC delivery protocol.  The 
RC delivery protocol includes detailed mechanisms (i.e. transport and application protocols) for 
implementing reliable data transfer between DataSources and DataSinks.  Since additional 
session control is necessary to ensure highly reliable transfer, this type of delivery occurs 
between only two devices (unicast) with no guarantees for latency and throughput metrics. RC 
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data delivery uses the Transmission Control Protocol over the Internet Protocol (TCP/IP), which 
provides error-free delivery of a data stream at the transport layer using a system of 
acknowledgements, timeouts, and retries.  Although solid reliability is maintained for RC 
delivery, minimal latency is not guaranteed and competing flows reduce throughput when the 
network is congested. 

The Test Article Standard specifies the widely used Differentiated Services (DiffServ) QoS 
protocol as an additional tool to meet QoS requirements when traffic engineering measures may 
not be sufficient to address momentary congestion within the TmNS.  The QoS protocols 
implement a set of Per Hop Behaviors (PHBs) at the outputs of NetworkNode interfaces.  The 
PHBs define a set of policies enforced at input and output queues of EndNodes and when 
forwarding (routing) data through the TAS network as a means of prioritizing data aggregates.  
The PHBs further define policies regarding traffic shaping, re-marking, packet discard, and 
latency.  Unified implementation of QoS protocols across the TmNS can provide for fair delivery 
of multiple data aggregates having disparate QoS requirements over various parts of the TmNS 
(TAS, RANS, ROS, TGS).  DiffServ Code Point (DSCP) values specify PHBs and are marked 
on each packet at the source based on priority information contained in the metadata instance 
document for the particular test. 

Since the RANS portion of the TmNS will represent the most throughput constrained link in the 
system, achieving end-to-end QoS requires mechanisms to prioritize queuing of the packets 
passing through RANS.  Fortunately, the choice of DiffServ as a QoS mechanism in the Test 
Article Standard makes implementing this priority queuing straightforward.  DiffServ is 
commonly available in most modern routing hardware and software implementations.  
Consequently, the RANS (and the connected ground network infrastructure) can easily leverage 
this DiffServ capability to provide the needed priority queuing. 

AN ASSESSMENT FRAMEWORK FOR EVALUATING THE INET STANDARDS  

Now that the initial iNET standards are documented, the next step to maturing the standards is to 
demonstrate the functionality in as realistic a network as possible.  To achieve this, a series of 
standards assessments are in progress that exercise and evaluate the completeness of the 
interfaces specified in the standards.  These standards assessments use a common network test 
bed that was developed to emulate a real TmNS using currently available hardware and newly 
developed simulator software.  The results from these standards assessments will determine 
which portions of the standards are complete, identify any needed modifications, and provide 
confidence to equipment vendors to begin investments to implement the standards in their 
hardware. 

The validation test bed is comprised of several interconnected networks that represent test 
articles, the RANS, the TGS, and the Mission Control Center.  The networks consist of DAUs, 
network recorders, network switches, system managers, a Serial Streaming Telemetry (SST) 
transmitter and receiver, data processing units, and routers to connect to other subnets.  Ideally, 
all equipment would be actual flight test hardware.  However, this is not a practical approach due 
to the immediate need for proving iNET technologies and the lack of availability of actual flight 
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test hardware that complies with the iNET standards.  To cope with this, device emulators have 
been deployed in the networks, some as end devices and others as TmNS proxies.  They may be 
used in the place of the actual flight test hardware until the real hardware becomes available.  For 
the flight test hardware that is currently in the test bed but not fully iNET-compliant, the device 
emulator will serve as a TmNS proxy device. 

From an end-to-end QoS perspective, the key capability needed of the network test bed is an 
emulation of the network capacity and latency of the RANS link.  A combination of commercial 
off-the-shelf (COTS) hardware and COTS and custom software provide the emulation of the 
RANS link since no real RANS equipment that implements the iNET standards currently exists.  
Open-source routing software has been combined with custom software to both constrain the link 
capacity to expected RANS throughput capabilities and also delay packets to match the 
propagation delay expected over maximum distance RANS links.  These throughput limits and 
delays are configurable to allow testing over a mix of operating conditions.  More details on the 
configuration of the test bed can be found in a separate ITC 2009 paper [1]. 

The core end-to-end performance assessments focus collectively on the movement of telemetry 
data through the TmNS.  These are the end-to-end data delivery, selective data retrieval, and 
TAS/RANS interface throughput assessments.  The end-to-end data delivery assessment 
investigates the practical performance in a TmNS network of the QoS technologies and 
approaches.  This assessment utilizes software EndNode emulators that generate and receive 
LTC and RC delivery protocol traffic.  The DiffServ priority markings are configurable for each 
source of measurement data generated by these DataSources.  A variety of test cases have been 
developed to test the performance of these data delivery and QoS mechanisms for a mix of small 
and large network setups.  Initial testing focused on sending individual flows of LTC and RC 
data from the test article network to the ground network with best-effort DiffServ priority 
markings.  Once these tests verified the basic connectivity of the network and proper functioning 
of the EndNode emulators, testing progressed to increased numbers of traffic flows and mixes of 
DiffServ markings.  Additional test cases involve adding system management traffic and varying 
the constrained RANS link during tests.  At each of these test cases, the throughput, latency, and 
data loss statistics are collected.  This allows comparative analysis between different test runs to 
evaluate if the DiffServ provides sufficient QoS capability. 

The selective data retrieval standards assessment focuses on ensuring that recorded data on the 
test article can be reliably and predictably retrieved by the ground station through the RANS.  
This is basically a specialization of the end-to-end performance assessment, but is important as a 
separate evaluation since the data retrieval scenario is expected to be the mainstream of the iNET 
use cases.  Selective data retrieval involves a system on the ground network initiating an RC data 
delivery protocol connection to the recorder on the test article.  The test cases in this assessment 
involve performing selective data retrieval while active live test data and system management 
data share the constrained RANS resource.  Various DiffServ configurations are evaluated with 
measures of throughput, throughput variation, latency, and overhead percentage collected at each 
test case.  Understanding not only the achievable throughput but also the throughput variation 
will help assess concerns about total transfer time predictability. 
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The TAS/RANS interface throughput assessment focuses specifically on whether the current 
standards provide sufficient mechanisms for maximizing utilization of the constrained RANS 
link.  Test setups first exercise the RANS with a “realistic” mix of test data, system management 
data, and general purpose network traffic and measure the overhead associated with those 
transfers.  Based on this, techniques for minimizing this overhead are evaluated.  These include 
proxying requests in order to combine into larger packets, distributed system management, 
dynamic assignment of measurement groupings to allow only retrieval of needed data (instead of 
entire originally recorded TmNSDataMessages), point-to-point protocols, and compression.  
These tests will provide insight into whether the additional complexity required by each 
approach is justified by the associated gain in RANS network efficiency. 

RESULTS OF THE INET STANDARDS ASSESSMENT 

Emulators for the generation and consumption of TmNSDataMessages have been created as a 
basis for test bed EndNode simulation.  Two general types of simulators have been developed – a 
DAU simulator and a recorder simulator.  The DAU Simulator generates TmNSDataMessages as 
defined by the Test Article Standard according to the Latency/Throughput Critical (LTC) 
Delivery Protocol.  The Recorder Simulator consumes TmNSDataMessages as defined by the 
Test Article Standard according to the LTC Delivery Protocol.  In addition, the Recorder 
Simulator generates and consumes TmNSDataMessages as defined by the Test Article Standard 
according to the Reliability Critical (RC) Delivery Protocol.  In addition, both the DAU and 
recorder simulators are manageable according to the System Management Standard (SNMP 
implementation) and can be configured by a Metadata Description Language (MDL) instance 
document. 

Based on configuration files generated by an MDL Instance Document parser, the simulators can 
be configured with several parameters, including role identification (Role ID), device type, 
MessageDefinitionID (MDID), destination address, destination port number, and DSCP bits for 
the setup of TmNSDataMessage generation sequences.  Send/receive statistics are collected at a 
configurable interval for system management purposes. 

Additionally, the DAU simulator reads configuration files to aid in traffic shaping of 
TmNSDataMessage generation.  These configuration parameters include maximum message 
size, maximum message latency, fixed message length constraints, package patterns (i.e. fixed 
order/fixed number/variable order/variable number), package length, package rate, package 
payload, among others.  The simulators use input files with raw data (circular buffer) to generate 
the package payloads, thus providing the user a simple way of changing the package payload.  
Moreover, the DAU simulator is capable of reading a binary file of concatenated TmNSData 
Messages as a message simulation input file.   

The recorder simulator is configured similarly to the DAU simulator, although not all of the 
traffic shaping parameters are used.  LTC Data Messages are consumed based on the MDL 
Instance Document used to configure the Recorder Simulator.  Similarly, the RC Data Source 
portion of the Recorder Simulator will start based on the MDL Instance Document used to 
configure the Recorder Simulator.  The RC Data Source uses the DataDeliveryControlChannel to 
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exchange control commands with the RC Data Sink, using Real Time Streaming Protocol 
(RTSP).  The RC Data Source uses a binary file as its input to service RC Data Sink requests. 
Future capabilities will include live data streaming.  Specific requests to the RC Data Source are 
sent via the DataDeliveryControlChannel using the TmNS_URI by the RC Data Sink.  The 
recorder simulator currently parses the complete TmNS_URI and is able to service the following 
requests: TmNSmdidlist, TmNSpdidlist, TmNSdestIP, TmNSdestport, TmNSdeliverymdid.  
Additionally, the recorder simulator is able to handle the following RTSP commands: SETUP, 
PLAY, TEARDOWN.  It also supports the RTSP range header using the Precision Time 
Protocol (PTP) time range format.  Further RTSP functionality will be added as simulator 
development continues. 

Finally, both simulators are manageable via SNMP.  Some of the available system management 
information includes bytes sent/received, messages sent/received, messages lost, rcSessionURI, 
record mode, record command, among others.  In addition, the simulators currently support 
several SNMP control commands, including enable/disable, recorder command, media erase, to 
name a few.  Further functionality will be added as simulator development continues. 

Both the DAU and recorder simulators have been developed in ANSI C and C++ and have been 
tested on Ubuntu Linux.  They can be compiled using the standard “gcc” C++ compiler.  An 
Alpha release of the DAU and recorder simulators is available as bootable “live” compact discs 
(CDs) to allow their use in any Intel machine with a network interface. Standard libraries will be 
released (source code) for LTC traffic generation and consumption so that other EndNode 
applications can be built upon them.  Figure 1 displays a Wireshark capture of 
TmNSDataMessages.  The TmNSDataMessageHeader, PackageHeader, and PackagePayloads 
are highlighted. 

As previously mentioned, a series of standards initial evaluations are currently in progress using 
the test bed network described earlier in this paper.  In this section, initial results of the end-to-
end data delivery initial evaluation will be discussed.  More specifically, initial results of the 
TAS to RANS interface throughput evaluations will be presented. 

Tests were conducted to determine how a throughput constrained link would affect throughput of 
LTC data as well as RC data delivery.  In the TmNS, the RANS Radio will introduce the largest 
amount of latency and throughput constraints, due to its lower bandwidth, when compared to the 
TAS.  Since no real RANS Radio equipment that implements the iNET standards exists yet, the 
RANS Radio throughput link constraint was emulated (using a network emulator) during these initial 
evaluations.  This was achieved by configuring the network emulator to reduce the available 
bandwidth in a segment of the network between the sending node and the receiving node to 10Mbps. 

The primary goal of these tests was to determine how simultaneous flows of LTC and RC data would 
share the link capacity as the LTC data rate increased to near maximum link capacity.  DAU and 
recorder simulators were used to generate LTC and RC traffic in the network.  Using Wireshark, a 
capture of the data received at the receiving node was obtained and analyzed to determine the 
throughput for each of the different data flows.  The results are shown in Figure 2, which depicts RC, 
LTC, and total link utilization for different LTC data rates. 
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Figure 1.  Wireshark Capture of TmNS Data Message 
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Figure 2.  Average Throughput versus LTC Traffic Load 
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Based on Figure 2, as the LTC data rates increase, the TCP protocol’s congestion control 
mechanisms reduce the rate of RC data entering the network so as to keep data flow below a rate 
that would lead to network packet drops.  As a result, end-to-end RC data delivery is 
accomplished reliably, but with added latency, while not impacting the delivery of the latency-
sensitive LTC data delivery both from a latency as well as a throughput perspective. 

Figure 3 and Figure 4 show instantaneous RC data throughput as a function of time.  Clearly, the 
RC throughput varies significantly over time.  The significant variations in instantaneous 
throughput can be largely attributed to TCP’s flow and congestion controls that try to maximize 
instantaneous link availability. These time constants need to be considered in the design of any 
link optimization approach such as the RANS link manager. 

 
Figure 3.  RC Instantaneous Throughput over a 65-second Period 

 

 
Figure 4.  RC Instantaneous Throughput over a 500-millisecond Period 
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CONCLUSION 

The overall success of iNET depends on proper functioning.  But proper functioning not only 
means that the correct data gets collected and moved to the correct ends, but it also means that it 
gets there by the time it is needed.  As such, the ongoing end-to-end performance assessment 
being performed will provide information crucial for understanding the current state of the 
architecture and some of the constraints on the realm of possible applications that are currently 
supported.  
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) project has developed standards to enhance 
telemetry systems for the twenty-first century.  A foundational component of these standards is the 
Metadata Description Language (MDL).  MDL is an eXtensible Markup Language (XML)-based 
language for describing requirements, design choices, and configuration parameters of a Telemetry 
Network System (TmNS).  Within a TmNS, MDL guides the exchange of information between 
applications and the configuration of network devices. 

 

Recent initial evaluations assessed MDL in terms of the expressive power of the language and 
the level of effort in developing applications that utilize MDL Instance Documents. Performing 
these initial evaluations required the generation of MDL Instance Documents to describe 
scenarios representative of both near-term and future telemetry systems that express different 
levels of iNET interoperability. These initial evaluations determined quantitative metrics such as 
file size, memory requirements, and required parsing time for MDL Instance Documents, and 
further evaluations judged the efficacy and complexity of MDL for describing and configuring a 
TmNS. 

KEYWORDS 

iNET, Metadata, MDL, XML, Schema 

INTRODUCTION 

Metadata Description Language (MDL) is the standard language created by the integrated 
Network-Enhanced Telemetry (iNET) program for capturing metadata describing network-based 
telemetry systems.  MDL Instance Documents are files that contain metadata that adheres to the 
MDL syntax and semantics.  MDL Instance Documents are used to configure telemetry network 
systems (TmNS), as well as the network-enabled devices attached to them. 
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MDL is eXtensible Markup Language (XML)-based and follows a syntax that is defined and 
constrained by an XML schema.  The schema defines a vocabulary (names of elements and 
attributes), a content model (structure and relationships), and a type system.  The language 
syntax represented by the schema is not a complete specification of the language, as it does not 
provide the semantics of the language.  The semantics of a language relate to the meaning of the 
elements and sentences written in the language.  The semantics of MDL correspond to the 
meaning of the individual elements and attributes and their combination in an MDL Instance 
Document.  The MDL semantics are embodied by a set of use cases and the transformations that 
will be applied to the metadata to support those uses. 

MDL must be expressive enough to describe a wide breadth of systems: large and small, simple 
and complex.  At the same time, the language cannot be too complicated or verbose to ensure 
that systems that must create or parse MDL Instance Documents can be developed on 
representative hardware for a reasonable cost.  This assessment was undertaken to address 
potential concerns that the MDL Instance Documents will be too large; will require too much 
software, processing power, and memory to process; or will require too much network 
bandwidth to transfer.  The assessment measured two realities related to MDL; can 
representative scale tests be described with MDL, and what are the programming and computing 
resources required to interface with the resulting MDL Instance Documents? 

During this assessment MDL Instance Documents describing example telemetry systems were 
developed.  Metrics were applied to the resulting MDL Instance Documents.  The metrics 
included file size, parsing time, memory requirements, amount of code, and development 
complexity necessary to implement tools and devices that manipulate, generate, or consume the 
MDL Instance Documents. 

At the time of publication of this paper, the assessment is being executed.  This paper will 
describe the assessment goals, process, and expected output. The results of this assessment will 
be reported at the International Telemetering Conference (ITC) 2010 presentation. 

MDSWG STANDARD ASSESSMENT 

Goals 

The initial releases of the MDL standard and its related applications are intended to support the 
following Initial Operation Capabilities (IOC) as identified by the iNET Needs Discernment 
Study scenarios and outlined in the iNET Program’s Test Capabilities Requirements Document 
(TCRD) [1]: 

 Fetch Data from Test Article (Scenario 1) 
 Fix dropouts in Serial Streaming Telemetry (SST) (Scenario 17) 
 Remotely control SST transmitter (frequency and power agility) (Scenario 16) 
 Remotely control Test Article instrumentation (Scenario 3) 
 Dynamically allocate network capacity (Scenarios 10 and 13) 
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 Handoff test articles from network to network (Scenarios 19 and 25) 
 Provide encrypted, two way, voice communications among test participants (includes Hot 

Mic) (Scenario 30) 

There are many individuals with varying perspectives that collectively comprise a test team 
during the life cycle of a test program.  This requires a large breadth of description.  It is 
impractical to absolutely guarantee that a language complies with all of the requirements.  In lieu 
of such a guarantee, a realization study was performed to reduce overall project risk, as well as to 
gain confidence in the language.  The assessment evaluated the language from several different 
perspectives which are anticipated to be part of a typical test program.  All evaluations were 
framed by the IOC capabilities listed above.  The realization assessment examined the language 
to determine if: 

 the expressive power of the language is sufficient 
o test against representative scenarios 
o map to reference designs that reflect IOC configurations 

 the language is usable and not unnecessarily complex 
o write representative document creation and parsing applications that facilitate 

human interaction 
o examine document size and complexity for parsing by limited resource devices 

In addition, the assessment determined practical starting points for users of the standard in terms 
of sample applications and example MDL Instance Documents. 

MDL Instance Documents 

The first step in the assessment is to develop MDL Instance Documents to describe 
representative telemetry system designs.  These will include the large-scale reference design 
created by the iNET program, as well as the validation test bed system that is being developed at 
Southwest Research Institute® (SwRI®). 

Metrics 

The next step is to develop software to parse and process the MDL Instance Documents and then 
make measurements that will provide insight into the resources necessary to interact with MDL 
Instance Documents.  The measurements that are important to capture include implementation- 
and computing resource-related metrics. 

Implementation-related metrics are measurements of the effort required to develop software to 
handle the MDL Instance Documents.  These include the lines of source code, the code 
complexity, and the development complexity. 

Computing resource-related metrics are meant to measure the size of the hardware and time 
needed to handle the MDL Instance Documents.  These include the parsing time, memory size, 
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and file sizes.  The file size metrics include the size of the MDL Instance Document’s file itself, 
as well as the space required to store the parsing software, including executables and libraries. 

The metrics to be captured in this metadata evaluation include the following: 

 Implementation metrics 
o Lines of code 
o Code complexity 
o Development complexity 

 Computing resources metrics 
o Parsing time 
o Memory size 
o File size of MDL Instance Document 
o File size of code and libraries 

Test Setup 

In order to accurately test the metrics described above, the test bed must have a flexible 
configuration.  The test bed must provide the flexibility to accurately test the metrics but must 
also be hardened enough to provide repeatability of the testing results.  The test bed will consist 
of two main design portions:  hardware and software. 

The hardware portion of the test bed will consist of two components: a standard desktop PC and 
a representative Single Board Computer (SBC).  Because the desktop PC is more easily 
configured and managed, it will be used to perform all of the software tests that result in metrics 
for evaluation.  The SBC will be used to evaluate the code performance and size in a 
representative execution environment. 

The software portion of the project will consist of all of the support scripts and code evaluation 
tools.  This framework will allow the team to evaluate the metrics previously described.  As 
much as possible, we will utilize industry standard practices for measuring the Lines of Code 
(LOC), memory size, code complexity, and execution time.  For many of the metrics involved 
for our assessment, such as memory size, we will present statistical sampling of the information 
due to the inherent imprecision in the measurement process. 

To determine the implementation metrics, we will run a series of code complexity metrics tools.  
There are many open source complexity metric tools; one example is the “cyclo” tool, which 
implements the McCabe Basis Path Testing algorithm [2]. 

To determine the computing resources necessary to parse the metadata, we will examine the 
running parsing process for its average and peak memory usage.  Tools will be used that access 
the “/proc” filesystem under Linux to determine the actual memory usage of the program.  Even 
though these techniques are known to be somewhat inaccurate, they do provide a ballpark 
estimation of the potential memory usage.  The time to parse the MDL Instance Documents will 
be measured using standard Linux timing tools such as the “time” command. 
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File sizes of the MDL Instance Documents will be determined and reported to give an idea of the 
expected size of the files to sufficiently capture a representative example.  The code size metrics 
will be determined using the “objdump” tool under Linux. 

The goals of the testing process include demonstrating that the standard is feasible and 
implementable in real world systems.  To this end, we are designing tests that will exercise the 
standard in a manner that is as close to a real-world system as possible.  Thus, the SBC-based 
system tests will be paramount in convincing the users of the standard that it is, in fact, tractable. 

Results 

Results of this ongoing assessment will not be available until the fall of 2010.  They will be 
presented at the ITC. 

CONCLUSION 

The MDL provides a means for describing requirements, design choices, and configuration of 
network-based telemetry systems.  During its development process, many design choices were 
made that impact the requirements for the use of the MDL such as processing power and file 
size.  A natural concern when developing requirements for a system is the amount of overhead 
associated with meeting the requirements.  The goal of the assessments described in this paper is 
to quantify the effects of the design choices made in the development of the MDL.  The results 
of the assessments are intended to demonstrate the feasibility of using the MDL in a network-
based telemetry system.  This assessment is a work-in-progress and the results will be presented 
at ITC 2010. 
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ABSTRACT 

The direction of future data acquisition systems is rapidly moving toward a network-based 
architecture.  There is a handful of these network-based flight test systems already operating, and 
the current trend is catching on all over the flight test community.  As vendors are churning out a 
whole new product line for networking capabilities, system engineers are left asking, “What do I 
do with all of this non-networked, legacy equipment?”  Before overhauling an entire test system, 
one should look for a way to incorporate the legacy system components into the modern network 
architecture.  Finding a way to integrate the two generations of systems can provide substantial 
savings in both cost and application development time.  This paper discusses the advantages of 
integrating legacy equipment into a network-based architecture with examples from systems 
where this approach was utilized. 

KEYWORDS 

Networks, iNET, Telemetry Network System, System Integration 

INTRODUCTION 

The direction of future data acquisition systems is rapidly moving toward a network-based 
architecture.  There is a handful of these network-based flight test systems already operating, and 
the current trend is catching on all over the flight test community, and for good reason.  
Networks have become a commodity in our high-tech society, from large corporations down to 
our own homes.  The prevalence of networks provides a large proving ground in which specific 
networking technologies can mature and provide a maximum benefit to meet specific system 
requirements.  By leveraging network technologies, a network-based system can provide 
powerful benefits beyond the capabilities of a traditional, non-networked legacy data acquisition 
system.  A few of the benefits include scalable data rates, dynamic data selection, multiplexing 
of diverse data types, commonality with industry standards, and reduced wiring. 
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While network-based data acquisition systems are the way of the future, the challenge facing 
system engineers is how to get there.  As vendors are churning out a whole new product line for 
networking capabilities, system engineers are left asking, “What do I do with all of this non-
networked, legacy equipment?”  One option would be to discard all legacy components and 
applications and purchase an entirely new network-based system.  However, there is another 
option that is worth considering, a solution that embraces both the newer network technologies 
and incorporates legacy hardware and existing data processing applications into the network.  
Before overhauling an entire test system, one should look for a way to incorporate the legacy 
system components into the modern network architecture.  Finding a way to integrate the two 
generations of systems can provide substantial savings in both cost and application development 
time.  This paper discusses the advantages of integrating legacy equipment into a network-based 
architecture with examples from systems where this approach was utilized.  Integration and 
system merging technologies will be discussed as well as challenges and solutions in merging 
multi-generational systems. 

EXAMPLES OF MERGED SYSTEMS 

The integrated Network Enhanced Telemetry (iNET) program has created standards for 
telemetry network systems (TmNS) for data acquisition.  The goal was to define standard 
interfaces for the different components that make up a TmNS instance.  Though much of the 
system centers on the network, provisions were made to ensure that legacy devices would still be 
able to be incorporated into the network by way of network proxies and adapters.   

A network proxy would be a device that contains all of the standard interfaces defined by the 
iNET standard for the device it is serving as proxy for, and it contains all the existing interfaces 
of the particular legacy device needed to communicate and exchange data with the legacy device.  
The proxy would serve as the middleman between the legacy device and the network.  Like any 
language translator, the proxy’s role would be to translate the network messages into a format 
that is understood by the legacy device.  This type of translation would exist for command and 
control messages, and it would also exist for translating data to and from the network.  The proxy 
itself would consume the metadata configuration file, parse it, and program the legacy device 
appropriately.  A network adapter operates the same as a network proxy with the additional 
capability to translate for multiple legacy devices simultaneously, thus keeping the increase in 
size, weight, and power to a minimum. 

While the iNET standards are new and the first iNET-compliant systems are yet to be deployed, 
there are proprietary commercial network-based flight test systems in operation today.  These 
existing flight test systems could be merged into an iNET system with a small amount of effort 
to adapt the interfaces between the existing system and the iNET standard.  Suppose that the 
current network-based flight test equipment is capable of producing the data messages, but the 
management interface of the proprietary system is an HTTP interface instead of Simple Network 
Management Protocol (SNMP).  An adapter can be used to translate the system-level SNMP 
management messages into the existing HTTP messages for the corresponding management 
query or command.   Similarly, the existing devices do not support the Metadata Description 
Language (MDL) defined in the iNET Metadata Standard, but they do support some notion of 
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metadata for configuration.  An adapter can be developed to convert an MDL instance document 
into the programming and configuration file format required by the existing device.  These types 
of adapters create an avenue for existing systems to be merged into the target system, be it an 
iNET-compliant network system or any other network-based system. 

Even in the recent commercial flight test systems built around networks, there was a need to 
utilize existing investments in non-network equipment as much as practical.  For example, the 
real-time data processing system had developed over many years and was a stable and known 
capability proven through many years of flight test.  One possibility would have been to change 
the core hardware and software functionality of the data processing system, but that would have 
required significant redesign which would have increased cost, schedule, and risk of the 
program.  Instead, risk and development effort were minimized by adding a separate processor 
inside the existing data processing chassis to focus on handling the network-based data.  This 
front end processor consumed the network packets containing acquired data from other parts of 
the network and reformatted and retimed the data in real time.  It then sent the resulting data to 
the existing processors of the data processing system using the same electrical interface and data 
format as used in the original data processing system.  Since the core data processing capability 
remained unchanged, both development and test time was reduced. 

The commercial flight test system also had an extensive investment in telemetry infrastructure.  
Replacing existing telemetry transmitters, receivers, bitsyncs, antennas, cabling and monitoring 
infrastructure, and frequency licenses would have added significantly to the cost and risk of the 
flight test program.  Using similar techniques to the ones described above for adapting between 
network and non-network components reduced cost and risk of the telemetry system 
significantly.  A telemetry transmit processor was developed that received the portion of network 
packets with telemetry data, extracted the specific data to be telemetered, and sent it to the 
existing telemetry transmitter using the same electrical interface and data format as used in the 
original telemetry system.  A similar telemetry receive processor was developed for the ground 
station that received the data from the telemetry receiver using the same electrical interface and 
data format as used in the original system, converted it into network packets, and sent the packets 
on the ground network for recording and processing by other portions of the system.  This 
approach allowed the flexibility of the network to be used both in the air and on the ground but 
did not require any changes to the existing telemetry infrastructure. 

Sometimes both of the systems to be merged use networks, and only their data formats or 
protocols need to be adapted.  The Test and Training Enabling Architecture (TENA) defines a 
common language, establishes a communication mechanism, and provides context that enables 
divergent systems to communicate via a middleware framework.  While the features of TENA 
seem like a good match for network-based data acquisition architectures like iNET’s TmNS, the 
realities of implementation cause some issues.  Specifically, the same flexibility and robustness 
of the TENA protocols that provide its benefit also can require more processing power or 
network bandwidth than is possible in the limited size, weight, and power (SWAP) environment 
of iNET.  To retain the capabilities of TENA without burdening the individual low-power data 
acquisition units (DAUs), a TENA gateway was developed that could adapt from standard 
network acquired data packets to TENA middleware communications.  The addition of this one 
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network node allowed all of the acquired data to be available to any TENA-compliant data 
consumer. 

In addition to flight test instrumentation systems, Southwest Research Institute (SwRI®) has also 
integrated non-networked devices into network systems for tactical vehicle platforms, such as 
Stryker and Family of Medium Tactical Vehicle (FMTV) military ground vehicle platforms.  
Many of the current Command, Control, Communications, Computers, Intelligence, 
Surveillance, Reconnaissance/Electronic Warfare (C4ISR/EW) equipment on Army ground 
vehicles are developed as proprietary standalone “Bolt On” systems that share only a common 
power source.  The fundamental purpose of this work is to develop the Vehicular Integration for 
C4ISR/EW Interoperability (VICTORY) architecture that integrates multiple data sources, 
communication systems, and display technologies for system operators within these vehicles to 
improve combat effectiveness and reduce workload during operations.  A key component of this 
effort is the integration of legacy pieces into the new system, thus requiring SwRI to develop 
capabilities for the legacy pieces to interface with the new network-based system architecture. 

TECHNOLOGIES FOR MERGING 

Generally speaking, the flexibility and scalability of network-based data acquisition systems 
allow them to be more complex than their predecessors.  Network-based systems are highly 
configurable and the general technology trends in data acquisition, transport, and storage have 
motivated an increase in the amount of data that can be gathered in a test environment.  
Accordingly, the transition to network-based systems can require expending a large amount of 
resources to build scalable test systems that can manage these growing complexities. 

One common approach to overcome these challenges has been the development and application 
of metadata.  Metadata establishes a common data model or language that allows the exchange of 
information between devices, applications, and users to support interoperability.   

As an awareness of metadata and its utility has spread, so too has its integration into data 
acquisition systems as supporting technologies have matured (e.g., XML and XML schema).  
Encouraging as this sounds, the use of vendor-specific metadata has become just as much of a 
challenge to large-scale interoperability as vendor-specific hardware, interfaces, and message 
formats.  Like any investment, convincing one vendor to throw away their custom-built 
technologies in order to adopt others is not a workable solution.   

SwRI has evaluated and demonstrated approaches to overcoming the obstacles to large-scale 
interoperability for diversified network-based data acquisition systems.  With experience in the 
development of commercial data-acquisition systems and standardized components (including 
metadata) for the iNET Program [1], SwRI has shown where the translation of data constructs 
between languages and implementations can effectively relieve some of the burdens of migrating 
to and operating network-based data acquisition systems. 
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Considering the high likelihood of multiple metadata-based languages in large-scale systems, 
one such approach tackles the challenge of translating from one metadata language to another 
(target) metadata language during the configuration (pre-test) phase of a system.  By gathering a 
comprehensive understanding of the languages of interest, SwRI can deliver the automated 
technologies that map the language constructs (i.e., the syntax and vocabulary) between the 
languages.  Many of the enabling technologies are common languages such as Python, C/C++, 
and XML; furthermore, SwRI’s background in modeling language development, transformation, 
and interpretation bolsters these capabilities.      

Similarly, the operational or under-test phase of a network-based data acquisition system 
presents its own data-centric challenges regarding interoperability.  One common challenge is 
the use of multiple and/or reconfigurable data formats across system components (hardware and 
software).  More specifically, how does one map the data content of a message/payload 
generated by a specific component (data source) to the expectations and constraints of the data 
consumer (data sink).  Using software-based solutions, SwRI has demonstrated the use of 
“adapters” to perform these data transformations during the operation of network-based data 
acquisition systems.  The “adapters” extract data from the source messages and generate delivery 
data messages based upon the determinations of implemented automata.  Furthermore, the logic 
that drives the data extraction, transformation, and generation processes is configurable by 
metadata and, therefore, can be dynamically updated. 

Lastly, some of the data analysis and system debugging needs of network-based data acquisition 
systems can be fulfilled by SwRI-developed technologies.  Wireshark [2], an open source 
network packet analyzer, provides an extensible framework for adding custom-built dissectors 
(plugins) that can disassemble network packets according to defined message formats and 
protocols.  SwRI implemented such a dissector for a specific network-based data acquisition 
system, and SwRI extended its capabilities by making the Wireshark dissector metadata-aware, 
i.e., reconfigurable.  The dissector is always capable of inspecting the static parts (e.g., header 
fields) of the custom message format and validating the messages against the custom protocol.  
Also, the dissector can be updated to inspect and extract the parts of the message payload (e.g., 
specific fields) that carry measurement data as specified by a unique metadata configuration file.   

SOLUTIONS TO CHALLENGES IN MERGING 

Reverse Engineering 

Accurate and thorough documentation plays an important role in any system integration task, yet 
experience beckons to point out that frequently documentation is not as complete or detailed as 
one would hope.  Sometimes the provided documentation is out of date and incorrect.  This leads 
to the need for some level of reverse engineering on the part of the system integrator.  Only after 
learning the way the interfaces are implemented in actuality can one begin to provide the “glue” 
needed to integrate devices into the system. 
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Vendor Support (or Non-Cooperation) 

Sometimes the challenge with integrating and merging systems is the non-cooperation from the 
equipment vendors.  Often vendors are not willing to spend their own dollars to accommodate 
the use of competitors’ equipment alongside their own.  Their reluctance to actively cooperate in 
such activities is not necessarily in their own best interest, but as a builder of systems, it may be 
in your best interest.  The goal in merging legacy equipment into a modern network-based 
system is to reuse as much of the existing hardware and software as possible.  Granted, there is a 
point at which the effort to merge a legacy device is greater than the cost to purchase a new, 
network-capable replacement.  For instance, if the amount of effort it will take to adapt or 
modify a piece of legacy equipment costs more than the amount to purchase a new device with 
those capabilities, then the better decision may be to purchase the new device.  It is important for 
the system integrator to know how to continually evaluate these cost tradeoffs as the system is 
developed and assumptions change to allow course corrections as needed. 

While certain network-based systems already exist, the iNET program has been championing the 
open standardization of network-based flight test systems.  The standards seek to utilize many of 
the existing open standards for network protocols.  The open standards will facilitate a common 
framework in which equipment from multiple vendors can be interoperable with one another.  
This type of interoperability should be one of the top goals of a system engineer seeking to 
morph a legacy system into a network-based system, to migrate from proprietary systems into 
open systems. 

Data Latency Management in Networks 

As technology moves forward to solve one set of challenges, it is not uncommon that it brings 
with it a new set of obstacles to overcome.  The introduction of Ethernet networks into flight test 
systems has provided numerous performance advantages - scalable data rates, dynamic data 
selection, and multiplexing of diverse data types, to name a few.  However, the non-deterministic 
nature of Ethernet networks does come with its own set of challenges.  Network switches buffer 
data packets as they store and forward them across the network.  The duration of the delay 
through a single switch will vary based on the amount of data in the buffer waiting to be 
transmitted.  Generally speaking, the higher the packet data rate through a switch, the longer the 
delay.  The variable delay through network switches and routers is something that must be dealt 
with in the system in order for the data processing applications to process the data appropriately.  

Another concern that arises from network based systems is that some data may arrive at the data 
processing device out of time order.   For instance, data acquired by one device, device A, at 
time tic 0 may not be transmitted onto the network until time tic 10 after more data has been 
collected and prepared for transmission.  A second device, device B, may acquire data at time tic 
3 and transmit it onto the network at time tic 5.  For the sake of argument, suppose the data 
processor receives both data packets, first receiving the packet from device B followed by the 
packet from device A about 5 time tics later.  Some of the data contained within the packet from 
device A was acquired before any of the data in the packet from device B was acquired.  The 
data processing application will require the ability to buffer and re-sort in time order the 
incoming data in order to properly analyze and correlate certain phenomena.  

6 



A key to overcoming these hurdles lies with how accurate and precise the internal clocks of the 
network devices can be synchronized with one master clock.  The IEEE 1588 standard for the 
Precision Time Protocol (PTP) has been used in data acquisition systems to synchronize all 
network nodes implementing the protocol to within sub-microsecond accuracy.  By achieving 
such precise synchronization at the data acquisition end nodes in the system, the encapsulated 
data can be easily sorted in time to reconstruct the test phenomenon captured by the data, even if 
the data arrives at the data processor out of order.   

Security 

Security is another issue that needs to be addressed in the network-based system.  Legacy 
systems contained some level of presumed security due to the proprietary nature of these 
systems.  By migrating to a system that follows an open standard, the internal protocols and 
mechanisms are no longer hidden.  The good news is that there are numerous security features 
and protocols that can be utilized in network-based systems because of the ubiquity of network 
technologies in the marketplace. 

Size and Power Increase 

As in the example cases described previously, adding an additional processor board to translate 
data between the network and a legacy data processing unit can be a big win in the battle to 
merge legacy equipment and their supporting data processing applications into a network-based 
system.  Such an approach is a great step forward, but there is a cost associated with such a 
modification, namely the size and power increases.  The translation processor can be a stand-
alone product that contains interfaces to both the network and the legacy processors.  The 
drawback is that there would be an additional physical box to mount and maintain in the test 
setup.  To avoid adding another box to the system, the additional processor board may be added 
to an existing chassis if there is a card slot available to house it.  This would remove the need to 
mount an additional box inside the test article where space may be limited.  This may be a viable 
option, as long as the power supply to the chassis can support the additional card.  Also, heat 
dissipation characteristics will change if a new card is added.  One must be careful not to 
overheat the chassis.  Otherwise, there is risk of damaging the processor cards inside the chassis. 

SUMMARY 

The current trend in flight test systems is moving toward a network-based system.  There is 
already a handful of network-based flight-test systems currently in use in the commercial arena, 
and government programs like iNET are paving the way for standardized network-based flight 
test systems.  This paper has discussed multiple ways to merge a legacy, non-network-based 
flight test system into a modern network system.  Instead of completely overhauling a legacy 
system, it may be practical and beneficial to slowly move into a network-based system by 
phasing out legacy devices one at a time.  Numerous examples have been provided to show how 
adding an additional processor to an existing legacy device to process and translate the network 
data into the legacy data format.  This approach allows for the system end users to continue using 
their existing data processing applications on the legacy systems, thus saving time not having to 
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develop new applications or train end users on a new application suite.  Integrating a legacy 
system into a network-based system is a great way to modernize a test system without losing the 
investment in equipment and applications.  With the right system integrator, a legacy test system 
can begin to evolve into the next generation of test systems. 
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ABSTRACT 

In this paper, we present an approach towards achieving standards-based multi-vendor hardware 

configuration.  This approach uses the Instrumentation Hardware Abstraction Language (IHAL) 

and a standardized web service Application Programming Interface (API) specification to allow 

any Instrumentation Support System (ISS) to control instrumentation hardware in a vendor 

neutral way without requiring non-disclosure agreements or knowledge of proprietary 

information.  Additionally, we will describe a real-world implementation of this approach using 

KBSI‟s InstrumentMap application and an implementation of the web service API by L-3 

Communications Telemetry East. 
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INTRODUCTION 

Current Instrumentation Support Systems (ISSs) are required to use vendor-specific formats to 

configure instrumentation systems prior to testing.  Since there are a number of vendors selling 

various data acquisition, control, transmission and storage components, an ISS must be 

programmed to support all of the specific formats required to interface with these various 

hardware and software systems.  Since it is practically impossible for a single ISS to interface 

with every known system and vendor, the ISS developers typically select only a few and offer 

solutions only for those hardware vendors.  Similarly, range customers often develop their own 

software around a single product line, effectively locking them into that line.  This prevents the 

ability to mix and match vendors, resulting in the lack of a robust and cost-effective solution.  

Moreover, hardware vendors typically supply their own configuration software that works only 

with their own products.  Thus, an instrumentation engineer who is trained on one vendor‟s 
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software must learn a new software system in order to use a different vendor‟s hardware, raising 

the cost of switching vendors, reducing competition, and making interoperability almost 

impossible. 

The Instrumentation Hardware Abstraction Language (IHAL) and subsequent updates were 

introduced at ITC in 2006 and 2008 respectively [1][2].  By offering a standard, XML-based, 

vendor-neutral way to describe and configure instrumentation hardware, IHAL is a major step 

toward vendor interoperability.  IHAL explicitly represents all of the common instrumentation 

settings, and provides generic constructs that allow vendors to expose their vendor-specific 

settings as well.  By utilizing a standard language such as IHAL, an ISS needs to understand only 

a single representation in order to support all IHAL-capable hardware vendors.  This enables 

instrumentation engineers to be trained on only one IHAL-aware application and be able to 

configure multi-vendor instrumentation systems with little or no additional training. 

 

NEED FOR A COMMON API 

Relying only on a common language such as IHAL requires that hardware vendors expose in the 

IHAL format every detail of their hardware‟s configuration parameters that is necessary to create 

a valid configuration.  Some of this information, such as the way configurable attributes interact 

with each other, is often proprietary and usually encapsulated in the vendor‟s configuration 

software (or in a third-party ISS under a non-disclosure agreement).  Without this information, 

vendor-neutral configuration software would require the user go through the tedious process of 

building a configuration, loading it into the vendors‟ software for validation, fixing errors, and 

then re-loading the modified configuration until all errors are resolved. 

This exposure of proprietary information can be avoided if vendors provide access to their 

internal validation engines through an application programming interface (API).  Having an API 

allows third-party software to interact directly with the vendor‟s configuration software without 

requiring usage of the vendor‟s software user interface.  Further, a third-party application could 

request individual setting changes to a configuration model in the vendor software and receive 

immediate feedback about the validity of these changes.  If such an API were standardized so 

that all vendors implemented the same basic API function calls, then a third-party ISS could be 

developed that is capable of configuring the hardware of any vendor who implements the 

standard API. 

When defining the specification for a standard API, interoperability is maximized if 

implementations of the API are not tied to a specific programming language.  Such language-

independence can be achieved by implementing the API as a web service, which allows disparate 

applications to exchange information using the common Hypertext Transfer Protocol (HTTP).  

Language-independence is the primary reason why this approach is preferred over the other 

popular approach to achieving inter-process communications:  Remote Procedure Call (RPC).  

Most implementations of RPC are highly-dependent on the specific language or technology used 

to develop them, reducing interoperability by confining clients to a specific technology.  The 

benefits of utilizing web services in future T&E environments are discussed in detail in [3]. 
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THE IHAL CONFIGURATION API 

To address these interoperability issues, we have designed a web-services-based API for 

querying and configuring vendor systems using IHAL as the communication language.  This API 

specification consists of only five basic functions, described in detail in subsequent subsections.   

The IHAL configuration API was designed to be implemented as a Representational State 

Transfer (RESTful) web service.  The decision to use REST as opposed to the Simple Object 

Access Protocol (SOAP) was made in order to avoid the increased complexity of SOAP.  SOAP 

messages must be wrapped in a specifically-formatted header.  This additional markup makes 

messages larger and requires more time to transmit.  In practice, the rigidity of SOAP message 

formats typically requires a special toolkit in the development environment to program.  The 

main reason for this additional rigidity is to achieve strongly-typed parameters.  For our 

purposes, parameter type-checking is less important because all parameters and responses will be 

valid IHAL text that conforms to the IHAL XML schema. 

API Function 1: Retrieving the Vendor’s Pool 

Although this represents a single function, the API specification defines four URLs the web 

service must implement depending on which portion of the pool to return:   

 http://<host>:<port>/pools/card to retrieve the card pool 

 http://<host>:<port>/pools/instrument to retrieve the instrument pool 

 http://<host>:<port>/pools/transducer to retrieve the transducer pool 

 http://<host>:<port>/pools/complete to retrieve all pools 

This function is called anytime an up-to-date list of IHAL pool specifications is needed.  As 

described in [1], the IHAL “pool” contains spec-sheet-style information about all of the hardware 

available for use.  The pool includes descriptions of each device‟s functions, physical 

characteristics, and configurable parameters. 

The vendor web service returns a complete IHAL pool specification, rooted at the <ihal> 

element, and containing some combination of <instrumentPool>, <transducerPool>, 

<functionPool>, and <cardPool> child elements.  This function should be called using the HTTP 

“GET” verb.   

API Function 2: Retrieving the Current Configuration 

The URL for accessing this function is http://<host>:<port>/configurations/current. 

This function is called initially when the end-user configuration software loads to get a complete 

IHAL file containing the current hardware and settings loaded in the vendor‟s system.  Called 

using the HTTP “GET” verb, this function requires no input, and returns a complete IHAL 

specification, including both the configuration as well as the pool items for every device in the 

configuration. 

API Function 3:  Modifying an Existing Configuration 

The URL for accessing this function is http://<host>:<port>/modifications/new. 
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This function is called whenever a user enters or changes a configuration setting.  The modified 

settings are passed to the web service as a string using an HTTP “POST” parameter named ihal.  

This parameter contains an IHAL file consisting of only a <configuration> section with one or 

more <*Use> elements each containing one or more <setParameter> elements.  All ID references 

are referencing IDs contained in the pool specification initially returned by the vendor‟s web 

service (either through a call to retrieve the pool or to retrieve the current configuration).  An 

example input is given in Listing 1.  In this example, the user is changing the value of one setting 

to 10.0 dB. 

<ihal:ihal xsi:schemaLocation="http://www.kbsi.com/IHAL /IHAL_3_007/ihal3.xsd" 

xmlns:ihal="http://www.kbsi.com/IHAL" xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"> 

   <ihal:configuration  id="config0"> 

      <ihal:name>Any configuration  name</ihal:name> 

      <ihal:network id="network0"> 

         <ihal:cardUse  poolRef="poolID0" id="card31"> 

            <ihal:setParameter parameterIDRef="poolID0-channel1-gain"> 

    <ihal:setConfigurableNumericParameter> 

       <ihal:value>10.0</ihal:value> 

       <ihal:units>dB</ihal:units> 

    </ihal:setConfigurableNumericParameter> 

 </ihal:setParameter> 

         </ihal:cardUse> 

      </ihal:network> 

   </ihal:configuration> 

</ihal:ihal> 

Listing 1: Example value for the ihal parameter. 

The return value of this function is a string containing the “impact” of the modification.  This 

impact is a partial IHAL configuration containing the new settings for everything that has 

changed.  This partial IHAL file will contain only a <configuration> section with one or more 

<*Use> elements, each containing one or more <setParameter> and/or <restrictedParameter> 

elements.  The <restrictedParameter> elements are used to restrict the set of valid values for a 

given parameter.  An example return value is shown in Listing 2.  In this example, the vendor 

software confirms the changing of one setting to 10 dB (via the <setParameter> element), and 

also restricts the possible values of a different setting to the range -0.5 to +0.5 (via the 

<restrictedParameter> element). 

<ihal:ihal xsi:schemaLocation="http://www.kbsi.com/IHAL /IHAL_3_007/ihal3.xsd" 

xmlns:ihal="http://www.kbsi.com/IHAL" xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"> 

   <ihal:configuration id="config0"> 

      <ihal:name>Any configuration name</ihal:name> 

      <ihal:network id="network0"> 

         <ihal:cardUse poolRef="poolID0" id="card31"> 

            <ihal:setParameter parameterIDRef="poolID0-channel1-gain"> 

               <ihal:channelNumber>0</ihal:channelNumber> 

               <ihal:setConfigurableNumericParameter> 

                  <ihal:value>10.0</ihal:value> 

                  <ihal:units>dB</ihal:units> 

               </ihal:setConfigurableNumericParameter> 



Cleared by DoD/OSR for public release under OSR 10-S-2093 on May 20, 2010 Page 5 

 

            </ihal:setParameter> 

            <ihal:restrictedParameter parameterIDRef="poolD0-channel1-offset"> 

               <ihal:channelNumber>0</ihal:channelNumber> 

               <ihal:configurableNumericParameter> 

                  <ihal:minimumValue> 

                     <ihal:value>-0.5</ihal:value> 

                  </ihal:minimumValue> 

                  <ihal:maximumValue> 

                     <ihal:value>0.5</ihal:value> 

                  </ihal:maximumValue> 

               </ihal:configurableNumericParameter> 

            </ihal:restrictedParameter> 

         </ihal:cardUse> 

      </ihal:network> 

   </ihal:configuration> 

</ihal:ihal> 

Listing 2: Example "impact" returned by a configuration modification. 

The return of this impact is important because it provides the “hook” into the vendor‟s 

configuration logic without revealing the underlying rules.  Returning this information to the 

client application ensures not only that the configuration it is displaying to the user is valid, but 

also that it is correctly restricting the possible values for all configurable parameters. 

API Function 4: Creating a New Configuration in the Vendor’s System 

The URL for accessing this function is:  http://<host>:<port>/configurations/new 

This function is called when a new configuration is built in a client application and needs to be 

“pushed” to the vendor‟s software.  This function works similar to the call to modify a 

configuration (see previous subsection) except that this call creates a new configuration rather 

than modifying an existing one.  When the vendor service receives this call it should generate a 

new configuration using the IHAL elements associated with the <configuration> element to 

populate items such as name, date, etc, and the IHAL <*Use> elements to populate the hardware 

and settings contained in this configuration. 

The input to this function is a single parameter called ihal that is passed using the HTTP “POST” 

verb.  The value of the ihal parameter is a string containing a complete IHAL configuration, 

rooted at the <ihal> element and containing at least one <network> element populated with at 

least one <*Use> element.  This parameter should not contain any pools.  Thus, any call to this 

function should be preceded at some point by a call to the “Retrieving a Vendor‟s Pool” 

function. 

If any of the settings passed in the new configuration are invalid, the vendor tool will 

automatically choose new setting values that form a valid configuration.  The return value of this 

function is a string containing a partial IHAL configuration representing any settings that 

changed from the original input.  This partial IHAL file will contain only a <configuration> 

section with one or more <*Use> elements, each containing one or more <setParameter> and/or 

<restrictedParameter> elements.  The <restrictedParameter> elements are used to restrict the set 



Cleared by DoD/OSR for public release under OSR 10-S-2093 on May 20, 2010 Page 6 

 

of valid values for a given parameter.  This is identical to the type of value returned by a call to 

modify an existing configuration (see previous subsection). 

API Function 5: Programming the Hardware 

The URL for accessing this function is http://<host>:<port>/programRequests/<IHAL XML ID>. 

This function is called once a valid configuration is established, to actually program a specific 

device or devices.  The device(s) to program is specified in the URL itself using the 

corresponding “id” attribute for the IHAL file.  The <IHAL_XML_ID> portion of the URL must 

be the value of the “id” attribute for one of the following IHAL elements: 

 <instrumentUse> or <cardUse>, to program that specific DAU or card. 

 <network>, to program all devices in that network 

 <configuration>, to program all devices in all networks in that configuration. 

This function returns one of the following status strings: 

 VALID, if both the id and current configuration are valid, and the hardware can be 

programmed 

 INVALID_ID, if the id cannot be found or if it is not the id of an appropriate element. 

 INVALID_CONFIG, if the id can be found, but the current configuration is not valid 

 INVALID, for all other errors 

 

DEMO WITH INSTRUMENTMAP AND VISTA TEC 

In order to validate the API, we prepared a proof-of-concept demonstration using KBSI‟s 

InstrumentMap application as the ISS and L-3 Communications‟ VistaTEC application as the 

vendor‟s configuration system.  For the demonstration, L-3 implemented the IHAL configuration 

API on top of their existing VistaTEC software, which is the program currently used to configure 

their hardware.  KBSI added support for calling the API functions to the InstrumentMap 

application.  This enabled the configuration of L-3 hardware from within InstrumentMap, using 

only valid IHAL text as the representation language. 

To configure the demonstration, we first selected a small representative set of instrumentation 

hardware from L-3‟s analog product lines and modeled each device‟s pool-level attributes in 

IHAL.  This step involved mapping L-3 nomenclature to IHAL nomenclature, and using IHAL‟s 

custom „generic‟ parameters to represent those settings and attributes which do not map directly 

to IHAL named concepts.  The hardware chosen to best illustrate the demonstration concepts 

consists of a single data acquisition unit (DAU) and 3 signal conditioning cards.  Using this 

setup, we were able to successfully demonstrate four scenarios, which are described in detail 

below. 

Demo Scenario 1 

For the first demonstration, VistaTEC is pre-configured with a DAU containing three signal 

conditioning cards.  In the first step of the demonstration, InstrumentMap issues a request for the 

current configuration to VistaTEC, which returns a complete IHAL file.  This file is then loaded 

and displayed in the InstrumentMap user interface. 



Cleared by DoD/OSR for public release under OSR 10-S-2093 on May 20, 2010 Page 7 

 

Next, the user makes a change to a configurable parameter in InstrumentMap.  This parameter 

value change is then sent to VistaTEC as a partial IHAL file.  VistaTEC processes the change in 

real-time and returns a partial IHAL file that represents the „impact‟ of this change. 

For example, when the user increases the gain on a particular card, the impact returned by 

VistaTEC through the API consists of 1) The new gain value, confirming that it was changed, 2) 

A new offset value, indicating that this value had to change in order to support the increased 

gain, and 3) A new, narrower range of valid offset values, indicating that this was also affected 

by the increased gain.  This scenario is illustrated in Figure 1. 

 

 

Figure 1: Sequence of Scenario 1 

Demo Scenario 2 

The second scenario involves allowing the InstrumentMap user to retrieve only the pool from the 

vendor‟s web service and then build a configuration from scratch in InstrumentMap.  This new 

configuration can then be “pushed” to the web service where it will be automatically loaded into 

VistaTEC.  The significance of this extension is that users can build scenarios from within a user 

interface of their choice, regardless of their choice of hardware vendor.  This scenario is 

illustrated in Figure 2. 

Demo Scenario 3 

The third scenario demonstrates how a single client (InstrumentMap) can connect to multiple 

servers (VistaTEC) and configure hardware on both servers from a single location.  The 

significance of this scenario is that multiple web services can be deployed in a variety of 

different architectures.  For instance, a multi-vendor environment may consist of one web service 

for each vendor, or each DAU may host its own web service for configuring only the cards 

attached to it.  All of these web services can now be accessed and maintained from a single user 

interface as though they were a single configuration.  This scenario is illustrated in Figure 3. 
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Figure 2: Sequence of Scenario 2 

 

Figure 3: Sequence of Scenario 3 
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The fourth and final scenario involves connecting multiple clients (InstrumentMap) to a single 

web service (VistaTEC).   In this instance, each client can work on a different portion of the 

configuration, and the up-to-date configuration can be retrieved from the web service at any time 

through a simple “refresh.”  The significance of this demo is that multiple engineers can 

configure different parts of a large instrumentation network that is hosted on a single web service 

and remain in sync with each other.  This scenario is illustrated in Figure 4 

 

Figure 4: Sequence of Scenario 4 

 

FUTURE WORK 

The current IHAL and associated API provide all the mechanisms required to change the values 

of instrumentation settings and receive the impact in a vendor-neutral way.  Hence, any aspect of 
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instrumentation configuration that can be reduced to a finite set of settings can be achieved using 

this approach.  However, by adding just a few additional functions to the API and constructs to 

the language, the complexity of some tasks can be reduced.   

One example of this is the design and configuration of the PCM stream.  While it should be 

possible to reduce this task to a finite (but large) set of “settings”, it would reduce complexity to 

add a small set of functions to the API for specifically configuring the PCM stream.  

Additionally, since the Telemetry Attributes Transfer Standard (TMATS) already exists for 

defining PCM streams, it may be useful to use a combination of IHAL and TMATS as the 

messages for these functions.  However, this task would still follow the same configuration 

scenario described in this paper:  The client sends a vendor-neutral configuration request to the 

vendor‟s service, and receives back an “impact” that includes the changes necessary to make the 

configuration valid.   

Another enhancement to the web service that would increase usability would be the 

establishment of a client “session” with a publish/subscribe mechanism so that the vendor web 

service can push updates to all subscribing clients.  This would eliminate the need for clients to 

occasionally poll (i.e. “refresh”) the web service to receive updates.  We are currently looking at 

various standard protocols for achieving this over HTTP, such as the Bayeux protocol, described 

in [4]. 

 

CONCLUSIONS 

Even with the use of a common language for configuring instrumentation hardware such as 

IHAL, true multi-vendor hardware configuration cannot be achieved without either requiring that 

vendors reveal their proprietary internal validation rules or allowing them to expose their 

functionality through a common API.  We have developed a simple web-services based API 

specification consisting of 5 basic functions that, combined with IHAL, allows a single user 

interface to be used to configure multiple vendors‟ hardware.  We have also validated the API by 

developing a proof-of-concept demonstration using KBSI‟s InstrumentMap software and L-3 

Communication‟s VistaTEC. 
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ABSTRACT 

 

The Airbus A400M military transport plane carried out its first flight on December 2009 in 

Sevilla (Spain). 

This paper presents the flight and ground architecture designed to perform the flights tests 

campaign in Spain and in France.  

The core of the onboard flight test instrumentation is based on distributed network 

architecture already developed for A380 program. Airbus adapted civilian tests equipment for 

the A400M military program and various specific items have been designed specifically for 

this program. 

Two interconnected flight tests centres located in Sevilla (Spain) and Toulouse (France) are 

used for the flight tests campaign to ensure interoperability during the tests.  
 

 

INTRODUCTION 
 

Airbus designed for the A380 commercial aircraft a very innovative test architecture using 

Ethernet switched network topology. These new test technologies have been developed to 

acquire new avionics buses derived from commercial standards and analog parameters.  

The very famous IRIG 106 PCM  that has been the standard of acquisition & recording within 

the flight test community for nearly 40 years couldn’t answer to those new applications. 

 

As avionics architecture of the A400M and A380 are close (AFDX buses), the architecture of 

the onboard flight test instrumentation is the same for these two aircraft. 

On military aircraft we have to acquire the military bus 1553 and various new needs not used 

on commercial aircraft, but the network architecture can easily integrate these new 

applications showing the adaptability of this technology. 
 

 

OVERVIEW OF THE ONBOARD SYSTEM 

 

The architecture of the A400M onboard flight test instrumentation is divided into 3 sub 

installations: 

 

- Basic Flight Test Installation performs the data acquisition of all buses (Arinc 429, 

CAN, RSXXX, AFDX, 1553,...) and analog parameters up to 2KHz. 
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- Wide band Flight Test Installation developed for the analog parameters from 2KHz up 

to 20KHz. These parameters are mainly vibro acoustics measurements. 

 

- Safety Flight test installation designed for the parameters recorded on specific safety 

recorders (black box) 

 

 

The flight test instrumentation is split into 4 levels: 

 

- Level 1 : sensors and tapping of aircraft parameters 

 

- Level 2 : Data acquisition units (DAU) to acquire analog  (temperature, pressure, 

acceleration, voltage, etc) and data from avionic buses. 

 

- Level 3 : Data merging from the DAU using Ethernet switches. 

 

- Level 4 : User devices like Recorders, Telemetry transmitter, Real time data 

processing. 

  
 

 

 

 
Figure 1 
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SPECIFIC ADAPTATION FOR A400M 

 

Many discussions took place at Airbus to choose the type of test instrumentation to be used 

for the A400M military plane. Some experts wanted to use test equipment developed and 

certified for the military market, others believed they could adapt the equipment already 

developed for the A380 commercial airliner.  

The environmental constraints (mainly vibration) are much more severe for the A400M. To 

make the right decision we decided to test the A380 equipment in order to determine if they 

were A400M compatible and the improvement that would be required to work on a military 

plane. 

 

To sum up the results of those tests:  

- Most A380 sensors didn’t need any modification.  

- We ruggedized some data acquisition systems designed to work inside the A380 cabin, 

video equipment, Ethernet switches, computers and various devices which came from 

the commercial market. We added shock mounts on most of them without too big 

difficulties. 
 

 

 

NEW DEVELOPMENT 
 

Among the various development performed for the A400M, two of them was really new: 

 

Video systems 

We developed many video systems for the A400M program :     

- Head Up Display monitoring system 

- Specific acquisition & recorder for the Enhanced Video System  

- High speed cameras to visualize flares 

 

 

 

 

Figure 2 

 

Removable Flight test installation: 

In order to modify quickly the test aircraft configuration we designed a clever installation of 

the instrumentation using pallets concept. The flight test installation is fully removable. 
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      Figure 3 
 

 

OVERVIEW OF THE TELEMETRY GROUND SYSTEM 
 

The flights tests of the A400M are carried out in two major test centres located in two 

different countries Spain (Sevilla) and France (Toulouse), a distance of over 1000 km. 

To enable to design office specialists and testers to follow in real-time the flight tests of 

various aircraft whatever their geographical location a real time high-speed network links the 

two centres. 

 

In addition, Airbus teams located in Germany (Hamburg and Bremen) and United Kingdom 

(Filton) can also follow the tests using a remote telemetry network (see Figure 4). 

 

A central database located in Toulouse is used to manage the configuration of all A400M 

flight test installation. 
 

 

 

 

 

Figure 4 
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CONCLUSION 
 

We have developed for 10 years a scalable and modular Ethernet switched architecture able to 

acquire new needs (1553, new specific sensors,...). This technology used on A380 and 

A400M will gradually replaces our old PCM installations on legacy test aircraft.  

For the A400M the option of reusing A380 test systems was the good one. After several 

months of flight test with several aircraft in service the onboard test instrumentation works 

well. The two main test centres are fully interoperable and the remote telemetry facilities 

allow to specialists located in different countries to follow the flight tests in real time. 

 

 



1 

A New Standard for Temperature Measurement in an Aviation 

Environment 
 

Hy Grossman 

Senior Design Engineer 
Teletronics Technology Corporation 

Newtown, PA USA 

 

 

ABSTRACT 
Accurate temperature measurement is an essential requirement in modern aircraft data acquisition 

systems.  Both thermocouples and Platinum resistance temperature detectors (RTD) are used for 

this purpose with the latter being both more accurate and more repeatable.  To ensure that only the 

sensor limits the accuracy of a temperature measurement, end-to-end system accuracy forward of 

the sensor, should be significantly greater than that of the sensor itself. 

 

This paper describes a new digital signal processing (DSP) based system for providing precision 

RTD based temperature measurements with laboratory accuracy in an aviation environment.   

Advantages of the new system include, true 3-wire RTD measurement, linear temperature output, 

on-board ultra-precision resistance standards and transparent dynamic calibration.   

 

Key Words 
Resistance Thermometer, RTD, Temperature, Dynamic Calibration, DSP 

 

 

Engineers at Teletronics Technology Corp. (TTC) have been working to enhance the accuracy of 

the platform used with Platinum resistance temperature detectors (RTDs) toward the goal of 

providing temperature measurements of laboratory quality while operating in an aviation 

environment.  The results of this effort are starting to appear in new TTC products such as the 

MRTD-114A-1, 14-channel RTD signal-conditioning module for use in 

MEDAU/MCDAU/MWDAU/MnACQ-2000 series miniature data encoder stacks and the RTD-

116A-1, 16-channel RTD signal-conditioning card for use in EDAU/CDAU/WDAU/nDAU-2000 

series chassis assemblies.   

 

Use of the latest commercially available precision analog circuit components along with 

application of digital signal processing (DSP) based techniques have enabled the implementation 

of numerous improvements including: 

 

• Advanced 3-Wire RTD Measurement 

• Precision Multiplexed Ratiometric Constant Current Excitation 

• Ratiometric Controlled Gain and Voltage Summing for more accurate 2-wire or 3-wire 

RTD measurements.   

• Very Low Offset and Drift provided by auto-zeroing amplifiers 

• Continuous 2-point gain and offset error correction performed “on-the-fly” in background 
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• 18-bit A/D Conversion with “Digital Zoom” 

• Linearized temperature output provided for most common RTD types including the 

American (α = 0.00392 Ω/Ω/°C) and European (α = 0.00385 Ω/Ω/°C) curves 

• Resistance Mode which provides output directly proportional to resistance 

• Programmable digital moving average filters, which provide a choice of channel filtering 

options.  Provision for averaging 1 sample (no MAV filter), 2, 4, 8, 16, 32, 64 or 128 

samples. 

• High data update rate (typically 312.5 updates/sec). 

• At least ±0.25% System Accuracy 

 

The following discussion will provide detail on the implementation of these improvements and 

how they help in obtaining RTD temperature measurements of maximum precision and resolution 

despite the difficulties of operating in an aviation environment.   

 

Advanced 3-Wire RTD Measurement: 
A 2-wire RTD measurement is the simplest configuration to implement but as shown in Figure 1, it 

cannot distinguish between resistance in the lead wires (RL) going to and returning from the RTD 

and the resistance of the RTD itself.  Since lead wire size and length are usually known, this error 

can be somewhat reduced by estimating the total lead wire resistance and compensating for its 

effect.  A better solution is to add a non-current carrying third wire in parallel with the return lead 

wire that allows direct measurement of the voltage drop across the return lead wire.  Provided that 

both source and return lead wires are the same diameter and length and therefore, very nearly the 

same resistance, subtracting 2 times this voltage from the measured RTD voltage will completely 

cancel the effect of lead wire resistance.  Figure 2 illustrates how the three inputs of the RTD 

channel are summed to negate the effects of both lead wire resistance and common mode voltage. 

 

Figure 1.  2-Wire RTD Input Summing 

R

2RR
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VA = VRTD + 2VRL + VCM 

VB = VCM 

 

VOUT = (2*R / R)*(VA - VB) 

    = 2*VRTD + 4*VRL + 2*VCM  – 2*VCM 

    = 2* VRTD + 4*VRL  
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Figure 2.  3-Wire RTD Input Summing 
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VA = VRTD + 2VRL + VCM 

VB = VRL + VCM 

VC = VCM 

 

VOUT = (2*R / 0.5*R)*(0.5)*(VA + VC) – (2*R / 0.5*R)*VB 

    = 2*(VA + VC) – 4*VB 

    = 2*VRTD + 4*VRL + 2*VCM + 2*VCM – 4* VRL – 4*VCM 

    = 2*VRTD 

 

Rcm provides the excitation current, Iex, with a return path to the module’s analog ground.  At 

49.9Ω, its value is low enough to avoid large common mode voltages but sufficiently high to avoid 

ground loop issues should the sensor become grounded or connected to ground through some 

impedance.  Since the extra sense lead (“B”) carries no significant current, its resistance has no 

effect on the measurement. 

 

Precision Multiplexed Ratiometric Current Excitation:   
The RTD excitation current is created from the same stable voltage reference that is used by the 

Analog to Digital Converter (ADC).  As a result, any small error or drift in the voltage reference 

will generate errors in both the excitation current and ADC sensitivity that will exactly cancel.  

Excitation currents of 0.512, 1.024, 2.048 or 4.096mA may be software selected for each channel.  

The excitation current is active in each channel only for a period of 400µs every 3.2ms, providing 

a duty cycle of 12.5%.  This is desirable for two reasons.  Overall power consumption is kept low 

but more importantly, RTD self-heating is minimal.  A 200Ω RTD excited by 1.024mA will 

dissipate an average power of just 25.6µW. 
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Thin-Film Resistor Network Ratiometric Gain Control and Voltage Summing:   
Thin-film resistor networks offer absolute accuracy on the order of ±0.5% and temperature 

coefficients of ±25ppm/°C.  This is about 2 to 4 times better than standard thick-film, ±1% 

resistors.  However, when circuit accuracy is based on the relative or tracking accuracy of resistors 

in the same thin-film package, performance improves to better than ±0.05% absolute and 

±5ppm/°C.  By arranging circuit topology so that all voltage summing and gain determining 

resistor groups are composed of resistors within the same thin-film resistor network, this level of 

improvement in accuracy is realized. 

 

Auto-Zeroing Amplifiers for very Low Offset and Drift: 
A good precision operational amplifier (op amp) has an input referenced offset error on the order 

of 100µV.  If we ignore the effects of input bias and offset currents (which could easily be the 

subject of another paper), this value multiplied by the channel gain, yields the offset error present 

at the channel output.  Offset voltage drift can easily double this error over the operating 

temperature range of the system.  Worse yet, while a constant offset can easily be calibrated out, 

reducing a temperature dependent offset requires extensive characterization, periodic internal 

temperature measurements and use of valuable DSP resources.  A quality auto-zeroing op-amp can 

transparently reduce both the constant and variable components of the op-amp offset error by at 

least a factor of 10. 

Continuous 2-Point Gain and Offset Error Correction: 

Once we have done all we can to minimize all sources of error in the hardware and those inherent 

in the measurement, what remains can be further reduced by employing the on-board DSP to 

perform a continuous background calibration.   

Adding a set of ultra-precision, ultra-stable bulk-foil resistors ranging in value from 50Ω to 1600Ω 

makes this possible.  The setup software automatically selects 2 of these as calibration resistors 

(RCAL_H and RCAL_L) for each channel based on the channel setup.  The DSP then periodically 

substitutes each one of these at the channel input in place of the RTD in order to calculate the 

channel response (counts vs. resistance) curve in the form, y = mx + b.   The term “b” is the y 

intercept of the curve and represents the channel parasitic offset.  The term “m“ is the slope of the 

curve and represents the actual channel gain.  The DSP then subtracts “b” from each subsequent 

RTD input value and digitally adjusts channel gain to compensate for any difference between “m” 

and the expected channel gain value, “M”.  Refer to Figure 3.  All measurements are performed at 

the same channel gain and excitation current settings as the RTD measurement and are completely 

transparent (i.e. they have no effect on the output data rate).  This capability may be disabled in 

software if desired. 

 

It should be noted that the automatic gain and parasitic offset error correction is not capable of 

correcting errors resulting from lead wire resistance when 2-wire measurements are performed or 

from lead wire resistance imbalance when 3-wire measurements are used.  Accurate 2-wire 

measurements require the total lead wire resistance to be much lower than the RTD resistance at 

the lowest temperature of interest and accurate 3-wire measurements require good lead wire 

uniformity.  The section, A few “Sort of” Real World Examples, below provides additional 

discussion in this area. 
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Figure 3.  Continuous 2-Point Gain and Offset Error Correction  
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18-bit A/D Conversion with “Digital Zoom”: 

The operating temperature range of a good Platinum RTD may extend from –200°C to +600°C 

while in a typical measurement application, the temperature range of interest may be from say 

+250°C to +500°C.  Historically, precision biasing resistors and matched excitation current 

sources were used to create offset voltages that could be subtracted from the voltage developed 

across the RTD to provide the desired offset.  Aside from being cumbersome to implement, this 

technique provides ample opportunities for measurement errors to develop.  An alternative method 

that requires no additional circuitry or external components is to provide a “digital zoom” function 

that allows expanding a specific portion of the digitized signal input range to cover the full output 

range.  The downside of this approach is that it costs output resolution, in this case, about 2-bits.  

When high-resolution A/D converters had only 12-bits, digital zoom was a poor solution.  Today, 

the latest generation of successive approximation precision A/D converters offers full 18-bit 

resolution, making the use of digital zoom a viable option.  In a typical application, the setup 

software prompts the user to enter a temperature that will correspond to zero counts and another 

that will correspond to full scale or 2
N
 – 1 counts (where N = the system bits per word value).  The 

software then automatically configures channel gain to the highest available setting that allows the 

desired full-scale temperature to fall within the range of the module’s A/D converter.  RTD data is 

then digitized at 18-bit resolution in order to allow “zooming in” on the specific portion of the 

ADC range that falls within the required temperature range while still providing full 16-bit output 

resolution even when as little as 25% of the ADC range is used.  As the zero-scale temperature is 

raised and the portion of the ADC range that is actually used decreases, it will eventually fall 

below 2
16

 counts at which point, the output data resolution falls below 16-bits.  While the setup 

software allows output data resolutions of less than 16-bits to be set, it will indicate when this 
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occurs and provide the expected output resolution in half bit increments.  In the previous example, 

the output resolution covering the range of +250°C to +500°C would be just about 16-bits.    

 

Linearized Temperature Mode: 

Linearized output proportional to the measured temperature is supported for most common RTD 

types including the American (Alpha = 0.00392 Ω/Ω/°C) and European (Alpha = 0.00385 Ω/Ω/°C) 

curves.  Alpha (α) is the average rate of change in RTD resistance per °C as measured between 

0°C and 100°C.   

The relationship between temperature and resistance in a Platinum RTD is defined by the 

Callendar-Van Dusen Equation, below: 

 

For T > 0°C 

RT = R0*(1 + A*T + B*T
2
) 

 

For T < 0°C 

RT = R0*(1 + A*T + B*T
2
 – 100*C*T

3
 + C*T

4
) 

Where R0 is the RTD resistance at 0°C,         

RT is the RTD resistance at temperature, T and        

A, B and C are empirically determined constants derived from resistance measurements of 

each specific RTD material type at 0°C, 100°C and 260°C. 

  

Table 1 provides values of the constants A, B and C, the parameter α, and the upper and lower 

operating temperature limits for the supported RTD types.   

 

R0 (the RTD resistance at 0°C) is very often but not always 100Ω.  It may be set in software to any 

value from 25 Ω to 1000 Ω, independent of the RTD curve type.   

 

Each channel is sampled at a high fixed rate, typically 312.5 samples per second (SPS).  Each result 

is converted to temperature according to the Callendar-Van Dusen equation and is then stored in a 

Current Value Table at 16-bit resolution. The system can then sample this data at any rate. 

 

Table 1:  Supported RTD Types and Ranges 

RTD Type RTD Lower 

Temp Limit 

RTD Upper 

Temp Limit 

α             

(Ω/Ω/°C) 

Constant 

A 

Constant       

B 

Constant   

C 

0:  PA, PH, PJ, PK, PL  -200°C +630°C 0.003926 0.0039848 -5.87E-07 -4.000E-12 

1:  PB, PP -200°C +630°C 0.003911 0.0039692 -5.8495E-07 -4.2325E-12 

2:  PC -200°C +630°C 0.003850 0.003908 -5.8019E-07 -4.2735E-12 

3:  PD, PE, PG, PF, PN, PS 

(European, DIN / IEC60751) 
-200°C +850°C 0.003851 0.0039083 -5.775E-07 -4.183E-12 

4:  PY -200°C +630°C 0.003923 0.003981531 -5.853116E-07 -4.35453E-12 

5:  PW -50°C +500°C 0.003750 0.0038102 -6.01888E-07 -6.000E-12 

6:  (American, ASTM E1137) -200°C +630°C 0.003916 0.003975 -5.900E-07 -4.000E-12 
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Resistance Mode: 
Other RTD types may be used without linearization support.  In this instance, the user enters a zero-

scale and a full-scale resistance.  The output will then be a linear function of input resistance and vary 

from zero to 2
N
 – 1 counts within these limits. 

Programmable Digital Moving Average Filter: 

A programmable moving average filter may be selected on a per channel basis.  Note that while the 

filter output may be based on multiple previous samples, the filter update rate remains equal to the 

input rate (typically 312.5 updates/sec. or one update every 3.2ms).  

The following moving average filtering options have been implemented:                

Average of last 1 sample (no filtering), last 2, 4, 8, 16, 32, 64 or 128 samples.              

A moving average filter averaging “N” samples will typically reduce peak-to-peak noise by a factor of 

N (the square root of N) and introduce a constant delay of 0.5N * the channel update rate.  This 

equates to 1.6 * N milliseconds. 

High Data Update Rate: 

A data update rate in excess of 300 updates/sec. is probably higher than is required for almost all 

temperature measurement applications.  However, the high update rate confers benefits that might not 

immediately be obvious.  Because of it, all samples in the format will be based on a measurements that 

are no more than ~3ms old, regardless of the format rate.  Additionally, by applying the appropriate 

moving average filter to this “oversampled” data, signal noise can be significantly reduced while 

retaining sufficient response speed to allow rapid temperature fluctuations to be captured. 

A few “Sort of” Real World Examples: 

Let’s assume we are going to connect a 100Ω RTD (resistance at the minimum temperature of 

interest) with #26 AWG lead wires of 50-foot length in a 3-wire configuration.  Let’s also, rather 

conservatively, assume that the total summing error in the thin-film input summing resistor 

network is 0.25% and the lead wire resistance imbalance is 2%. 

 

Since #26 AWG wire has a resistivity of 4.081Ω/100’ or about 4% of the RTD minimum 

resistance, we can expect an error of around 0.010% from the summing resistor network imbalance 

and an additional error of 0.041% from the lead wire resistance imbalance.  Should these errors be 

additive, total error will be 0.051%.  Had we used a 2-wire configuration without adjusting the 

result for estimated lead wire resistance, we would have a total error of 4.08%. 

 

Replacing the 26 AWG wire with #22 AWG wire (resistivity = 1.614Ω/100’), total 3-wire 

configuration error becomes 0.020% and 2-wire configuration error, 1.614%. 

 

If the minimum RTD resistance of interest is 200Ω and we use 20’ of #22 AWG wire, total 3-wire 

configuration error becomes 0.004% and 2-wire configuration error, 0.323%. 
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Results To Date: 

Data was collected from an early prototype of the MRTD-114A-1.  The prototype included some 

but not all of the advances that will be present in the final version.   

The major differences between the two units are: 

• The prototype had 4 channels instead of 14 

• The prototype employed a 16-bit ADC instead of 18-bit and provided up to 12-bit output 

data instead of 16-bit data. 

• The prototype employed 0.1% thin film discrete resistors instead of thin-film resistor 

networks.  While the discrete resistors used, offer accuracy comparable to individual 

resistors in a network, the additional performance benefits based on tracking accuracy of 

resistors in the same thin-film package are absent. 

• The prototype provided only partial gain error correction based on a single point calibration 

(using the origin as the second point) instead of full 2-point gain and offset error correction.  

 

A set of 5 precision resistors ranging in value from 100 to 300Ω in 50Ω increments were carefully 

measured using a Keithley model 2000 5½ digit DVM with up-to-date NIST traceable calibration.  

The resistors were all measured in the meter’s 4-wire Resistance mode.  They were then used to 

simulate RTDs at specific temperatures in order to validate the performance of the early prototype 

in various setup configurations and operating temperatures.  During this process, the precision 

resistors remained at room ambient temperature.  All measurements were made in the 3-wire 

configuration with 10Ω, 1% thick film resistors placed in series with each lead wire to simulate 

long lead length.   

 

The results summarized in Table 2 below, represent the difference between the reported and 

simulated temperatures as a percentage of the full RTD temperature range.  For the final set of data 

in which the prototype was in resistance mode, the results represent the difference between the 

reported and actual resistance as a percentage of the channel’s nominal full-scale resistance value. 
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Table 2:  Early Prototype Test Results 

 
 Temperature Avg. Abs. Value 

of % Error 

Median 

% Error 

Std. Dev. 

of % Error 

RTD Type 3, Iex = 2mA, Run 1 25°C 0.075 -0.041 0.006 

 -30°C 0.112 -0.087 0.006 

 85°C 0.070 -0.041 0.003 

 

RTD Type 3, Iex = 2mA, Run 2 25°C 0.067 0.006 0.006 

 -30°C 0.049 -0.015 0.019 

 85°C 0.048 0.009 0.019 

 

RTD Type 3, Iex = 1mA 25°C 0.076 -0.064 0.013 

 -30°C 0.073 -0.067 0.013 

 85°C 0.045 -0.029 0.014 

 

RTD Type 3, Iex = 4mA 25°C 0.047 -0.044 0.012 

 -30°C 0.039 -0.017 0.009 

 85°C 0.033 0.012 0.008 

 

RTD Type 1, Iex = 2mA 25°C 0.072 -0.066 0.019 

 -30°C 0.069 -0.040 0.017 

 85°C 0.046 0.004 0.017 

 

RTD Type 5, Iex = 0.5mA 25°C 0.190 0.067 0.010 

 -30°C 0.223 0.022 0.028 

 85°C 0.247 0.178 0.008 

 

Resistance Mode, Iex = 2mA 25°C 0.080 -0.059 0.024 

 -30°C 0.111 -0.068 0.012 

 85°C 0.057 0.020 0.020 

 

Going Forward: 

Current efforts are focused on readying the first all-up, pre-production versions of the MRTD-

114A-1 module in which all the advances described in this paper have been implemented.   

Extensive testing of these first units will follow.  We are cautiously optimistic that the test results 

we obtain, will enable us to improve the overall system accuracy specification for designs based on 

this platform to significantly better than ±0.25% over the operating temperature range of the unit. 
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ABSTRACT 
 
This paper discusses channel simulation using OPNET Modeler in support of iNET. It shows 
how wireless communication is simulated, how to simulate the special aeronautical channel of 
iNET, and how to deliver the aeronautical channel, test article, and ground station as reusable 
components for future simulation. Network simulation is a critical tool for iNET and it enables 
design decisions that cannot be made analytically due to the complexity of the problem. This 
work addresses the incorporation of the aeronautical channel into the OPNET Modeler tool set as 
this piece of iNET is unique and is not available in OPNET Modeler. 
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INTRODUCTION 
 
The iNET study is aiming at adapting cutting-edge network technologies to replace the current 
inefficient point-to-point telemetry system. The new Telemetry Network System (TmNS) will 
have test articles, ground stations working together with an interconnected packet network [1]. 
The ground station may request data generated by the sensors that are equipped on test articles. 
Raw data will be packetized within the test article intranet then sent to the ground station via an 
aeronautical channel.  
 
Currently, network architectures are being developed by the iNET community. Verification of 
these new designs is of great importance before putting everything into practice. This could be 
done by building the proposed designs and testing them physically or by using computer 
software simulation tools. Although physical testing is the ultimate measure for any network 
design, it is a very costly and time-consuming process due to the nature of the test subjects. 
Furthermore, flexibility is a major issue when testing a network as large and complex as iNET. 
Therefore, simulation of iNET is of vital significance because it produces faster, reliable and 
more cost-effective results than actual testing.  
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OPNET Modeler is our choice as the simulator for the iNET simulation task by the research team 
at Morgan State University (MSU) based on its advantages of graphical user interface and strong 
community support. The objective of the research team is to provide the iNET community with a 
toolbox in OPNET Modeler that will allow engineers and researchers run and customize iNET 
simulations. In this paper, we focus on the aeronautical channel, explain why it’s critical and 
provide methodologies to simulate it in OPNET Modeler. 
 
At MSU, channel modeling and modulation schemes are two of the major research focus areas, 
where integrating a specific aeronautical channel and coding scheme into a network simulation 
to generate realistic testing data. Incorporating these into simulators such as OPNET to support 
the development of new protocols and to plan operational testing has significant potential impact 
to the iNET program. 
  
 

BACKGROUND 
 
When a test article communicates with a ground station, it sends packets through radio link just 
as a personal computer exchanges information with a wireless router in a Wireless Local Area 
Network (WLAN). However, there is significant difference between these two environments. 
Computers within a WLAN tend to be static while test articles may be operating at a velocity of 
Mach 2. As a result, there are large Doppler Shifts and multipath fading in the iNET environment 
and they make communications over the aeronautical channel critical. If we had a computer that 
operates in a WLAN moving in such high speed, the performance of the network will degrade 
dramatically. Additionally, with a maximum transmission data rate of 5 Mbps, it is required to 
balance the high data throughput and flexibility [1]. Therefore, evaluating the performance of the 
telemetry network system is of great importance. To do this in a simulation, components such as 
the test article, ground station, gateway and the aeronautical channel must be implemented in a 
simulator. Although there are several standard protocols and components such as TCP/IP and 
WLAN in modern simulators, the iNET components such as aeronautical channel, test article 
and ground station are yet to be created and they are unique to the iNET environment.   
 
OPNET Modeler has been selected as the simulator for iNET by the research team at MSU. It 
has several advantages over the other two candidate simulators, NS-3 and QUALNET. OPNET 
Modeler provides graphical user interface (GUI) as well as a number of editors to simplify 
modeling in different levels. It also has an effective supporting team and an active developing 
team that keep the software up to date. As mentioned before, although OPNET Modeler provides 
a toolbox for standard components such as WLAN, components unique to iNET are yet to be 
created. This paper describes providing an aeronautical channel component for OPNET Modeler 
so that engineers in the iNET community can make use of it and customize their simulations. 
Test article nodes and ground station nodes can then be used as a prototype on this channel. 
 
OPNET Modeler is a packet simulator. Instead of manipulating the signal directly, it simulates 
networks based on its packet behavior. Computations about fading effects, multipath, path loss, 
etc. will be associated with each packet and eventually determine if the packet is going to be 
received by the destination or dropped. This approach fits the new iNET Network Telemetry 
System since it is aiming to adapt networking technologies into the current telemetry architecture. 
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OPNET Modeler uses what so called Radio Transceiver Pipeline to model wireless transmission. 
Each stage does necessary computations and stores results in the packet. Computations include 
possible receivers, path loss, received power, signal to noise ratio at the receiver, bit error rate, 
packet error rate, and more. Every packet sent by the transmitter goes through all the pipeline 
stages and eventually to the receiver where it is determined if the packet is lost due to packet 
error. The iNET Aeronautical Channel creates a unique fading effect which impacts the SNR 
yielding a dynamic bit error rate on the packet. The major challenge is how to build a channel 
that captures all those fading effects without the elaborate processing that would be required for 
a physical simulation. To do so, we introduce the Markov Model to create a customized SNR 
Stage of the Radio Transceiver Pipeline in OPNET Modeler. This captures the properties of the 
packet behavior on the channel without that associated complexity.  
 
 

MARKOV MODEL 
 
Markov Model has been used for channel approximation and is considered to be accurate [2]. A 
Markov Model consists of a set of states and a transition matrix M. It works in a similar way as a 
finite state machine. The probability of the next output of the system depends only on the current 
state and the transition matrix as 
 
𝑃𝑃(𝑋𝑋𝑛𝑛+1|𝑋𝑋1,𝑋𝑋2, … ,𝑋𝑋𝑛𝑛) = 𝑃𝑃(𝑋𝑋𝑛𝑛+1|𝑋𝑋𝑛𝑛)                                                                                                     (1)  
Where, 
P(Xn+1|Xn) = Probability of Xn+1 given Xn. 
    
With the help of Markov Model, it is possible that we can capture the unique pattern of 
aeronautical channel and model the Doppler and multipath fading it causes. To do so, we may 
define different states that indicate specific channel conditions as well as the Transition Matrix. 
Here is an example of a simple Markov Model that simulates a channel with two different states, 
namely a good channel and a bad channel. When staying in a good channel state, the Markov 
Model yields an SNR of 30dB. A bad channel, on the other hand, will produce an SNR of 5dB. 
The Transition Matrix M is defined as follows: 
 

𝑀𝑀 = �0.8 0.2
0.7 0.3�                                                                                                                                             (2) 

Where, 
M = Transition Matrix. 
 
The model can be described by Figure 1. 
 
 
 
 
 
 
 

 
Figure 1: Markov Model based on Equ. 2. 

Good 
Channel 

(A) 

Bad 
Channel 

(B) 

P(B,B) = 0.3 
P(A,A) = 0.8 

P(A,B) = 0.2 

P(B,A) = 0.7 
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It means that the probability of staying in the good channel is 0.8 if currently the system is in the 
good Channel state and a 0.2 probability of transitioning into the bad channel state. In the same 
way, the second row defines the behavior of the bad channel state. Such a Markov Model will 
produce the following signal series in Figure 2. 
 

 
Figure 2: Output of Markov Model 

To model the fading effect of the Aeronautical Channel, we use Markov Model to create an 
impact factor on the received power at the receiver. As mentioned before, different states may be 
defined to represent various channel conditions such as good channels, bad channels, or different 
fading effects. By properly composing the parameters of the Markov Model, we may create an 
Aeronautical Channel that is very close to a real channel. The question now becomes how to 
build the Markov Model into OPNET Modeler.  
 
As described above, OPNET Modeler uses the Radio Transceiver Pipeline to model wireless 
transmission. When a test article sends a packet to the ground station, it goes through 14 pipeline 
stages before it reaches the destination. Figure 3 shows the Pipeline stage model. 
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Figure 3: Pipeline Stage Model with SNR Stage Customized 

At each stage, certain computation and operations on the packet will be performed by the 
simulator. Transmission delay, propagation delay, antenna gain, received power, interference, 
noise, signal-to-noise ratio, and bit error rate will be computed respectively in sequence. Finally 
at the receiver, the simulator determines if a packet should be accepted or rejected due to packet 
errors. The pipeline works similarly for the TCP/IP protocol stack. Each stage in the pipeline can 
be customized to provide new functionalities. The OPNET Modeler offers several models such 
as WiMax, WLAN, and more. We developed a customized iNET aeronautical SNR stage which 
integrates a Markov Model that can model aeronautical channel behavior. 
 
 

COMPONENTS FOR THE SIMULATION 
 
In order to create a simulation scenario and test the Markov Model design in OPNET Modeler, a 
package of components need to be implemented first. It contains network nodes such as the test 
article and the ground station; the aeronautical channel as the communication media between 
them; Raw Data Generator inside the Test Article such as Sensors and Data Acquisition Units 
(DAU); and Data storage inside the Test Article such as the Recorder. This paper only shows a 
prototype of these components to demonstrate the feasibility of Markov Model incorporation 
with OPNET Modeler. 
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TEST ARTICLE 
 
The Test Article is implemented as a mobile node in the OPNET Modeler. As a prototype 
implementation, it contains several Data Acquisition Units, a Recorder, a Radio Transmitter and 
Antenna, as shown in Figure 4 below. 
 

 
Figure 4: Test Article 

Each DAU is generating raw packets at a rate of 1024bps with either constant rate or with some 
exponential probability. At the Recorder, data gets passed to the radio transmitter and then the 
antenna. The transmitter is operating at a base frequency of 1GHz, with a bandwidth of 5000 
KHz, which produces a data rate of 5 Mbps. This is the maximum data rate that can be archived. 
In this demonstration we place 6 DAUs in the test article. Therefore the data demand is about 6 
Kbps. When a simulation is customized, this can vary to any configuration. The transmission 
power allocated to packets transmitted through the channel is set to be 1 watt. The antenna offers 
a transmitter Gain of 1db.  
 
The transmitter object has specified the first six stages of the radio link pipeline stages. The 
receiver group model is set to the default radio receiver group model since this is a simple point 
to point radio transmission. The transmission delay model is set to default currently. However, as 
the Ethernet in the Test Article grows larger, it is possible that the transmission delay will be 
affected by the potential collision or queuing issues of the network.  
 
 

GROUND STATION 
 
The ground station will be communicating with test articles. As a prototype implementation, it 
contains a radio receiver, antenna, and data sink which is in charge of packet destruction, as 
shown in Figure 5. 

 
Figure 5: Ground Station 
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The receiver Gain is set at 15db. It is done by customizing the Ground Station antenna which is 
derived from the isotropic antenna model. A 15db Gain is assigned to every direction of an 
isotropic antenna. 
 
The customized SNR stage used for simulating the aeronautical channel has been implemented 
and associated with the receiver at the ground station. We use a three-stage Markov Model to 
simulate an aeronautical effect. Due to Doppler Shift, multipath, shadowing and test article status 
the channel quality may drop or vary significantly. Such effects are considered unique features of 
an aeronautical channel. The Markov Model is used to capture such effects. 
 
Parameters used for the Markov Model are as follows: 
 
𝑆𝑆 = [0.99 0.5 0.01]                                                                                                                               (3) 
 

𝑀𝑀 = �
0.7 0.2 0.1
0.8 0.2 0.0
0.9 0.0 0.1

�                                                                                                                                  (4) 

Where, 
S = State Definition, M = Transition Matrix. 
 
The model defined has three states, indicating three different channel conditions. The first state 
represents a good channel. The second state represents a normal channel and it is used to model a 
varying effect. The third state represents a bad channel that will create a sudden fall in signal-to-
noise ratio. These were chosen for this example. Real data values can be substituted later. 
 
 

SIMULATION SCENARIO AND RESULT 
 
The scenario is defined as follows. A test article starts at San Francisco and flies southeast to 
Ensenada, 570 miles away from the starting point. The test article has a ground speed of 670 
miles per hour. The ground station is located near San Francisco. The simulation lasts 1 hour. 
During the simulation, the test article will communicate with the ground station while flying to 
its destination. Figure 6 shows the scenario in OPNET Modeler. 
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Figure 6: Simulation Scenario 

Two configurations are performed and are compared in Figure 7. The left chart shows the bit 
error rate, signal-to-noise ratio, and throughput of over a simple wireless channel. The right chart 
shows the same data over the Markov Model driven aeronautical channel. It shows that the 
Markov Model successfully created an aeronautical effect which can be seen on the signal-to-
noise ratio and bit error rate. 

   
Figure 7: Comparison between default wireless channel and customized channel 
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ESTIMATING THE PARAMETERS: HIDDEN MARKOV MODEL 
 
For now we have customized channels in OPNET Modeler. The next step is to build an 
aeronautical channel based on real data. The question is how to find the parameters for the 
Markov Model to create exactly the same aeronautical channel based a current testing database. 
To solve this problem we use the Hidden Markov Model [4]. It can learn from the data to create 
a good Markov Model which is able to originate data with similar signature.  
 
Studies about Hidden Markov Model have demonstrated that Baum-Welch algorithm can be 
used to find the Markov parameters. It can be used to read the data and produces a corresponded 
Transition Matrix.  
 
The overall channel modeling flow chart is shown in Figure 8. The Hidden Markov Model 
produces parameters for the Markov Model based on aeronautical data. The Markov Model, 
implemented in the simulator, will then be in charge of producing simulated data. 

 
Figure 8: Hidden Markov Model and Markov Model Simulation Flow Chart 

 
CONCLUSION 

 
Markov Model is a good tool and can be used to model the aeronautical channel which is of great 
importance in the iNET environment. We implemented a Markov Model driven channel into 
OPNET Modeler as well as a prototype of a test article and a ground station node model. 
Simulations have been performed to show that both the Markov Model and the new components 
such as test article and ground station can corporate well. 
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ABSTRACT 
 
The 46th Test Wing, 846th Test Support Squadron (846 TSS/TSI) at Eglin AFB is currently 
evaluating their airspace for the use of SOQPSK transmitters and receivers for telemetry. The 
Squadron will incorporate an IP-compatible OFDM transceiver from Teletronics Technology 
Corporation (TTC) that will provide a two-way communication channel for controlling  
configuration settings of the airborne SOQPSK transmitter and receiver. This provides an 
opportunity to evaluate the effectiveness of an airborne network instrumentation system and 
measure some critical parameters, with an opportunity to assess the performance and reliability 
of streaming telemetry and OFDM-based IP communication systems. This paper describes the 
experimental test setup created for this evaluation and summarizes the measurement and 
evaluation process. 
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 INTRODUCTION 
 
The increase in telemetry data rates and loss of available spectrum has caused the flight test 
community to look at ways to increase spectral efficiency and reduce multi-path interference. 
The Advanced Range Telemetry Modulation (ARTM) program was initiated and funded through 
the Office of the Secretary of Defense (OSD) to identify more bandwidth-efficient modulation 
formats suitable for use in aeronautical telemetry. The program selected a family of suitable 
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waveforms to reduce the current PCM/FM spectrum usage by 50%. In addition to the need to 
assess the impact of geographic features on the robustness of the waveforms, it is desirable to 
measure the efficiency of the transmitters and receivers at multiple frequencies, such as the L1, 
L2, S and C bands. Given the cost per hour of flying test fighter aircraft, any means to reduce the 
number of flight hours required would provide a significant cost savings to this process. One 
approach to this problem would be to provide flight-capable dynamic control of multiple 
operational factors such as center frequencies, power levels, modes and frequency bands with the 
transmitter and receiver. This approach has the potential to allow for the characterization of 
chosen waveforms’ performance throughout the range in a fewer number of airborne hours.  
 
The 46th Test Wing, 846th Test Support Squadron (846 TSS/TSI) will utilize a network 
transceiver from TTC that has been in development for over two years. The Teletronics device 
augments a conventional serial-streaming telemetry system by providing an interactive two-way 
communication channel for controlling, monitoring and accessing a network-based 
instrumentation system within an aircraft. A network transceiver performs the same function as a 
conventional Internet router on the ground by bridging multiple independent sub-networks into a 
single communication domain. Providing a hub and spoke topology, the network transceiver 
allows for multiple aircraft to be connected into the ground network and utilized in the same 
manner as a Web site or a file server. Realizing these benefits, the 846th TSS/TSI will fly TTC’s 
IP-compatible OFDM transceiver in order to establish a two-way communication channel for 
controlling the configuration settings of the airborne SOQPSK transmitter and receiver 
instrumentation package.  
 
Once an IP-based communication link exists between the ground network and the airborne 
instrumentation package, real-time access to individual units on the test package is possible. 
However, the true benefits and flexibility of this capability is only realized if the individual 
components of the test package have network interfaces. When the decision was made to 
integrate the IP transceiver, it quickly became obvious that the instrumentation package should 
be extended to provide more networking capabilities that the 846th TSS/TSI could take advantage 
of from the ground. The existing Pulse Code Modulation (PCM)-based Data Acquisition Unit 
(DAU) was upgraded to include a network interface and a network-based high-speed camera 
sub-system to provide an experimental testbed for more sophisticated command and control 
opportunities. Flying an aircraft that includes a network-based instrumentation system provides 
an additional opportunity to evaluate the effectiveness of an airborne network instrumentation 
system on its own and measure some of its critical parameters, such as IEEE 1588 timing 
accuracy, packet latencies, and the ability to perform dynamic bandwidth assignment. More 
importantly, it provides an opportunity to assess, side-by-side, the performance and reliability of 
streaming telemetry and OFDM-based IP communication systems. This paper describes the 
experimental test setup created for this evaluation and summarizes the measurement and 
evaluation process. 
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TEST OBJECTIVES 
 
The specifications of the instrumentation package were driven by the objectives of the 
experiment. The primary objective of this task is to characterize the suitability of replacing the 
existing PCM-FM telemetry sub-system used for flight test at Eglin with a newer system based 
on SOQPSK. In order to efficiently assess this objective, the experimental package was 
augmented with a networking component. This led to an expansion of our test objectives to 
include additional factors. The complete set of test objectives for our experiment is: 
 

1) Performance of SOQPSK transmitters and receivers 
a. Air-to-ground RF links in high-dynamic environments 
b. Air-to-air RF links in high-dynamic environments 

 
2) Performance of OFDM-based IP transceivers 

a. RF link and data transfer performance 
b. Command/response and real-time data latencies 

 
3) Viability of network instrumentation systems 

a. Bidirectional command and control of instrumentation 
b. End-to-end latencies and bandwidth tolerances 
c. Topology adaptation within range networks 
d. Network (IEEE 1588) timing accuracy 

 
4) Viability of network ASV systems 

a. Bidirectional command and control of cameras 
b. Real-time avionics or instrumentation data event-based triggering 
c. Real-time video for pre-separation assessment and camera management 
d. Post-separation download of camera images 

 
5) L-, S-, and C-band transmitters and down converter evaluation 

 
 

TEST SETUP 
 
Four different test scenarios have been designed to complete the ARTM evaluation process. The 
first two scenarios will be a short distance ground-based test, where both ends of the 
communication links will be stationary. The third scenario will place one end of the link onboard 
a helicopter for a medium distance mobile test. The final and most complex scenario will add a 
third mobile endpoint to the communication network and will be hosted aboard two F-16 aircraft 
for long-range and high-speed testing. In order to minimize the number of hardware 
configurations required, it was decided that the first three test scenarios would use a common 
hardware pallet. The final test scenario would use the existing 46 TW 846 TSS/TSI Joint Range 
Instrumentation Pod (JRIP) that will be modified to allow for evaluation of the SOQPSK 
transmitter as well as provide evaluation of the new network-based instrumentation capability. 
The JRIP consists of five mechanical sections installed in a cylindrical tube with the same mass 
properties as an AIM-120 missile. Two different functional configurations would be created for 
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the fourth scenario to allow for both air-to-ground and air-to-air communication channels. The 
first configuration will be utilized for validation of the airborne SOQPSK transmitters, airborne 
SOQPSK receivers and the 46 RANG ground SOQPSK receivers. The second configuration will 
be utilized for validation of the network OFDM-based transceiver instrumentation. Both 
configurations are combined into a single network when instantiated on the common hardware 
pallet. The functional block diagram for the pallet is illustrated in Figure 1: 

 
Figure 1: Test Pallet Block Diagram 

 
The nXCVR-2030B-1 network IP transceiver provides the two-way ground-to-air link between 
the test pallet and the ground station. This device is designed to act as a wireless router for 
communicating IP packets between the instrumentation network and the ground network 
infrastructure. It uses a TDMA-based MAC layer to provide guaranteed bandwidth and QOS 
assignments (dynamically controlled) to communication protocols flowing to and from the 
ground. The transmitter power and modulation is automatically controlled based on 
measurements from remote stations regarding RSSI (signal strength) and LQI (link quality) 
indications. Supported bit rates range from 6 to 36 megabits/sec. 
 
The network transceiver has been modified for this experiment to provide additional interfaces to 
the test pallet beyond the standard gigabit Ethernet interface. Upon command, the transceiver can 
output a PN15 BER test pattern for input into the tri-mode tri-band transmitter. The transmitted 
BER test pattern will be fed into a BER tester on the ground to validate the performance of the 
telemetry link. The clock rate of this test pattern can be dynamically changed to values between 
10 kHz to 20 MHz. The BER test pattern can also be changed to a fixed pattern of all zeros or 
ones. Finally, it can be converted into a normal CH4 PCM output containing operating statistics 
from the transceiver itself for diagnostic purposes. In the second configuration, the output of the 
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transceiver is replaced with the PCM output of the MnACQ-2000, a networked data acquisition 
device. Two RS-232 interfaces are provided that are connected directly to the tri-mode, tri-band 
transmitter and receiver; this allows for telnet access from the ground to the serial console of 
each device for real-time configuration and monitoring. A five-port 10/100 Mb/sec IEEE 1588 
switch, the NSW-5FT-TGE-1, is connected to the gigabit Ethernet interface of the transceiver to 
interconnect the network components of the test pallet. In the case of the second configuration, 
two switches are required to handle the extra devices. The MnACQ-2000 is configured with a set 
of analog and bus signal conditioning modules to allow for acquisition of data for 
accelerometers, thermocouples and serial buses. Refer to Figure 2 for a photograph that depicts 
the ARTM integration test pallet. 
 

 
 

Figure 2: ARTM Integration Test Pallet 
 

In configuration 2, a high-speed camera (nHSC-20-S3R-1), a camera manager (nMGR-2000), 
and an analog video acquisition node (MnVID-2000) are added to provide the capability to 
control and download images from a network device over the network transceiver link. The 
camera manager provides operational services for networked high-speed cameras, such as 
synchronized triggering, pre- and post-views of images, and transfer of images between the 
cameras and the recorder. In this configuration, the camera manager takes real-time frames from 
the camera, adds a time and status overlay to the image, and outputs the data through a RS-170A 
interface. The MnVID-2000 digitizes the RS-170A at 30 FPS, encodes the video into MPEG-2 
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transport packets and multicasts the data into the network. The network transceiver can be 
configured to route the multicast packets through the wireless link to the ground for real-time 
viewing. Finally, the MnACQ-2000 can output its acquired parameters as either network packets 
or PCM data, the MnPCM-2000 gateway allows for a comparison of the latencies introduced by 
sampling the same parameter either in a streaming telemetry link or as a packetized 
communication channel. 
 
 

TEST SCENARIOS 
 
Four test scenarios are planned for the instrumentation system built for the ARTM transmitter 
and receiver. The first test scenario, shown in Figure 3, is a lab-based setup designed primarily to 
complete hardware and software integration, system programming, verify cabling, and validate 
the planned test measurements. All RF connections are made using shielded cables and 
attenuators. 
 

 
Figure 3: Lab Test Bench Configuration 

 
The second test scenario, shown in Figure 4, is a static outdoor test where the test pallet and the 
ground station are separated by twelve miles. The two primary goals of this test are to verify the 
operation of the network transceiver over a long distance and to validate the ground station 
antenna infrastructure for OFDM transmit operation. 
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Figure 4: Twelve Mile Tower Test 
 
 
The integration of the ground station with the transceiver is seamless, as the dual-feed antenna 
configuration allows the transceiver to operate on one feed with the reception of the telemetry 
link on the second feed. As shown in Figure 5, the nXCVR-2130A-1 operates in upper S-band 
while the ARTM transmitters operate in lower S-band. The ground station antennas steer the RF 
signals to the proper equipment feeds using triplexers and an RF switch that provides up to 80 
dB of isolation. The only apparent concern from the ground perspective is the collocated tracking 
antenna and the transceiver transmitter gain. Typically these ground antennas do not radiate and 
there was a concern that the transceiver uplink transmission wattage may damage nearby 
tracking antennas if they are pointed into each other’s look-angle. During the performance of the 
tests described in this paper, the co-located antennas will be pointed away from the transmitting 
dish to avoid any possible damage. 
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Figure 5: Ground Station Configuration 
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The third test scenario will be the first airborne test. A helicopter will be outfitted with the 
test pallet and necessary antennas to enable a short range (5-25 miles) airborne test to 
assess the impact of low-altitude, low-speed multi-path effects on the performance of the 
tri-band, tri-mode transmitter and the network transceiver. For this effort, the test pallet 
will be installed on a plate and mounted to the floorboard of the vehicle (see Figure 6). 
Power and access to the GPS RF signal will be accomplished by interfacing to the aircraft 
existing T-2 instrumentation interface and three antennas (OFD TX/RX and SOQPSK TX) 
will be mounted external to the vehicle. The OFDM/ARTM plate is designed to be able to 
be removed from the aircraft on a mission-to-mission basis. The design provides for a one 
hour maximum time to configure or reconfigure the helicopter. 
 

 
 

Figure 6: Helicopter Test 
 
 
The final test scenario involves the use of two JRIP pods (see Figure 7) that contain the 
components of the test pallet arranged into two new mechanical and wiring configurations. Both 
configuration 1 and configuration 2 of the test pallet will be utilized in the form of two JRIP test 
pods, each mounted on the wing tip of an F-16 and flown at distances of up to 150 miles from 
the ground station. 
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Figure 7: JRIP POD 
 
This will be the most complex of the four test scenarios, as two-way communication will be 
maintained with two aircraft at the same time, in addition to the ARTM transmissions. 
Additionally, aircraft-to-aircraft communication will be tested using an ARTM transmitter and 
receiver. 
 
 

TEST MEASUREMENTS 
 

The test metrics to evaluate the usefulness of SOQPSK-based modulation schemes and the 
OFDM-based IP transceiver at Eglin are defined below: 
 

 Mapping the received signal strength and link quality estimators of both SOQPSK and 
OFDM over varying terrain, distance and altitude. 

 
 Measuring and characterizing the parameter delays of PCM and Ethernet data by 

comparing the timestamps embedded in the captured data versus the timestamps 
associated with the received data on the ground. 

 
 Instrumentation command response delta times by measuring latency from a command 

send from the ground to the response time from the instrumentation system via both the 
PCM and Ethernet communication channels. 

 
 Received network packets versus received SOQPSK PCM data in the form of Bit Error 

Rate (BER) will be measured using the random and fixed data formats.   
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 Comparison of the Received Signal Strength (RSSI), Bit Error Rate (BER), achieved data 
rates, and distances/altitudes between the OFDM and the Standard Telemetry Modulation 
schemes (PCM/FM and SOQPSK). 

 
 Network bandwidth saturation (using PCM, video, command/response, and SNMP) by 

flooding the network-based transceiver with data while measuring both error rates and 
latency to determine constraints on the system performance. 

 
 Evaluation of the minimum channel spacing between the OFDM Transceiver against the 

Standard Telemetry Modulation schemes (PCM/FM and SOQPSK) in an actual air to 
ground test.   

 
 Compare the bandwidth efficiency in terms of data rates versus occupied bandwidth 

between the OFDM Transceiver against the Standard Telemetry Modulation schemes 
(PCM/FM and SOQPSK) in an actual air to ground test versus a theoretical analysis. 

 
 Real-time ground software performance is an objective measurement using a real-time 

software visual display capability with the remote control/programming capability of the 
test pallet by a test technician using the ground station terminal. 

 
 

CONCLUSION 
 

The Advanced Range Telemetry Modulation (ARTM) and OFDM evaluation program by the 
846th TSS/TSI offers a unique opportunity to fly a streaming SOQPSK telemetry channel and a 
bidirectional OFDM communication link side by side in the same aircraft. Dynamic control of 
factors such as frequencies, power levels, modes and frequency bands from the ground should 
allow for characterization of SOQPSK throughout the range in a fewer number of airborne hours. 
We expect to complete the ground-based portion of our testing by the end of July, with the 
airborne portion of the testing complete by September. The results of the testing should be 
available for presentation at ITC 2010. 
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ABSTRACT  

 

The ability to discover the topology and configuration of a networked Flight Test Instrumentation 

(FTI) system is a powerful feature enabled by the adoption of Ethernet technology. Discovery allows 

the FTI system to be debugged, verified against meta-data, and monitored for health and status. This 

paper focuses on two levels of FTI discovery, discovering the network topology and discovering the 

configuration of the FTI network devices. Moreover, this paper describes how the same discovery 

technologies may be used for health and status monitoring.  

 

1. INTRODUCTION 

 
The Flight Test Instrumentation (FTI) industry has instigated a significant paradigm shift from the use 

of proprietary closed solution towards more open standards-based systems using Ethernet technology 

[1, 2, 3] in recent years. There are two key factors that prompted and facilitated this change. The 

precursor was the development of the IEEE 1588 Precision Time Protocol (PTP).  Previous network-

based time synchronization protocols, such as Network Time Protocol (NTP), did not provide adequate 

accuracy for distributed time synchronization. PTP enabled high accuracy time synchronization 

ensured the ability to provide isochronous sampling in a distributed network. The second driving factor 

was the standardization work performed by the CTEIP Integrated Network Enhanced Telemetry 

(iNET) initiative. After much investigation and analysis of candidate communications technologies, the 

iNET working groups decided that Ethernet is the technology of choice to meet the requirements of 

current and future FTI [4] needs. iNET is addressing and bringing about a standardized approach to 

meet the needs and requirements of FTI in terms of systems management, time synchronization, Data 

Acquisition Unit (DAU) configuration, data transmission etc. Using open standard technologies offers 

the FTI community with greater flexibility and scalability in system design and more choice for multi-

vendor interoperable systems.  

 
There are a number of open standard network protocols that can be used to discover, manage, and 

debug networked based FTI systems. One such protocol is the Simple Network Management Protocol 

(SNMP) which is a standard IP network protocol [5] that can be used to interrogate, query, and 

configure SNMP-enabled devices. Notably, iNET has adopted SNMP as a core technology of choice 

for systems management. For this reason, SNMP is the focus of this paper.  

 
The remainder of this paper is structured as follows: Section 2 provides an overview of the Simple 

Network Management Protocol (SNMP) which is the primary mechanism by which network and FTI 

discovery can be achieved. Section 3 outlines the practical use case examples of using the SNMP for 

discovery. Furthermore, other networking techniques that may be employed to perform discovery are 

discussed. Not only is discovery possible through the use of SNMP, Section 4 describes the facility of 

using SNMP for Quality of Service, health, and status monitoring.  
 

2. OVERVIEW OF THE SIMPLE NETWORK MANAGEMENT PROTOCOL (SNMP) 

 
SNMP is a simple but powerful utility that can be used to configure (SET) and discover (GET) the 

configuration of an SNMP-enabled device. SNMP is a component of the Internet Protocol Suite as 
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defined by the IETF [6]. It consists of a set of standards for network management, including an 

application layer protocol, a database schema, and a set of data objects. SNMP exposes management 

data in the form of variables on the managed systems, which describe the system configuration. These 

variables can then be on-demand remotely i.e. ‘telecontrolled’, configured (SET) and queried (GET) on 

the network end node. In addition, an end node may be configured to set a trap for key events (TRAP) 

without the need for polling.  

 

SNMP uses an extensible and customisable Management Information Base (MIB) to describe the 

variables that may be accessed in the FTI device including the structure, interpretation, and read/write 

attributes of the supported variables. The MIB contains global variables that are common to all 

networked FTI devices. In networked FTI SNMP may be used to monitor and remotely configure 

network nodes such as:   

• Data Acquisition Unit (DAU) 

• Switch 

• Grandmaster 

• Network-Recorder.  

Each of these classes of device has a set of specialised discoverable variables that are also described in 

the MIB.  

An SNMP-managed network [7] consists of three key components as shown in Figure 1: 

• Network management system (NMS): is a software application that monitors and controls 

managed devices in the networked FTI system. NMSs provide the bulk of the processing and 

memory resources required for network management. There may be one or more NMSs managing 

the network. The NMS uses UDP port 162 for SNMP.  

• Managed device: is a managed network node (Network-Recorder, Switch, Grandmaster, DAU 

etc) that contains an SNMP agent. Managed devices collect and store management information and 

make this information available to NMSs via the SNMP protocol.  

• Agent: is a network-management module that resides in the managed device. An agent has local 

knowledge of management information and translates that information into a form compatible with 

SNMP. The agent uses the UDP port 161 for SNMP.  

Network
Management
System

Switch
Network-Recorder

MIB

SNMP Agent

MIB

SNMP Agent

Networked DAU

MIB

SNMP Agent

Networked DAU

MIB

SNMP Agent

Networked DAU

MIB

SNMP Agent

 

Figure 1: SNMP Architecture 

The SNMP protocol is a Request-Response protocol whereby the NMS issues queries and 

configuration commands via SNMP to the managed device, for example the SNMP-enabled DAU as 

shown in Figure 2 with the SNMP messages described in Table 1.  
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Figure 2: SNMP Messages in Action 

Table 1: SNMP Messages 

SNMP 

Version 

SNMP 

Command 

Description 

V1 GET  Used by the NMS to retrieve 

the value of one or more 
object instances from an agent.  

Example: GET EventNumber 

V1 GETNEXT  Used by the NMS to retrieve 

the value of the next object 

instance in a table or a list 

within an agent.  Example: 

GETNEXT NextEventNumber 

V1 SET  Used by the NMS to set the 

values of object instances 

within an agent.  

Example: SET IPAddress 

V1 TRAP  Used by agents to 

asynchronously inform the 

NMS of a significant event.  

TRAP 

TemperatureExceedsThreshold 

V2c GETBULK  Used by the NMS to 
efficiently retrieve large 

blocks of data.  
 

 

2.1. MANAGEMENT INFORMATION BASES (MIBS) 

SNMP is a protocol and does not define 

which information or variables are 

managed. The variables accessible via 

SNMP are organized in hierarchies with 

meta-data (type and variable description). 

The variables accessible via SNMP are 

described by Management Information 

Bases (MIBs) [8]. MIBs describe the 

structure of the management data of a 

device subsystem using a hierarchical 

namespace containing object identifiers 

(OID) as shown in Figure 3.  A full listing 

of the MIB hierarchy can be found at [9]. 

Each OID is unique and identifies a 

variable that can be read or set via SNMP. 

Two types of managed objects exist: 

• Scalar objects define a single 

object instance. 

• Tabular objects define multiple 

related object instances that are 

grouped in MIB tables. 

A useful utility is the ability for the NMS 

to perform a MIB or SNMP Walk 

whereby the walk can be used to retrieve a sub-tree of the MIB from a specified OID branch and the 

values returned to the NMS. The MIB walk is achieved using SNMP-GETNEXT messages    

Root

CCITT
0

ISO
1

Joint-iso-ccitt

2

ORG
3

DOD
6

Internet
1

Directory
1

MGMT
2

Experimental
3

Private
4

Security
5

SNMPV2
6

Enterprises
1

ACRA
33698

Prefix: iso.org.dod.internet.private.enterprise.ACRA
OID 1.3.6.1.4.1.33698

iNETOther

 

Figure 3: OID Hierarchy 
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2.2. SNMP IN ACTION 

By way of a simple example of SNMP in operation as shown in Figure 4, consider a system comprised 

of a NMS and an SNMP-enabled DAU, where the DAU has an SNMP-Trap variable for Temperature. 

The NMS sends an SNMP-GET message to the DAU to retrieve the value for the Temperature 

Threshold variable as defined in the MIB supported by the DAU. The DAU’s own SNMP-Agent 

interprets the received SNMP-GET message containing the OID of the Temperature Threshold 

variable. In this way, the DAU SNMP-Agent can retrieve the desired variable value and return the 

appropriate response to the requesting NMS. Should the NMS choose to reconfigure the Temperature 

Threshold variable on the DAU, the NMS sends an SNMP-SET message to the DAU. However the 

Temperature Threshold variable must have read/write attributes so that it can be reconfigured. The 

SNMP-Agent continuously monitors its Current Temperature over time. When the DAU detects that 

the Current Temperature exceeds the newly defined Temperature Threshold, the DAU can send an 

SNMP-Trap to the Trap listener in the NMS to warn it of the occurrence of this event.  

 

NMS SNMP MANAGER
PROTOCOL

SNMP MANAGER
PROTOCOL

MIB MIB

GET 1.3.6.1.4.1.33698.5.1
(Temperature Threshold)

Temperature Threshold =
       [1.3.6.1.4.1.33698.5.1]
Temperature Current =
       [1.3.6.1.4.1.33698.5.2]

1.3.6.1.4.1.33698.5.1=85C
(Temperature Threshold)

SET 1.3.6.1.4.1.33698.5.1=105C
(Temperature Threshold)

Temperature Threshold =
       [1.3.6.1.4.1.33698.5.1]
Temperature Current =
       [1.3.6.1.4.1.33698.5.2]

TRAP 1.3.6.1.4.1.33698.5.2=115C
(Temperature Current)

Current Temperature >
Temperature Threshold

 
 

Figure 4: SNMP Example 

 

2.3. COMMENTS ON SNMP USE 

It is clear that SNMP is a powerful utility for reconfiguring and querying devices for key settings. 

However there are some caveats that must be considered before it is implemented. 

• Although TCP transport is possible, SNMP typically runs over UDP, an unreliable protocol. 

Therefore, there can be no guarantee that commands/messages issued by SNMP are correctly 

propagated through the network. To mitigate this, each SNMP-SET operation should be 

safeguarded by a proceeding SNMP-GET to verify the success of the SET operation.  

• SNMP allows the NMS to potentially configure critical variables that alter the devices’ 

configuration and operation. Care should be taken when determining the variables that are 

“settable” via SNMP. These variables should not interrupt packet switching, data acquisition, or 

allow the device to enter an unstable state.  

• There are several flavours of the SNMP protocol. As currently specified, SNMPv2 is incompatible 

with SNMPv1 in two key areas: message formats and protocol operations. SNMPv2c messages use 

different header and protocol data unit (PDU) formats from SNMPv1 messages. SNMPv2c also 

uses two protocol operations that are not specified in SNMPv1. However, RFC1908 defines two 

possible SNMPv1/v2c coexistence strategies: proxy agents and bilingual network-management 

systems.  

• SNMPv1 and SNMPv2c pose a security risk in that packet sniffing can be used to monitor auto-

discovery advertisements. Although this has been addressed in SNMPv3 through the introduction 

of encryption techniques, SNMPv3 has a significantly larger footprint and consumes onerous 

processing resources.  
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3. DISCOVERY 

 

The benefits of discovery are three-fold, the first is the ability to perform a blind-discovery of an 

unknown system, secondly the verification of the current systems configuration, and thirdly provide a 

mechanism to discover, debug and diagnose faults in the system. Particularly in large systems, 

configuration errors are inevitable which are costly to debug. To name just a few, for example, from a 

network configuration perspective, possible faults include: using duplicate IP addresses particularly for 

FTI where static IP address assignment is typically used; incorrect wiring and connections; devices 

being added/removed to the system; the system description metadata file is lost and its current 

configuration is unknown.  

 

The ability to discover the network and the configuration of the system, FTI engineers are able to react 

to and prevent such issues arising by tracing the fault through the network to the faulty device. Once 

the networks configuration is validated and its correct operation verified, the FTI engineer can focus on 

discovering the configuration of the individual DAUs in the system.  

3.1. NETWORK TOPOLOGY DISCOVERY 

Although SNMP could be used for network topology discovery, there are several other networking 

utilities that can be used to discover the devices in the network whereby the NMS can query the 

network switches for their routing tables. In this Section, two basic technologies are described, namely 

Broadcast ping and traceroute. The former is used to retrieve a list of the networked devices with their 

IP and MAC addresses. The latter is used to infer the topology of the discovered devices.  
  
Ping is a networking tool used to test whether a particular network end node is reachable; it may also 

be used to self-test the network interface, or be used as a latency test. Ping sends an ICMP “echo 

request” packet to the target end node and listens for ICMP “echo response” reply from the end node. 

Ping measures the round-trip time (i.e. latency from itself to the end-node and back) and records any 

packet loss, and prints when finished a statistical summary of the echo response packets received, the 

minimum, mean, max and in some versions the standard deviation of the round trip time. To discover 

the devices in a network, it is possible to issue a Broadcast ping. Since the ping is broadcast, all devices 

in the network receive the ping and return an “echo response” to the initiator. Having received all the 

responses from active devices in the network, the initiator issues an “arp –a” command to retrieve the 

ARP cache where the ARP cache contains a list of IP addresses and MAC addresses. It should be 

noted, that only devices that support Broadcast ping would respond. To complete the device discovery, 

an SNMP-GET message can be issued to query each device for its device type, i.e. DAU, recorder, 

switch and so on.   

 
An extension of pings utility is Traceroute, which is used to determine the route taken by packets 

across the network. Traceroute works by increasing the "time-to-live" value of each successive batch of 

ping packets sent. The first batch of ping packets are sent have a time-to-live (TTL) value of one 

(implying that they are not forwarded by the next switch/router and make only a single hop). The next 

batch of ping packets have a TTL value of 2, and so on. When a packet passes through a switch/router, 

normally the switch/router decrements the TTL value by one, and forwards the packet to the next 

switch/router. When a packet with a TTL of one reaches the target DAU, the DAU discards the packet 

and sends an ICMP time exceeded (type 11) packet to the sender. The traceroute utility uses these 

returning packets to produce a list of intermediate network nodes that the packets have traversed en 

route to the target DAU allowing for a topology map to be generated. This method can only be applied 

if the network devices support the TTL decrement function. Moreover, unmanaged devices (i.e. those 

without an IP address) will appear invisible in the network.   
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Figure 5: Trace route topology discovery 

 

3.2. DAU DISCOVERY 

Having discovered the network, the next task is the discovery of the DAUs configuration. This is 

largely a DAU specific and vendor specific operation. However, it should be re-iterated that SNMP 

should be prevented from potentially configuring critical variables that may interfere with the DAUs 

operation and data acquisition. Again, using SNMP the NMS can retrieve the instrument types in the 

DAU. This can be subsequently verified and validated against the metadata that was used to configure 

the DAU or equally the retrieved information can be used to generate the metadata. 

  

4. HEALTH AND STATUS MONITORING 

Monitoring the health and status of the FTI network can be performed using SNMP. In particular the 

Remote MONitoring (RMON) MIB [10] has been developed to address such a requirement. Where 

SNMP is aimed at device management, RMON is designed for monitoring network traffic. The RMON 

MIB contains numerous variables that can be used to diagnose faults in the network and perform 

statistics, history, alarm, and event monitoring. The RMON MIB has been extended in the RMON-II 

MIB [11] that contains more detailed network health and status variables, in particular those relating to 

network, transport and application layer protocols. SNMP-RMON requests are targeted at the 

intermediate switches and routers in order to identify Quality of Service (QoS) issues associated with 

the networks performance. Furthermore, the RMON MIB provides a mechanism of identifying 

bottlenecks in the networks design and operation allowing per-port throughput and packet-loss 

statistics to be gathered.    

 

 

5. CONCLUSIONS 
The adoption of Ethernet as a core technology for FTI, not only provides greater interoperability with 

all devices use common open standard technologies but also greater bandwidth, higher data rates, faster 

links, flexibility, and scalability. IP based protocols can be used to provide a host of new services never 

before possible in a non-networked FTI system. An important new service is the ability to discover and 

monitor the health and status of the network and networked devices. To achieve this service the Simple 

Network Management Protocol (SNMP) can be used. By definition, SNMP is a simple, powerful, and 

extensible protocol. It allows a device to support a variety of configuration settings and variables that 
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can be queried and configured on-demand by the end-user. This ability can be applied to provide a 

discovery service the entire networked FTI system, allowing not only the devices to be discovered, but 

also their configuration and inter-connections with topology discovery. This paper provides an 

introduction of the SNMP protocol and describes how it may be used to perform network topology and 

device discovery. Moreover, this same SNMP mechanism can be used to perform health and status 

monitoring of the network allowing the end-user to gather performance metrics and statistics that can 

be used to identify bottlenecks and congestion in the system.  
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In this paper, we discuss ways in which web services can be used in future T&E scenarios, from 

the initial hardware setup to making dynamic configuration changes and data requests.  We offer 

a comparison of this approach to other standards such as SNMP, FTP, and RTSP, describing the 

pros and cons of each as well as how these standards can be used together for certain 

applications. 

Web services, XML, iNET, IHAL, RPC, HTTP 

Current Test and Evaluation (T&E) practices rely on relatively old technologies that were 

developed before the modern era of networking standards. As a result, instrumentation systems 

must remain relatively static. Making a change to the stream of acquired data is a time-

consuming process that requires terminating the test and making multiple changes to hardware, 

software, and metadata before the test can be reinitialized.  

Over the last several years the telemetry industry has been experiencing a paradigm shift from 

standard Pulse Code Modulation (PCM) based systems in favor of networked solutions.  As new 

programs begin, users are making efforts to include network solutions in lieu of existing PCM-

based solutions. The Central Test and Evaluation Investment Program's (CTEIP) integrated 

Network Enhanced Telemetry (iNET) program's
1
 standards working groups are in the process of 

setting standards to help users and vendors navigate this seemingly uncharted territory to ensure 

interoperability and best practices for the implementation of these new systems. Under this 

effort, the iNET program is developing a new approach using modern standards and technologies 

such as Ethernet, IP-based switched networks, Extensible Markup Language (XML), and the 

Simple Network Management Protocol (SNMP).    

A recent and popular breakthrough in achieving network-based interoperability between 

disparate systems is the concept of a web service.  The World Wide Web Consortium (W3C) 
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defines a web service as “a software system designed to support interoperable machine-to-

machine interaction over a network” that “has an interface described in a machine-processable 

format.” 
2
 Modern web services draw on the ubiquitous Hypertext Transfer Protocol (HTTP), 

pass information using XML, and can be implemented in a number of different programming 

languages.    

This paper will focus on the impact web services can have on the telemetry industry which is not 

immune to the same problems experienced by other industries. The same solutions that help 

other industries increase interoperability between vendors and customers can directly apply to 

the configuration systems of flight test equipment.  This is important because the complexity of 

configuration is often taken for granted. However, when one looks at the time spent configuring 

systems before the test and managing the data after the test it become clear that focusing solely 

on the data misses a large part of the effort.    

Several standards are being developed to address the issue of integrating configuration systems 

by focusing on the data and how it's exchanged.  Interestingly, neither standard focuses on the 

capabilities of the hardware and how they should behave, rather, they focus on defining the 

methods by which systems interact to encourage mixed vendor solutions.  An effective path to 

integration is through a standardized service based API which can be the catalyst that enables a 

customer's system to absorb the logic necessary to navigate the vendor's complex configuration 

rules of the hardware.   

The telemetry industry faces an interesting conundrum, much focus is put on the accuracy of the 

hardware's ability to produce data, yet, sales are often made based on familiarity of configuration 

systems. It can be concluded that providing end users with the ability to leverage the vendor's 

logic through standard service based API's and data formats can help solve this conundrum. 

Once this problem is solved, only then can purchases can be made based on the validity of the 

hardware.   

 

Web services are successfully deployed in other industries as the lynch pins that allow systems 

from different vendors, operating systems and languages to seamlessly work together. The push 

for this level of interoperability is largely driven by the desire to develop applications that can 

leverage the efforts of other vendors. Typically, this was achieved with libraries and 

development kits, however, the ability to incorporate the work of large complex software 

systems would require the installation and administration of these larger systems leading to 

increased cost, time and complexity. As a case study, consider Google Maps. For most users, 

maintaining and managing the complex systems required by Google Maps would be near 

impossible.  Managing the image data, throughput and raw processing power required would be 

too much for most users to handle. In addition, it would be incredibly difficult for Google to 

support users and build the mapping system in such a way as to support users with installation, 

upgrades and trouble shooting. Therefore, it would be difficult for developers to build new 

applications utilizing the functionality of Google Maps.  Thankfully, web services remove this 

complexity by allowing Google to manage the system which includes bug fixes, upgrades and 

http://en.wikipedia.org/wiki/Interoperability
http://en.wikipedia.org/wiki/Machine_to_Machine
http://en.wikipedia.org/wiki/Machine_to_Machine
http://en.wikipedia.org/wiki/Computer_network
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the administration of the system under their own controlled environment. They need only 

provide developers with documentation describing the API calls.  

The approach of hosting applications with publicly available programming interfaces gave rise to 

the term Web 2.0 as explained by Tim O'Reilly in his article "What is Web 2.0".
3
  In his article, 

O'Reilly explains the Web 2.0 approach by contrasting the differences between Netscape and 

Google.  He explains that Netscape followed the old model of using the browser to sell servers. 

 In other words, for Netscape the network was about selling applications.  Google, he explains, is 

not about software but about data, "Without the data, the tools are useless; without the software, 

the data is unmanageable".
3
 Google, he goes on to argue, "happens in the space between browser 

and search engine and destination content server, as an enabler or middleman between the user 

and his or her online experience." This approach of focusing on the data and making it available 

through well structured programming interfaces has had a profound effect on business by 

lowering the cost of researching ideas, and benefits users by providing them with data morphed 

into a format easily consumed based on context. The developers who use these systems merely 

reference the data and no longer have to deal with installation, maintenance and administration.    

More famously, the web service approach has had a major impact in the day to day lives of those 

who use smart phones. Augmented reality applications "in which information about the 

surrounding real world of the user becomes interactive and digitally usable are being developed 

for handhelds devices"
4
. Typically, these applications use the compass and GPS capabilities of 

phones to feed internet searches with the results overlaid on the image from the phones camera 

potentially revolutionizing how people view the world. In another example, users can use phones 

to scan the UPC label of a product and view the results of price comparisons for local stores to 

ensure they pay the cheapest prices.  Without web services this type of functionality would be 

impossible to imagine.   

Not only is this approach changing commercial web development but it's also impacting the US 

Government at both the Federal and State level. Washington DC released large amounts of 

publicly available information that was once sold through third parties who were responsible for 

productizing the data and profited by charging users for access to publicly owned data. The 

Federal government is following suit and releasing public information free of cost to citizens 

through data.gov. Subsequently, many States are releasing information on their own web sites. 

 This opening of government data to give the means of citizen participation is coined by Tim 

O'Reilly as Government 2.0
5
 and like Web 2.0, both are backed by systems designed around web 

services. A perfect example drawing upon the opening of public information and accessing the 

data through a services infrastructure are the applications StumbleSafely
6
 and Everyblock

7
 which 

use crime statistics to notify users should they wander into high crime areas; applications that 

would be impossible due to the sheer amount of data without the ability of web services. 

 

The architecture of web applications based on service-oriented API's is given the mnemonic Web 

2.0 and the governments ability to increase interaction with citizens through a free and open 

exchange of data is given the name Government 2.0. Considering this, one can conclude that 

http://www.outsideindc.com/stumblesafely
http://www.outsideindc.com/stumblesafely
http://www.outsideindc.com/stumblesafely
http://www.everyblock.com/
http://www.everyblock.com/
http://www.everyblock.com/
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telemetry systems which incorporate these principles need also be labeled. Referring to this new 

approach as "network-based telemetry" renders visions of packetized data and doesn't go far 

enough to accurately describe the vision.  For the purposes of quantifying the architectural shift 

described in this paper a more accurate term for these systems would be "Telemetry 2.0."  This 

new label represents the fundamental change in how systems will be architected to behave more 

like modern applications than the closed systems of today.  Current systems are relics of the past, 

favoring file formats for information exchange with configuration tools who's inner workings are 

hidden from the customer.  Tomorrow's Telemetry 2.0 systems will be systems that rely upon 

open standards designed to allow the customers to embrace the work of the vendor and extend it 

through open API's to solve their own internal problems.  These systems are built upon the 

idiosyncratic rules that capture the configuration details of very sophisticated hardware.  As 

standards mature and vendors' implementations solidify, customers should be able to incorporate 

systems from multiple vendors in ways that create new eco systems for managing a variety of 

hardware. 

With the push for the use of network-based telemetry, the iNET standards are stepping in to help 

vendors and users navigate the land of this new world.  However, when one analyzes the Vehicle 

Network (vNET) standards, other than defining the physical devices (Data Acquisition Unit, 

Recorder, Switch, etc) the standards only document what they are expected to produce and/or 

ingest with no specifications placed on the hardware. The vNET standard consists of 

management, network protocols and a definition for sharing information with an XML file. In 

short, the standards are focused on software and how the systems interact with each other.  The 

meta-data even skirts the hardware configuration by giving users the ability to program the 

hardware by providing the specifications of the acquired data and require the hardware vendors 

to extrapolate from that information how best to setup the systems.  

In the management definitions, iNET relies upon the SNMP standard to help with network and 

device analysis. SNMP is a services based model with roots in network device management. 

However, its strength in network management does not translate to usage as the underlying layer 

in a Remote Procedure Call (RPC)-style deployment. The disjointed handling of responses from 

commands and it's lack of modern formats keeps its usage confined to it's core competency.   

Consider the following scenario, in order to fetch the current hardware configuration, the SNMP 

workflow in iNET requires setting an SNMP variable which denotes the location of where the 

configuration file is to be placed.  The hardware is then required to use the File Transfer Protocol 

(FTP) to transfer the file to the specified URL and then send an SNMP event to denote the 

process is completed.  The use of SNMP and FTP to complete one task is an example of the 

disjointed nature of using SNMP as an RPC transport.  The same process utilizing web services 

however, would require making a single HTTP request for the configuration data. The meta-data 

would then be contained in the response.  Thankfully, the iNET standard does require the 

inclusion of the HTTP server which will hopefully encourage the usage of web services.   

The Instrumentation Hardware Abstraction Language (IHAL)
8
 standard is another open standard 

being developed by several organizations which will harness network technologies to solve some 
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of today's problems.  The standard is currently working to augment the iNET standards by 

defining a common language to describe and configure instrumentation hardware systems.  This 

approach will allow a user to use a common interface and terminology to fine tune and tweak the 

configuration of the hardware.  The IHAL standard is based around an XML schema and a web 

services API.  Much like Web 2.0 applications enable systems to use services to leverage the 

processing systems of third-party vendors, the IHAL standard is using services to leverage the 

hardware configuration logic of the vendors' configuration software.  However, once again, 

much like the iNET standard, the focus of the IHAL standard isn't how hardware systems should 

behave.  Rather, its focus is how the software systems should interact. This approach to 

configuring hardware through IHAL and a standard API is described in greater detail in the 

paper "IHAL and Web Service Interfaces to Vendor Configuration Engines"
9
.  

One must wonder why two separate and independent standards focus more on the software and 

how systems should interact rather than on the hardware.  One possible reason is that the 

complexity of managing the systems and data for each test plays a major role beyond the test 

itself.  Setting up systems, meeting specifications, reviewing, archiving and retrieving data takes 

up a majority of the time.  Missile tests can take months to prepare, yet the actual test lasts a few 

moments. In short, there is more to the test than the actual test itself.  The hardware, although 

critical to the success of the mission, plays a relatively minor role in the lifetime of working with 

the systems.  

The complexity of managing tests is so great it causes many large customers to build their own 

configuration systems. These systems are designed to help incorporate the test setup and analysis 

with the business workflow for the purpose of integrating the test into the organization's business 

process. This may include features such as user rights, archive procedures and a home grown 

management interface to setup and configure the hardware.  However, without standards the 

ability to setup and configure hardware, although admirable, could put the customer in a 

dangerous position.  Should the system be built around a single vendor's hardware it will make it 

difficult to incorporate new products from the same vendor or from other vendors. This is 

because the systems generally attempt to reengineer the configuration logic of the vendors' 

systems into their own.  

 

Why is this so difficult? Without standards and open protocols the systems can only provide 

import/export file formats. This will still lock the customers to the vendors' proprietary systems 

and although the vendor-specific files could be created there is no real knowledge of how these 

systems work.  This leads to the key question, "Who owns the data?" as was asked by Tim 

O'Reilly in his Web 2.0 article
10

. A question that has far reaching consequences.  This isn't about 

the data generated by the test, it's about the data used to manage the test and configure the 

systems. Additionally, it is the way by which the configuration data will be integrated into the 

customers business. The key role of web services is to help customers integrate with the vendors' 

systems and open the designs for more flexibility by providing open API's with standard 

methods of data exchange.    
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Those who take this approach will benefit and as Tim O'Reilly said in his Government 2.0 

article, "Government maintains information on a variety of issues, and that information should 

rightly be considered a national asset...Government information and services can be provided to 

citizens where and when they need it. Citizens are empowered to spark the innovation that will 

result in an improved approach to governance."
5
  In this particular context he was talking about 

the government, which can be deemed analogous to the vendors. The information about the test 

and logic by which these systems are configured are very much a corporate asset, but to whom 

does this asset belong (the vendor, the customer or both)?  Customers should be able to benefit 

from this asset rather than allow it to sit idle, benefiting only a few.  Vendors who allow their 

customers to access this information through a web services interface stand to benefit.  Once 

again to quote Tim O'Reilly in his web 2.0 article, "...we believe that web 2.0 will provide 

opportunities for companies to beat the competition by getting better at harnessing and 

integrating services provided by others."
11

 

Vendors have two ways to welcome customers into their systems; through import and export 

files or through a services interface.  When vendors choose the latter and provide access to the 

data and proprietary logic through open APIs this allows the vendors system to be absorbed into 

the customers system forming a nexus. The is when the data ceases to be the vendors' data and 

becomes a part of the customer's data.  Just as the Government 2.0 approach aims to create a 

tighter bond with citizens with information deemed a national asset, vendors can choose to bond 

with their customers with data that was once considered a corporate asset.  

 

The former more traditional method is inferior because import and export files only tell part of 

the story.  It provides structure to the data but not the underlying rules.  In other words, it's the 

difference between information and knowledge.  Information is knowing what values to put into 

specific fields, knowledge is understanding the causal relationships the fields have upon one 

another. File formats provide users with information about the data that drives the vendor's 

hardware.  However, without knowledge of the rules the data can at times be difficult to 

interpret.  The users then have to learn the configuration rules of the hardware and program those 

rules into their own system.  If these rules were programmed, interpreted or conveyed incorrectly 

by the vendor the validity of the data can break down.  In the end, the import files still need to be 

imported into the vendors systems so the hardware can be programmed.  The cycle of exporting 

from the customer software and importing into the vendor's system creates a circular, merry-go-

round type system (setup, export, import, compile, find errors and repeat).  This is a lengthy, 

expensive process of batch edit, hope the data is right, then import it to only find out it's wrong.  

 

When a services-based approach is used in configuration software, the customer's system can 

validate the data in real time by querying the vendor's system as the data is entered.  The benefits 

of this to the vendor and to the users are enormous. As mentioned earlier (its significance is 

worth repeating) this is the approach Google has taken because they realize, "Without the data, 

the tools are useless; without the software the data is unmanageable"
3
. 
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Real-time feedback during configuration validates user input in real or near real time ensuring 

the systems are configured properly as they are set up.  This fundamental change greatly impacts 

the efficiency of configuring systems through the reduction of the merry-go-round approach 

(setup, export, import, etc) until the data is correct.  The efficacy of real time validation removes 

the need for an export, import and batch validation.  This reduction of time affords the user with 

the ability to fine tune systems in less time which can significantly reduce the cost of a test.  

 

The increase in efficiency will be of further benefit when last-minute changes have to be made.  

The criticality of this feature rises the closer to the test that changes have to be made. It's not 

uncommon for problems to arise before a test and the closer to a test a problem is found, the 

more important it is to have an efficient means of addressing issues.  In short, turn around time is 

of the essence and if systems can be configured directly problems can be recognized and 

confidently fixed in near real time.  

 

When a vendor provides a services interface, the ability of the user to incorporate new hardware 

to solve problems becomes significantly easier, benefitting both the user and the vendor.  If the 

customer is unable to leverage the vendors' systems, it requires them to program some level of 

logic into their systems.  This is a costly endeavor that must be calculated by the user before new 

hardware can be purchased which increases the barrier of entry for the vendor.  Vendors who 

build new widgets must be cautious because customers calculate the costs of incorporating new 

hardware in ways that can not be mitigated by the vendor.  This implies that new hardware, 

which can potentially save the user time or solve problems does not get implemented because the 

cost of integration can outweigh the savings gained in using the devices.  Service interfaces 

based on open API's and data can mitigate this by putting the responsibility on the vendor to 

ensure new widgets work with existing API's as much as possible.  This benefits the vendor 

because the sale of new hardware designs can focus on the benefits of the hardware rather than 

the drawbacks of integration.   

 

As vendors release products built around open API's it will benefit customers by making it 

easier, in the context of software, to incorporate offerings from more than one vendor.  Buying 

decisions need not be nearly as arduous as they are today because vendors are not buying into 

long term relationships, rather, they are buying hardware to solve problems.  Vendors today 

spend lots of resources trying to win lucrative bids to be the sole supplier for a vehicles test 

equipment.  This hurts the customer by having to rely upon a single vendor.  It also hurts the 

vendor because it makes it difficult to gain new customers.  The ability to incorporate products 

from multiple vendors not only drives down price but also drives innovation.  When customers 

have little concern about the impact on the configuration system, they can incorporate hardware 

that will solve problems regardless of the vendor, and are thus released from being locked into 

the incumbent provider. 
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Immanuel Kant formulated the moral argument that "ought implies can"
12

, however, when 

discussing technology, "can does not imply ought." The ability for service-based API's to be used 

in the telemetry market doesn't imply a technological imperative. Technology for the sake of 

technology often leads to a solution in search of a problem. However, this paper makes the case 

that web services can have a broad impact on telemetry systems in ways that will lower the costs 

for both the end user and the vendor. In addition, it can create a more dynamic atmosphere by 

lowering the barrier of entry for the incorporation of new hardware.  

It's ironic that the push for interoperability focuses not on hardware but on software, yet software 

will free the customer and vendor to bring the focus back to the validity of the hardware. The 

current state of the industry empowers vendors to be entrenched with inflexible configuration 

systems, making it difficult for those same vendors to get in the door and sell hardware to new 

customers due to the barrier created by the existing customer configuration systems. Breaking 

this mold is the essence of Telemetry 2.0. The movement toward the 2.0 approach is about the 

push toward open standards and service-based API's which, although at first glance appear to be 

about the commoditization of hardware, will in reality reverse the commoditization. The ultimate 

goal of opening configuration software will enable it to get out of the way and bring the spotlight 

back to the capabilities of the underlying hardware.   
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ABSTRACT 

 

This paper compares telemetry link performance of the PCM/FM waveform when simultaneously 

transmitting in two different frequency bands, S-Band and C-Band.  A description of the aircraft and 

ground station is presented followed by flight test results.  These results are presented in the form of 

received signal strength and accumulated bit errors, versus time and link availability, over the flight 

paths.  Conclusions are drawn based upon the presented flight test results.         
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INTRODUCTION 

 

Over the past several years, the government telemetry community has been losing precious radio 

frequency (RF) spectrum to commercial interests.  This, coupled with increasing demands for data 

requiring higher over-the-air data rates, has forced the government to invest time and resources into 

locating and gaining access to additional spectrum for aeronautical mobile telemetry [1]. The traditional 

telemetry bands are: 1435-1525MHz (lower L-Band), 1755-1850MHz (upper L-Band), 2200-2290MHz 

(lower S-Band), 2360-2395MHz (upper S-Band).  

 



Through efforts of a dedicated few individuals at the 2007 World Radio Conference, access was gained 

to portions of the radio frequency spectrum  generically called C-Band, specifically 4400-4900MHz and 

5091-5150MHz (within the United States).  Though telemetry missions have used these bands in the 

past, no work has been published that compares C-Band telemetry link performance with link 

performance in the traditional L&S-Bands.  This paper attempts to answer the question “Does telemetry 

operations in C-Band perform in a similar manner to telemetry operations in L&S-Band?” 

 

Ideally, any augmentation of the traditional telemetry bands should come with minimal infrastructure 

upgrades to both ground stations and airborne platforms to accommodate C-Band. For the ground 

station, the receive antenna must be retrofitted to receive C-Band along with the traditional telemetry 

bands.  This may be coupled with a down conversion scheme of the C-Band signals to lower the cabling 

losses between the antenna and telemetry receiver.  Finally, the telemetry receivers will need to be 

retrofitted to receive the new C-Band signals.  For the airborne platforms, a new telemetry transmitter, 

preferably with selectable modulation mode, will be required.  Though simple to retrofit the test article 

with a new transmitter, many challenges exist for the transmitter manufacturer for successful operation 

in this new band.   Lastly, the aircraft transmission antennas will need to be changed to either band 

specific or multiband antennas.  

 

AIRCRAFT AND GROUND STATION SYSTEM DESCRIPTION 

 

In order to accomplish the flight test points described below, a system had to be configured to carry out 

the testing.  This system was broken into two parts, the airborne system and the ground station system.  

 

A Beechcraft C-12 was configured with a transmit system to transmit known data in S-Band and C-Band 

simultaneously from a single antenna location on the bottom of the aircraft.  The baseline system 

utilized a 10W multimode telemetry transmitter, from Quasonix, operating in S-Band. The modulation 

mode selected for all of the testing was Pulse Code Modulation/Frequency Modulation (PCM/FM).  The 

test transmitter was a legacy analog PCM/FM transmitter from Southern California Microwave 

operating in C-Band.  Both transmitters were fed a 5Mbps, 2
11

-1 pseudo-random bit sequence (PRBS) 

from the same source.  Data and clock were sent to the S-Band transmitter.  For the C-Band transmitter, 

data was low pass filtered and level adjusted for a modulation index of 0.7.  The RF outputs of each 

transmitter were routed through isolator networks (one for S-Band operation, one for C-Band).  These 

outputs were then combined and sent to the antenna on the bottom of the aircraft.  Power levels were 

measured in S-Band and C-Band at the antenna port and attenuation was added to the S-Band signal in 

order to provide equal powers to the antenna port.  

 

 
    

Figure 1 – Aircraft System Block Diagram 



 

The ground station consisted of a portable 8 foot dish antenna from Telemetry and Communications 

Systems (TCS) coupled to a fixed ground station. The antenna is capable of simultaneously receiving L, 

S, and C-Band telemetry signals outputting left hand and right hand circular polarizations for the bands 

of interest to the ground station.  Auto-tracking can be performed on any of the three bands as needed. 

 

The antenna was coupled to an antenna control unit (ACU) inside the ground station. The C-Band 

antenna feed, down-converts the C-Band signal (LH and RH polarizations) below L-Band, call it C-

Band IF, and combines that with the L/S-Band signals from the L/S-Band feed.  These RF signals were 

then routed to the ground station.  The S-Band signal was routed to a RCB2000 telemetry receiver.  The 

C-Band IF signal was up-converted back to C-Band, then down-converted to L-Band to accommodate 

the tuner in the RCB2000 telemetry receiver.  This was an extra conversion that was due to equipment 

availability, we had no way of directly going from the C-Band IF to L-Band.  Once the signals were at 

the telemetry receivers, the signals were demodulated and sent to Fireberd 6000A bit error rate 

analyzers.  Error statistics were polled on 10 second intervals from each of the Fireberds via the IEEE-

488 communication bus, time stamped, and recorded.  In addition to bit error logging, receiver 

automatic gain control (AGC) levels from CH1 and CH2 were also sampled at a 20Hz rate, time 

stamped, and recorded by the ACU.  Prior to flight testing, the receiver AGC levels were zeroed to the 

same reference.   

 

 

Figure 2– Ground Station Block Diagram 

 



 

Figure 3 – C-12 Test Platform and Ground Antenna with C-Band Feed 

  

FLIGHT TESTING DESCRIPTION 

 

Flight test points were developed to compare the S-Band and C-Band telemetry link performance in 

differing channel conditions.  Two test points were accomplished to provide flight profiles that compare 

the two telemetry links performance in differing flight test scenarios.  The first point, C1/D1, was a 

flight path known as Cords Road.  This test point is known to produce multipath and has been well 

characterized by the Advanced Range Telemetry (ARTM) program.  The point provides nearly 360 

degrees of aircraft antenna pattern coverage (at nearly a constant elevation angle) when looking from the 

receive antenna.  The flight path totaled approximately 83NM with the longest slant range being 61NM 

from aircraft to receive antenna.  Altitude for this test point was a constant 5000 feet MSL with a 

constant speed of 200 knots.  The test point had two elements, a west to east path (point C1) and the 

return east to west path (point D1).  The second test point, G1/G2, was meant to characterize telemetry 

link performance at low values of SNR.  Point G1 exhibits a gradual decrease in link margin out to the 

maximum slant range.  The return path, point G2, exhibits a gradual increase in link margin exercising 

the performance of initial synchronization for both links.  Test point G1 started at 4500 feet MSL and 

climbed directly away from the receive antenna to 20,000 feet MSL @ 1500fpm.  Once at 20,000 feet 

altitude, the aircraft leveled off and continued at that altitude at 160 knots to the end of the test point. 

Test point G2 was just the opposite of the outbound path.   The flight path was approximately 90NM 

with the longest slant range being 90NM.  See Figure 4 for a map representation of the test points and 

flight paths.  

 

A flight test was accomplished with the test points described above to compare the performance of the 

two links using the S-Band link as the performance baseline.  Center frequency for the S-Band link was 

2226.5MHz and the center frequency for the C-Band link was 4515MHz.  During the test, both signals 

were alternately used as the tracking signal for antenna pointing.  Link performance should be 

comparable between the two systems due to the antenna gain offsetting the free-space path loss in the 

link calculation.  For example, while on the test points, maximum slant range was 90NM.  Path loss 

difference at that slant range is approximately 6dB. Antenna gain at 4515MHz was approximately 5dB 

greater than at 2226.5MHz so the greater path loss is offset by the greater receive antenna gain. One 

parameter that will be different is the ground station antenna beam width.  By doubling the frequency, 

the beam width will be cut in half and may affect tracking performance while tracking in C-Band.  Data 

was captured and the results are shown below. 



 

 
 

Figure 4 – Test Points 

 

TEST RESULTS 

 

Two sets of test results are presented.  First, RF data consisting of receiver SNR values are plotted 

versus range time overlaid with accumulated bit errors.  Second, using the bit error data, link availability 

is calculated for each test point run.   

 

Signal to Noise Ratio versus Time 

 

Time correlated antenna system data was captured from the antenna control unit (ACU) which included 

automatic gain control (AGC) levels.  Prior to the flight testing, AGC was zeroed to the same signal 

source.  Estimates of SNR based upon this calibration were then used to derive the SNR versus time 

plots in Figures 5 through 8.  These figures show the received signal levels as the aircraft flies the test 

point.  These levels are typically an excellent metric for channel conditions.  Given that the ground 

station antenna does not lose track of the aircraft, large variances in the signal level typically mean some 

type of multipath event occurred at that timeframe.  Referring to Figure 4, the slant range between the 

ground station antenna and aircraft gradually decreases for test point G1.  As slant range increases, SNR 

decreases and vice versa.  For test point G2, the opposite is true, the slant range gradually decreases so 

the SNR gradually increases.  Recall that these points were flown to characterize the behavior of the 

links with decreasing SNR to a point at or near receiver threshold.  The SNR data shown in Figures 5 

and 6 illustrates this behavior.  The case is slightly different for test points C1 and D1.  For these test 

points, SNR gradually increases to a maximum, then gradually decreases until the end of each test point, 

but at no time is the SNR at or near threshold.  The points are flown at a constant low altitude so this 

point is dominated by multipath and not SNR.  This is illustrated in Figures 7 and 8.  

 

Bit Error Data 

 

During each test point bit error statistics were polled, time stamped, and logged.  In this testing, pre-

detection Optimal Ratio Combing (ORC) [2] was used in the telemetry receivers to combine RHCP and 

LHCP prior to demodulation; in other words, the bit errors statistics monitored were for the combined 

 G1/G2 

 C1/D1 



signals.  Figures 5 through 8 show accumulated bit errors for the combined S-Band and C-Band signals 

for each test point.  This data is shown in order to get a feel for the effect the channel has on the bit error 

accumulation of each telemetry link.   

 

 
 

Figure 5 – Test Point G1 

 

 
 

Figure 6 – Test Point G2 

 



 
 

Figure 7 – Test Point C1 

 

 
  

Figure 8 – Test Point D1 

 

These graphs are very informative and shed light on the characteristics of this particular aeronautical 

telemetry channel.  You will notice the long stretches of error free intervals between error events. When 

these error events do occur, they are usually catastrophic causing a large number of bit errors usually 

associated with demodulator synchronization loss.  We do not observe any polarization diversity when 

comparing receiver signal strength between polarizations, , i.e. signal strength between the two 



polarizations essentially track each other.  Channel sounding measurements [3, 4] on test points C1/D1 

and G1/G2 have shown that the dominant channel impairment is 2-ray specular multipath propagation.  

At 5Mbps, the excess propagation delay is less than 10% of the PCM/FM bit period, thus the fading is 

essentially flat and the major fade events are coincident and deep.  

 

For test point G1 (Figure 5) maximum link range was not achieved otherwise gradual increases in bit 

errors followed by synchronization loss would be observed at the end of the test point. For test point G2 

(Figure 6), errors did accumulate for several minutes at the start of the test point.  This can be attributed 

to the antenna pattern when looking at the nose of the aircraft.  In previous testing (and also confirmed 

with this testing) the antenna gain when looking at the nose of the aircraft is several decibel lower than 

when looking at the rear of the aircraft. 

 

The accumulated errors for Point C1 (Figure 7) show minimal errors up until the end of the test run.  

This correlates well with the known terrain between the ground station receive antenna and the aircraft. 

Approximately 11 nautical miles from the end of the test point, there is a ridge known to cause multipath 

and interfere with line of sight reception.  Flying at 200 knots means this ridge is approximately 3.3 

minutes from the end of the test point.  Referring back to Figure 7, the sharp rise in accumulated errors 

coincides with the aircraft being behind the ridge.  

 

Link Availability 

 

As indicated in Figures 5 through 8, this communication channel exhibits long error free intervals 

interrupted by multipath events lasting as long as seconds [3, 4].  This causes demodulator 

resynchronization and large error tallies during these events.  These events negatively bias the average 

bit error rate numbers so we can  conclude that for this transmission channel, average bit error rate is not 

a good measurement of link performance [5]. Based upon the error statistics captured during each test 

point, link availability (LA) was calculated.  Each receiver for S-Band and C-Band was fed right-hand 

and left-hand circular polarizations (RHCP, LHCP) and the internal combiner fed the demodulator.  The 

definition of LA for these tests is shown below in Equation 1. 

 

%100(%)
meTotalRunTi

roredTimeSeverelyErmeTotalRunTi
LA                      Equation 1 

 

TotalRunTime – Total length of the test point or interval of interest 

SeverelyErroredTime – 10 second interval where bit error rate > 1x10
-3

  



 

Table 1 shows the LA results for the baseline S-Band signal for all of the test points and compares that 

to LA results for the C-Band signal. Also, LA is calculated for the entire mission for comparison 

purposes.  

 

Link Availability Results 

Test Point S-Band LA (%) C-Band LA (%) 

G1 98.43% 95.87% 

G2 100.00% 100.00% 

C1 80.11% 79.02% 

D1 97.45% 97.74% 

Mission 93.06% 91.91% 

 

Table 1 – Link Availability Results 

 

Link availability numbers for the reference S-Band link are very typical numbers for PCM/FM at 5Mbps 

over these test points as characterized by the ARTM Program.  Each test with column values less than 

100%, experienced some type of multipath event which may or may not have caused the demodulator to 

resynchronize.  The column with LA=100% experienced much less severe multipath events.  Using the 

S-Band link as the baseline, we see that in all cases the C-band link performed in much the same 

manner.    

 

CONCLUSIONS 

 

 The question was posed:  “Does telemetry operations in C-Band perform in a similar manner as 

telemetry operations in L&S-Band?”  When compared to the S-Band baseline signal, all of the 

test data confirmed similar link performance.  

 

 Receiver signal strengths for both S-Band and C-Band tracked each other throughout the test 

points leading to the conclusion that the telemetry channel behaves in the same fashion at those 

frequencies.  

 

 The telemetry channel in which these tests were conducted can be characterized as multipath 

limited,  causing large tallies of bit error during discrete times.  The channel is typically not noise 

limited though test point G1/G2 did stress the link margin.  

 Average bit error rate is not a good metric to use to characterize telemetry system performance in 

this transmission channel.  Long error-free intervals were observed interrupted by multipath 

events causing long outage periods rendering an averaging method painting an incomplete 

picture.  

 For this transmission channel, theoretical gains normally associated with optimal ratio combining 

were not observed mainly due to the lack of polarization diversity in either band. 

 Though not empirically tested, antenna tracking was enabled in both bands at separate times 

during flight tests with no anomalies noted. 
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ABSTRACT 

The concept of a range area network dedicated to the reception of telemetry from airborne test 
articles is explored. The range area network consists of ground-based radios that receive 
telemetry packets from an airborne test article and relay those packets through the network to a 
data sink (e.g., the main telemetry display and processing center). The network may use either 
“dumb” nodes or “smart” nodes and this choice presents a trade-off involving node complexity, 
network bandwidth, and required RF power. Using a somewhat idealized, but nonetheless 
realistic example at the Edwards AFB complex and link budgets based on the emerging iNET 
standard, we show that a network consisting of just 6 nodes reduces the L-band airborne 
transmitter power to 6W and the ground-based transmitters to 3W. If the airborne transmitter is 
restricted to 1W at L-band, then coverage can be provided by a grid of 50 nodes.  

 

KEY WORDS 

iNET, wireless networks, modulation, demodulation, coding 

 

INTRODUCTION 

For the past 70 years, aeronautical telemetry has been treated as a one-way, point-to-point radio 
link as illustrated, in very general terms, in Figure 1. The telemetry transmitter, located in an 
airborne test article, transmits the telemetry signal to a ground station at the main telemetry site 
equipped with a large tracking antenna. Range systems have evolved this way for good reasons. 
First, this architecture was the only viable option in the 1940s when telemetry systems first 
began to appear. In subsequent decades, budget-conscience system upgrades leveraged as much 
existing infrastructure as possible. In addition, this approach takes advantage of the substantial 
experience of test engineers in locating telemetry receiving sites to cover the most-used portions 
of the range. 

However, the traditional approach of Figure 1 is not without some challenges. Because there is 
one (or a few, say two) telemetry receiving sites, closing the link can be costly. Both the test 
article and ground station share this cost burden. The airborne test article must carry a 
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sufficiently powerful transmitter; this increases the size, weight, and power costs of the 
transmitter.1 The ground station must provide sufficient receive antenna gain to close the link; 
this increases the size (and hence, the cost) of the ground station antenna. Because the receive 
antenna must be a high-gain antenna, it is necessarily a directional antenna. This property 
imposes the need for antenna tracking, which, in turn, increases the cost and complexity of the 
ground station. The consequence is that one (expensive) antenna must be dedicated to each 
airborne test article. Other challenges also exist:  

• In the case where there are multiple receiving sites, the receiving sites are separated by 
large distances (tens of miles) making spatial diversity impractical.2 
 

• When the test-article-to-receive-site distance is large, the elevation angle of the receive 
antenna is often low. This scenario produces multipath propagation [14] – [15] which can 
severely degrade the telemetry link.  

 

 

 
Figure 1: A traditional approach to aeronautical telemetry. 

 

From time to time, it is important to re-examine the underlying assumptions that define the 
system. In this paper, we reexamine the assumption that test ranges need to be organized along 
the lines outlined in Figure 1 and ask what if? What if the expensive ground station were 
replaced by a set of inexpensive radio nodes scattered throughout the test range? The concept is 
illustrated in Figure 2. Each radio node is capable of receiving transmissions from the airborne 
test article, but not all radio nodes “hear” a particular airborne transmission. In addition, each  
                                                 
1Due to the size, weight, and power limitations on many (most?) airborne test articles, directional antennas have 
been deemed impractical. If the test article could be equipped with directional, high-gain antennas, the transmit 
power requirement or ground station antenna gain requirement or both could be relaxed.  
2The obvious suboptimal approaches such as bit-level best source selection have received a lot of attention [1] – 
[11]. To achieve the best diversity performance, it is better to combine the radio signals before bit decisions are 
made [12] – [13].  

main telemetry 
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one-way radio link 

dedicated link  
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Figure 2: A network-based approach to aeronautical telemetry. 

radio node can communicate with at least one other radio node via a terrestrial radio network so 
that telemetry packets received by any of the radio nodes is capable of being transferred to the 
telemetry monitoring station.  

Clearly, this is a very different approach. Why consider it? This approach has the following 
potential advantages: 

1. Each radio node is inexpensive because it does not have to track the airborne test article 
nor does it have to “hear” transmissions more than a few miles away. If the costs of the 
radio nodes is such that the total cost of the collection of nodes needed to cover a range is 
significantly less than the cost of a traditional ground station, the budgetary advantage is 
clear.  

2. The radio nodes may be placed so that the air-to-ground range between the airborne 
transmitter and the nearest radio node is small. This reduces the power requirement for 
the airborne transmitter and eliminates the need for the ground-based receiver to track the 
transmitter.  

3. The ground-based radio nodes can be designed to “look up,” say using a hemispherically 
omni-directional antenna. The scenario all but eliminates multipath propagation.  

4. The terrestrial network needed to transfer telemetry packets to the telemetry monitoring 
station can require substantial bandwidth. But because the radio links are not airborne, 
less-stringent regulations apply.  

Obviously, there are some challenges with this approach. 

1. This approach does not work over sea-based ranges. True, one could place radio nodes on 
buoys, but this seems impractical. 

2. Providing power to the nodes is also a challenge. If the power supply requirements are 
low enough, the radio nodes could be powered with solar panels and batteries (at least in 
the southwestern USA). 

3. Maintenance could be an issue, depending on the number and location of the nodes.  

The relationship between the advantages and disadvantages depends on the answers to some 
important questions: What are the power and bandwidth requirements of these nodes? What 

airborne test article 

test range 

inexpensive radio node 
node-to-node radio link 

telemetry monitoring 
station (data sink) 
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would be the impact on the airborne test articles? We answer these questions using Edwards 
AFB as an example.  

 

SYSTEM ASSUMPTIONS 

We assume packetized communications based on the iNET standard [16]. The details are 
illustrated in Figure 3. The modulation is SOQPSK-TG [17] whose performance with the rate 2/3 
LDPC code is illustrated in Figure 4. The plot shows that a bit error rate of 10-6 is achieved at 
Eb/N0 ≈ 2.5 dB and that essentially error free communication is possible for Eb/N0 ≥ 3 dB. For the 
purposes of the analysis below, we assume a 3 dB link margin and impose the requirement Eb/N0 
= 6 dB. We use B to denote the bandwidth required to transmit one packet. 

Edwards AFB proper is approximately a 36 × 18 mile rectangle.3  For the purposes of 
illustration, we place 6 radio nodes on the range as illustrated in Figure 5. The radio nodes are 
equally spaced with a 12-mile east-west separation and a 9-mile north-south separation. With this 
placement, all sub-aircraft points within the range are no more than 6 miles from a radio node. 
Assuming an altitude of 10,000 ft AMSL, the maximum slant range between the airborne test 
article and a node is 7.64 miles. We investigated three possible routing topologies. These routing 
topologies are illustrated in Figure 6. In the topology illustrated in Figure 6 (a), the network 
connects to the data sink through nodes S3 and S4; nodes S1, S2, S5, and S6 are one hope away 
from the data sink. In the topology illustrated in Figure 6 (b), the network connects to the data 
sink through nodes S5 and S6; nodes S3 and S4 are one hop away from the data sink and nodes 
S1 and S2 are two hops away from the data sink. In the topology illustrated in Figure 6 (c), nodes 
S3, S4, S5, and S6 are connected to the data sink; nodes S1 and S2 and one hop away from the 
data sink. 

The radio nodes may be either “dumb nodes” or “smart nodes.” Dumb nodes do not demodulate 
and decode packets they receive. Instead a “dumb node” amplifies a received packet and 
transmits it to the next closest node to the data sink. A network composed of “dumb nodes” is 
called an amplify-and-forward network. When multiple nodes receive the same packet from an 
airborne test article, an amplify-and-forward network delivers multiple copies of the same packet 
to the data sink. 

“Smart nodes” demodulate and decode a received packet. The packet is re-encoded and re-
modulated in the process of sending the packet to the next closest node to the data sink. Such a 
network is called a demodulate-remodulate network. This capability allows the node to examine 
the contents of the packet to determine, among other things, whether or not the node has already 
sent a packet toward the data sink. Because the node has the option of discarding packets it has 
already “seen,” the demodulate-remodulate network can reduce network congestion relative to 
the amplify-and-forward network.  

                                                 
3Clearly, many missions fly outside of the 36 × 18 mile rectangle. The example developed in this paper serves as an 
illustration of the range area network described in this paper. 
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Figure 3: The iNET burst structure used in this paper. 

 

 

 

 
Figure 4: Simulated bit error rate performance of SOQPSK-TG with the rate-2/3 LDPC code defined in [16]. 
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Figure 5: An example of radio node placement on the Edwards AFB range. 

 

AMPLIFY-AND-FORWARD NETWORK 

Because the nodes in the-amplify-and-forward network do not demodulate each received packet, 
these nodes are relatively simple radios. The low complexity is achieved at the expense of the 
required network bandwidth and RF power.  

Network Bandwidth. Each node is equipped with 2 radio receivers and 1 radio transmitter. One 
of the radio receivers is used for the air-to-ground link. The other radio receiver receives packets 
forwarded by other nodes on a ground-based radio network. The transmitter is used to forward 
packets to other nodes in the network. The packets forwarded by a network node are those 
received on both the air-to-ground link and the ground-based radio network. The number of 
packets a node forwards is determined by the network topology (i.e., the connectivity between 
the nodes) and the location of the airborne test article.  

The relationship between the air-to-ground network, the ground-based network, and the position 
of the airborne test article is illustrated by two examples. The first example is based on the 
network topology of Figure 6 (a) when the airborne test article half-way between nodes S1 and 
S3 on the line connecting S1 and S3. The airborne test article transmits packets P1, P2, P3, … 
each requiring a bandwidth of B Hz. During the first time slot, the airborne test article transmits 
packet P1. P1 is received by nodes S1 and S3 via their air-to-ground receivers. (Note that the 
other nodes are assumed too far away from the test article to receive the packets.) During the 
next time slot, the following events occur simultaneously: the test article transmits packet P2, S1 
receives P2 via the air-to-ground link, S1 transmits its copy of P1 to node S3 using the ground-
based-network, S3 receives P2 via the air-to-ground link, S3 receives S1’s copy of P1 via the 
ground-based-network, and S3 transmits its copy of P1 to the data sink using its ground-based-
network transmitter. During the third time slot, the following events occur simultaneously, the 
test article transmits P3, S1 receives P3 via the air-to-ground link, S1 transmits its copy of P2 to 

12 mi. 

9 mi. data sink 
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node S3 using the ground-based-network link, S3 receives P3 via its air-to-ground receiver, S3 
transmits to the sink via the ground-based-network link its copy P2 (received during the previous 
time slot) and S1’s copy of P1 (received during the previous time slot). Network operation 
continues in a similar manner during subsequent time slots. This operation is summarized in 
Table 2. In summary, for the network routing topology of Figure 6 (a) with the airborne test 
article in between nodes S1 and S3, the required bandwidth of the air-to-ground network is B, the 
required transmit bandwidth of the ground-based network is B, the required receive bandwidth of 
the ground-based network is 2B, and the required receive bandwidth of the sink is 2B. 

The second example is again based on the network routing topology of Figure 6 (a) but the 
airborne test article is in a position that is equally spaced between nodes S1, S2, S3, and S4. In 
this case all four nodes receive the packets from the airborne test article and must forward them 
to the data sink. This increases the traffic on the ground-based network. A detailed analysis of 
this network is given in Table 3: the required bandwidth of the air-to-ground network is B, the 
required transmit bandwidth of the ground-based network is B, the required receive bandwidth of 
the ground-based network is 2B, and the required receive bandwidth of the sink is 4B. 

 

 
Figure 6: Three possible routing topologies for the range area network example. 

(a) 

(b) 

(c) 

S1 S3 S5 

S2 S4 S6 

S1 S3 S5 

S2 S4 S6 

S1 S3 S5 

S2 S4 S6 
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Table 1: Summary of bandwidth requirements for the 3 routing topologies shown in Figure 6 for two representative 
test article positions: position 1 = half way between nodes S1 and S3 on the line connecting S1 and S3; position 2 = 
equidistant from S1, S2, S3, and S4. 

Routing 
Topology 

Test 
Article 

Position 

max Air Rx 
Bandwidth 

max Gnd Rx 
Bandwidth 

max Gnd Tx 
Bandwidth 

max Data Sink 
Rx Bandwidth 

Figure 6 (a) 1 B B 2B 2B 
Figure 6 (a) 2 B B 2B 4B 
Figure 6 (b) 1 B 2B 2B 2B 
Figure 6 (b) 2 B 2B 2B 4B 
Figure 6 (c) 1 B B B 2B 
Figure 6 (c) 2 B B B 4B 

 

These two examples illustrate that the required bandwidth of the ground-based network is a 
function of the routing topology and the position of the airborne test article. The maximum 
values for the bandwidth of the air-to-ground link and the ground-to-ground link are summarized 
in Table 1. In general, the trend is that ground based receiver and transmit bandwidth can be 
exchanged for input bandwidth at the data sink.  

Power. In an amplify-and-forward network, the only demodulator is located at the data sink. At 
each hop in the network, the received signal and noise are amplified and forwarded to the next 
node. As a consequence the noise accumulates with each hop. The routing topology in Figure 6 
(a) requires at most 3 hops. Using the route from node S1 to the data sink as the example, Link 1 
is the air-to-ground link, Link 2 is the link from S1 to S3, and Link 3 is the link from S3 to the 
data sink. The composite signal-to-noise ratio for the 3-hop link is [18] 

 

(1) 

where 

 
is the SNR of the air-to-ground link at S1 

 
is the SNR of the link from S1 to S3 neglecting all other noise in the 3-hop link 

 
is the SNR of the link from S3 to the data sink neglecting all other noise in the 3-hop 
link. 

This shows that the total SNR can be no larger than the smallest of the three. For example, if 
(Eb/N0)1 is the minimum acceptable value of 6 dB, then (Eb/N0)2 and (Eb/N0)3  both have to be 
infinite. There are many solutions for  (Eb/N0)1, (Eb/N0)2, and (Eb/N0)3 that produce (Eb/N0)total = 6 
dB. One example is forcing them all to be equal. Solving (1) for this case gives 
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The transmitter power required to achieve 10.8 dB on each link is computed using the link 
budgets outlined in Table 4 and Table 5. The data show that for L-band, the airborne transmitter 
power must be 18.7 W and the ground-based transmitter powers must be 9.2 W. For operation at 
S- and C-bands, substantially more transmit power is required.  

 

DEMODULATE-REMODULATE NETWORK 

Because the nodes in a demodulate-remodulate network are capable of monitoring the packet 
contents, ground based nodes do not forward copies of packets they have already received. This 
reduces the bandwidth requirements for the ground-based network and is a nice illustration of the 
concept that node complexity can be exchanged for network congestion.  

Network Bandwidth. As before, each node is equipped with 2 radio receivers and 1 radio 
transmitter. One of the radio receivers is used for the air-to-ground link. The other radio receiver 
receives packets forwarded by other nodes on a ground-based radio network. The transmitter 
sends packets to other nodes in the network. The packets transmitted by a network node can be 
those received on both the air-to-ground link and the ground-based radio network. The number 
of packets a node must transmit is determined by the network topology (i.e., the connectivity 
between the nodes) and the location of the airborne test article. The bandwidth of the air-to-
ground link is B. The bandwidth of the ground-based receiver is equal to the product of B and 
the number of other nodes that route through the node. This number is determined by the routing 
topology. For each of the routing topologies illustrated in Figure 6, the required bandwidth of the 
ground-based receiver is B. In general, the transmit bandwidth is at most 2B because a node may 
receive packet on the ground-based network that it does not receive on the air-to-ground link. For 
the examples associated with the routing topologies in Figure 6, the bandwidth of the ground-
based transmitter is B. 

Power. In this network, each node is equipped with its own demodulator. Consequently, noise is 
not passed from node to node as a packet moves through the network. The routing topology in 
Figure 6 (a) requires at most 3 hops. Using the route from node S1 to the data sink as the 
example, Link 1 is the air-to-ground link with probability of bit error P1, Link 2 is the link from 
S1 to S3 with probability of bit error P2, and Link 3 is the link from S3 to the data sink with 
probability of bit error P3. The probability of error at the data sink is [18] 

Ptotal = P1 + P2 + P3. (3) 

For a target bit error rate Ptotal, there are many solutions for P1, P2, and P3. For example, if P1 = 
Ptotal, then it must be that P2 = P3 = 0. A more balanced approach is to scale the system so that P1 
= P2 = P3 = ⅓Ptotal. In our example, the target bit error rate is Ptotal = 10-6. P1 = ⅓ 10-6 requires 
(Eb/N0)1 ≈ 3 dB (see Figure 4). When factoring in the required link margin, the requirement is 
(Eb/N0)1 = (Eb/N0)2 = (Eb/N0)3  = 6 dB. For L-band operation, the link budget listed in Table 6 
shows that the airborne test article requires a 6W transmitter and the link budget listed in Table 7 
shows that the ground based nodes require 3W transmitters. In addition to reducing network 
congestion, the added complexity of the demodulate-remodulate radio nodes produces 
tremendous savings in the required RF transmit power. 
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DISCUSSION 

Equipped with the numerical results, several observations should be noted: 

• The assumed spacing between the nodes was somewhat arbitrary. The purpose here is to 
illustrate the concept of a range area network. Clearly, more nodes could be used. Whereas 
more nodes increases the complexity of the network, it also reduces the RF transmit power 
required by each node and by the airborne transmitter. Space limitations prohibit an 
exhaustive exploration, but it should be clear that if the nodes are inexpensive, the cost of 
adding more nodes is more than offset by the savings realized by using lower-power RF 
transmitters. For example, if the airborne transmitter were limited to 1W at L-band, then the 
network needed to provide coverage to the area shown in Figure 5 is a regular grid of 50 
nodes separated by 3.82 miles. 
 
• For a fixed geometry, the required RF power increased dramatically as the carrier frequency 

increased from L-band through S-band to C-band. Such a dramatic increase is not always 
observed by range planners because the gain of a given parabolic reflector antenna 
increases with carrier frequency. Here, the antenna gain was assumed fixed at 0 dB (omni-
directional operation). Thus, this approach realizes none of the advantages of higher carrier 
frequencies but retains all of the disadvantages of higher carrier frequencies.  
 
• The forgoing analysis treated the case of a single test article. Multiple test articles can be 

accommodated using time-division multiple access as described in the iNET standard [16]. 
In simple terms, a 100 ms frame can accommodate 38 of the iNET bursts illustrated in 
Figure 3. These 38 bursts per frame can be allocated amongst users as needed. If the 
network operation operates on a frame-by-frame basis, all of the bandwidth and link budget 
calculations apply.  

 
CONCLUSIONS 

We investigated the use a ground-based network – termed a “range area network,” composed of 
relatively simple radio nodes, to replace expensive, complex main telemetry sites. Two kinds of 
radio nodes were explored: “dumb” nodes that amplify all received packets and forward the 
amplified packets to the next node in the route to the data sink, and “smart” nodes that 
demodulate all received packets then remodulate the packets to send the packets to the next node 
in the route to the data sink. Using a simplified version of the main Edwards AFB complex and 
link budget data from the emerging iNET standard, we showed that “dumb” and “smart” nodes 
provide a tradeoff between node complexity and network bandwidth and required RF power. A 
network of just 6 “smart nodes” requires airborne test articles with 6W L-band transmitters and 
ground-based systems with 3W transmitters. A grid of 50 nodes, separated by 3.82 miles, 
provides coverage while requiring only a 1W L-band transmitter on the airborne test article. 
These scenarios form attractive alternatives to the current test range configuration. 
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APPENDIX: DETAILED TABLES 

 

Table 2: An example of air-to-ground link and the ground-based network for the network illustrated in Figure 6 (a) 
when the airborne test article is positioned in between nodes S1 and S3. 

   Time (Packet Index) 
   1 2 3 4 5 6 

S1 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx       
 Gnd Tx  P1 P2 P3 P4 P5 

S2 Air Rx       
 Gnd Rx       
 Gnd Tx       

S3 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx  P1 P2 P3 P4 P5 
 Gnd Tx  P1 P1,P2 P2,P3 P3,P4 P4,P5 

S4 Air Rx       
 Gnd Rx       
 Gnd Tx       

S5 Air Rx       
 Gnd Rx       
 Gnd Tx       

S6 Air Rx       
 Gnd Rx       
 Gnd Tx       

N
et

w
or

k 
N

od
es

 

Sink Gnd Rx  P1 P1,P2 P2,P3 P3,P4 P4,P5 
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Table 3: An example of air-to-ground link and the ground-based network for the network illustrated in Figure 6 (a) 
when the airborne test article is positioned in between nodes S1, S2, S3, and S4. 

   Time (Packet Index) 
   1 2 3 4 5 6 

S1 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx       
 Gnd Tx  P1 P2 P3 P4 P5 

S2 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx       
 Gnd Tx  P1 P2 P3 P4 P5 

S3 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx  P1 P2 P3 P4 P5 
 Gnd Tx  P1 P1,P2 P2,P3 P3,P4 P4,P5 

S4 Air Rx P1 P2 P3 P4 P5 P6 
 Gnd Rx  P1 P2 P3 P4 P5 
 Gnd Tx  P1 P1,P2 P2,P3 P3,P4 P4,P5 

S5 Air Rx       
 Gnd Rx       
 Gnd Tx       

S6 Air Rx       
 Gnd Rx       
 Gnd Tx       

N
et

w
or

k 
N

od
es

 

Sink Gnd Rx  P1,P1 P1,P2 
P1,P2 

P2,P3 
P2,P3 

P3,P4 
P3,P4 

P4,P5
P4,P5 
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Table 4: Link budget for the air-to-ground link for L-band, S-band, and C-band adapted from [16]. The transmitter 
losses include duplexer and waveguide losses. The receiver losses include interference loss (1 dB), cable loss (0.3 
dB), and polarization mismatch (3 dB). 

  L-Band S-Band C-Band 
Transmitter       
    power (W) 18.66  43.95  215.77  
    antenna gain (dB) -5.00  -5.00  -5.00  
    other tx losses (dB) 3.50  3.50  3.50  
    EIRP (dBW)  4.21  7.93  14.84 
Propagation       
    carrier frequency (MHz) 1500.00  2300.00  5100.00  
    slant range (mi) 7.664  7.64  7.64  
    path loss (dB)  -117.76  -121.47  -128.39 
    atmospheric losses (dB)  1.00  1.00  1.00 
Receiver       
    noise figure (dB) 5.00  5.00  5.00  
    antenna gain (dB) 0.00  0.00  0.00  
    G/T (dB)  -27.97  -27.97  -27.97 
    other rx losses (dB)  4.30  4.30  4.30 
    Boltzman’s constant   -228.60  -228.60  -228.60 
C/N0 (dB Hz)  81.78  81.79  81.78 
    coded bit rate (Mbits/s) 18.8069  18.8069  18.8069  
    code rate 2/3  2/3  2/3  
Eb/N0 (dB)  10.80  10.80  10.80 
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Table 5: Link budget for the ground-based node-to-node network for L-band, S-band, and C-band adapted from 
[16]. The transmitter losses include duplexer losses and waveguide losses. The receiver losses include interference 
loss (1 dB), cable loss (0.3 dB), and a small polarization mismatch (1 dB). The polarization mismatch loss is 
different from that used in Table 4 because the ground-based nodes are stationary so that reasonably good 
polarization matching is possible. 

  L-Band S-Band C-Band 
Transmitter       
    power (W) 9.20  21.6  106.4  
    antenna gain (dB) 0.00  0.00  0.00  
    other tx losses (dB) 3.50  3.50  3.50  
    EIRP (dBW)  6.14  9.84  16.77 
Propagation       
    carrier frequency (MHz) 1500.00  2300.00  5100.00  
    slant range (mi) 12.00  12.00  12.00  
    path loss (dB)  -121.68  -125.39  -132.31 
    atmospheric losses (dB)  1.00  1.00  1.00 
Receiver       
    noise figure (dB) 5.00  5.00  5.00  
    antenna gain (dB) 0.00  0.00  0.00  
    G/T (dB)  -27.97  -27.97  -27.97 
    other rx losses (dB)  2.30  2.30  2.30 
    Boltzman’s constant   -228.60  -228.60  -228.60 
C/N0 (dB Hz)  81.78  81.78  81.79 
    coded bit rate (Mbits/s) 18.8069  18.8069  18.8069  
    code rate 2/3  2/3  2/3  
Eb/N0 (dB)  10.80  10.80  10.80 
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Table 6: Link budget for the air-to-ground link for L-band, S-band, and C-band adapted from [16]. The transmitter 
losses include duplexer and waveguide losses. The receiver losses include interference loss (1 dB), cable loss (0.3 
dB), and polarization mismatch (3 dB). 

  L-Band S-Band C-Band 
Transmitter       
    power (W) 6.18  14.55  71.45  
    antenna gain (dB) -5.00  -5.00  -5.00  
    other tx losses (dB) 3.50  3.50  3.50  
    EIRP (dBW)  -0.59  3.13  10.04 
Propagation       
    carrier frequency (MHz) 1500.00  2300.00  5100.00  
    slant range (mi) 7.64  7.64  7.64  
    path loss (dB)  -17.76  -121.47  -128.39 
    atmospheric losses (dB)  1.00  1.00  1.00 
Receiver       
    noise figure (dB) 5.00  5.00  5.00  
    antenna gain (dB) 0.00  0.00  0.00  
    G/T (dB)  -27.97  -27.97  -27.97 
    other rx losses (dB)  4.30  4.30  4.30 
    Boltzman’s constant   -228.60  -228.60  -228.60 
C/N0 (dB Hz)  76.98  76.98  76.98 
    coded bit rate (Mbits/s) 18.8069  18.8069  18.8069  
    code rate 2/3  2/3  2/3  
Eb/N0 (dB)  6.00  6.00  6.00 
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Table 7: Link budget for the ground-based node-to-node network for L-band, S-band, and C-band adapted from 
[16]. The transmitter losses include duplexer losses and waveguide losses. The receiver losses include interference 
loss (1 dB), cable loss (0.3 dB), and a small polarization mismatch (1 dB). The polarization mismatch loss is 
different from that used in Table 6 because the ground-based nodes are stationary so that reasonably good 
polarization matching is possible. 

  L-Band S-Band C-Band 
Transmitter       
    power (W) 3.05  7.16  35.2  
    antenna gain (dB) 0.00  0.00  0.00  
    other tx losses (dB) 3.50  3.50  3.50  
    EIRP (dBW)  1.34  5.05  11.97 
Propagation       
    carrier frequency (MHz) 1500.00  2300.00  5100.00  
    slant range (mi) 12.00  12.00  12.00  
    path loss (dB)  -121.68  -125.39  -132.31 
    atmospheric losses (dB)  1.00  1.00  1.00 
Receiver       
    noise figure (dB) 5.00  5.00  5.00  
    antenna gain (dB) 0.00  0.00  0.00  
    G/T (dB)  -27.97  -27.97  -27.97 
    other rx losses (dB)  2.30  2.30  2.30 
    Boltzman’s constant   -228.60  -228.60  -228.60 
C/N0 (dB Hz)  76.99  76.98  76.98 
    coded bit rate (Mbits/s) 18.8069  18.8069  18.8069  
    code rate 2/3  2/3  2/3  
Eb/N0 (dB)  6.01  6.00  6.00 
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ABSTRACT 

The theoretical capacity of communication channel in the presence of additive white Gaussian noise 
(AWGN) as defined by Shannon's channel capacity theorem has been well understood since 1940s. This 
theorem bounds the bit error rate (BER) of RF data links achievable for a particular noise level. 

The development in digital technology over the last decade has made it possible not just to design devices 
that operate close to the Shannon’s limit, but also to explore techniques, such as best source and best 
data selectors, for further improvements in performance of RF data links where frequency, spatial or 
polar diverse reception is possible. 

This paper discusses an approach to improving quality of data links using an advanced diversity 
technique that does not select one source at a time but aligns and combines soft values from each. It 
shows how the overall bit error rate of RF data link can be improved by combining signals from multiple 
receivers and/or transmitters. Test results showing practical performance improvements are presented 
and discussed. 

KEYWORDS: PCM/FM, Diversity, Smart Source Selector 
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1. INTRODUCTION 

The increasing sophistication of flight test instrumentation in the recent years has been driving the 
demand for high quality RF data links. The main modulation schema used for such links for over 30 years 
has been PCM/FM, primary due to its simplicity and robustness. Consequently most telemetry facilities 
have invested significant capital in equipment specifically for use with PCM/FM. 

One approach to improving performance of RF data links is the use of modern modulation techniques 
such as such as the ARTM Tier-I and Tier-II schemes. While these methods help to accomplish this goal, 
it is not without a significant investment in new equipment. 

Another approach focuses on enhancement of existing PCM/FM equipment using diversity techniques. 
This paper elaborates on implementation of these techniques and their practical contribution to the 
improvement of RF data links. 

2. THE KEY PERFORMANCE METRIC 

The Bit Error Rate (BER) is commonly used to measure performance of digital communication systems 
including PCM/FM systems. One of the key implications of the Shannon’s channel capacity theorem is 
the bounding of the best achievable bit error rate for a particular noise level. 

For PCM/FM systems this relationship between the best-case bit error rate and the level of noise can be 
expressed as 

( )
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No
EbEbNo log10  and Eb is the energy per bit and No is the noise power. 

Traditionally the above equation has been graphed as shown in Figure 1. The graph illustrates that the 
theoretical bit error rateBER lowers with increasing Eb/No - i.e. for the same signal power the bit error 
rates increases with the noise power. 
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Figure 1- Theory curve and 1dB of theory curve for BER vs. EbNo  
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The graph also shows the bit error rate for a device with performance of “1db of theory”. The 
performance of conventional bit synchronizers, the crucial elements of telemetry ground systems, is 
typically specified as being within 1db of theory. A decade ago this was about the limit of what was 
technically achievable at acceptable cost. 

Today the all-digital state-of-the-art bit synchronizers are able to achieve performance that is virtually 
aligned with the theory. One approach to improving the performance of ground systems beyond the 
theory is to employ some form of transmit and/or receive diversity. 

3. DIVERSITY AND SMART SOURCE SELECTOR 

Diversity is a method of improving link quality by transmitting or receiving two or more versions of a 
signal and combining/selecting the best signal(s) adaptively so that the resultant bit error rate is lower 
than for any one version of the signal in isolation.  

There are a variety of schemes for separating the diversity signals including spatial, frequency and 
polarization diversity. Some FTI programs use frequency diversity where data is transmitted on two 
carrier frequencies. Some receivers on the ground are placed apart or at different altitudes, this is called 
spatial diversity. Some receivers support polar diversity. The purpose of the ground system is then to 
recover the transmitted signal using the two (or more) diversity signals.  

A number of techniques for recovering transmitted data have been developed. Best Source Selectors 
(BSS) switch to the stream with the best signal to noise ratio while Best Data Selectors (BDS) switch to 
the stream with the fewer data (syncword) errors. In both of these cases care must be taken on switching 
such that downstream decoders remain in lock. Best data selectors require decryptors on each channel if 
encryption is used. Correlated Source Selectors (CSS) time align different streams then vote on a bit by 
bit bases - possibly using error metrics to weight the voting of each channel. 

Smart Source Selectors (SSS) is the term given to devices that do not simply switch or vote but rather use 
the best of both worlds. The critical function of all selectors is to decide whether the received bit 
represents a logical “0” or logical “1”. The way in which this decision is made does not just differentiate a 
selector from others, but also predetermine the selector’s potential performance. 

The technique used by Smart Source Selectors is performed at the soft-symbol stage, allowing for any of 
the diversities described earlier. A Smart Source Selector first selects those channels with the signal levels 
above a certain level and with Eb/No within a predefined margin of a channel with the best Eb/No. The 
selected data streams are then time aligned. Smart Source Selectors reconstruct transmitted data by 
combining bits from aligned streams using soft-bits produced by each channel’s bit synchronizer. The 
block diagram of a dual-channel Smart Source Selector is shown in Figure 2. 

Bit synchronizer

Aligner

Bit synchronizer

Combiner

Soft-bit

Soft-bit

EbNo

EbNo

Channel #1

Channel #2

Data

Clock

 

Figure 2 - Block diagram of a dual channel Smart Source Selector 
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The technique for combining bits from selected channels uses calculated Euclidean distances between a 
point representing received bit and the points representing an ideal “0” and ideal “1”. The decision on the 
logical value of received bit is made by comparison of the two distances. 

This process can be mathematically described using the following formula: 

a received bit is “1” if  ( ) ( )∑ +∑ −
==

>
n

i

n

i
ApAp ii

1

2

1

2
 otherwise it is “0” 

where   

§ p is the soft-bit value of received bit 

§ A is the value of the ideal “1” 

§ -A is the value of the ideal “0” 

§ n is the number of channels being combined 

This decision process can be applied to any number of channels. For a single channel system it simply 
means that the received bit represented by a point p, on a line is “1” if the measured value is closer to the 
ideal “1” than the ideal “0” - see Figure 3 (a). 

For a two-channel system the received bit is represented by a point [p1, p2] on a plane, with its coordinates 
being the soft-bit values from each of two channels. The received bit is considered a logical “1” if its 
Euclidean distance from the ideal “1” [A, A] is smaller than the distance from the ideal “0” [-A, -A] - see 
Figure 3 (b). 
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Figure 3 - Decision between "0" and "1" with (a) single channel bit synchronizer and (b)dual channel Smart 
Source Selector 

Using the above model it is possible to determine an improvement achievable with Smart Source 
Selectors.  

In order to make a wrong decision with a single channel system when an ideal “1” is received, a noise 
with amplitude of -A needs to be added to the amplitude of the received bit. With a two channels Smart 
Source Selector the amplitude of noise required to corrupt an ideal “1” is -A*√2. 

Therefore, it is expected that the performance of a two-channel Smart Source Selector can match a 
performance of a single channel system while operating in an environment with (√2)2 times higher noise 
power. This equals to EbNo improvement of 3dB for a two-channel Smart Source Selector. 

An improvement of 6dB can be achieved with four-channels and 9dB with eight-channels. This is a 
superior strategy over Best Source Selectors and Best Data Selectors as they output a resultant BER that 
is equal only to the best of combined channels, but not better. 
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4. TEST RESULTS AND ANALYSIS 

4.1. Laboratory Test 

In order to test the effectiveness of smart source selection in laboratory conditions, a Bit Error Rate Tester 
(BERT) was used to produce two identical pseudo random bit sequences of 4Mbps with NRZ-L coding. 
A continuous variable delay of up to 100 bits per second was added to the first stream in respect to the 
second stream. Both streams were corrupted by white noise using two independent additive white 
Gaussian noise generators with programmable Eb/No.  

The two streams were then used as inputs to a two-channel Smart Source Selector with an aligner length 
of 128 bits. The configuration of Smart Source Selector laboratory test system is shown in Figure 4. 

AWGN Generator

Smart Source
Selector

AWGN Generator

BERT

Pseudo random bit sequence

101101000111011

101010110100010

Variable Delay
100 bits/second

Pseudo random bit sequence

 
Figure 4 - Configuration of Smart Source Selector laboratory test 

During the test, bit error rate was measured for Eb/No in the range from 0dB to 10dB. The resultant bit 
error rate together with a curve for a single channel and the theoretical curve is shown in Figure 5. 

 

 

Figure 5 - BER vs. EbNo of dual channel Smart Source Selector for NRZ-L of 4Mbps 
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The test results demonstrate that the resultant bit error rate of a two-channel Smart Source Selector is as 
expected - approximately 3dB better than of either channel on its own. The essential precondition for 
achieving the maximum theoretical improvement of 3dB was the independence of two AWGN sources. In 
the real-life applications this condition can best be met using one or combination of multiple diversity 
schemas. 

4.2. Real-life Benchmarking 

A benchmarking test of the smart source selector against a traditional flight-test ground system was 
carried out at an ACRA Control’s customer site. In this test, the dual-channel Smart Source Selector was 
run alongside a highly tuned four-channel cascaded diversity system.  

The existing system utilized spatial and polarization diversity. Using three diversity combiners it 
processed streams from two antennas each producing both left-hand and right-hand circular polarization 
signals. The tested Smart Source Selector was fed with left-hand circular polarization signal from each 
antenna. A bit error rate tester was used for generating a pseudo random binary sequence for the test and 
for measuring the bit error rate. The configuration of Smart Source Selector benchmarking test is shown 
in Figure 6. 

Receiver #1

Diversity
Combiner #1

Receiver #2

Receiver #3

Receiver #4

Diversity
Combiner #2

Diversity
Combiner #3

Bit Synchronizer

Smart Source
Selector

BERT

LHCP

RHCP

LHCP

RHCP

10 meters
  (33 feet)

Boresight
Antenna

RF Signal
Generator

Pseudo Random Binary Sequence

 
Figure 6 – System configuration of Smart Source Selector benchmarking test 

In total three benchmarking tests were run and bit error rates achieved at ambient threshold levels using 
both the existing diversity combiners and the Smart Source Selector over a period of 1 minute were 
recorded. The measured bit error rates are shown in Table 1. 

Test Date BER with Diversity Combiners BER with Smart Source Selector 

1 25 Jan 2010 2.68E-08 1.10E-08 

2 4 Feb 2010 (AM) No errors 3.70E-09 

3 4 Feb 2010 (PM) 3.22E-09 1.30E-09 

Table 1 - Bit Error Rates for Smart Source Selector benchmarking test 
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The benchmarking tests results demonstrate that bit error rates achieved using both systems were 
comparable. In the context of complexity and cost of each system, these results show that the Smart 
Source Selector is a cost effective plug-in replacement for a complex traditional telemetry ground 
systems. It is also reasonable to expect that significantly lower BERs can be achieved using a four-
channel Smart Source Selector fully utilizing both spatial and polarization diversity. 

5. CONCLUSION 

With modern digital techniques, today’s bit synchronizers achieve bit errors rates very close to theory. 
Other techniques must be explored in order to further improve the performance of RF data links. 

This paper focused on an enhancement of existing ground systems using advanced diversity technique 
called smart source selection. It has been shown that Smart Source Selectors offer a superior diversity 
strategy over traditional Best Source Selectors and Best Data Selectors.  

The presented test results quantified performance improvements achievable using dual-channel Smart 
Source Selector. The results of benchmarking against a real-life ground system suggested that a Smart 
Source Selector is a cost-effective replacement for complex conventional diversity systems. 
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ABSTRACT 

 

As part of the Senior Capstone class held at the University of Arizona in the College of 

Engineering, the team was tasked to build a prototype that could power a simple electronic 

device wirelessly. The team succeeded in doing so and has proven that wireless power 

transmission could be a valuable tool for future use. There are a few difficulties to note and 

specifics will be given in the body of the report.  

 

 

INTRODUCTION 

 

As part of the Engineering 498 Senior Capstone class at the University of Arizona, the team was 

required to produce a system that wirelessly powered a simple electronic load. This topic was 

chosen as a project because of its possible applications. One application is to supply personal 

electronic devices with power without the use of cables. For many devices the power cable is the 

last cable that must be attached. To remove the need of the cable would make the device truly 

wireless. It would remove the cumbersome clutter of cables that cause many unsightly sights. In 

short this application is the logical progression for home electronics if the technology proves 

capable. The second application is of a much larger scale. In the effort to find renewable energy, 

or green energy, comes the idea of harvesting solar energy from space for use on the Earth’s 

surface. Such an idea needs wireless power transmission to deliver the power; however, the 

transmission of that amount of power must be safe and practical. The report will be structured as 

follows. First, the design process will be discussed with emphasis on the antennas and receiving 

circuitry, which the team had to design and build. The transmitting circuitry, except for the 

transmitting antenna, was all commercially bought. For this reason only a discussion of the 

needed parts for the transmitting circuitry will be given. The simulation results will be reviewed 

after the design discussion. Simulations were used to verify that the designs were valid enough to 

build and test. The discussion will continue by presenting the results of the prototype. In the 

conclusion the questions will be answered as to whether or not this project had proven that the 

previously mentioned applications are plausible. 
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TOP LEVEL OVERVIEW OF PROTOYPE 

 

The design process for the project involved breaking down everything into three primary units: 

the receiver, transmitter, and the antennas. These units were given specific requirements for 

inputs and outputs needed so that an entire system could be created that would meet all of the 

functional requirements. The requirements that the team was given were simple. It was required 

that the prototype transmit power wirelessly a minimum distance of 1 cm in order to power a 

simple electronic load. To simplify the design it was decided that microwave technology would 

be used at 2.45 GHz because it is a frequency range in which many components are made to 

work and it is within a range that the FCC allows for scientific research. 

 

A top-level overview of the prototype can be seen in Figure 1. In the figure it can be seen that the 

transmitter circuit creates a signal that is inputted into the transmitting antenna. The signal then 

propagates out into free space, is received by the receiving antenna, and converted into a DC 

signal that is used by the LED load. 

 

 
 

Figure 1- Functional Overview 

 

The transmitter circuitry designed for this prototype consists of borrowed or commercially 

bought components. The power supply was borrowed from the University of Arizona Electrical 

and Computer Engineering (ECE) Department, the voltage controlled oscillator (VCO) and 5W 

output amplifier were commercially bought. The transmitter circuitry receives power from a DC 

power supply, the VCO uses the power to create an oscillating signal at the desired frequency 

and the amplifier ensures that the signal to the antenna is 5W in strength. The only time the 

prototype was transmitting its limit of power was when it was tested in an anechoic chamber at a 

lab at the University of Arizona (ECE) Department. 

 

 

RECEIVER 

 

The receivers’ job is to take in high frequency energy and convert it DC energy to operate the 

simple electronic load. To accomplish this there are multiple important parts included in the 

receiver design. These parts are the simple electronic load, low pass filter, rectifying circuit, DC 

blocking capacitor, matching network, and the antenna. The simple block diagram below shows 

how the receiver looks at the top level. 
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Figure 2 - Top level Diagram showing major components in the receiver circuit. 

 

The functional requirements state that the prototype is to power a simple electronic load by 

wireless power over a distance of at least 1 cm. An LED (Light Emitting Diode) was chosen to 

be the simple electronic load to simplify testing. This device can operate on low power, and since 

it emits light it is easy to tell when the circuit is working. The chosen LED is red and needs only 

60mW of power in order to operate at maximum luminosity. 

 

A rectifier was needed to generate the DC energy from the high frequency energy. The rectifier 

chosen was a Schottky diode. Diodes are non-linear, and when a high frequency signal comes 

into contact with a non-linear device the signal is broken up into its harmonics including DC. 

The Schottky diode is necessary because it switches faster than a regular diode. In order for the 

rectifier to work, it must be able to switch faster than the highest frequency you want to rectify. 

 

Since the rectifier allows more than DC energy to pass, and the LED can’t handle the high 

frequency energy, a low pass filter (LPF) needs to be added between the rectifier and LED. For 

the design a two pole LPF using lumped elements was used. This circuit was chosen due to its 

simplicity and sufficient rejection for the LED. This is one area where the design could be 

improved upon—it is possible that other filters or components can provide better results. 

 

The remaining parts needed are the DC blocking capacitor and the input matching network. The 

DC blocking capacitor is placed just before the rectifier in order to ensure that all DC energy 

created by the rectifier flows toward the load. The matching network is used to ensure a 

maximum flow of power from the antenna into the receiving circuitry. Various circuits were 

tested, but again simplicity won out, producing a mixed lumped element and transmission line 

circuit to do the matching and a separate DC blocking capacitor to direct the DC energy. 

 

The diodes and DC blocking capacitor were relatively easy to figure out, but the LPF and 

matching network involved more thought and consideration. As stated there are many usable 

circuits and the best one was found by research and simulation. The restrictions upon both 

circuits proved to be similar. If too much transmission line was in either circuit it had the effect 

of reducing the efficiency by increasing the line loss. On the other hand finding lumped elements 

that worked reliably at 2.45 GHz was surprisingly difficult. There are only a small number of 

values of capacitors and inductors that can be found to work at that frequency. This meant that a 

balance had to be found between the use of transmission line and the lumped elements that the 

team was able to find. Much of the design time was spent on trying different combinations of 

transmission lines and lumped elements until the final design was achieved. 
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The final circuit, shown in figure 3, was obtained through simulation in Agilent Design System 

(ADS). The software was used to confirm the most efficient LPF and also to find the input 

matching network that gives the circuit the highest efficiency. For the LPF the circuit was built 

and simulated by means of an S-Parameter simulation. This was used to find the frequency 

response of the LPF. Several iterations were required to find a design that used components that 

we could find and exhibited a good amount of rejection at higher frequencies. The matching 

network proved more difficult because care had to be taken to make sure that the matching 

network didn’t affect the input signal. Matching networks also affect the frequency response of 

the circuit. After simulating and researching, the final circuit was found to have 58.6% efficiency 

(DC power at LED divided by RF power at input) and less than 1mW of high frequency energy. 

These results were found acceptable and the prototype board was produced by the students using 

chemical etching in a clean room in the ECE department at the University of Arizona. 

 

 
 

Figure 3 – Shows receiver circuit used in the final design. 

 

 

ANTENNAS 

 

A multitude of factors were considered when deciding on a final antenna design. Some of the 

most significant factors included directivity, size, ease of manufacturing, robustness, and 

efficiency. The patch antenna was used for our antenna design because if designed correctly it 

fulfills all low level requirements of transmitting and receiving microwave energy. 

 

A feed-line is the trace of conductor, in our case copper, which connects the transmission 

circuitry to the copper patch. This is where the energy enters or leaves the transmission and 

receiving antennas, respectively. There is a plethora of different antenna feed-lines that can be 

used in microwave transmission. Some of the issues that were considered when choosing the 

feed-line type were ease of manufacturing, effects of bandwidth, and efficiency at 2.45GHz. By 

using the microstrip the gain is sufficient and its bandwidth is fairly broad. This is important 

because it is easier to manufacture two antennas within the wider bandwidth restrictions. This in 

turn means more gain. 
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The design of the antenna was done first by using a detailed set of equations that governed the 

parameters of the rectangular patch antenna. The initial variables that were needed prior to using 

these design equations were frequency, permittivity, and height of the dielectric. The design 

equations were taken from Antenna Theory and Design, Edition 3, Balantis [1]. 

 

HFSS stands for High Frequency Structure Simulator and was used to model and simulate RF 

and microwave circuits. HFSS is a 3-D program that allows one to model all aspects of a circuit, 

in our case the antenna, to see how it responds to different signals or frequencies. The most 

important parameters that were simulated were center frequency, reflection coefficient, Voltage 

Standing Wave Ratio (VSWR), directivity, and gain. 

 

The final design in HFSS is illustrated in Figure 4. As we have shown in the previous paragraphs 

our antenna design is a good design with acceptable losses and gains. The design is simple and 

can be etched in the ECE building at the University of Arizona. 

 

 
 

Figure 4-HFSS Final Design 

 

The simulations showed that we achieved a center frequency of 2.45GHz. A plot of the S(1,1) 

VS frequency can be observed in Figure 5. It should be noticed that the S(1,1) at 2.45GHz is -

15.36 dB. This means according to the simulation less than 3% of the power going in to ―port 1,‖ 

or the transmitting antenna, is reflected. 

 

 
 

Figure 5-S11 Reflection Coefficient at 2.45GHz 
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It can be seen in figure 6 that the resulting VSWR (Voltage Standing Wave Ratio) is at 1.41. 

This means there is about 16% reflected power from inside of the antenna. From the VSWR we 

calculated the reflection coefficient to be 0.16 and the return loss to be 16.36dB. 

 

 
 

The radiation pattern can be observed in figure 7. This is helpful to look at prior to building 

because it lets the designer know where the power is being radiated. The goal is to have the 

mainbeam, the highest power point, to be radiated in a direction normal to the surface of the 

patch. This is exactly what is happening in the simulation below. 

 

 
 

Figure 7- Radiation Pattern 

 

When the design was finished a study of coupling versus distance was performed. The goal was 

to find out what level of power was coupling between the two antennas. This was performed 

using HFSS to simulate distance as parameter. Then each time the distance was changed, the 

S(2,1) parameter was plotted. This allowed us to observe how much power was coupling 

between the antennas. Figure 8 shows that at a distance of approximately 20cm the power 

coupled is about 1/10th of the power that is sent. 
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Figure 8- Coupling as a Function of Distance 

 

The patch antenna is constructed on a RT Duroid board. The board has a permittivity of 2.2 and a 

height of 62 mils. The board consists of a ground plane on the bottom of the board made of 

copper and an additional layer of copper on the top. They are separated by a nonconductive 

dielectric material. This allows a current to radiate on the surface of the patch. The patch is fed 

with microstrip line that is used to match the 50 Ohm line to the approximately 330 Ohm patch. 

 

The antennas are etched in order to get rid of the copper on the top to form our patch. Then a 

SMA connector is soldered onto the board by soldering the center conductor to the microstrip 

feed and the outer part of the connector to the ground of the board. This will ensure that there 

exists common ground between our patch antennas and our SMA connectors. 

 

Coaxial cable is connected to the SMA connectors that are attached to the patch. The coaxial 

cable is used to transfer power from the amplifier to the transmitting antenna on the transmitting 

side. Coaxial cable is also used on the receiving side to transmit power from the receiving 

antenna to the receiving circuitry. 

 

 

TESTING 

 

Testing the receiving unit was simple. The design requirements only required the receiving unit 

to power a simple load. The LED was chosen because it is easy to tell when it is working. The 

voltage across the LED was measured using a digital multi-meter. With the voltage and the I-V 

curve an accurate approximation was made as to the amount of power dissipated across the LED. 

This output power was then divided by the input power in order to see the efficiency of the 

receiving circuitry. Due to some strange behavior noticed while running the tests, the testers 

decided to try two variations of the receiving circuitry. The first was the normal design discussed 

in this paper and the second was the same design but with the matching network removed. 

 

Figure 9 shows the results of the testing. It should be noted that the simulation results showed a 

58.6% efficiency when 100mW is placed at the input of the receiving circuit. The results of the 

testing show that the efficiency of the circuit is about 40%. A drop was expected though it is a 

larger drop than expected. 
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Figure 9- Shows test data of the receiving circuit with & without the matching network. 

 

FCC regulations prevent the broadcasting of high frequency, high powered devices unless the 

tester is licensed or the tests are performed in an anechoic chamber. Due to these regulations all 

of our transmitting was done in an approved anechoic chamber. The setup included the 

following: calibrated horn antenna, power amplifier, attenuator, coupler, network analyzer, and 

signal generator. 

 

The antenna under test (AUT) is initially tested by transmitting a known frequency through a 

calibrated horn antenna to the AUT and then the signal is read using a network analyzer. The 

initial signal of 2.45GHz is created by a signal generator. The signal generator is then connected 

to a power amplifier. An attenuator was used to bring the power down to 5 Watts. The coupler 

allowed us to know how much power is getting to the transmitting horn and therefore allow us to 

make minor changes in amplitude using the signal generator. Finally, the signal was transmitted 

through free space and the AUT received the signal. The AUT was then connected to the 

network analyzer so that the frequency could be verified. 

 

Close attention is given to the distance between the horn antenna and the AUT. This is to ensure 

there is not too much power received and fed into the network analyzer. 

 

By using the Friis Transmission Equation it was concluded that the receiving antenna must be at 

least 15 cm away from the transmitting antenna to ensure safety of all equipment. The initial test 

was done at 50cm to see how much of a signal is received on the patch antenna. This distance 

was then reduced by 5cm and the test performed again. This process continued until the network 

analyzer showed a power level between 100mW and 120mW. When the antenna was verified to 

work as simulated, the transmitting patch antenna replaced the horn antenna. The power was then 

adjusted to accommodate for a smaller gain antenna (the patch antenna). 

 

The test was performed again so that observation of the coupling antennas could be made. By 

performing this test we have verified that the antennas can couple energy. Performing this test 

also allowed us to determine the ranges of distance at which the circuit receives enough energy 

to power the LED. 
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RESULTS 

 

After performing the above test procedures we were able to measure the amount of power 

transmitted at 1cm and find the distance at which there was not enough power to turn on the 

LED. The measured power at 1cm was approximately 150mW. The maximum distance at which 

the LED would turn on was 55cm, which far exceeded our goal of 1cm. 

 

The tables below show the results of various tests performed to determine whether our prototype 

functioned as designed. Table 1 is the result of testing the low-level functional requirements, 

while Table 2 shows the results of the top-level functional requirements. When testing the 

prototype, the distance between the transmitter and receiver was set at 50 cm. We performed 

testing, then reduced the distance by 5 cm, and repeated the process again. 

 

Table 1- Verification Matrix 

 

 

In conclusion all of the components passed the tests that were assigned for them, verifying the 

lower function requirements are met. 

 

Table 2 - Validation Matrix 
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As can be seen from the table, all three of the functional requirements were passed, validating 

that the project not only met the requirements but exceeded them. 

 

 

CONCLUSION 

 

In completing this project, it was observed that this technology is one that could be used for 

powering small electronics, or transmitting power from solar satellite. There are certain points 

that must be considered before being implemented in the large-scale, the first of which is safety. 

If power levels get too high, it will be difficult to stay within the limits set by the FCC for safe 

human interaction. These limits are specific to frequency, so care must be taken in choosing the 

frequency of use. The second consideration is components. It is difficult to find inductors and 

capacitors that are capable of working at higher power levels. However, new technologies 

emerge often and it is possible that the needed components could be made. More research will 

tell whether or not these concerns will prevent microwave technology from being used to 

transmit power wirelessly. 

 

The goal of this project was to create a wireless power transmission system that could provide 

enough power to a receiver, which would power an electronic circuit. Using microwave 

technology provided some hurdles, but the team was able to meet and exceed the established 

requirements. At 20 cm the team was able to supply close to 50 mW of power to the load, which 

exceeded the requirements. This project, having met and exceeded all requirements, was a 

success. 

 

 

RECOMMENDATION 

 

This project was a proof of concept that power can be transmitted wirelessly using microwave 

technology. Many lessons were learned on how to design, simulate, and analyze the components 

in the design as were discussed previously. Some recommendations for future iterations: 

improved antenna designs via better matching to inputs and changing parameters of the inset; 

Increasing the antennas’ gain and bandwidth via better substrates with greater height and better 

fabrication of the antennas; producing various receivers dependent on application of the project. 
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ABSTRACT 
 
This document is focused on the examination of the tracking angular error due to the radio 
refraction for the target in low altitude of less than 5km and in low elevation angle. The real 
measured data using the GPS and the tracking systems of C- and S-band frequency in NARO 
Space centre, Korea are used for the analysis. The analysis shows couple of conclusions on the 
radio refraction effects; there are angular errors due to the radio refraction which is not to be 
neglected comparing the accuracy of the tracking system but to be considered for the precise 
measurement of the target position. Also, the refraction errors are dependent on the target 
altitude, but not on the frequency. 
 
Keyword: Radio Refraction, Tracking Accuracy, Low Elevation Angle 
 
 

INTRODUCTION 
 
Target tracking and position measurement by tracking antenna system using Radio wave has the 
errors inherently due to the inaccuracy of tracking antenna system and the Radio wave 
propagation phenomena in the medium between the signal source and the receiving system. 
 
Inaccuracy of tracking antenna system results from many system internal factors such as 
distortion of antenna reflector, verticality and orthogonality of the pedestal, bearing wobble, 
encoder resolution, zeroing alignments and so on. The angular errors due to the inaccuracy of the 
system can be reduced by using more accurate components and better workmanship. The 
accuracy of the big antenna systems are also impacted by the system external factors such as the 
gravity, the heat of the sun and the wind, because the big antenna could be distorted 
mechanically by the different impacts of the factors on each part. 
 
As an example, TABLE I shows the error factors and the ranges of each factor for the 11meter 
parabola antenna with two axis pedestal which is used in NARO space centre for the ground 
telemetry stations. The errors due to the system internal factors are normally smaller than the 
errors due to the system external factors and the wind is the major and the biggest factor. 
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TABLE I TRACKING ACCURACY FACTORS AND RANGES 
Error Factors Range of Errors (milli-degrees) 

Verticality < 10 
Orthogonality < 5 
Encoder(17bits) 2.7 
Acceleration lag ~ few (depend on angular acceleration of target) 
Wobble < 5 
Heat < 10 
Gravity < 10 
Wind < 47 @ 64km/h 

 
The phenomena of the radio wave propagation, especially the reflection and the radio refraction 
(the ray bending), should be also considered for the target in low elevation angle. The impact of 
the radio reflection depends on the geometry of the ground tracking system and the target, Half 
Power Beam Width (HPBW) of the ground tracking antenna, and the geography. If the elevation 
angle of the ground tracking antenna is more than HPBW and the reflection surface is flat, the 
error due to the reflection is decreased very rapidly. The refraction is more complex and it 
depends on the atmospheric conditions as well as the geometry (elevation angle of the ground 
antenna system and the target altitude). 
 
It is known that the Radio wave in a homogeneous medium (as free space) takes the straight-
lined propagation path, but it undergoes the bended path in the non-homogenous medium (as 
atmosphere) which is a function of refractivity. The refractivity (N) in the atmosphere is 
calculated with the atmospheric parameters as follow; 
 

  (1) 
 

where  P = pressure (millibars) 
T = Temperature (Kelvin) 
e = Water vapour pressure (millibars) 

 
A variety of explanations for the effects of refraction has been proposed with theory and 
measurement data over the decayed years. And many formulas to calculate the refraction angle 
in simple terms also have been introduced. As an example, the formulation for the total 
refraction ( ) is presented as follows by H.E. Clark of Goddard Space Flight Centre.  
 

 
 

        (2) 
 

where  = Total refraction in radians 
         = Surface refractivity 

       = Ground elevation angle 
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Figure 1 shows the radio refraction angles versus the antenna elevation angles which are used in 
most organizations such as United State Navy Observatory (USNO), National Aeronautics and 
Space Agency (NASA), Centre National d’Etudes Spatiales (CNES), and INTELSAT for 
aerospace to compensate simply the refraction errors. The range of the angular error due to the 
refraction could be up to 600 milli degrees at low elevation angle of less than 10degree which 
could not be neglected for the accurate measurement. 
 

 
Figure 1 Refraction errors versus elevation angle (reference) 

 
In this document, we review the impact of the radio refraction on the tracking accuracy, 
especially in low altitude and low elevation angle, by analysing the data measured from the flight 
tests performed in NARO space centre, South Korea.  
 
 

MEASUREMENT AND ANALYSIS 
 
A. FLIGHT TEST AND MEASUREMENT SYSTEMS 
 
For the flight tests, the airplane with the onboard units (GPS, S- and C-band transmitters for 
Korean Space Launch Vehicle KSLV-I) flew over the sea around the southern area of South 
Korea in the range of 1.5 ~ 4.5km altitude. The ground tracking systems such as the tracking 
radars in C-band and the telemetry antenna systems in S-band tracked the airplane at the distance 
about 5km ~ 150km and measured the position of the airplane in spherical coordination data 
(Range, Elevation and Azimuth). The position of airplane was also measured by the On-board 
GPS in x, y, z of geocentric during the flight, and the on-board GPS data was converted into the 
spherical coordination data originated on the ground tracking systems to compare it with the 
measurements of tracking system, after flight. 
 
The accuracy of the ground tracking systems had been verified with the calibration targets and/or 
Low Earth Orbit (LEO) satellites. It had been confirmed that the tracking accuracy and the 
pointing accuracy of 11m telemetry antenna are less than 0.02 and 0.05 deg, respectively and the 
tracking accuracy of the radar system is less than 0.01degrees, excluding the radio refraction 
factor. Of cause the tracking accuracy measured by using LEO satellites also has the uncertainty 
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due to the uncertainty of the LEO pass data in NORAD (North American Aerospace Defence 
Command) TLE (Two Line Element), but this uncertainty could be ignored if we use the pass 
date updated within 14hours. 
 
The GPS system has the accuracy of +/- 15m for altitude, and this accuracy makes the angle 
errors of about 0.172 ~ 0.0057degree for the tracking system in 5~150km apart from the target. 
This means that the difference between the converted GPS data and the tracking data of the 
ground systems would not represents the refraction error when the airplane is too close to the 
ground tracking antenna. The characteristics of Tracking systems and GPS which were used 
during the flight test are shown in the Table II. 

 
TABLE II MEASUREMENT SYSTEM CHARACTERISTICS 

 TLM Antenna Tracking Radar GPS 

Type Parabola 2 axis (El./Az.) Parabola 2 axis (El./Az.) - 

Size 11 m 3 m - 

HPBW 0.42 deg 0.5 deg - 

Frequency 2.2 GHz 5 GHz 1.5GHz 

Accuracy < 50 mdeg < 10 mdeg 15 m 
(172~5.7mdeg@5~150km) 

 
 

B. MEASUREMENT RESULTS 
 

The difference between the elevation angle of the converted GPS data and the elevation angles of 
the ground tracking systems (telemetry antenna system and tracking radar) are examined based 
on the measurement data. Figure 2 and Figure 3 show the elevation angle difference between the 
data of the tracking stations and GPS data measured at the flight test on April and May 2008, 
respectively. Figure 4 shows the elevation angle differences during the 1st launch of the KSLV-I 
on August 2009. Data of two telemetry systems and a radar system are analysed. 

 
Figure 2 Elevation errors of flight test on April 2008, a)telemetry station#1, b)telemetry station#2 
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Figure 3 Elevation errors of flight test on May 2008, a) telemetry station#1 b) telemetry station#2 

 

 
Figure 4 Elevation errors of 1st launch of KSLV on August 2009 

 
 
C. ANALYSIS 

 
The angular difference contains the accuracy of systems and the external factors such as 
refraction and reflection. The rapid fluctuation in the curves is due to the monopulse tracking 
mechanism of the tracking system and the radio reflection in very low elevation of less than 1 
degree. The angle difference between the GPS data and the tracking angle of the ground tracking 
system is increasing as the elevation angle is getting lower. Especially for the elevation angle of 
less than 10 degree, the error values are much bigger than the range of the error due to the 
internal factors of the tracking system. i.e. the angle errors in low elevation of less than 10 degree 
are few hundred milli degree and the errors due to the system internal factors are about 50 milli 
degrees maximum. The trend (or envelope) of the bigger difference in the lower elevation angle 
tell us that the difference is due to the radio refraction. 
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The representatives of the refraction angle errors measured from the several flight tests which the 
target flew at low altitude of less than 5km are as in the figure 5. The pattern of the measured 
refraction error is similar to the reference curves which are used in other organization for the 
astronomical observation, but the amplitude is about 50~60% of the reference values that are for 
the target in the space. The difference (refraction angle) for the 1st launch of KSLV in figure 4 is 
bigger than that of the flight test with airplane in figure 2 and 3. This shows us that the refraction 
error depends on the target altitude - the lower the target altitude, the smaller the refraction error.  
 

 
Figure 5 Refraction angle (measured) 

 
We can also see that the refraction angle errors are almost the same for the telemetry antenna in 
2GHz and the tracking radar in 5GHz. Which means that the refraction error is independents of 
the frequency, as described in the formula 2). The minor difference in the data of two systems in 
the different frequencies is due to the system characteristics but not due to the difference of 
refraction. 
 
 

CONCLUSION 
 

The tracking errors due to the refraction have been evaluated by comparing the data measured 
with 2GHz telemetry antenna, 5GHz tracking Radar in NARO space center and GPS. The 
evaluation data shows that there is the angle error due to the radio refraction in the air which is 
much bigger (few hundred milli degrees) than the system accuracy (few tenth milli degrees) and 
to be considered for the precise measurement of the target position. The refraction error is 
independent on the frequency, but it depends on the elevation angle of the ground tracking 
antenna which is related to the altitude of the target. The measured refraction errors for the target 
in low altitude of less than 5 km are much smaller (about 60%) than that for the target in the 
space. Also we can confirm that the refraction in the air is independent of the frequency so that 
the errors of 2GHz and 5GHz system are the same. 
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ABSTRACT 
 

In this article we present a design of an L-band slot loop antenna with a dielectric loaded 

conductor backed coplanar waveguide (CBCPW) feed.  The coplanar slot loop antenna has a 

transmission line resonator in series.  We used full wave electromagnetic simulations with 

Ansoft’s high frequency structure simulator (HFSS) software in the design of the coplanar slot 

loop antenna.  The series transmission line resonator helps to tune the coplanar slot loop antenna 

and reduce its size.  We present here results on return loss and radiations patterns of coplanar slot 

loop antenna obtained from HFSS simulations. 

 

Key Words:  slot loop, coplanar waveguide, return loss, bandwidth, radiation pattern 

 

 

 

INTRODUCTION 

 

Phased array antennas that are small in size and weight are needed for aeronautical telemetry 

applications.  Antenna elements such as microstrip patches, dipoles, and slots are large in size at 

L-band frequencies and they are usually half the size of wavelength of electromagnetic waves at 

their resonant frequencies. It is desirable to use small size antenna elements that have high gain 

and high band width in a phased array antenna that would be useful for aeronautical telemetry 

applications.  A coplanar slot loop antenna is smaller in size than a microstrip patch antenna.  A 

slot loop antenna in a coplanar waveguide configuration has bidirectional radiation patterns [1].   

Adding a conductor backing to coplanar waveguide would change the radiation pattern of the 

slot loop antenna.  In this paper a novel design of a compact square shaped slot loop antenna that 

is formed on a dielectric loaded conductor backed coplanar waveguide structure is presented.  

Full wave finite element electromagnetic simulations were performed on the coplanar slot loop 

antenna element with Ansoft HFSS software.  Calculated return loss and radiation patterns of the 

coplanar slot loop antenna are presented. 
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GEOMETRY AND STRUCTURE 

 

The basic building block of coplanar slot loop antenna element is a dielectric loaded conductor 

backed coplanar waveguide.  Figure 1 shows a diagram of a dielectric loaded CBCPW that has 

finite upper ground planes.  This transmission line consists of a substrate of height h1 and relative 

permittivity of εr1.  A signal conductor line of width 2S is sandwiched between two finite ground 

planes.  The distance between the two ground planes is 2(S+G). The coplanar transmission line 

has a bottom ground conductor.  The upper ground planes and bottom ground conductor layer are 

joined using via cylinders.  A dielectric material of height h2 and relative permittivity εr2 covers 

the two upper ground planes and signal conductor.  The permittivity of dielectric cover layer is 

higher in value than the permittivity of the bottom substrate.  In a conventional CBCPW RF 

power leaks from dominant coplanar waveguide modes to unwanted parallel plate modes.  In 

order to suppress leakage of RF power to parallel plate electromagnetic modes, we used a 

dielectric cover layer in addition to via cylinders.  A Rogers Duroid 5880 substrate of thickness 

1.57 mm is used as the bottom substrate and its relative permittivity is εr1 = 2.2 and its loss 

tangent is tan δ1 = 0.0009.  A planar dielectric layer without copper cladding is used to cover the 

upper ground planes and signal conductor in the CBCPW transmission line.  The permittivity of 

dielectric cover layer is εr2 = 3.27 and its loss tangent is tan δ2 = 0.002.  The thickness of the 

dielectric cover layer is 0.381 mm. 

 
Figure 1. Schematic diagram of a dielectric loaded CBCPW. 

 

 

DESIGN OF A FEED FOR ANTENNA ELEMENT 

 

The effective relative permittivity of the transmission line shown in Fig.1 is given by the 

following expressions: 
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Here εr1 is relative permittivity of bottom substrate and εr2 is relative permittivity of the dielectric 

layer that covers signal conductor and ground planes of CBCPW.  The filling factors for the 

dielectric loaded CBCPW are  q1 and q2.  The functions K(ki)  with i = 0,1,2 in equations 1 and 2 

are complete elliptic functions of first kind K(ki).  The arguments of the complete elliptic 

functions of first kind are given by expressions given below: 
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The characteristic impedance of a CBCPW loaded with a dielectric layer is given by the 

expression: 
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These expressions were obtained by conformal mapping method and they are discussed in detail 

in reference [2]. 

 

Matlab software has a subroutine on complete elliptic function of first kind and a Matlab 

program was developed to perform design calculations for a dielectric loaded CBCPW.  A 

dielectric loaded CBCPW feed with a characteristic impedance of 50 ohm was designed with the 

Matlab program.  A signal conductor of width 2S = 12.35 mm and a gap with a width of  G = 1 

mm provided a characteristic impedance value of 50 ohms for the dielectric loaded CBCPW 

feed. Effective permittivity of dielectric loaded CBCPW was also calculated and it is εreff = 3.8. 

The values of 2S and G were used in the design of a dielectric loaded CBCPW feed line to a 

square shaped slot loop radiating element as shown in Fig. 2. 
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SQUARE SHAPED COPLANAR SLOT LOOP RADIATING ELEMENT 

 

Resonant frequency fres of a square shaped coplanar slot-loop antenna depends on the length of 

its circumference.  The wavelength of guided waves in the slot loop radiating element was 

calculated using an expression given below: 
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Here c is the velocity of electromagnetic waves in free space.   

 

A coplanar slot loop antenna with a dielectric loaded CBCPW feed line is shown in Fig. 2.  The 

guided wavelength in the antenna is 121.8 mm when fres = 1.7 GHz and Ɛeff = 2.1.  The length of 

an outer side of the square shaped slot loop radiating element is 25 mm.  The width of the slot of 

the loop is 1 mm. The patch region is 24 mm x 24 mm in size.  The dielectric loaded CBCPW 

feed line has a length of 30 mm.  A SMA type coaxial connector is fixed to the bottom of the 

lower substrate.  The cylindrical signal conductor of SMA connector is attached to the signal 

conductor of the dielectric loaded CBCPW feed line and it is at a distance of 5.75 mm from the 

bottom of the patch enclosed by the square slot loop.  The slot loop radiating element with feed 

transmission line section has an additional dielectric loaded CBCPW transmission line of length 

24.25 mm below the SMA connector.  This additional dielectric loaded CBCPW transmission 

line section is in series with the square slot loop antenna and it serves as a resonator.  The upper 

ground plane surrounds completely the dielectric loaded CBCPW transmission line.  The slot-

loop antenna was printed on 85 mm X 90 mm Rogers Duroid 5880 substrate. 

 

 
Figure 2.  A square shaped slot loop antenna with a dielectric loaded CBCPW feed. 
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FULL WAVE ELECTROMAGENTIC CALCULATIONS  

 

A detailed study of the square shaped slot-loop antenna with CBCPW feed and a series resonator 

was carried out by performing full wave finite element electromagnetic calculations using HFSS 

software. A diagram of the geometry of the setup used in our computer simulations is shown in 

Fig.3.  The upper ground plane of CBCPW structure of the antenna is connected to the bottom 

ground plane of RT Duroid 5880 substrate by using four copper via cylinders of radius 0.5 mm 

in the feed region and four additional copper via cylinders in the slot loop element region.  The 

vias along with dielectric loading of the CBCPW feed significantly suppressed excitation and 

propagation of unwanted parallel plate modes in the antenna structure.  Radiation boundary 

conditions, excitation at SMA connector and a frequency sweep was set up in HFSS software 

and electromagnetic calculations were performed on the antenna structure in Fig.3.  

 

 
Figure 3.  Diagram of the square shaped slot-loop radiating element with a dielectric loaded 

CBCPW feed in Ansoft HFSS software. 

 

 

RESULTS 

 

The return loss as a function of frequency for the square shaped slot-loop antenna is shown in 

Fig. 4.  A plot of real and imaginary parts of input impedance of the coplanar slot loop antenna is 

shown in Fig.5.  The resonant frquency of square shaped slot-loop antenna is 1.7 GHz. and its 

return loss at the resonant frequemcy is -21 dB.  The coplanar slot loop antenna has a bandwidth 

of 107.3 MHz at return loss value of -10 dB. The -10 dB bandwidth of the antenna is 6.3%. 
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Figure 4.  Return loss of square shaped coplanar slot-loop antenna as a function of frequency. 
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Figure 5.  Plots of real (green) and imaginary (blue) parts of input impedance of slot-loop 

antenna . 

 

Far field radiation patterns of the coplanar slot loop antenna were calculated with Ansoft HFSS. 

Polar plots of Eθ at φ = 0º  and φ = 90º are shown  in Fig.6.  Polar plots of Eφ at φ = 0º and φ = 

90º of the antenna are shown in Fig.7. 
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Figure 6.  Calculated Eθ radiation patterns of coplanar slot loop antenna at φ = 0 º and at φ = 90º  

and at 1.7 GHz. 
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Figure 7.  Calculated Eφ radiation patterns of coplanar slot loop antenna at φ = 0 º and at φ = 90º  

and at 1.7 GHz. 
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DISCUSSION 

 

In order to understand the role of the section of the dielectric loaded CBCPW transmission line 

that lies below the center of the SMA connector in Fig.2, we plotted electric field vectors at 1.7 

GHz on the coplanar antenna printed on the Rogers Duroid 5880 substrate using HFSS.  The E-

field vector plot showed that this additional transmission line section acts as a resonator.  The 

length of the slot of the resonator section of the transmission line is 60.85 mm and it is half the 

guided wavelength of EM waves at 1.7 GHz.  When the length of the transmission line section 

was reduced, the resonant frequency of the slot loop antenna increased to slightly higher 

frequency value in our simulations.  The transmission line resonator is useful to tune the resonant 

frequency of coplanar slot loop antenna. 

 

The sum of the length of the square shaped slot loop and the dielectric loaded CBCPW feed line 

upto the center of SMA connector is slightly smaller than one guided wavelength at 1.7 GHz.  

Moreover the center of the SMA connector is at a distance of 30.25 mm from the mid point of 

the top slot of the square shaped radiating element and this distance is about λg/4.  The E field 

vector plot on the radiating element also showed that a quarter wavelength EM wave fits in this 

region of Fig.2.  The E-field magnitude is nearly zero at the center of the SMA connector and it 

has maximum positive amplitude at the top slot of the square shaped radiating element and a 

maximum negative amplitude at the bottom of the resonator section. The observed E field vector 

plot for the coplanar slot loop antenna of this paper is different from the electric field distribution 

described for a rectangular coplanar slot loop antenna in reference [1].  The antenna in reference 

[1] has a different type of feed and it does not have a series transmission line resonator. The 

square shaped coplanar slot loop antenna on a dielectric loaded CBCPW structure proposed in 

this paper is small in size and it has desirable radiation pattern for telemetry applications.  It is 

planned to fabricate this antenna and measure its return loss and radiation patterns in future. 
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ABSTRACT 
 
Recognizing the current and future requirements of extending Telemetry, TT&C, Earth 
Resources operations into the C-Band (4400-5200 MHZ) arena, Orbit Communication 
Systems and Orbit Communication Ltd. are currently designing and testing a Tri-Band 
auto-tracking / receive / transmit feed technology combining dual polarization with 
multiple frequency band coverage (L/S/C) into a single feed that can be fitted onto new 
or existing antenna systems. This technology reduces footprint and minimizes life cycle 
cost, both of which are important considerations for both our commercial and military 
customers. This technology has been applied to a number of systems, including 
flyaway, fixed (or teleport) and shipboard, and is readily applicable to ground and mobile 
applications. The multiband feed design consists of coaxial, concentric waveguide 
cavities operating in TE11 and TE21 modes (Patent Pending).  
 
The large outermost cavities of the feed operate in the L/S frequency band while the 
innermost cavities operate at C-Band. The antenna is fed with orthogonally polarized 
inputs/outputs enabling polarization diversity in all bands. The coaxial cavity feed is 
ideal for this application because the feed produces high-efficiency, near-optimum 
illumination patterns and coincident phase centers in all three bands simultaneously. 
Because it is a waveguide design, the input power levels used in Telemetry and 
Satellite systems do not present breakdown problems. This type of feed has proved to 
be an ideal multiband illuminator for parabolic reflectors, and therefore could be used in 
many military and commercial applications that require multiband operation.  
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INTRODUCTION 
 
Current Telemetry Test Range (TTR) and most TT&C (Telemetry, Tracking and Control) 
antenna systems operate in only one or two frequency bands at a time. Most systems 
provide the capability of operation in the main frequency bands (L, S) and more recently 
C. These systems require the one or two feed assemblies, components and system 
electronics to operate in the different bands. TTR’s are now being required to use C-
band due to WRC (World Radiocommunications Conference) [6] selling off the existing 
L & S-bands. Eventually these will disappear completely for TTR and TT&C uses, as 
well as commercial. Tri-band operation with two feeds and a dichroic sub-reflector [7] so 
far have met with limited success. TT&C and Earth Resource systems such as 
LANDSAT, etc. with separate S and X-band operation utilize a dichroic sub-reflector to 
allow both feeds to operate in the same reflector to minimize the cost of two separate 
systems at a cost to SNR (Signal-to-Noise Ratio) and G/t (Gain vs. Temperature).  
 
There has not been an overwhelming need until now to utilize systems that use all three 
bands for TTR nor have there been attempts to remove the dichroic sub-reflector for 
multiband use. Typical operations called for a single or dual frequency band to be 
utilized at any given time. Simultaneous multiband operation has not been a 
requirement until now. Coupled with this new development is the growing need for more 
and more data rate bandwidth. In the 1950’s, Telemetry was limited to around 128 kbps. 
Today the envelope is pushing 20 Mbps for TTR and over 1500 Mbps for TT&C.  With 
the upcoming decisions being proposed at the WRC2012, as well as the new CTEIP / 
iNet TTR (Central Test and Evaluation Investment Program) / (integrated Network 
Enhanced Telemetry) requirements for two-way interoperability from vehicle to ground, 
the need for an antenna to operate, transmit, receive and auto track simultaneously in L, 
S and C-Band is necessary from both an operational standpoint and a cost standpoint. 
Initial requirements call for transmit and receive functions in L-Band while 
simultaneously receiving L, S, and C-Band downlinks. Future requirements will expand 
to include transmit and receive capabilities in both L and C-band or S and C-Band. This 
paper describes the technology, and testing of an antenna feed that provides 
simultaneous operation in all three (L, S, C) Bands. 
 
 

MULTI-BAND FEED 
 
Basically, the feed design consists of a formation of coaxial concentric waveguide 
cavities operating in both the TE11 or SUM mode and TE21 DIFFERENCE modes. Sum 
and Difference are used for auto tracking purposes using Single-Channel Monopulse, 
Three-Channel Monopulse, and E-Scan tracking. It is also possible using a quadrature 
varactor to obtain a true circular scanning function similar to Conical Scanning 
(ConScan) feeds employed today. By switching or phase-shifting the Difference channel 
and coupling it to the Sum channel you derive Amplitude Modulation (AM) used to 
define direction and magnitude to move the feed and system to maintain track on a 
target.   
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These modes, normally used in circular waveguide feed design, are also amenable for 
use in coaxial waveguide. The frequency of operation of this mode, in coaxial 
waveguide, is dependent on the dimensions of the inner and outer radius of the 
waveguide cavities, the cutoff wavelength being roughly equal to the mean 
circumference of the inner and outer cylinders. The larger outermost cavity of the feed 
operates at low L-Band while the innermost cavity operates at C-Band. There are (4) 
concentric cavities: (3) cavities are fed with orthogonal probes to permit polarization 
diversity in each band, and the center cavity is fed with orthogonal waveguide to permit 
polarization diversity in C-band. 
 
As shown in Figure 1 below, electric fields are set up by the eight difference probes – 
the green produced by probes 1, 3, 5 and 7 and the red produced by probes 2, 4, 6 and 
8. The resultant pattern is symmetrical about the waveguide axis and is everywhere 
circularly polarized. 
 

 
 

Figure 1 – TE21 Mode Propagation 
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The coaxial cavity feed is ideal for this application because the feed produces high 
efficiency, near optimum illumination patterns and coincident phase centers in all bands. 
Also, because it is a waveguide design, input power levels used in TTR and TT&C 
systems present no breakdown problems. Based on experience with this type of 
antenna, the feed has proven to be an ideal multi-band illuminator for parabolic 
reflectors and therefore could be used in many applications, civilian as well as military, 
which require multi-band operation.  
 
The design of the cavities at L & S bands  involved analysis and simulation using two 
Microwave Simulation Suites (AnSys® HFSS™ and CST®) and then running the 
Primary patterns in the old Ohio State Code or NECREF™ to achieve secondary 
patterns. After extensive simulation, it was determined that the best approach involved a 
stair-step configuration due to high VSWR (Voltage Standing Wave Ratio) occurring 
while fitting both continuous L & S band operation in one or two cavities.  
 
The first approach yielded good patterns, but very high VSWR in the TE11 SUM 
channels for L & S band. It was the intent from the start to have lower or equal to VSWR 
of 2.0:1 for Transmit requirements and also minimize loss for good G/t measurements. 
C-band was well below 1.5:1 VSWR in both the SUM and DIFFERENCE TE21 cavities. 
So, another approach was taken. Instead, the largest cavity was used only for the lower 
L-Band (1435 to 1540 MHz) DIFFERENCE mode. One set of 90 degree and 180 
degree couplers and phase shifters defines and extracts the TE21 mode.  
 
Because TTR’s use L & S-Band simultaneously through one pair of RF cables, we have 
to combine the lower L-band with the upper L and S-bands. This is accomplished 
through the use of a diplexing pass band filter. It is advantageous to filter and combine 
prior to amplification through a Low-Noise Amplifier (LNA) to establish the G/t of the 
system. The Difference channel VSWR for L & S-band was still high, but because it is 
coupled at a level at least -6 dB below the Sum channel it is not considered a problem. 
See Figure 2 below. 
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Figure 2 – Tri-Band Feed SUM / DELTA Diagram 
 
The design of the feed involved the simulation of its primary and secondary patterns. 
The pattern simulations showed that the feed produced good symmetrical patterns and 
the pattern beam widths were very similar in all three bands. This result is significant 
because the same reflector would be illuminated similarly in L, S, and C bands, a highly 
desirable outcome. 
 
 

REFLECTOR ANALYSIS 
 
The secondary pattern analysis proceeded using a symmetrical parabolic antenna. This 
antenna system provided the best results of the antenna geometries that were analyzed 
prior to this point. The secondary patterns for this antenna were calculated for this 
geometry using the primary patterns of the feed. The antenna consists of a 3.0 meter 
antenna. The secondary patterns were calculated using a feed blockage of 8.5 inches 
located at the focal point. Three struts were included as part of the analysis. The 
secondary patterns showed good efficiency and sidelobe characteristics. The symmetric 
geometry eliminated the cross-polarization problems of the offset configuration. Patterns 
were calculated for this antenna geometry and data that was measured on a prototype 
antenna using this configuration are shown below. The antenna is being built and tested 
to confirm the accuracy of the calculated results. The simulations proved that the phase 
centers of all three bands are coincident. The coincident phase centers are necessary 
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to allow operation of the antenna in multiple bands simultaneously. The feed is capable 
of being focused in all three bands without having to readjust the feed positioning. 
 
 

ANTENNA RANGE TESTS 
 
This antenna is only in the initial stages of prototype at the time of this writing. The 
prototype feed aperture was used to measure the expected secondary patterns in a 3.0-
Meter antenna system. The plots below show the results of the measurements in L and 
S band. Figures 3-5 show the patterns from the feed. As can be seen from the figures 
below, the patterns show a very good symmetry between the E and H plane patterns. 
 
Each figure contains:  
 
----  Red line - SUM pattern  
 
----  Green line - Difference pattern  
 
----  Black line - Right tracking lobe  
 
----  Blue line - Left tracking lobe  
 

 
 

Figure 3 – L-Band Secondary COMPOSITE Measured Pattern 
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Figure 4 – Low S-Band Secondary COMPOSITE Measured Pattern 

 

 

 
Figure 5 – High S-Band Secondary COMPOSITE Measured Pattern 
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EXTENSION TO HIGHER BANDS 
 
The nature of the feed design lends itself to being expandable to more frequency 
ranges. The C, X, Ku and Ka-Bands are currently being used for both commercial and 
military and rely on receive, transmit and auto track. Many antenna feeds in these 
higher bands are already produced and patented for the TE11 modes of operation. 
However, they lack the additional TE11 modes that this design addresses. The feed 
design allows a straightforward expansion into these bands should the requirement 
arise to have a multi-band tracking antenna system. The addition or extension of X, Ku 
or Ka-band requires only the cavities and RF circuits to be modified. This extension 
would then make the feed desirable for a host of commercial and military applications 
once completed. It must be pointed out, however, that at frequencies above C-band the 
surface tolerance of an antenna becomes critical, and with a similar size of a reflector 
needed for C-Band the surface tolerance and positioner pointing accuracies needed for 
X, Ku and Ka-Band would be difficult to achieve and would require a complete and 
thorough re-examination. 
 
 

SUMMARY 
 
The feed design described in this paper provides a state-of–the-art solution to the 
problem of operating simultaneously in multiple Telemetry and Satellite communication 
frequency bands. With the emerging satellites such as those required for Earth imaging 
resource mapping, commercial space launch, weather, Internet as well as military 
satellites and Telemetry ground stations the requirements to be able to operate 
simultaneously in multiple bands will demand the utilization of this technology. The feed 
described in this paper supplies the technology to meet the requirements for a high 
reliability, low risk, and multi-band feed system. 
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ABSTRACT 
 

Undetected sensor malfunctions during flight testing can lead to cost overruns and program 
delays.  Determining the presence of these faults in a timely manner allows the operator to 
mitigate their effect.  One way to detect these faults is to use a priori knowledge of sensor 
calibration data and system dynamics to calculate measurement uncertainties.  These can then be 
used to determine the integrity of the sensor data and report violations of expected sensor 
behavior.  Analytical redundancy methods and residual processing can be used in conjunction 
with a priori sensor information to detect faults otherwise unobserved with single-instrument 
data as well as to isolate and identify failure modes.  These simulation and analysis methods 
have been implemented as MATLAB® Simulink® blocks and were used to model the flight 
instruments, detect anomalies in the navigation instruments, and locate the origin of the errors of 
a flight test data set. 
 
 

INTRODUCTION 
 

The verification of flight test data prior to engineering analysis can eliminate wasted resources in 
the event of sensor malfunctions.  Existing methods for data assurance relies on redundant 
sensors measuring a single parameter.  While effective at detecting many types of failures, this 
approach has significant impacts on cost, weight, and power budgets of flight test programs.  
Utilization of analytic relationships between dissimilar instruments provides the capability to 
verify data without the need for the installations of multiple sensors measuring the same 
parameter.  Data verification can be automated using parity tests of the available sensors and a 
fault processor.  
 
A specialized MATLAB® Simulink® blockset, DAEBAT, has been developed for the purpose of 
error analysis and fault detection.  These nodes are designed to automatically import data, 
transform or translate states, complete integrity analyses, and perform fault detection and 
identification with real-time test data. 
 

INTEGRITY REPORTING  
 
Stanford plots are useful for displaying the accuracy and integrity of navigation system data in a 
concise, time-independent diagram [1].  In order to generate a Stanford plot, the error, error 
bound, and alert limit of a given parameter must be known.  The error is typically calculated by 
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differencing two measurements of the same parameter from separate data sources.  These 
measurements are not always available in real-time and may require offline analysis to generate.  
The error bound is equal to the standard deviation of the parameter multiplied by the integrity 
factor of the system.  For example, an integrity factor of 1 correlates to a 1σ error bound, 
theoretically bounding 68.27% of the data.  Finally, an alert limit is set by the user based on safe 
operating conditions and the criticality of the metric being monitored. 
 
The X-axis of the Stanford integrity plot represents the accuracy of the system, and the Y-axis 
represents the integrity.  The X value is obtained by dividing the error at a given time step with 
the user-defined alert limit.  The Y value of a data point is calculated by dividing the error bound 
with the alert limit.  To populate an integrity plot, these quantities are calculated at each 
individual time step.  If multiple data points share the same X and Y coordinates, the density 
increases and is reflected in the color as indicated by a color bar scale. 
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Figure 1: Stanford Integrity Plot 

 
Figure 1 shows the distinct areas of the Stanford plot which are formed by the boundaries of 
three lines: X=1, Y=1, and X=Y.  In order for the system to operate safely, the accuracy and 
integrity ratios must be less than the alert limit.  This implies that the X and Y values of any 
given data point should be less than 1 to ensure safety.  In addition, the error bound of a 
parameter should always exceed the actual error and this establishes a condition of Y>X.  The 
combination of these three boundaries creates the System Operational area.  If analysis of an 
entire data set places all points within this confined area, it corresponds to a time history plot 
where the error never exceeds the error bound and the error bound never exceeds the alert limit 
as shown in Figure 2. 
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Figure 2: Time History Representation of System Operational Data 

 
Data is considered to be Misleading Information (MI) [2] if at any time the error exceeds the 
error bound.  Because the error bound is calculated using a priori knowledge of the hardware, 
exceeding this bound implies that one or more of the sensors used to form the error are not 
behaving properly.   MI located in the lower-left quadrant of the plot is not considered dangerous 
since the error is less than the alert limit.  If the MI is located in the lower-right quadrant, it is 
considered Hazardous Misleading Information (HMI) since the error exceeds both the error 
bound and alert limit.  In situations where the error is not available in real-time and the system 
fails to bound the error, the user would not be aware that they are operating in a potentially 
hazardous condition.  If the MI is located in the upper-right quadrant, the data is not considered 
hazardous since the system would declare a fault due to error bound violations of the alert limit. 
 
When displayed in a time history plot, the error bound and alert limit are drawn symmetrical 
about the X-axis.  If the measurement data sources agree, the error should appear as a zero-mean 
line surrounded by the error bound and alert limit.  However, in many instances such as that 
shown in Figure 7, the error (blue) exceeds the error bound (red) and alert limit (green) 
indicating that a fault is present in the system.  
 
It should be noted that the error bound of some parameters is often available in real time while 
the error is not.  An example of this would be the GPS relative position data during a flight test.  
Many techniques used to resolve the integer ambiguity of Differential Carrier Phase GPS 
measurements require an entire data set and significant processing time to achieve.  While this 
quantity may not be available in flight, the error characteristics are predictable based on factors 
such as the type of receiver, number of satellites present, and the distance between receivers.  In 
this situation where the error is not available in real-time, it is helpful to have a real-time 
estimate of the error bound to guarantee that the worst-case error of a parameter is bounded. 
 
 

INTEGRITY ANALYSIS OF MULTIPLE SENSORS 
 

Analysis of multiple sensors measuring the same parameter can be achieved through direct 
comparison.  Each sensor providing a parameter measurement is considered a Data Source and 
assumed to provide the real-time measurement, mean, and covariance.  In a two Data Source 
system, the error is formed by differencing the measurement or mean of Data Sources #1 and #2.  
 
The covariance of each Data Source is added together since combining the error bounds 
increases the uncertainty of the error.  If the integrity diagram generated for a given data set has 
all data points within the System Operational area, the sensors used to form the error are 
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considered healthy.  If a violation occurs, a fault is detected but the source is not identified.  
Figure 3 shows the process flow for a two-sensor integrity test, also known as a parity test. 
 

 Data Source #1 
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Figure 3: Integrity Analysis for Two Sensor System 

 
A third data source is required to automatically identify the origin of a fault.  In an N-sensor 
system, each sensor is integrity tested against two others and the results are fed into a fault 
processor.  The number of integrity tests required to identify a fault source is equal to the number 
of sensors used to measure the same parameter.  Figure 4 shows a process flow for an N-sensor 
system. 
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Figure 4: Integrity Analysis and Fault Detection of an N-Sensor System 

 
 

ANALYTIC REDUNDANCY 
 
Analytic redundancy allows the comparison of two dissimilar instruments through analytical 
relationships in order to detect failures or anomalies in the data set.  This method is advantageous 
because it does not require redundancy in hardware and instrumentation to guarantee data 
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integrity.  However, a stringent approach is required when selecting the instrumentation to 
ensure observability of faults. 
 
For example, an analytic redundant relationship exists between a static pressure transducer and a 
GPS receiver.  Derivation of the U.S. Standard Atmosphere 1976 [3] model using chain errors 
was presented by Williamson, et al. [4] at the 2008 ITC Conference for the purpose of enabling a 
barometric altimeter to transform the measurement, mean, and covariance of static pressure into 
the measurement, mean, and covariance of altitude.   
 
However, calculation of the pressure altitude is sensitive to deviations from the idealized 
Standard Atmosphere model and subsequent errors can prevent a direct comparison to an inertial 
data source such as GPS.  The effect of these discrepancies can be reduced by taking the 
derivative of each data stream, dM, as shown in (1).   
 

t
MMdM tt

∆
−

= +1  (1) 

 
Mt and Mt+1 are the successive measurements at times t and t+1 and ∆t is the time between 
measurements.  The bias between the sources is eliminated through the derivative and any scale 
factor errors have a negligible effect.  This allows a direct comparison of the vertical rates as 
calculated by both the barometric altimeter and GPS receiver.   
 
We assume the successive measurements from each source are independent and therefore the 
covariance of the derivative PdM is the sum of the successive covariances as shown in (2). 
 

tt MMdM PPP +=
+1

 (2) 
 
Through comparison of these derivative measurements, the static pressure transducer and GPS 
receiver can be used to verify each other with a parity test. 
 
 

FLIGHT TEST VERIFICATION 
 
A flight test data set provided by Edwards Air Force Base is used to demonstrate fault detection.  
This paper utilizes the static pressure sensor and GPS receiver from the flight test data set.  
 
The original engineering analysis done on the same flight test data discovered that the static 
pressure measurement by the barometric altimeter experienced an intermittent bias throughout 
the flight test.  We demonstrate by simulation how the MATLAB® blockset could have detected 
this fault automatically in real-time.  Figure 5 shows the Simulink model used to analyze the 
barometric and GPS vertical rates. 
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Figure 5: Barometric vs. GPS Vertical Rate Analysis 

 
Figure 6 shows the time history error, error bounds, and alert limits when comparing the 
barometric and GPS vertical rates for a segment of the test when no faults are present.  Note the 
error (blue) is bounded by the uncertainty (red) which is bounded by the alert limit (green). 
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Figure 6: Barometric vs. GPS Vertical Rate Time History (No Faults) 

 
Figure 7 shows the altitude rate error for a larger segment of the flight test which includes 
segments where the barometric altimeter was malfunctioning.  These errors manifest themselves 
on the time history plot as the data points outside of the uncertainty bound and alert limit. 
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Figure 7: Barometric vs. GPS Vertical Rate Time History (Faults Present) 

 
Figure 6 and Figure 7 are then used to construct the integrity plots shown in Figure 8 and Figure 
9, respectively.  In Figure 6, the altitude rate error is bounded by the uncertainty which is then 
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bounded by alert limit for the entire segment, resulting in 100% of the data being located in the 
System Operational area of the integrity plot in Figure 8.   
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Figure 8: Barometric vs. GPS Vertical Rate Integrity Plot (No Faults) 

 
In Figure 7, most of the error lies between the error bounds and alert limits with exception of 
several violations.  This corresponds to the majority of the points being located within the System 
Operational area of Figure 9.  The error bound and alert limit violations are expressed by the low 
density data in the lower-left MI and lower-right HMI regions.  The uncertainty bound does not 
fluctuate throughout the test and hence the Y value (the integrity value) of the plotted data 
remains constant.  Presence of data outside the System Operational area is indicative of a sensor 
malfunction although the faulty source cannot be identified from this test alone. 
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Figure 9: Barometric vs. GPS Vertical Rate Integrity Plot (Faults Present) 

 
A direct comparison of the altitudes as reported by each sensor is shown in Figure 10.  Although 
the two flight paths should not necessarily line up, significant jumps in altitude can be observed 
in the flight path which uses the barometric altimeter (red) as opposed to the GPS altitude 
(yellow). 
 

 
Figure 10: Flight Paths in Google Earth® 

 
 

APPLICATIONS TO FLIGHT TEST OPERATION 
 
Utilization of analytic redundancies enables instrumentation faults to be detected and identified 
in data sets with a minimum amount of hardware.  In our sample study, the same static pressure 
fault discovered through engineering analysis of the flight test data is also detected by the 
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DAEBAT nodes in a real-time fashion.  Had the system been used on the test range, valuable 
time could have been saved before analysis began.  Provided that a suite of sensors have 
sufficient observability, their performance can be verified with less frequent calibration. 
 
Most nodes in the DAEBAT blockset are designed to operate in real-time.  Integration into a 
flight test platform would provide real-time health monitoring of sensors and provide the flight 
test engineer with valuable information which could determine whether or not it is necessary to 
terminate a sortie in the event that a critical sensor failure is detected. 
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ABSTRACT 
 

One of the most important characteristics of an aircraft is its capability to return to its stable trimmed 

flight state after the occurrence of a disturbance or gust without the pilot intervention. The evaluation 

of such behavior, known as the aircraft stability, is divided into three sections: Lateral; Directional; 

and Longitudinal stabilities. The determination of the stability of an experimental aircraft requires 

the execution of a Flight Test Campaign (FTC). For the stability FTC the test bed should be equipped 

with a complete Flight Test Instrumentation (FTI) System which is typically composed by: a Pulse 

Code Modulation (PCM) Data Acquisition System (DAS); A sensor set; An airborne transmitter; and 

A data recorder. In the real-time operations, live data received over the Telemetry Link, that are 

processed, distributed and displayed at the Ground Telemetry System (GTS) enhances the FTC 

safety level and efficiency. The due to the lack of reliability, recorded data is retrieved in the post 

mission operations to allow the execution of data reduction analysis. This process is time consuming 

because recorded data has to be downloaded, converted to Engineering Units (EU), sliced, filtered 

and processed. The reason for the usage of this less efficient process relies in the fact that the real- 

time Telemetry data is less reliable as compared to recorded data (i.e. noisier). The upcoming iNET 

technology could provide a very reliable Telemetry Link. Therefore the data reduction analysis can 

be executed with live telemetry data in quasi-real time after the receipt of all valid tests points. In this 

sense the Brazilian Flight Test Group (GEEV) along with EMBRAER and with the support of 

Financiadora de Estudos e Projetos (FINEP) started the development of several applications. This 

paper presents the design of a tool used in the Longitudinal Static Stability Flight Tests Campaign. 

The application receives the Telemetry data over either a TCP/IP or a SCRAMnet Network, 

performs data analysis and test point validation in real time and when all points are gathered it 

performs the data reduction analysis and automatically creates Hyper Terminal Markup Language 

(HTML) formatted tests reports. The tool evaluation was executed with the instruction flights for the 

2009 Brazilian Flight Test School (CEV). The result shows an efficiency gain for the overall FTC. 
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Flight Tests, Longitudinal Stability, Telemetry, Decision Aid Tool. 



INTRODUCTION 
 

Stability of an airplane refers to its movement or tendency in returning to a given state of 

equilibrium. More specifically: 

 

• Static stability is defined as its tendency to develop forces and moments that oppose 

disturbances (e.g. Wind gusts) from a steady-state flight condition [1]; and 

• Dynamic stability encompasses the unsteady behavior of an airplane responding to time-

dependent aerodynamic forces and moments produced by the aircraft movement. 

 

The better aircraft stability characteristics results in a more controllable platform and therefore it 

reduces the pilot workload. If a given aircraft is statically stable it will not necessary be dynamically 

stable. However if the airplane is dynamically unstable it will also be statically unstable. 

 

The aircraft stability characteristics are directly related to its Flight Control System (FCS) behavior. 

There are two classes of FCS: 

 

• Reversible FCS, where any movement of the cockpit controls results in movement of the 

aerodynamic surface controls through a direct mechanical linkage; and 

• Irreversible FCS, where any movement of the cockpit controls results in movement of the 

aerodynamic surface controls either partially or completely with the help of an actuation 

device (e.g. Electro-mechanical actuation device). 

 

The design of aircrafts with reversible FCS should guarantee its full controllability status over the 

entire flight envelope and in all possible flight regimens [2]. In this case a special attention should be 

paid for the takeoff and landing procedures, where the aircraft maneuvering should be executed very 

accurately. 

 

The design and the implementation of irreversible FCS (e.g. Fly-by-wire) should use control laws 

that guarantees a satisfactory apparent stability for the pilot. It should be noticed that several combat 

aircraft are unstable. In this case the apparent stability provided to the pilot is obtained by the 

algorithm of the FCS computer. 

 

The airworthiness regulations such as FAR 25.231 [3] determine the required stability degree for a 

given aircraft. However the test Pilot will always have the final call for the evaluation of the control 

workload during the execution of a mission in an experimental aircraft. 

 

Considering that the aircraft flight is symmetrical and in a permanent regimen, the full flight 

equations could be simplified and the aircraft longitudinal motion (i.e. x-z plane) is uncoupled from 

the lateral-directional movement [4]. Therefore the aircraft stability and control issues can be 

analyzed independently. 

 

To evaluate which forces, moments and disturbances that affect the static stability it was considered 

that: 

• Velocity disturbances (u, v and w) are opposed only by forces; 

• Angular velocity (p, q and r) disturbances are opposed only by moments; and 



• Angle-of-attach (∝) and sideslip (β) disturbances are opposed by moments. 

 

The object of this paper is the design and the evaluation of a novel quasi real-time data processing 

tool that will be used for the static longitudinal stability flight test campaign.  

 

STATIC LONGITUDINAL STABILITY EVALUATION CRITERIA 
 

When the aircraft is flying in a steady state condition the sum of the longitudinal aerodynamic forces 

and moments are equal to zero [4]. Therefore: 

 

FA�
� FT�

� W. cos�θ� � 0

FA�
� FT�

� W. sin�θ� � 0

MA � MT � 0

 Eq. 1 

 

Where: 

• FA�
, FA�

 are respectively the x and z axis components of the aircraft aerodynamic forces (lbs); 

• FT�
, FT�

 are respectively the x and z axis components of the aircraft thrust forces (lbs); 

• W is the aircraft weight (lbs); 

• θ is the aircraft pitch angle (º); 

• MA is the aerodynamic moment (ft.lbs); and 

• MT is the thrust moment (ft.lbs). 

 

The stability characteristics that should be evaluated include: 

• Gusts stability, also known as Angle-of-attach (∝) stability; 

• Mechanical characteristics of the FCS; and  

• Speed stability and its associated stability terms, that includes: 

o Neutral Point ; and  

o Static Margin. 

 

As example, let’s consider that the aircraft that is flying in steady state condition (eq. 1). This 

airplane is considered to be static stable if it develops a reaction moment (M�� that opposes the 

angle-of-attach disturbance caused by wind gusts. Therefore for a stable airplane the following 

condition applies: 

 

MR �
∂�MT � M�

∂ ∝
� 0 Eq. 2 

 

At the Flight Test Campaign the determination of the speed stability terms requires the execution of 

flights in at least two distinctive Center of Gravity (CG) configurations. The recommended choice is 

the most forward and the most rear CG locations. 

 

The selected longitudinal stability test point starts in a steady flight condition, where the aircraft is 

trimmed. Then data acquisition occurs at two conditions: 

• Deflection stability, also known as stick-fixed stability where it is measured the stick 

deflection to maintain the target aircraft speed; and 



• Force stability, also known as free stick stability where it is measured the stick force required 

to maintain the target aircraft speed. 

 

At each test point the aircraft is trimmed to fly in a constant speed (VT���) as required by the test 

order. Then the Test Pilot executes the following sequence: 

• Initially it is determined the mechanical characteristics of the FCS. This includes the 

evaluation of: 

o The inefficiency range and; 

o The force threshold plus the friction (; 

o The compensation range; 

o Friction force; and 

o The position displacement and the number of oscillations caused by a unit impulse 

stimulus at the stick. 

• Then the TP performs several 10 second speed stabilizations at � �  VT��� !  15% or 

� �  VT��� !  50 Kt which is lower. At each point it should be registered the: 

o Stick displacement (D(�� versus the aircraft equivalent speed �V4� plot; 

o Stick force (FD�� versus the aircraft equivalent speed �V4� plot; and 

o The exact aircraft x-axis CG location �xCG�. 
 

The condition of stick-fixed neutral stability requires determination of the CG position (PCG �
 ?xCG yCG zCGB) for which the ratio between the stick position (DδM� and the Lift coefficient (CL) 

equals to zero. A method of doing this in flight is to fly the airplane at a given CG location with 

various speeds and to measure the corresponding elevator angle to trim. The procedure is repeated 

for different CG locations. The slope of the DδM/CL curve are plotted against xCG and the 

intersection of this curve with the xCG axis gives the stick fixed neutral point. 

 

For the stick free neutral stability the CG position is obtained when the ratio between the stick force 

(Fδ�) and the longitudinal angular speed (q) divided by CL is equal to zero. This flight is executed 

by flying the airplane with a given CG location at different speeds and measuring the corresponding 

Fδ�. The procedure is repeated for different CG locations. The slope of the Fδ�/δCL curve are 

plotted against xCG and the intersection of this curve with the xCG axis gives the stick free neutral 

point. 

 

For all test points the acceptance condition are the following: 

• For the trimmed condition: 

o V4 = VT��� ± 2 kt; 

o ∝ = 0º ± 1º; 

o β = 0º ± 1º; and 

o ZHI = ZHITKLM
 ± 100 ft. 

• For each stabilization around VT���: 

o V4 = VT��� + δVT��� ± 2 kt; 

o ∝ = ∝N ± 1º; 

o β =  βO ± 1º; and 

o ZHI = ZHI
OOOOO ± 100 ft; and 

o ZHI = ZHITKLM
 ± 1000 ft; 



REQUIREMENTS FOR A FLIGHT TEST CAMPAIGN 
 

The Flight Test Campaign goal is to safely gather the required information from the Test Bed with 

the best possible accuracy. To do this it is required to integrate into the test bed a complete Flight 

Test Instrumentation System (FTI) to acquire, store and transmit test data. Then due to safety reasons 

real time data is transmitted over the Telemetry Link to the Ground Telemetry System (GTS) which 

process, store and display real time data for flight safety and test point validation purposes. 

In this scenario the GTS works in three phases: 

1. Pre-mission, where all setup data is loaded and stored into the GTS Data Base to allow the 

acquisition and processing of the test data; 

2. Real-time, where Telemetry data is acquired, decomutated, stored, processed and displayed. 

In real time the main goal is to assure the flight safety and to validate all test points; and 

3. Post mission, where recorded data is retrieved, processed and sliced according with the 

executed tests points. With all slices the engineering staff could perform the post mission 

analysis and write the flight report. 

 

So, this process is not very efficient, because data acquisition, decryption and conversion are 

performed twice. In real time with telemetry data and in post mission with the recorded data. The 

usage of this record/reproduce architecture relies on the fact that telemetry data is less reliable as 

compared to the recorded data, because the real time telemetry link is more susceptible to noise and 

dropouts. 

 

Considering that the telemetry link reliability can be upgraded with the usage of new technologies 

(i.e. iNet) [5], in the near future it would be possible to use live data for data analysis and bring the 

post mission operations to a quasi-real time environment (Figure 1). In this sense, as an experimental 

development our Research and Development group along with EMBRAER implemented a pilot 

application to be used for the Static Longitudinal Stability Flight Test Campaign. 

 

 
Figure 01 – GTS Operations. 



TOOL DEVELOPMENT 
 

The tool integrates a data acquisition application and a data processing application. The data 

acquisition tool was developed under C sharp using the Microsoft Visual Studio .Net Interface 

Development Environment (IDE) with calls to Matlab


 application. The data processing software is 

simply a Matlab


 Script. 

 

This architecture (Figure 2) allows the creation of customized Matlab


 Scripts or Simulink


 Real 

Time Models by the Engineering Group that will be used in Real time for data processing of the 

flight test campaigns. In particular for this application it was required the implementation of the 

following capabilities: 

1. Real time data acquisition; 

2. Real time data validation; 

3. Test point data extraction and storage; 

4. Post-mission data analysis; 

5. Report Generation; and  

6. Data storage; 

 
Figure 02 – Data Acquisition / Processing Architecture 

 

The data acquisition application performs the following tasks: 

1. It establishes a sockets connection with any GTS data servers (i.e. LINUX Workstation) or 

any other data source (e.g. GNSS Ground Receiver); 

2. It request the current available parameter list that are current being distributed from such data 

server and presents for user selection; 

3. It request the transmission of the chosen dataset over either the TCP-IP or the SCRAMNet 

networks; 

4. It gathers requested data and creates a circular time history buffer for temporary data storage; 

and 



5. When the buffer is filled (buffer size is user selectable) or if time out event occurs (time out 

period is user selectable) the buffer is appended into a Matlab


 workspace for data 

processing. 

 

The data processing algorithm executes the data analysis in two modes: 

1. In real time mode where the acquired data is compared to the validation parameters and 

displayed at the Computers Monitors of the Ground Telemetry System (GTS) to allow test 

point validation; 

2. In quasi-real time where validated test points are submitted to a post mission data analysis 

package to produce the required test results. Then the processed data are displayed at the GTS 

monitor screen. This process allows the Ground crew to visualize the partial test results 

immediately after the execution of the Test Points. 

 

After the execution of the last valid test point, the operator can store all data for latter reference and 

the Final Test Report can be generated as a Hyper Text Markup Language (HTML) format. 

 

To allow the setup of the required stabilization condition customized for each planned test point a 

graphical interface was developed where the user can setup, present, save or retrieve all required 

setup parameters. 

 

During the real time operations the application continuously plots the aircraft altitude (ZH), calibrated 

air speed (VP), stick force (Fδ�) and stick displacement (Dδ�) along with its validation parameters 

and flags. Also the application numerically displays the current value of the elevator compensator 

position (δmP), the engine RPM (NG), the total fuel (TOT), the angle-of-attach (α) and the angle of 

sideslip (β), the pitch (θ) and roll angles (φ), and the aileron position (δU). 

 

Then, the main application computes the equivalent speed (V4), the CG x-axis position (xCG), the Lift 

coefficient (CL); and the Basic Dynamic Pressure (qI). With these parameters the application plots 

the following partial results:  

 

• The stick force (Fδ�) versus V4;  

• The stick displacement (Dδ�) versus V4; 

• The stick position (σ�) versus V4; 

• The stick position (σ�) versus CL; 

• The ratio between Fδ� and the longitudinal angular speed (q) versus CL; 

• The ratio between Dδ� and the CL deviation (δCL) versus xCG, that gives the stick fixed 

neutral point for this flight; and 

• The ratio between Fδ� and δCL versus xCG that gives the stick free neutral point for this 

flight. 

 

Upon the execution of the last valid test point, the user can save all acquired data, for further 

reference, and to generate the final test report.  

 

The graphics that composes the final report also include the mechanical characteristics of the FCS 

that are evaluated after the trim. 

 



TOOL EVALUATION 
 

The tool evaluation was carried out with the Xavante Jet Trainer (XAT-26) manufactured by 

EMBRAER. The FTI System was composed by an Airborne Pulse code Modulation (PCM) Data 

Acquisition System (DAS), a PCM Tape Recorder, a GPS/IRIG-B Time Base and a set of 

Transducers. 

 

FTI measurement accuracy depends mostly on the calibration procedures. Then for all FTI 

parameters it was determined the error minimization model and the associated uncertainty (Figure 3), 

as defined by the EA-4/02 Standard [6]. This task was executed by the SALEV system [7] which is 

fully compliant with the ISO 17025 Standard [8]. SALEV takes into account the errors of all 

components involved into the data acquisition process (i.e. Full chain). This includes, among others, 

the sensor, the signal conditioning amplifier and filters, the data acquisition system, and the RAW-

to-EU residual errors. 

 

One required information for this campaign is the exact location of PCG �  ?xCG yCG zCGB. 
Although PCG can be computed for a specific aircraft configuration using its specific weight and 

balance procedures [9], PCG location changes while the aircraft is flying due mostly to its fuel 

consumption. In this particular case, the test bed is the EMBRAER XAT-26 jet trainer s/nº FAB 

4509. Considering no store separation occurs during the flight, yCG and zCG are constant. Therefore 

the computation of xCG location requires the aircraft weight and balance data [10]. With such data, it 

will be estimated the polynomial coefficients of the curve that provides the relationship between the 

aircraft Total Fuel (TOT) and xCG location (Figure 4), using the least squares techniques. The 

resulting model for our test bed is: 

 

xCG �   �2.76145x10[\xTOT^ �7.54559x10[`xTOT �8,86533� Eq. 3 

 

Then the tool evaluation was performed in three steps, as follows: 

• In the pre-mission operations, where the validation parameters for each planned test point and 

the ADS calibration coefficients are defined and stored for future access; 

• In the real-time operations, where the received Telemetry data is acquired and displayed for 

test point validation and storage; and 

• In the quasi real-time, where the partial and the final test results are displayed. Upon the 

execution of the last valid test point the user can generate the final test report and to store all 

gathered data for future access and analysis. 

 
 

Figure 03 – Static PressureStatic PressureStatic PressureStatic Pressure Calibration Results Figure 04 – XAT-26 def location model 



For the real-time operations the user has to start the data gathering application and then the data 

processing application that is basically a Matlab
®

 script. At the data gathering application the user: 

• Selects the data source, either TCP-IP or the SCRMNet networks; 

• Selects the data set to be acquired; 

• Controls the data acquisition flow to the Matlab
®
 Workspace; and verifies the data 

acquisition status; and 

• Verifies the data buffering status at the Matlab
®

 Workspace. 

 

Once established a successful data gathering the user should start the data processing application. 

Initially this program will retrieve the data validation parameters that was previously saved by the 

user, otherwise those parameters should be manually entered at this time. Upon the completion of 

this task the application presents its main screen (Figure 10) where the user can: 

• Select the current test point and/or manually readjust its associated setup parameters; 

• Visualize the FTI real time data along with its acceptance limits to validate the test points; 

• Perform mission and data control and visualize current data acquisition status; 

• Visualize the preliminary and final (upon the execution of the last valid test point) test 

results; and 

• Generate the final test report and store all gathered data for latter analysis or further 

reference. 

The tool evaluation using live data acquired at the CEV performance FTC presented satisfactory 

results (Figure 5). Therefore the tool was successfully validated. 

 

 
Figure 05 – Flight Test Results 



CONCLUSIONS 
 

As presented the development of a real time data processing tool for the Longitudinal Stability Flight 

Test Campaign was successfully achieved and evaluated. 

 

The major achieved objectives are the capabilities to: 

1. Validate all test points in real time; 

2. Perform post-mission data analysis at the end of the last valid test point; and 

3. Create the flight test report in a quasi-real time. 

 

The next step that will be pursued is the development of a similar tool to be used for performance 

flight test. In this case, the test range is larger (around 40 Nm), then the Telemetry Link reliability 

will be jeopardized and this will be the major issue to be addressed. 
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ABSTRACT 

 

 This paper presents a technique for embedding a digital data stream within a digital video 

stream using wavelet and nonlinear subband decompositions.  This technique may enable more 

efficient use of radio frequency (RF) spectrum and a reduction in hardware necessary to transmit 

one or more narrowband data streams on a payload that incorporates a digital video camera.  

Several data embedding examples are presented which show how relatively large payloads can 

be embedded in even a single image with little noticeable degradation in image quality. 

 

 

INTRODUCTION 

 

 The increasing use of real-time digital video systems is stressing modern telemetry 

architectures.  Video systems may broadly be classified as “documentary” or “scientific.”  

Documentary video systems typically have lower resolution, are not radiometrically calibrated, 

and are intended to provide situational awareness information to remote observers.  Scientific 

video systems generally have high spatial and temporal resolution, are radiometrically calibrated, 

and are designed to collect information to answer specific technical questions.  It is generally 

deemed unacceptable to degrade imagery from scientific-grade cameras using lossy compression 

techniques, but there is frequently some willingness to accept subtle degradation of documentary 

video quality in exchange for decreased transmission bandwidth requirements.  This paper 

introduces a method for inserting a low-rate digital stream into a video stream in order to reduce 

bandwidth and reduce payload size, weight, and power by eliminating dedicated narrowband 

transmitters. 

 

Many current telemetry applications include one or more narrowband data links 

containing housekeeping data (i.e. vehicle position/attitude, temperature, voltage, and pressure 

sensor measurements) and often one or more real-time documentary video links.  The number of 

real-time video links and the bandwidth associated with these links has increased as the size of 

video camera focal planes has increased and the cost of these cameras has decreased.  Real-time, 

visible-band video cameras are now available with multi-megapixel imaging arrays, and 

megapixel-class infrared imagers are becoming available.  This improved sensor capability is 

                                                 
1
 This work was sponsored by the United States Air Force under Air Force Contract FA8721-05-C-0002.  Opinions, 

interpretations, conclusions and recommendations are those of the author and are not necessarily endorsed by the 

United States Government. 



 2 

already taxing the available radio frequency spectrum allotted to aeronautical telemetry 

applications, and the situation is expected to get worse as manufacturing techniques improve. 

 

 Efforts to use RF bandwidth more efficiently have increased as sensor technology has 

developed.  Multiplexed telemetry streams, such as the Consultive Committee for Space Data 

Systems (CCSDS) and second-generation Digital Video Broadcast – Satellite (DVB-S2) 

standards, have incorporated more efficient modulation techniques and modern Forward Error 

Correction (FEC) coding schemes.  Video compression schemes such as MPEG and JPEG-2000 

have added flexibility that is useful for systems that provide both documentary and scientific 

video.  Finally, the telemetry community has been active in preserving and reclaiming existing 

RF spectrum assignments, and continues to work toward obtaining frequency assignments in 

new bands.  This paper seeks to complement these efforts by introducing another tool for 

increasing the efficiency of video telemetry systems using high-capacity data embedding. 

 

 High-capacity data embedding is a form of digital watermarking, where a “watermark” or 

“data payload”, is hidden in an image known as a “cover work”.  Digital watermarking schemes 

are broadly classified depending on whether they introduce either overt or covert watermarks 

into the cover work.  Overt watermarks are typically large symbols which are designed to 

immediately identify the owner or originator of the cover work.  Covert watermarks are usually 

relatively small, visually undetectable data payloads.  The prime motivation for developing 

watermarking schemes to date has been oriented toward protection of intellectual property rights.  

Extensive research has been conducted on developing digital watermarks that are robust to 

various types of deliberate attacks by individuals attempting to avoid proper licensure of the 

protected intellectual property.  In contrast to digital watermarking, high-capacity data 

embedding algorithms are designed to insert many thousands of bits into cover images.  While 

the increased payloads come at the expense of degradation in cover image quality and increased 

vulnerability to deliberate attack, these trades are acceptable in the case of documentary video 

transmission from aeronautical telemetry systems.   

 

 This paper is composed of four major sections.  Section 2 briefly describes wavelet and 

subband image decomposition.  Section 3 examines a particular high-capacity data embedding 

scheme that operates in the decomposition domain.  Section 4 presents distortion results using 

this embedding scheme with a number of decompositions on two example test images.  This 

paper concludes with a brief summary and examination of the relevance of this technique to a 

notional aeronautical telemetry system. 

 

 

IMAGE DECOMPOSITION  

  

 Data compression techniques are either lossless or lossy.  Lossless compression 

algorithms (i.e. Huffman coding) permit perfect reconstruction of the source data, but typically 

have low compression ratios, on the order of 2-3:1 for most real-world data.  Lossy compression 

algorithms generally produce much higher data compression ratios by eliminating detail 

information to produce approximations of the original data.  Modern image and video 

compression schemes typically rely on transforming each image using a subband decomposition 

to decorrelate the information in the image.  In an ideal situation, the subband decomposition 



 3 

used in compression is chosen specifically for its ability to produce a sparse decomposition.  

Lossy compression is achieved by selectively quantizing and transmitting or recording the 

transform coefficients that produce a satisfactory approximation to the original data.  Image 

compression performance is scene-dependant.  Any image transform may work very well on one 

class of imagery, but poorly on other types of imagery. 

 

The Discrete Cosine Transform (DCT) is used in the JPEG still image compression 

algorithm and in the MPEG-2 and H.26x video compression algorithms [1].  An image is 

segmented into 8 x 8 pixel blocks, which are then transformed into the frequency domain using 

the DCT.  The lowest frequency, “DC,” DCT coefficients from each block are transmitted first.  

These DC coefficients contain the average power for each 8 x8 pixel block.  The remaining 63 

higher-frequency “AC” DCT coefficients in each block are quantized using a predefined 

weighting scheme that usually emphasizes lower frequency coefficients.  Thus, high-frequency 

“details” are suppressed in each 8 x 8 pixel block within the image.  DCT-based compression 

schemes are fairly easy to implement in hardware, and can usually produce high-quality imagery 

at compression ratios on the order of 15:1 or higher. 

 

Wavelet transforms are used in the newer JPEG-2000 standard [2], the SPIHT algorithm 

[3] and other advanced video compression schemes.  Many of these image compression 

techniques are variations of the Embedded Zerotree Wavelet (EZW) [4] scheme developed in 

1993.  Classic wavelet image decomposition uses a low-pass, H0, and a high-pass filter, H1, 

along with decimation, to decompose the image into successively-coarse approximation and 

detail subbands as shown in Figure 1.  Perfect reconstruction is achieved by interpolating the 

subbands using properly constructed low and high-pass synthesis filters, F0 and F1.  Many 

different wavelet filters exist, and the filter responses are typically chosen to produce a desired 

time or frequency-domain roll-off and to preserve orthogonality. 

 

 
Figure 1:  Two-Scale Wavelet Decomposition Filterbank 

 

 Researchers discovered the “Lifting Method” [5] for generating wavelet decompositions 

in the mid-1990s.  Examination of this filterbank structure led other researchers [6] to investigate 
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the use of half-band nonlinear filters in subband decompositions constructed using the filterbank 

shown in Figure 2.  The input signal is decimated to produce even and odd-indexed time 

sequences, x1 and x2.  The even and odd subbands are then filtered with linear or nonlinear filters 

H and G.  Filters such as the mean, median, minimum, and maximum could be used to 

decompose imagery.  Nonlinear subband decompositions may produce sparser decompositions 

of some image classes, particularly those with edge features or high-frequency components than 

traditional linear, wavelet decompositions. 

 

 One nice feature about the nonlinear subband decompositions constructed using the 

filterbank in Figure 2 is that they can easily be designed to produce decompositions with integer-

valued transform coefficients.  This paper will focus on nonlinear subband decompositions for 

this reason.  Classical wavelet transforms usually produce floating-point transform coefficients 

that can be rounded to the nearest integer at some loss of reconstructed image fidelity.  A three-

scale median pyramidal decomposition, showing the approximation subband in the upper left 

corner and a total of nine horizontal, vertical, and diagonal detail subbands at three spatial 

resolutions is shown in Figure 3. 

 

Figure 2 – Nonlinear Subband Decomposition Filterbank Structure  

(Note: Decimation and interpolation stages are not shown.) 

Figure 3:  Three-Scale Median Pyramidal Wavelet Decomposition of the Lena Image  

(Note: The log-magnitude of the detail coefficient values is displayed to increase contrast.)  
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HIGH-CAPACITY DATA EMBEDDING 
 

 Digital watermarking and data embedding are very active areas of research.  JSTEG [7] 

was one of the first widely-used image watermarking algorithms.  JSTEG relies on manipulation 

of the least significant bit in JPEG images, and is susceptible to statistical attacks to detect the 

presence of a watermark.  The F3, F4, and F5 algorithms [8] provided a different method for 

embedding data that was less susceptible to attack.  Methods for detecting watermarks embedded 

using these algorithms were eventually developed [9].  More recently, researchers have begun 

looking at watermarking algorithms [10, 11, 12] designed for the wavelet-based JPEG-2000 

algorithm. 

 

Data embedding and digital watermarking algorithms manipulate the least significant, 

nonzero-valued, bits of the digitized cover images or transforms of the cover images to minimize 

data embedding distortions in the cover image.  The process of data embedding necessarily alters 

the cover image, and the message recipient must receive an error-free version of the altered cover 

image for proper message extraction.  In the event that the cover image is compressed, then the 

data embedding is performed after the compression processing is completed, or in regions of 

interest (ROIs) that are transmitted losslessly.  Data embedding algorithms are also divided into 

oblivious and non-oblivious categories.  Oblivious data embedding algorithms can decode the 

hidden data directly from the cover image.  The results shown in the next section of this paper 

were constructed using an oblivious data embedding scheme which assumed that the entire cover 

image was transmitted in a lossless manner. 

 

Another key concept in high-capacity data embedding is transform-domain sparsity [13].  

A transform domain containing a large number of zero-valued transform coefficients is 

considered sparse.  Decompositions that produce sparse transforms are very valuable in image 

compression applications, while decompositions that produce non-sparse transforms are valuable 

in data embedding applications. 

 

This paper uses Westfeld’s F4 high-capacity data embedding algorithm [8] acting on the 

image transform coefficients produced using nonlinear subband decompositions.  The original F4 

algorithm was first applied to the DCT coefficients used by the JPEG image compression 

algorithm, but is easily adapted to any wavelet or subband decomposition used for image 

compression and transmission.  The F4 algorithm is designed to embed digital data in the 

transform coefficients by incrementing or decrementing the value of the transform coefficient 

depending on the sign of the transform and whether it is an even or odd integer.  Decoding of the 

embedded data is simple: positive, odd values represent a binary “1,” positive even values 

represent a binary “0”, and the decoding rules are reversed for negatively-valued decomposition 

coefficients.  The F4 encoding and decoding algorithms are summarized below. 

 

F4 Data Embedding Algorithm 

Definitions: 

 C = cover image with N x M pixels 

 T = decomposed cover image 

 Cw = watermarked cover image with N x M pixels 



 6 

 Tw = decomposition of watermarked cover image 

 b = embedded data bitstream 

 i = index of current bit in bitstream b to be embedded 

 Lb = number of bits in bitstream b (Lb < NM for bufferless  

         embedding) 

 j = index of cover image decomposition coefficient 

 

Step 1.  Define the wavelet or nonlinear subband decompositions to be 

used to transform the cover images, and the path through the subband 

decomposition used to embed the data (e.g. raster scan, tree, random walk). 

 

Step 2.  Compute T, the subband decomposition of the cover image, C. 

 

Step 3.  Select each embedded image transform bit, bi (1 ≤ i ≤ Lb), for 

embedding into cover image detail coefficient, Tj.  The index j is a pointer to a 

subband decomposition coefficient, determined by the method chosen in Step 1, 

to be tested for suitability for embedding bi. 

 

Step 4.  If Tj = 0, then j = j + 1.  Return to step 2.  Shrinkage has occurred, and no 

watermark bit  should be embedded. 

 

Step 5.  If Tj ≠ 0, then modify Tj, according to the logic in Tables 1 and 2.  

 

 bi = 0 bi  = 1 

Tj even Tj = Tj Tj = Tj -1 

Tj odd Tj = Tj - 1 Tj = Tj 

Table 1:  Data embedding logic table (Tj > 0) 

 

 bi = 0 bi  = 1 

Tj even Tj = Tj Tj = Tj +1 

Tj odd Tj = Tj + 1 Tj = Tj 

Table 2:  Data embedding logic table (Tj < 0) 

 

Step 6.  If i = Lb, then the entire bitstream has been embedded.  Compute 

the inverse decomposition of Tw to obtain the modified cover image CW, and 

store or transmit the embedded cover image.  Otherwise, let i = i + 1, j = j + 1, and 

return to step 2. 

 

 

 

F4 Data Extraction Algorithm 

 

Step 1.  Prepare the transmitted cover image, CW, for further processing.  

The recipient will need to know the decomposition and the indexing method 

(raster scan, random walk, etc.) that was used to embed the data.  This 

information must be agreed upon prior to embedding or transmitted as side 
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information.  The recipient must first transform the cover image, Cw, into the 

transform of the transmitted cover image, Tw. 

 

Step 2.  Create an empty Lb-element vector b, and reconstruct the i
th

 

watermark bit, b(i), from the j
th

 transform coefficient, Tw(j), as shown in Table 3.   

 

 

Sign(Tw(j)) Polarity(Tw(j)) b(i) Counter values 

Tw(j) < 0 Tw(j) odd b(i) = 0 i = i + 1 j = j + 1 

Tw(j) < 0 Tw(j) even b(i) = 1 i = i + 1 j = j + 1 

Tw(j) = 0 - - i = i j = j + 1 

Tw(j) > 0 Tw(j) odd b(i) = 1 i = i + 1 j = j + 1 

Tw(j) > 0 Tw(j) even b(i) = 0 i = i + 1 j = j + 1 

Table 3.  Data Extraction Truth Table 

 

EXAMPLE RESULTS 

 

 Results from embedding pseudorandom bitstreams in two images are shown in Figure 4.  

The “Lena” and “Tank” images [14] were both digitized to 512 x 512 pixels with 8-bit grayscale 

resolution.  Lena is a classic image used for image compression studies, and the Tank image may 

be representative of the types of imagery telemetered by some aeronautical sensor systems.  The 

F4 data embedding algorithm was applied using a complete, 9-scale, pyramidal median subband 

decomposition.  Figure 4 shows that there is little discernible difference between the original 

images, and the watermarked cover images; even after 100,000 pseudorandom bits have been 

embedded.  The difference images show that the artifacts in the watermarked cover image are 

distributed throughout the entire image. 

 

 The performance of the F4 data embedding algorithm as a function of the number of bits 

embedded in the Lena and Tank images is shown in Figure 5.  Median, mean, minimum, and 

maximum half-band filters, were used to compute 9-scale pyramidal subband decompositions of 

each test image.  Pseudorandom bit sequences, of lengths ranging from 100 to 100,000 bits, were 

embedded in each cover image.  The Peak Signal-to-Noise Ratio (PSNR) was computed for each 

watermarked cover image, relative to the original test image.  The PSNR values were better than 

40 dB for each test case, which indicates that the watermarked cover images were nearly visually 

indistinguishable from the original test images.  Image quality declines logarithmically with the 

number of embedded bits in these examples.   

 

 

SUMMARY 

 

 Many aeronautical telemetry systems currently transmit housekeeping data on a separate 

radio-frequency channel from documentary video data.  The housekeeping data stream is often 

on the order of 500 kbps or greater, while the documentary video data stream is generally 

compressed with an output data rate of 2-10 Mbps.  Many documentary-grade video cameras 

operate at 30 frames per second with 640 x 480 pixels and 12 or more bits of grayscale or color 

dynamic range.  The S-band transmitters commonly used to transmit these data streams often 
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occupy six or more cubic inches of payload volume and consume 50-100 W of power from 

payload batteries. 

Figure 4:  Data Embedding Examples (Top Row: Original Images; Middle Row: Cover Images 

After Embedding 100,000 Pseudorandom Bits; Bottom Row: Difference Images.  Difference 

images were contrast-enhanced for better visibility) 

Figure 5: Cover Image Quality as a Function of the Number of Embedded Bits 
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 In order to embed a 500 kbps housekeeping data stream in a video stream, one must 

embed 16,667 bits in each video frame.  The previous section indicates that fairly high-quality 

video (PSNR ~> 50 dB) is achievable at these embedding rates in 512 x 512 pixel images that 

are transmitted error-free.  Furthermore, it may be possible to embed wider bandwidth sub-

streams (i.e. heavily-compressed video), with data rates up to several megabits per second, with 

an acceptable amount of degradation in the cover video.  The important item to note is that the 

narrowband transmitter may be eliminated from the payload, and the narrowband data may be 

embedded in the wideband video stream with no increase in the bandwidth required to transmit 

the video. 

 

 Data embedding performance is ultimately dependent on the entropy of the transformed 

imagery, the characteristics of the sensor system, and the subband decomposition applied to the 

imagery.  Proper application of this technique requires simulation of the expected video imagery 

prior to testing to estimate the data embedding capacity of the video stream.  Data payload 

estimation, the application of forward error correction and data compression techniques on the 

embedded stream, and the development of a mechanism to determine which pixels in the cover 

image were modified are active areas for further research. 
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ABSTRACT 
 
The development and analysis cloud is a rapid development system being designed to support the 
Air Force Research Lab (AFRL) Simulation & Technology Assessment Branch. The purpose is 
to isolate research, development, test, and evaluation of unique software within a Zone D enclave 
[1] to allow researchers and analysts to develop and test software free of the many IT 
requirements that hamper development and without risk of contaminating the overall Air Force 
network. 
 
The cloud system is being designed so researchers and analysts will utilize Software as a Service 
(SaaS) models. Such a model makes it transparent to users such things as where the software 
originates and any licensing concerns. Utilities, tools, and other enhancing software that users 
need are published and using them frees the developer to focus on their specific development 
efforts versus tertiary development modules. 
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WHAT IS SOFTWARE AS A SERVICE? 
 
SaaS and Cloud computing is getting more exposure in the computer press. But just what is SaaS 
and how does it benefit a SaaS consumer? Cloud computing allows users to use applications 
without installing those applications to their computer. Think of SaaS as renting software instead 
of owning software. This is the business model many SaaS commercial providers follow. The 
software user needs a service from the provider. They may need this service once a week, once a 
month, or on an ad hoc basis, but the service is requested on-demand by the user. When I rent I 
do not assume the cost of capital expenditures such as servers or hubs, nor do I assume the cost 
of IT support, software upgrades, or yearly maintenance fees. A SaaS consumer enters into an 
agreement to, for a fee, use the service. The service provider has the necessary servers, 
bandwidth, and the IT support at their home site to deliver the software to the consumer. Overall, 
as a SaaS consumer, costs are less than as the owner of the software. 
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Figure 1: Development and Analysis Cloud Concept 
 
Because SaaS operates on the web a secure, consistent, broad band connection is recommended. 
SaaS takes a thin client approach to providing consumers with services, that is, computations are 
implemented at the server which typically is provided by the SaaS provider. The client or SaaS 
consumer executes the service via a GUI from their workstation. Because the server handles 
computations a broad band connection is needed to handle the data volume passed between the 
thin client and server. Also, inherent with this client-server relationship, is that software updates 
become more agile and react quicker to updates and upgrades. Upgrades to software are installed 
at one site, the server, and permeates to the clients so individual clients will not need to keep up 
with upgrades. This fact should also reduce the workload, and dependency, on IT support at 
individual SaaS consumer sites. And there is also the reduced risk of virus infection since virus 
updates are installed at the SaaS provider site and permeates through to the consumer. 
 
There are some down sides to SaaS. As a consumer the organization is dependent on a stable 
secure broad-band connection. If this connection is removed the consumer loses access to the 
applications which may or may not be critical to the organization. A related dependency exists 
with the SaaS provider itself, that is, if the provider is down for maintenance, upgrade, or for any 
other reason the application will be unavailable to the consumer. Before entering into a 
contractual agreement with the SaaS provider it would be a good area to explore what provisions 
the provider has for uninterrupted service. 
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Another area to consider is being able to revert back to prior older versions of software. Often 
developers write their software using a specific version and baseline on that version. At a later 
time they may be asked to change the application so being able to revert to that specific baseline 
version is important. In addition there are also privacy issues and related data storage issues. 
Typically a SaaS provider will need to store consumer data at the provider’s site. This may or 
may not be an issue dependent on the sensitivity of the data being stored. 
 
 

CLOUD DEPLOYMENT MODELS 
 
There are three generally recognized cloud deployment models as shown in Figure 2. Public 
clouds are what are most described in literature. Public clouds communicate via the public 
internet to service SaaS consumers and so have access to a larger volume of potential customers. 
Among the advantages of a public cloud deployment are [2]: 
 

 Lowers the cost of service due to economies of scale 
 Drives standardization 
 Preserves capital (of the service consumer) 

 

 
Figure 2: Cloud Deployment Models 
 
At the other end of the spectrum, private clouds typically operate behind a firewall and are on a 
closed or private network. Private clouds communicate in the same way as public clouds via 
network communication however they have a much smaller and normally and internal customer 
base and therefore have a higher operating cost due to a smaller economy of scale. There are 
advantages, however, to operating in a private cloud: 
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 Higher level of customization because of the smaller customer set 
 Less susceptible to attack 
 Higher data protection due to having more control over what enters the closed network 
 
A higher level of control implies that the private cloud can have proprietary data and applications 
with less risk to those being inadvertently released. This is an important aspect when working 
with contractor developed software because of contractual and data rights agreements. 
 
The private cloud is the model being followed to support the cloud development project. This 
model allows the cloud effort to protect sensitive data, proprietary data and applications, and 
uniquely developed software algorithms behind a firewall while still allowing the sharing and 
client-server relationship of data and applications under the SaaS operating model. 
 
 

SYSTEM CLOUD DESIGN 
 
The cloud system is being designed so researchers and analysts will utilize Software as a Service 
(SaaS) models operating on a private cloud [3]. This approach protects proprietary data, allows 
customization, and takes advantage of the SaaS operating model which benefits the overall R&D 
approach to application development. 
 
The high level use case diagram below depicts primary users of the cloud system and how they 
interact. A user will have access to datasets to use with various scenarios along with the 
multitude of software written by themselves, other developers, and government contractors. 
 
Datasets are stored within the enclave in a database server as are software applications. Access to 
the software is via SaaS. The latest versions of applications are kept on the server so the 
developer can continue to develop and refine their software at their workstation without being 
interrupted. Access to the latest stable application is made via a web service which comes 
directly from the server assuring the researcher has the latest version available for use. This 
method avoids the cumbersome “check-in/check-out” of a configuration management system. 
 
Figure 3 below depicts the organizational level use case diagram and the interaction between the 
actors and major software components. An analyst wishing to create a process has available to 
him the toolset. Within the toolset are image processors, cost analysis software, guidance, 
navigation, and control software, as well as COTS and other software developed by government 
contractors. All toolsets are accessible to the analyst via a web service and this process assumes 
some level of familiarity with the operating characteristics of the specific toolset such as inputs 
and outputs. Web services are written as self documenting so that they have an internal means 
that describes the web service, its I/O, usage and how to interpret results. 
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Figure 3: Use Case 
 
In a similar fashion to creating a process Figure 3 also shows how Modeling & Simulation, 
GN&C, Utility Analysis, and other demonstrations can be prepared using the cloud system and 
web services to create a scenario. Scenarios are created and useful in “what if” analysis and 
toolsets are included as available to the researcher/analyst allowing them to plug-in a toolset as 
needed.  
 
Figure 4 below shows the major functional components of the cloud enclave system.  
 
The major components of the cloud system are the cloud server(s), data sources, internal tools, 
utilities, apps, external tools, utilities, SAN storage, database, and the license server used to serve 
COTS licenses for Satellite Tool Kit and MatLab. As a whole these components combine to 
supply software to the analyst/researcher via a web server, either Microsoft IIS or Apache 
Tomcat, on an as needed basis. 
 
The cloud system centers on the cloud servers. As of this writing it is unknown exactly how 
many servers will be necessary however it’s expected that at a minimum a server will be required 
for storage and another for external tools. The cloud servers have 2 primary responsibilities: a 
central gathering point for datasets the user requests and a central gathering point for tools and 
utilities the user requests. 
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Figure 4: Functional Diagram 
 
Another component of the system are the data sources that includes data from flight programs, 
test datasets, modeling & simulation datasets, and contractor supplied datasets. All of the 
datasets are eventually kept in the SAN storage and accessible via a relational DBMS. In order to 
be usable the datasets pass through a common data formatter that takes the datasets and converts 
them to a standard format, presumably XML, before being passed to the cloud server. By the 
time datasets enter the cloud server they are preformatted in such a way as to be recognizable to 
the web service that uses the dataset. 
 
The license server is another major component of the system. The license server exists to serve 
up MatLab and Satellite Tool Kit network licenses. As of this writing the license server is 
connected to the KAFB LAN from which it receives updates as well as using the internet to 
manage and distribute licenses. However, because the cloud system will be a “Zone D” enclave 
which prohibits connections outside of the enclave another method will need to be pursued to 
reconcile this conflict. 
 
The final major components are the internal and external tools, utilities, and applications which 
are the specific software applications that support the modeling & simulation efforts. At present 
the internal tools fall into three main categories and are being developed by the three separate 
teams: cost modeling, guidance navigation and control (GN&C), and utility analysis (UA). 
External tools are those tools and applications which are being developed by contractors.  
 
Tools, utilities, and applications may be written in any computer language so as not to force 
conformity by developers. The key is that the applications are wrapped so that they are 
transformed into a web service that is usable by the analyst. The analyst does know what the 
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underlying language is since it is available via a web service to their web browser. All tools, 
utilities and applications are treated this way en route to the cloud server. Due to the variety of 
languages however, presumably web service wrappers will need to be written to account for each 
language e.g., C, C#, Java, etc. Wrappers are discussed further in the next section.  
 
One of the primary goals of the cloud system is to make readily available these tools and 
applications across the teams so a less “stove pipe” and a more cohesive collaborative approach 
to modeling & simulation will take place. 
 
The final major component is the GUI or user interface and its connection to the rest of the 
system. Because this system operates in an enclave all computers should have access to either 
Microsoft IIS or Apache Tomcat server software that acts as a gateway between the end user and 
the software the user will access. 
 
Generally speaking the user defined operational picture interface will be used to (1) create a 
‘scenario’ of what they need to accomplish (2) review software available to them with which to 
create the scenario from (3) access the web service documentation to determine the I/O and 
expected result set (4) select the data source(s) and (5) control and manage the web service 
access to the tools, utilities, and applications and how they are applied to the scenario. 
 
 

CLOUD ENABLERS 
 
The user is in control of the process therefore the user is responsible for selecting the web 
services appropriate for whatever it is they are constructing. The cloud system is responsible for 
providing, as per user request, the web service in a manner that is compatible to the system the 
user is on. 
 

 
Figure 5: Walkthrough 
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The user initiates the process by requesting a list of web services. Web services are, or should, be 
written in a self documenting manner that is there is sufficient documentation that fully describes 
the web service. Items such as an overall description of what the web service provides, inputs 
along with format, internal algorithms i.e., genetic algorithms are used, internal assumptions i.e., 
gravity is constant, major iterations, along with other major factors that should provide the 
analyst with enough information to decide if this web service is what they expected.  
 
Keep in mind that a web service is a substitute for the analyst writing the application themselves. 
Therefore the documentation should be at such a level that the analyst is comfortable in knowing 
what the application does and how the application does it. 
 
The cloud server is a spoke in the overall cloud system in that all requests go through the cloud 
server in route to the other parts of the system. When users request datasets to use with a web 
service the cloud server, knowing what web service the user requested, passes a request on to the 
database server for a list of compatible datasets, and returns that list to the cloud server which, in 
turn, passes that list back to the user. Once having that information the user, after having selected 
the web service can simultaneously select the compatible dataset. As has been stated prior, the 
user controls the system so selecting a dataset should be an optional action. 
 
Once a user selects a web service the request passes to the cloud server then on to the wrapper 
server. The key function of the wrapper server is to determine how to wrap the application into a 
web service. Applications are written in a variety of languages and as such will be wrapped 
uniquely. Wrapping a FORTRAN application is handled differently then wrapping a Java 
program which is handled differently then wrapping a C# program. In addition to handling the 
different languages, each application has certain functions (or modules, or classes) that should 
not be made “public” to the user. Care must be given that private functions are kept private and 
not reveal the inner workings of the application. The reasons for this care may be as simple as 
the private functions may be proprietary to a contractor or have been developed by the 
government and are not for public disclosure. 
 

 
Figure 6: Cloud Wrapper 
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A key to success for the cloud system is sufficient bandwidth to support the requests and returns. 
Users will not likely use a system that is slow so sufficient bandwidth is a key to the system 
being exercised. 
 
 

CONCLUSION 
 
AFRL is developing a cloud system that is intended to be used for development, analysis, and 
modeling and simulation research. AFRL is pursuing this for a number of reasons not the least of 
which are to isolate research, development, test, and evaluation of unique software within an 
enclave which clears us of IT requirements, and to foster the use and sharing of tools already 
developed. The system described allows us to meet those goals while simultaneously moving 
toward a modern approach that, presumably, allows us to work with other commands who have 
developed and implemented a similar architecture. 
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ABSTRACT 

 

Current failure analysis practices use diagnostic technology developed over the past 100 years of 

designing and manufacturing electrical and mechanical equipment to identify root cause of 

equipment failure requiring expertise with the equipment under analysis. If the equipment that 

failed had telemetry embedded, prognostic algorithms can be used to identify the deterministic 

behavior in completely normal appearing data from fully functional equipment used for 

identifying which equipment will fail within 1 year of use, can also identify when the presence of 

deterministic behavior was initiated for any equipment failure.  

 

Key Words: Failure analysis, independent failure analysis, fault analysis, prognostics, failure 

analysis, diagnostics, telemetry analysis, failure isolation, identification and recovery 

INTRODUCTION 

 

When telemetry is not available from the equipment that failed, failure analysis engineers resort 

to speculation to create a list of prioritized, potential causes. Using speculation allows vehicle 

and equipment builders to reduce diagnostic information necessary to complete an accurate root 

cause failure analysis. Generic prognostic algorithms provide the next technology in diagnostic 

analysis for identification of the cause of space equipment failures of all types. Data-driven 

prognostic algorithms are generic, making independent failure analysis possible for any satellite, 

spacecraft and any launch vehicle failure. Along with identifying the equipment that failed, these 

generic algorithms identify the equipment, while still at the factory, that was going to fail during 

launch and within one year of in-orbit allowing the equipment to be repaired or replaced while it 

is still on the ground. Data-driven telemetry prognostic algorithms illustrate the deterministic 

behavior previously undetected by the most experienced vehicle manufacturing & test personnel 

using diagnostic tools, identifying failure liability accurately and dependently. 

 

Failure analysis used with satellites and launch vehicles includes the collecting, processing and 

analysis of data to determine the source or cause of a failure. This information is often used to 

prevent the same failure from recurring in subsequent equipment and in determining liability. 

Failure analysis is an important discipline in many manufacturing industries, such as the 

electronics and aerospace industry, where it is a vital tool in the development of new products 

and for the improvement of existing products reliability and life. 

 

Failure analysis is a forensic inquiry into the process or product upon the failure. Such inquiry is 

conducted using a scientific analytical method including information from electrical and 

http://en.wikipedia.org/wiki/Failure
http://en.wikipedia.org/wiki/Manufacturing
http://en.wikipedia.org/wiki/Electronics
http://en.wikipedia.org/wiki/Forensic
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mechanical measurements or through speculative approach when data is not available but an 

action has to be taken. An example of a speculative approach is analysis of an equipment failure 

on a satellite or launch vehicle and no data are available and where the evidence has been mostly 

destroyed but all parties are expecting corrective action. In such cases, one or more of the most 

viable theories are being implemented until an additional data is available.  

 

PROGNOSTICS 

Diagnostics is used to identify equipment that has failed. Prognostic technology is used to 

identify equipment that has failed and is going to fail. Prognostic technology is important 

because current diagnostic technology is inadequate to identify infant mortality failures. 

Prognostic technology is the next logical step in advancing traditional electronic and electro-

mechanical equipment diagnostic technology. Prognostics and prognostic health management as 

part of equipment operations and maintenance is a critical technology for accurately predicting 

impending failures and providing a mechanism for replacing equipment and parts safely before 

failure for ground-based equipment and preparing for and executing recovery plans for space-

based equipment.  

The first telemetry prognostic algorithms were developed and used to predict failures in atomic 

clocks on-board GPS satellites. The satellite engineering team was unable to understand the 

origin and reliability of the information used to predict equipment failures. By researching a 

large number of equipment failures over many years from space equipment used across many 

complex systems, a new understanding of the equipment failure process was obtained.  

The behavior of these characteristics of this newfound process was what was used in the 

prognostic algorithms, which clearly illustrate equipment that is going to fail in the future. It is 

the knowledge that a failure process occurs which is unlike any process suspected in the past and 

the experienced gained by identifying a failure in process that  is utilized to eliminate and 

manage failures advantageously that forms the foundation of prognostic technology and makes it 

superior to diagnostic technology. 

FIGURE 1 CLASSIC TELEMETRY FAILURE BEHAVIOR 

Figure 1 is an example of the long-term telemetry behavior for complex electronic and electro-

mechanical equipment used in prognostic algorithms. The use of prognostic algorithms on 

satellite and launch vehicles is extremely difficult. It was accomplished with the funding by the 

U.S. Air Force over 6 years, who was extremely motivated to have the GPS satellite equipment 

defined so that future equipment would not experience the same failure. The Air Force was 

willing to pay for all facilities, technical resources and management resources requested by 

Amplitude 
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Boeing GPS space and ground system manager and program management from many companies 

and organizations. This is why prognostic technology hasn't been developed in the past. 

Prognostic algorithms are the result of a combination of information and experience from many 

sources generally not obtained in traditional space systems design and test process.  

The successful use of prognostic algorithms requires extensive training and experience, without 

which, the results could be unsatisfactory and costly. Prognostic technology requires properly 

trained and experienced prognosticians to identify behavior in data that appears the same as 

normal appearing behavior. No two failures signatures are alike and so the experience gained in 

identifying one failure cannot be used to identify another. The ability to identify failure behavior 

is obtained through training by others who have successfully identified failure behavior 

Components of a prognostic system are the algorithms for equipment failure detection, isolation, 

prediction. Some approaches for equipment failure prediction require knowledge of the system 

model. Attempting to use model-based prediction methods when working with complex 

electrical and electro-mechanical systems is often not feasible because the approximations 

necessary to develop computationally tractable models of complex systems based on 

fundamentals of physics are difficult to make without introducing significant modeling 

inaccuracies in the time and length scale of interest.  

Prognostics offers to change the entire design, manufacturing and test process to improve 

reliability to eliminate infant mortality failures reducing if not eliminating launch failures, launch 

pad delays, on-orbit infant mortalities, surprise in-orbit failures and extend in-orbit equipment 

usable life by identifying unreliable equipment long before its shipped to the launch pad. For the 

first time, all the information to identify unreliable equipment can be financially justified. 

Prognostics technology adds many financial rewards for using telemetry, easily justifying the 

need for increasing the number and resolution of telemetry measurements.  

Using telemetry prognostics in the space flight equipment and at vehicle factories, upgrades 

space equipment processes by identifying unreliable piece-parts and assemblies during 

equipment test, reducing the time to test equipment, identifying equipment that has failed, is 

failing and will fail, increasing reliability and eliminating infant mortalities. The shorter 

equipment and vehicle test time reduces cost. Telemetry prognostics algorithm determines of 

remaining-usable-life based on information available in existing equipment telemetry. 

An ideal general-purpose prognostic system is a data-driven approach that does not require a 

priori knowledge of system. The prognostic system would learn the characteristics of the 

monitored system so that anomalies could be predicted more quickly as it is learned, and 

remaining life estimates could be given with smaller associated uncertainty.  

Telemetry prognostic technology includes the use of telemetry as an engineering data source in 

data-driven prognostic technology. Prognosticians, using prognostic algorithms identify 

telemetry behavior that are transient, unrepeatable, and have gone undetected by the most 

experienced design and test personnel for the past 60 years.  

 

Prognostics technology is an evolutionary step forward in traditional diagnostics technology for 

both hardware and software. Telemetry prognostics technology can be used by prognosticians to 
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identify equipment that has failed, is failing, and will fail for up to one year in advance. 

Prognostic technology uses engineering data to identify circuit/equipment behavior that are 

precursors to catastrophic failure. Failure Analysis’ data-driven telemetry prognostics technology 

also provides the determination of remaining-usable-life and even a day of failure for unreliable 

equipment.  

 

PROGNOSTICS DIAGNOSTICS 

Identifies equipment failures that have 

occurred, is occurring and will occur and 

when it will occur 

Identifies failures that have occurred and 

after/when they occur 

Identifies equipment failure in process and 

when 

Only identifies equipment failures after they 

have already occurred 

Identifies equipment failures that will occur 

in the future 

Only identifies equipment failures after they 

have already occurred 

Requires major changes in analysis attitude 

and behavior 

Training is done from example 

Overcomes shortcomings in diagnostic 

techniques 

Diagnostics were developed from ground test  

equipment  

Prognostician actively monitors data to 

provide knowledge of whether a failure has 

occurred, is occurring or when a failure is 

likely to occur 

After the fact response, if error messages are 

used, diagnostician waits for error message if 

any action is taken 

All events are considered failure precursors 

until ruled out by research – analyst doesn’t 

stand by and watch failures occur 

Data is recorded and analysis is completed 

post event 

A fault propagation model is assumed to 

encompass parametric data related to 

acceptable operating ranges, behavior and 

identification of degradation of functions 

over time. 

Suspect behavior is considered system noise, 

any action is taken after completion of events  

Requires highly skilled and trained 

personnel, must have in-depth knowledge of 

what is being actively monitored 

Allows lower skilled personnel, doesn’t 

require in-depth understanding of what’s 

being monitored, diagnostician just sits and 

waits to complete event 

Requires training across several disciplines  Taught in elementary electronics and is 

common  throughout many industries 

Stops life threatening situations from 

occurring  

Inadequate for mission critical events 
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TABLE 1 CHARACTERISTICS OF PROGNOSTIC AND DIAGNOSTIC 

TECHNOLOGIES 

 

Table 1 shows comparison of characteristics between prognostics and diagnostics. A prognosis 

denotes the prognostician’s prediction of whether a failure will progress, and when the 

equipment/circuit will fail.  

 

Data-driven prognostic algorithms use available data from a system to determine normal 

behavior and failure behavior. Our data-driven prognostic algorithms are independent of the 

vehicle or source of data. Generate prognostics. As the name implies, data-driven techniques 

utilize monitored operational data related to system health. Data-driven approaches are 

appropriate when the understanding of first principles of system operation is not comprehensive 

or when the system is sufficiently complex that developing an accurate model is prohibitively 

expensive. 

 

FIRST DOCUMENTED USE OF PROGNOSTIC TECHNOLOGY ON SPACECRAFT 

 

 
 

FIGURE 2 GPS SATELLITES 

 

Model-based prognostic algorithms use a-priori knowledge to identify changes in behavior, 

which can be identified as failure behavior. This a-priori knowledge can be obtained from 

several sources including equipment experts and/or operational experience. When all acceptable 

operational behavior can be defined, model-based prognostics is suitable for use with pattern 

recognition systems. Model-based prognostics incorporate physical and operational 

understanding (physical modeling) of the system into the estimation of remaining useful life 

(RUL). Modeling physics can be accomplished at different levels. At the micro level (also called 

material level), physical models are embodied by series of dynamic equations that define 

relationships, at a given time or load cycle, between damage (or degradation) of a 

system/component and environmental and operational conditions under which the 

system/component are operated. The micro-level models are often referred as damage 

propagation model. Micro-level models need to account in the uncertainty management the 

assumptions and simplifications, which may pose significant limitations of that approach. 

 

http://en.wikipedia.org/wiki/Prediction
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Figure 2 is an example of the resulting 40 Boeing/GPS Block II and IIA satellites designed using 

results from telemetry prognostic analysis on Boeing/GPS Block I satellites. In 1978, the U.S. 

Air Force contracted with Boeing for an engineering team to assist in the integration of the Air 

Force Global Positioning System (GPS) program into the existing Air Force satellite control 

network, which operated most CIA/NRO/military space control assets. Boeing satellite engineers 

determined each GPS satellite subsystem performance and the GPS on-orbit support 

requirements levied on other Air Force program contractors. The Air Force was highly motivated 

to fund the GPS program because of its multi-service use and better navigation solutions than 

existing satellite-based navigation systems. GPS was competing against APL’s TRANSIT and 

the NRL’s TIMATION systems. 

DATA-DRIVEN ALGORITHMS 

Unlike model-based prognostic algorithms that need long-term normal behavior modeled, data-

driven algorithms only use the information available to determine normal behavior. Failure 

Analysis’ telemetry prognostic algorithms are unique and their performance will be different 

from prognostic algorithms from another source.  

 

Table 2 are a list of the prognostic algorithms developed and used on the Air Force GPS program 

to predict equipment failure behavior in normal appearing telemetry and a brief description of 

their purpose. 

 

Prognostic Algorithm Purpose 

Baseline Analysis Determines change in normal behavior is occurring 

Change Analysis Determines change in normal behavior 

Comparison Analysis Determines change in normal behavior 

Data Integration Compiles data for cluster analysis 

Data Base Creation Creates minimal amount of telemetry for analysis 

Day-of-Failure (DOF) Identifies day of equipment failure  

Digital Processing Improves resolution of failure signature 

Discrimination Analysis Identifies normal telemetry from failure behavior 

Mathematical Modeling Predicts normal telemetry behavior 

Multi-Variant Limit Analysis Identifies telemetry to be analyzed for failure behavior 

Rate-Change Analysis Identifies telemetry to be analyzed for failure signature 

Remaining-usable-life (RUL) Determines when equipment will fail 

Statistical Sampling Reduces telemetry databases before analyzing 

State Change Analysis Identifies telemetry to be analyzed for failure signature 

Super Impositioning Enhances  normal telemetry behavior for analysis 

Super Precision Improves resolution of final telemetry diagnostic products  

Telemetry Authentication Eliminates unreliable telemetry eliminating false positives 

Virtual Telemetry Creates future normal telemetry behavior 

TABLE 2FAILURE ANALYSIS’ TELEMETRY PROGNOSTIC ALGORITHMS 

VEHICLES 
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FIGURE 3 PROGNOSTIC ALGORITHM'S ACCURACY FOR REMAINING-USABLE-

LIFE ESTIMATE BASED ON FIXED-TIME SAMPLING FREQUENCY 

The remaining-usable-life for complex equipment can be calculated by understanding the piece-

part failure characteristics determined under test in an operating circuit. This information is 

considered proprietary by the piece-part manufacturer since it is an indication of the quality of 

their products and not available in the popular domain. Based on the analysis of many in-flight 

piece-part failures, historically, piece-part failure occurs over a very long period of operational 

life once a failure precursor is identified.  

   
 

FIGURE 4 PROGNOSTIC ALGORITHM’S RELIABILITY VS OPERATING 

CONDITIONS AND ENVIRONMENTS AVAILABLE IN DATA  

 

This period can be as long as 1 year. Using the technique shared by companies that build 

spacecraft to agree on mission life, spacecraft usable life, called the mission life is determined by 

quantifying the expected life of all piece-parts and mechanical systems on a vehicle. Figure 3 

illustrates the performance of the algorithms based on telemetry fixed, sampling frequency. The 

highest reliability using telemetry prognostics is obtained by having telemetry from all 
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environmental operating conditions, diurnal effects, seasonal effects and equipment operating 

conditions. When the total operating environment and conditions are not available, a decrease in 

accuracy may occur. Figure 4 illustrates the reliability performance of the data-driven algorithms 

based on the availability of data from different equipment operating environments. 

 

In any industry, infant mortality failures are considered a normal part of doing business. This is 

an outcome of the infant mortality failures have occurred in the industries that first used 

electrical components in their systems. Prognostics will decrease the number of launch vehicle 

and satellite infant mortality failures significantly.  

FALSE POSITIVES AND FALSE NEGATIVES 

Any prognostic algorithm should have a zero false positive and false negative rate. The use of 

any prognostic algorithm will only remain useful if it is accurate and reliable. Telemetry 

prognostic algorithms have been used with over 100 satellite and launch vehicle electrical and 

electro-mechanical units. Current accuracy performance of our remaining-usable-life algorithm 

has been 100% accurate.  

With adequate training and experience by prognosticians, the reliability of prognostic technology 

is strongly related to the capture of equipment behavior during all different operating conditions. 

Because there are many sources of data that can be interpreted as failure behavior, the more data 

available from each environmental and operational condition that can be used to identify failure 

behavior, the more reliable the results. Figure 5 illustrates the accuracy of the algorithm for 

predicting usable remaining life and the fixed sampling frequency of the data available for 

analysis. 

 
 

FIGURE 5 RELIABILITY OF TELEMETRY PROGNOSTIC TECHNOLOGY 

REMAINING-USABLE-LIFE ALGORITHM BASED ON FIXED DATA SAMPLING 

FREQUENCY DURATION 
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These false results cannot be completely eliminated, but they can be reduced.  People can 

demand a second opinion.   

CONCLUSION 

Telemetry prognostic algorithms are generic and usable across systems that use telemetry to 

identify equipment status and performance. Prognostic technology provides the capability to 

identify equipment that has failed and is going to fail across any vehicle regardless of design. 

Prognostic technology is the next step in the evolution of diagnostic techniques that can identify 

equipment that failed during launch or in space, while it was still at the vehicle factory. This new 

capability offers to improve the reliability of space vehicles by forcing vehicle builders to adopt 

prognostic technology to eliminate liability. 
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ABSTRACT 

 
The development and qualification of personnel and cargo aerial delivery parachute systems 
present unique challenges to the instrumentation and data analysis engineers.  Some of the areas 
that must be addressed include: a) system must be low in cost, b) system often has to be operated 
on ranges that have limited telemetry or other range instrumentation and support (i.e. commercial 
skydiving centers), c) system is often rigged and operated by parachute support personnel and 
test jumpers rather than instrumentation engineers, and d) system must be able to be reconfigured 
in the field to support a variety of test card requirements during a typical test day, e) data must be 
available for review and the system be prepared for the next test within a few minutes of 
parachute recovery, and f) system must withstand ground impact velocities as high as 50 ft/sec 
(15.24 m/sec) without damage.  This paper describes such a system as it is being used for the 
development and qualification testing of a number of parachute systems for sport skydiving, 
military personnel, as well as cargo parachute systems.  This modular system has been developed 
as a result of previous experience in other parachute development and qualification projects to 
address the need for a flexible Data Acquisition System (DAS) system that meets the above 
requirements.  This paper describes some of the tools used to meet these requirements. 
 
 
Key Words – Parachutes, Parachute Data Acquisition System (PDAS), Integrated Data 
Acquisition System (IDAS), Programmable, Autonomous, Modular, Integrated, Sensors, GPS  
Data Analysis. 
 
 
INTRODUCTION 
 
The development and qualification of parachute systems has become more complex in recent 
years due to such things as higher canopy performance, the use of high tech materials for 
strength and weight reduction, shorter design cycle schedules, product safety requirements, as 
well as the need to have data to address future design requirements and potential litigation in the 
use of the parachute systems themselves.  In the past parachute testing was basically the 
responsibility of the designer and test jumpers (sometimes one in the same) going to the drop 
zone and jumping the canopy to evaluate the design requirements.  Test results were primarily 
qualitative; Did the canopy open?  How “hard” was the canopy opening?  Did anything break?  
The next improvement in the process was the availability of low cost video camcorders that were 
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able to be taken to the drop-zone.  These provided information such parameters as timing, 
landing velocity, canopy opening and maneuvering characteristics, failure diagnosis, etc.  At the 
other end of the spectrum were military development programs which used the resources of 
instrumented test ranges with high quality time-space-position information (TSPI) trajectory 
tracking instrumentation as well as RF telemetry systems onboard the test article for data 
collection.  This paper describes a cost effective solution that fills the gap between the low price, 
low tech approach and the comprehensive solution available at a National Range facility. 
 
 
ANALOG DATA SOLUTION FOR A PARACHUTE DT&E EFFORT 
 
A US Government customer which is in the process of evaluating a personnel parachute system 
for deployment identified a set of basic functional requirements for an instrumentation system to 
support the ongoing Developmental Test and Evaluation (DT&E) Activities in support of this 
project.  The basic system requirement was that the system be able to measure the parachute 
dynamics without physically modifying the parachute system or compromising the parachute 
system’s airworthiness and safety.  The Air Forces personnel’s market surveys indicated, and 
interface with Industry showed that Commercial Off the Shelf (COTS) technology could support 
the requirements. 
 
The result of this effort was the identification of an Industry subject matter expert (SME), Mr. 
Philip Starbuck, to meet the Test Team’s requirements.  Philip based everything in the integrated 
system, the IDAS-Mark 4 (IDAS-4), based on the key requirements listed in Table 1. 
 

Table 1 Key System Requirements 

REQUREMENT OBJECTIVE REMARKS 

Position 3D Position and velocity. WAAS Enabled GPS 
Receiver 

Acceleration Parachute Opening Shock Three Axis Enabled 
Accelerometer 

Temperature Air Temperature During 
Descent 

Fast Response 
Thermocouple 

Strain Forces (Risers) Riser Forces Non-Intrusive In Line 
Webbing Tension Load 
Cell. 

Barometric Altitude and Descent Rate Barometric Pressure Sensor 
 
 
TYPICAL PARAMETERS MEASURED DURING FLIGHT TEST 
 
Time-Space-Position Information (TSPI) –GPS is the primary data source with barometric 
altimeter used to correlate altitude.  (Quantitative) 
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Acceleration - Tri Axial accelerometers are used to measure the parachute opening acceleration 
levels.  This information is also used to correlate the force data obtained from the riser load cells. 
(Quantitative) 
 
Free Air Temperature – A small bead diameter (<= 5 mil) thermocouple is placed in the 
airstream to measure air temperature with a minimum of response time lag.  This information is 
used in the calculation of the air density present during the various phases of flight.   The 
resulting data provides data that is used to determine the dynamic loads that the parachute system 
is subjected to during various phases of flight.  (Quantitative) 
 
Canopy Opening Force and Duration - Are measured by load cells that are installed in the 
parachute risers to measure riser forces.  In this case web tension sensors were used so that the 
parachute harness would not have to be modified from its tactical configuration for test purposes.  
This information is also used to correlate the canopy opening acceleration data obtained from the 
tri axial accelerometer. (Quantitative) 
 
Barometric Altitude – An absolute pressure sensor (PSIA) is used to measure pressure.  During 
data reduction this information is converted to pressure altitude.  In addition air density during 
flight is derived from the barometric altimeter data as well as the real time air temperature at 
altitude as supplied by the fast response thermocouple sensor.  This information is used to 
determine rates of descent during various phases of flight as well.  (Quantitative) 
 
Airspeed – Airspeed, when required, is typically measured onboard the test article using a 
variety of sensors such as turbine anemometers, hotwire anemometers, pitot or similar.  If winds 
aloft data as described in the following paragraph is available, airspeed may be determined using 
winds aloft in combination with the TSPI data derived from the test article GPS data.  
(Quantitative) 
 
Wind speed – Wind speed measurement may use a number of different techniques.  In the case 
of an instrumented range, windsonds or acoustic wind velocity measurement systems may be 
employed.  Some test projects employ dropsonds of various configurations any of which include 
a small decelerator / parachute and a GPS receiver data logger or RF link to measure the wind 
velocities vs. altitude.  In the case of those systems that measure relative wind speed and 
direction onboard the test article a variety of sensors such as turbine anemometers, hotwire 
anemometers, pitot tubes (either hard mounted or gimbaled) or similar.  During data reduction, 
this data combined with the TSPI data from the GPS receiver is used to determine relative wind 
direction and velocity as well as winds aloft.  Another technique involves the test jumpers flying 
non-maneuvering passes on reciprocal headings under canopy.  This data is then reduced using 
the TSPI data to provide the magnitude and direction of winds aloft at that altitude. 
(Quantitative) 
 
Video –Video is recorded in flight by cameras located as necessary on the test jumpers rig (i.e. 
helmet) in order to monitor the parachute canopy during the flight sequence.  In addition, one or 
more additional test jumpers use video camcorders to obtain visual information on  the 
parachute/test jumper in flight.  Additional video recorders/cameras are positioned on the ground 
as necessary to monitor the flight.  (Qualitative and Quantitative Timing Data) 
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Test Jumper – Perhaps the most useful information available is obtained by debriefing the test 
jumper and the test jumpers supporting the test project after the flight.  This qualitative 
information is useful in correlating the quantitate information as well as providing insight into 
the performance of the parachute system itself.  Often information from this data resource is not 
properly=captured and over time the information is lost to memory or becomes rumor and 
hearsay.  (Qualitative) 
 
 
AN INSTRUMENTATION SYSTEM USED IN SUPPORT OF THE PR OJECT 
 
Based on the above requirements the IDAS-4 (Integrated Data Acquisition System) as supplied 
by PSG and Associates was selected by the project.   
 
The IDAS-4 is intended to be used in a variety of flight test programs where the test 
requirements dictate the need for an as an easily configured autonomous data collection system 
for recording the dynamic environment present on the test article as well as GPS data.  The 
system has been designed for use in a variety of applications such as flight testing of parachute 
and unmanned aerial or terrestrial vehicles.  The system incorporates up to of eight (8) sensors 
and/or signal conditioners as well as a commercial GPS receiver.  The analog signal(s) are 
digitized by a 16 bit analog to digital converter and the resulting data is stored along with the 
GPS data on a Compact Flash memory card. 
 
The typical configuration of the system for parachute flight testing includes up to eight channels 
of analog data configured as follows: a) Two strain gage signal conditioning modules for use 
with bridge type load cells for measuring parachute riser loads, b) One Tri Axis accelerometer 
sensor for measuring parachute opening shock loads, c) One barometric absolute pressure for 
altitude data, and d) One thermocouple air temperature probe for use in calculating standard 
atmosphere parameters during descent.  In addition the system includes; a) The data logger, b) 
Commercial GPS Receiver, c) Pull away lanyard to initiate recording, d) Operator controls and 
indicators, e) Compact Flash memory card, and f) Rechargeable Nickel Metal Hydride (NiMh) 
battery. 
 
All configuration parameters are stored on the CF card using any of the commonly available test 
editing tools.  The system does not require special “dashboard” software for configuration or 
data downloading.  Data reduction and analysis is straightforward and is typically performed 
using commonly available data analysis tools, such as, Hydesoft Computing DPLOT® 
(http://www.dplot.com/), National Instruments LabVIEW® (http://www.ni.com/labview/), 
Mathworks MATLAB® (http://www.mathworks.com/products/matlab/), Microsoft Excel® 
(http://office.microsoft.com/en-us/excel/), Parametric Technology Corporation (PTC) Mathcad® 
(http://www.ptc.com/products/mathcad/ ), or similar. 
GPS data is typically reduces using a combination of software tools.  These include (but are not 
limited to) Microsoft Excel® (http://office.microsoft.com/en-us/excel/) for data reduction, 
analysis, and plotting, GPSBable (http://www.gpsbabel.org/) for data format conversion, Google 
Earth (http://earth.google.com/) for graphic display, as well as other software tools appropriate to 
the reduction and analysis process. 
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SOME OTHER RERESENTATIVE INSTRUMENTATION SOLUTIONS 
 
The following is a list of some of the other instrumentation solutions found in use in the 
parachute industry.  It is by no means comprehensive and is only intended to provide a 
representation of solutions currently in use. 
 
Industrologic – (http://www.industrologic.com/)  PDAS, is a ruggedized, self-contained analog 
or serial data logger originally designed for military parachute air drop testing.  The PDAS has 
been widely used for a number of years in the parachute industry in support of test programs.  
Another product, the PDAS Lite, is a smaller lower price version of the PDAS.  The PDAS can 
alternately be configured as a serial data logger for applications that require a serial data logger 
such as GPS data recording.  As these units provide either eight (8) analog voltage inputs or one 
(1) RS-232 serial data input, it is necessary for the user to configure the sensors and signal 
conditioners necessary for the particular application.  Industrologic also has a number of sensor 
and signal conditioner subsystems related to parachute testing in their product portfolio as well. 
 
Eagle Tree – (http://www.eagletreesystems.com/) Seagull/Seagull PRO are a low sample rate 
(up to 40 Hz.) data logger system that is typically used by the radio control modeler community.  
Because of the products heritage it leverages the large consume base to provide a low price 
solution a large support base.  It has a number of features that may be of use in parachute testing.  
These include the ability to record sensor data onboard as well as downlink the data via a 
900MHz spread spectrum RF transmitter.  The user is required to adapt the system from its 
primarily RC configuration to the needs of the parachute test instrumentation configuration 
requirements. 
 
Gulf Coast Data Concepts – (http://www.gcdataconcepts.com/) Gulf Coast Data Concepts 
(GCDC) has developed and manufacturers an interesting line of single purpose triaxial 
accelerometers and barometric pressure sensor data loggers that incorporate a USB interface and 
user interface.  These devices provide the user with a low price means to measure acceleration or 
altitude. 
 
GPS Flight - (http://gpsflight.com/) Supplies a number of GPS telemetry systems with optional 
barometric altimeter sensors.  Their principle produce is the ST900e which incorporates a GPS 
receiver, RF communications link, and optionally barometric pressure and temperature sensors.  
The ST900e supports many different radio configurations from 5mW Zigbee radios to 1000mW 
900 Mhz Spread spectrum radios. The most typical configuration is the 100mw license-free 
900mhz band from 902 to 928Mhz.  The unit provides excellent range by sending compressed 
binary data using the SWARM protocol. SWARM compresses data 8x so that it can be sent 
faster and over longer distances than non-optimized protocols like NMEA.  GPS Flight also 
supplies software which supports the real-time display and data logging of can collect data from 
hundreds of simultaneous ST900e units at once. 
 
Flytec (http://www.flytec.com/) – Flytec manufactures a line of handheld instruments primarily 
intended for the hang gliding, ultra light aircraft, and balloonist users.  These units have been 
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used in the parachute and skydiving community for a number of years to help quantify the 
performance of parachute systems.  In addition, Flytec supplies a number of anemometer 
systems that are useful for obtaining surface wind data. 
 
 
CONCLUSIONS 
 
The introduction of the IDAS-4 into the test programs support resources provides a flexible 
toolset to support a variety of parachute test programs.  The ability to reconfigure the system by 
the user through the selection and installation of a number of interchangeable sensors and signal 
conditioners as well as reconfigure the sample rates and number of channels being used, provides 
a great deal of performance and flexibility to the test program. 
 
The IDAS-4 system and its variants are gaining increase acceptance in the test community in 
parachute testing as well as surface vehicles, and other airborne systems. 
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ABSTRACT 

Recent technological advancements in low-power, low-cost, small-footprint embedded 
processors, sensors, and radios are resulting in the very rapid growth of wireless sensor network 
deployments.  Wireless sensor networks merge the scalability and distributed nature of 
networked systems with the size and energy constraints of remote embedded systems.  With the 
ever increasing need to develop less intrusive, more scalable solutions for instrumentation 
systems, wireless sensor technologies present several benefits.  They largely eliminate the need 
for power and network wiring, thus potentially reducing cost, weight, and deployment time; their 
modularity provides the flexibility to rapidly change instrumentation configurations and the 
capability to increase the coverage of an instrumentation system.  While the benefits are exciting 
and varied, as with any emerging technology, many challenges need to be overcome before 
wireless sensor networks can be effectively and successfully deployed in instrumentation 
applications, including throughput, latency, power management, electromagnetic interference 
(EMI), and band utilization considerations.  This paper describes some approaches to addressing 
these challenges and achieving a useful system. 
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INTRODUCTION 

Recent technological advancements in low-power, low-cost, small-footprint embedded 
processors, sensors, and radios are resulting in the very rapid growth of Wireless Sensor Network 
(WSN) deployments.  WSNs merge the scalability and distributed nature of networked systems 
with the size and energy constraints of remote embedded systems.  With the ever increasing need 
to develop less intrusive, more scalable solutions for instrumentation systems, wireless sensor 
technologies present an attractive opportunity. 
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Test instrumentation systems are constantly evolving.  Flight test systems in the early days 
consisted of pilots’ notes, photographs of cabin instrumentation, and basic sensor data.  Today’s 
systems consist of thousands of data acquisition modules, recording subsystems, and the 
associated cabling that is required to support these systems.  And the need for additional sensors 
continues to increase as aircraft systems become more sophisticated and technologies evolve.   

In addition to increased data collection requirements, today’s aircraft development timeframes 
are becoming much shorter than they used to be, mostly because of market demands and 
competition.  As a result, flight test systems must be designed to reduce overall test program 
time.  Moreover, size, weight, and power (SWaP) are major concerns for aircraft manufacturers, 
as demands for more fuel efficient aircrafts rise.  As such, reducing aircraft development time 
and overall weight, while supporting growing testing demands, is a key issue that needs to be 
addressed. 

A major contributor to aircraft development (and assembly) timeframe, cost, and overall weight 
is cabling.  Minimizing the amount of cabling in an aircraft may considerably reduce its 
development time, cost, and weight.  Leveraging WSN capabilities in instrumentation systems 
will help pave the path for achieving those goals. This paper discusses the advantages of 
integrating WSN into instrumentation and telemetry systems.  Benefits, challenges, and recent 
experiences Southwest Research Institute (SwRI®) has had with wireless sensor technologies 
will be discussed, as well as steps for integrating these technologies into instrumentation 
systems.  

BENEFITS OF WIRELESS SENSORS 

The advent of low-cost WSN over the past years coupled with other advancements in computing 
technologies has initiated a transformative shift in the design, test, deployment, and maintenance 
of systems across data-centric domains.  As proponents of WSN have previously discussed, a 
number of improvements are attainable by the instrumentation communities following the 
integration of WSN.  The following paragraphs provide a brief overview of the motivations and 
potential advantages of making the transition to WSN based instrumentation systems.     

One of the main motivations for using WSN is to reduce the amount of cabling and physical 
connections in instrumentation systems.  Cabling, specialty connectors (e.g., slip rings), and 
signal conditioning electronics form much of the infrastructure that support the transfer of test 
and configuration data and the transmission of power across instrumentation systems.  The 
introduction of a new hardware element into a non-WSN based test system requires any number 
of these infrastructure pieces, thereby almost guaranteeing a negative affect on the SWaP 
constraints while also increasing the material cost of the system.  Furthermore, each new 
physical connection introduces a new potential point of failure and a maintenance item that 
requires more time when checking/auditing the system.  

Considering these effects, the integration of WSN based approaches into instrumentation test 
systems offers key benefits.  First, WSN based replacement elements are inherently designed to 
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require fewer physical connections.  That results in positive effects on the SWaP constraints and 
physical robustness of the test system.  Furthermore, the lack of physical connections requires 
WSNs to be adaptive and flexible.  Much of the development in WSNs is focused on the 
seamless startup, routing, and discovery processes that require little or no supervision or 
intervention [9].  As a result, introducing new elements into a WSN based instrumentation 
system will require less installation time, maintenance, and documentation.       

Along with the quantifiable improvements, WSNs provide new opportunities to extend the 
sensing and monitoring capabilities throughout the lifecycle of a system.  The remote 
accessibility of WSNs provides a means to calibrate and configure many sensors and devices 
without direct physical access.  Pairing this with new low-power microprocessor and 
communication technologies (e.g., ultra low-power Wi-Fi [7][8]) supports the long-term 
persistence of WSN based data acquisition elements on a test vehicle.  Utilizing such 
technologies can potentially increase maintenance intervals (e.g., power source replacement) on 
the order of years.  Accordingly, instrumentation test data can be obtained in situ beyond the 
normal bounds of the test phase for a vehicle.  With such an increase in persistence comes the 
opportunity to evaluate the operational and long-term performance of a system.  Also, some 
maintenance and failure indicators will become detectable during operation, thereby alleviating 
some of the burden of regularly scheduled maintenance.  

CHALLENGES OF WIRELESS SENSORS 

While the benefits of wireless sensor technologies present an interesting opportunity for 
satisfying the increasing demands of instrumentation systems, some challenges still need to be 
overcome in order for them to be successfully incorporated into flight test systems.  Some of the 
key challenges include power limitations, RF susceptibility, data rates, and security, which will 
be briefly discussed in this section. 

Because wireless sensors are typically placed in remote, difficult to reach locations, it is highly 
desirable that both the sensors and their batteries operate for long periods of time without 
external interventions.  This means that sensor power consumption must be minimized and that 
battery life must be maximized.  While battery technologies have improved over the years, the 
improvements have not yet been substantial enough to significantly reduce WSN power 
constraints.  As a result, low power consumption in WSNs is often achieved by reducing sensor 
computational resources, such as memory, processor cycles, wireless radio power, data rate, and 
implementing strategic sleep cycles [6].  This power limitation in turn creates other challenges, 
particularly in meeting security, RF susceptibility, and data rate requirements. Nevertheless, 
emerging technologies (e.g., ultra low-power Wi-Fi [7][8]) provide promising solutions to these 
power limitations. 

In many applications, a WSN often coexists with other wireless networks, such as Wi-Fi and 
Bluetooth, thus making RF interference a concern.  Studies have shown that 802.15.4 (ZigBee) 
(technology most WSNs are based upon) performance is severely degraded by coexisting 
wireless networks (i.e., Wi-Fi, Bluetooth) if operational frequencies are not carefully chosen. 
Even with carefully chosen communication channels, 802.15.4 is still susceptible to interference 
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and jamming, particularly when larger packet sizes are transmitted [5].  Moreover, 802.15.4 
technologies have demonstrated susceptibility to multipath interference from metal and metal-
foil line surfaces [4].  Since sources of multipath interference will vary depending on aircraft and 
test configurations, 802.15.4 based implementations may present significant challenges in 
meeting all flight test system requirements [5].  Nevertheless, different WSN implementations 
(such as Wi-Fi) are capable of overcoming these issues. 

Another key challenge of WSNs is security.  Typical security algorithms rely on large amounts 
of computational resources being readily available, making them not suitable for WSN based 
applications.  For instance, the working memory of most sensor nodes is unable to hold the 
variables of common encryption algorithms [6].  That, however, does not mean that security 
cannot be achieved in WSNs; it means that the level of security achievable in typical WSN 
implementations (i.e., 802.15.4) will likely be lower than that of an average wired 
instrumentation network.  Moreover, the multi-hop topology of WSNs makes them more 
susceptible to attacks than wired networks (i.e., multi-hop routing attacks) [6].  Nevertheless, 
emerging technologies, such as Wi-Fi based WSNs can capitalize on the built-in security features 
of Wi-Fi to address the security gaps of typical WSNs. 

Data rate limitations are also a concern for WSNs.  Data rates directly affect two critical system 
parameters: throughput and scalability.  In general, the higher the data rate a network can 
support, the more scalable it is, because the ability to add nodes to a network will depend on the 
network’s data rate capacity [10].  Typical 802.15.4 based WSN implementations support data 
rates of about 250 Kbps per channel.  This data rate is in general too low for most flight test and 
telemetry systems.  However, more recent WSN implementations based on Wi-Fi can support 
the data rates required of most flight test systems (54 Mbps for 802.11g and up to 600 Mbps for 
802.11n).  As such, opportunities exist to meet the data rate and scalability requirements of flight 
test systems. 

In summary, it is clear that some challenges need to be overcome before WSNs can be 
successfully deployed in flight test systems.  However, many of these challenges are due to the 
fact that WSNs have, until now, been used by specific communities and developed using 
specific, application-specific implementations (such as 802.15.4).  The increased interest of other 
communities in WSNs, combined with emerging technologies that are helping solve key WSN 
limitations, is helping pave the path for integrating wireless sensor technologies into 
instrumentation and telemetry systems. 

RECENT EXPERIENCE IN SOLVING THESE ISSUES 

SwRI has significant experience in the research, design, and development of embedded systems 
and wireless communications. In recent years, SwRI has been actively developing small, low-
cost, power-efficient, and self-configurable embedded WSNs for a number of monitoring 
applications [1][2][3]. An embedded WSN consists of spatially distributed sensor nodes 
embedded with computer intelligence. A primary advantage of the embedded WSN over a group 
of individual, unconnected sensors is the ability for the network itself to make decisions based on 
external indicators and, thus, allow observation of anomalous or unexpected events while 
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optimizing the sensor power usage and extending sensor lifetime.  SwRI sensor technologies 
have been used to measure a variety of earth processes in hazardous environments to overcome 
challenges such as inaccessible locations, harsh environments, and long-term deployment.  Many 
of these technologies can be applied to address instrumentation and telemetry challenges. SwRI’s 
approach is to work with domain experts to design a sensor network that employs the lowest cost 
and most widely available technologies to meet the SWaP and sensing requirements of the 
deployment.   

During 2007 and 2008, SwRI deployed a WSN to a remote landslide along a tributary of the 
Snake River in southern Idaho [2].  The system employed an innovative cooperative radar 
technique to measure, down to sub-centimeter accuracy, the relative distances between pairs of 
geographically dispersed sensor nodes and, thereby, characterized the continued settling of the 
landslide on the east side of the canyon.  The cooperative radar system required significantly 
more power than the low-power wireless sensor processors, but the nodes had to be camouflaged 
so as not to provide a tempting target for local hunters and sportsmen.  The need for camouflage 
barred the use of solar panels to provide long-term power so sealed gel-cell batteries supplied 
power to the sensor nodes that were protected in weatherproof boxes and buried at the base of 
the camouflaged antenna assemblies.  The processors that formed the heart of the precise 
positioning system communicated wirelessly over 802.15.4 and took advantage of low-power 
modes to significantly decrease power needs during system idle periods. The system operated 
successfully, with periodic battery maintenance, during the hot Idaho summer and the freezing 
snowy conditions of a particularly cold and wet winter. 

In 2008, SwRI worked closely with groundwater hydrologists to develop a prototype neutrally 
buoyant sensor to autonomously map pathway flow velocity and geometry of karst conduits [1]. 
The prototype sensors are equipped with a magnetometer and multiple sonar pairs to measure 
conduit morphology and orientation.  The sensors were developed to be approximately neutrally 
buoyant but were equipped with a propulsion system to enable the sensors to negotiate around 
impediments in the flow channel and avoid stalling at the walls of the conduit or cave.  The 
sensors were built using inexpensive components to facilitate the deployment of a large number 
of sensors in scenarios where a small percentage of them are recovered due to complexity of 
karst structures through which they pass. In these cases, the complete mapping information can 
be shared among all available sensors through sonar communications.  Data collected during an 
excursion are downloaded from the sensor upon completion of the survey mission. An 
autonomous sensor was successfully used to characterize a segment in Honey Creek Cave, a wet 
cave in south-central Texas.  Sonar proved to be effective in measuring the cave dimensions and 
the velocity of flow.  A magnetometer was used to orient the pathway taken by the sensor.  
Together, these data provided a representative reproduction of the oriented morphology of the 
wet cave. A variation to the initial generation of sensors was developed to map and characterize 
karst solutional features in which data retrieval from the sensor at the conclusion of the excursion 
is not possible or likely.  For this application, a tether was attached to the sensor to allow real-
time data collection.  This version of the sensor was used to map karst voids intersected by a 
drillhole but where discharge to a spring was not anticipated. 

SwRI recently completed an internal research project that applied wireless sensor technologies to 
the problem of detecting and measuring riverbed scour that occurs around bridge piers and 
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supports during flooding events.  The prototype employs a stack of low-cost, low-power wireless 
sensor processors equipped with inexpensive sonar transducers for underwater communications.  
System installation occurs by drilling a hole in the riverbed and inserting the sensor stack.  
During flood events, scouring removes individual nodes along with parts of the riverbed 
surrounding the stack.  The stack is able to count the number of nodes remaining and transmit 
that information to the shore.  Depending on the specifics of the installation site, the stack may 
remain dormant for long periods of time between flooding events.  The research project 
investigated the application of electromechanical transducers for generating power that gets 
stored in super-capacitors or large conventional capacitors on the individual sensor nodes.   

These projects employed a variety of wireless-enabled microcontrollers and other peripherals 
and sensors to meet the data collection needs of the individual problem domains.  Similar design 
approaches can be employed to meet instrumentation requirements.  In addition, a number of 
energy harvesting technologies, including vibration and thermal, provide sufficient power in 
small form factors that ultra low power processors could be used to create a battery free WSN for 
some environments. 

MAKING A SYSTEM WORK  

As the recent experience described above shows, each particular environment produces its own 
set of challenges.  The key to making a system work in a particular environment is to adapt the 
system design to match the needs of the particular target domain.  WSN technologies, just like 
any other technology, are not a one size fits all solution.  Fortunately, the breadth of WSN 
technology is now sufficiently large to successfully apply the technology to a variety of 
problems.  Likewise, the growth in low power processing and communications should continue 
to expand the core technologies available for building WSN systems.  Knowing how to 
determine the needs of a particular system and then applying the relevant technology is key to 
the system’s success. 

Within the WSN product space, there are many competing wireless techniques.  While IEEE 
802.15.1 (Bluetooth) and IEEE 802.15.4 (ZigBee) protocols garner much of the attention, there 
are numerous other approaches based around either IEEE 802.11 Wi-Fi or some form of 
proprietary protocol.  The growth of 802.15.x based protocols has been driven by the reduced 
complexity and speed of the protocols which allowed early implementations to more easily work 
within the low power and small size budgets of WSN applications.  Of the two 802.15.x 
protocols, Bluetooth has had the most success due to the availability of chipsets developed for 
the mobile phone market.  Since ZigBee has only found markets in WSN applications, the 
number of available chipsets has not grown significantly due to the relatively small market size. 

Some vendors have opted to optimize or differentiate their WSN product offerings by developing 
their own proprietary protocols.  While this “custom” approach allows achieving better 
communications or power performance than 802.15.x approaches, it also has the penalty of 
limited or no interoperability outside one particular vendor’s products.  While in the short term 
this might help a vendor to maintain more control of a particular market segment, in the long 
term the customer is not able to integrate any new products into a system that has a proprietary 
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approach.  The even smaller market size for a particular proprietary approach makes it even more 
difficult to achieve low cost devices. 

Wired Ethernet use in embedded systems has increased dramatically in recent years due to the 
ubiquity Ethernet networks in non-embedded systems providing a market mass large enough to 
lead innovation in both chipsets and software support.  A similar but likely more powerful trend 
for WSNs is beginning to emerge with IEEE 802.11 Wi-Fi technologies.  The explosive growth 
in home networks and smart phones is fueling the development of numerous low-cost, low-
power, small size 802.11 Wi-Fi chipsets.  Due to this market-driven innovation, power 
requirements have dropped to similar levels as Bluetooth and are likely to continue to improve at 
a faster pace than Bluetooth due to market size driven product development.  Due to these 
market factors and since Wi-Fi also provides significantly higher bitrates and more interference 
immunity (especially the OFDM based variants of 802.11) than 802.15.4 protocols, Wi-Fi is 
likely to become the long term dominant protocol for WSNs. 

The choice of a wireless protocol is often emphasized above other factors when designing a 
WSN.  However, while important, all aspects of a WSN can have an equal impact on whether the 
system works successfully or not.  For instance, if the wireless portion is perfectly reliable but 
the sensor electronics are unreliable or imprecise, then the system overall is still a failure.  
Likewise, if the system uses a very power efficient processor and wireless technique but chooses 
a sensing approach that wastes power, then the system once again will likely fail to meet the 
needs of the user.   

SwRI has found in the variety of SwRI built WSN applications that the WSN must be designed 
first and foremost as a system.  This mandates understanding the requirements of the particular 
domain the WSN will be applied and then build a system to meet these requirements from a 
“broad toolbox” of capabilities and technologies.  By not constraining the system components to 
a single manufacturer, best of breed components can be used in the portions of the system that 
require their cost and performance, and lower cost components in other areas without as stringent 
performance requirements.  The flexibility of this approach provides the best path to an overall 
successful WSN system. 

CONCLUSION 

Although much advancement has occurred over the past years in the areas of instrumentation and 
telemetry systems, many challenges are yet to be addressed.   More specifically, the need to 
develop highly scalable, non-intrusive test systems with minimal size, weight, power, and 
development/deployment time continues to increase.  This paper has discussed how WSN 
technologies can be leveraged to address several of these unmet needs.   WSN benefits and 
challenges have been discussed, as well as examples of how to develop WSNs for specific 
applications and how to integrate them into instrumentation and telemetry systems.  It is clear 
that integrating wireless sensor technologies into instrumentation systems is a feasible way to 
address instrumentation system challenges, while meeting the data rates and other key 
requirements associated with these systems.  Nevertheless, in order to reap the benefits 
associated with wireless sensor technologies, WSNs must be designed as a system and tailored to 
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the specific needs they are to address.  With the appropriate design, WSNs can revolutionize 
instrumentation systems. 
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ABSTRACT 
 

Development is currently underway to produce a dual redundant Flight 
Termination System (FTS) capable Missile Telemetry Section.  This FTS will mainly 
consist of a conformal wraparound antenna, two flight termination safe & arm (FTS&A) 
devices, two flight termination receivers (FTR), two explosive foil initiators (EFI) and 
destruct charge.  This paper will discuss the current status of the development of these 
FTS components along with the process of obtaining the Flight Certification from Range 
and System Safety to fly this newly outfitted missile on a governmental test range.   
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FLIGHT TERMINATION SYSTEM DESCRIPTION 
 
The following items comprise the dual redundant Flight Termination System (FTS):  FTS 
Antenna, Flight Termination Receivers (FTR), Flight Termination Safe and Arm Devices 
(FTS&A), Explosive Foil Initiators (EFI), Destruct Charge, and FTS Thermal Battery.  
Please note, due to the compact size of the telemeter, no detonation cords (which 
normally carry the explosive charge from the EFI to the Destruct Charge) were 
incorporated into the design.  The battery, EFI devices and FTR units are all 
Commercial off the Shelf (COTS) items.  All other items are currently being developed 
in-house.  A simplified version of the operation of the system is as follows.  When a 
missile strays from its’ intended course, a command destruct signal is sent out and 
received by the FTS Antenna.  Then the antenna splits this signal into two paths and 
sends it to the FTR units, which decodes this signal.  If appropriate, a message is sent 
to the FTS&A devices to begin the destruct process.  Once the FTS&A devices receive 
this message, they start charging up.  The EFI units provide the explosive “spark” to 
detonate the destruct charge.  This role is similar to the one a spark plug has in an 



automobile engine.  A detailed description of each of the items which comprise the FTS 
can be found in the paragraphs to follow. 
 
 

FTS ANTENNA DEVELOPMENT 
 

Much like the Global Positioning System (GPS)/Telemetry(TM) Antenna discussed in [1] 
and [2]; the FTS Antenna is similar in appearance and construction.  It is conformally 
wrapped around the missile section and is fabricated from the same RT/Duriod material.  
Along with the GPS/TM Antenna, both antennas cover almost the entire length of the 
telemeter.  Likewise with the GPS/TM antenna, it is being developed in-house with the 
aid of a Cooperative Research and Development Agreement (CRADA) with private 
industry.  Due to limited space, there is only a single shorted quarter-wave length 
radiating element.  Leading from the element is a power divider connected to two output 
connectors in order to provide a dual redundant FTS.  A filter is also incorporated into 
the design to prevent the TM transmitter signals from entering into the FTS.  In order to 
overcome the issues of narrow frequency bandwidth, temperature effects and 
production tolerances; a turning screw is being implemented to adjust the FTS antenna 
center frequency after it is installed onto the telemeter. 
 
 

FLIGHT TERMINATION SAFE AND ARM DEVELOPMENT 
 

The Flight Termination Safe and Arm (FTS&A) unit is another in-house development 
utilizing a CRADA with private industry.  The FTS&A unit is designed to provide flight 
termination safety functions as defined in the Range Commanders Council Standard 
(RCC 319-07).  Unlike the legacy unit, due to size constraints, no Electronic Safe and 
Arm Device (ESAD) will be used.  The FTS&A unit accepts range control commands via 
the FTR, provides status to the telemetry data system, and initiates the flight termination 
functions.  The FTS&A unit consists of an electronics module with electrical outputs 
capable of reliably activating an EFI detonator.  The FTS&A unit verifies the range 
commands and ensures the missile meets the safe separation and arming safety 
requirements before committing to fully arming the system.  In order to facilitate the 
Range Safety recertification process, the housing and mounting method allow for the 
FTS&A unit removal without telemeter teardown.  FTS components need to obtain 
Range Safety certification prior to flight.  Initially this certification may only be valid for a 
period of only thirty (30) days.  If the missile is not flown within this timeframe, the FTS 
components have to be removed from the telemeter and be recertified. 
 

 
DESTRUCT SYSTEM DEVELOPMENT 

 
The Destruct System consists of the Explosive Foil Initiator (EFI) detonators and 
Destruct Charge.  As mentioned earlier, the EFI units are COTS items.  They can be 
easily removed for recertification testing.  The EFI units take a signal from the FTS&A 
devices and transfer an explosive charge to initiate the explosion of the Destruct 



Charge.  As with the FTS Antenna and FTS&A device, the Destruct Charge is being 
developed in-house.  It resides in the void between the Telemeter and Rocket Motor 
sections and is used to sever the missile into separate pieces.  Like the other FTS 
components, it needs to comply with all RCC 319-07 requirements.  In order to achieve 
this, a minimize number and variation of explosive interfaces need to be achieved.  It 
should be noted, due to the lack of space and the issues listed above, no detonation 
cords (leading from the EFI detonators and Destruct Charge) are being utilized in the 
design of the Destruct System. 
 
 

COMMERCIAL OFF THE SHELF COMPONENTS 
 

As mentioned previously, the EFI detonator is a Commercial off the Shelf (COTS) item.  
In addition, the FTS battery is the same one used to power the GPS and TM portions of 
the telemeter.  Lastly the FTR units are COTS parts as well.  A few years ago, two 
different receiver manufacturers had been flight qualified to the RCC 319-99 Standard.  
However in order to comply with the updated RCC 319-07 Standard, delta flight 
qualification testing is needed to be performed on these two receivers prior to inclusion 
into the final flight qualified telemeter unit. 
 
 

SUMMARY AND THE PATH FORWARD 
 

In-house development of many of the FTS components is underway (FTS&A device, 
Destruct Charge and FTS Antenna).  Flight Qualification Testing of these components 
should be completed by the end of the calendar year.  Shortly thereafter, the flight 
qualification testing of the entire telemeter will commence.  In the meantime, several 
System and Range Safety Reviews will be conducted with the ultimate goal of gaining 
flight clearance approval. 
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Abstract
The requirements for a seismic telemetry-network are even more stringent than the
well known problems of sensor networks. Existing medium access control (MAC)
protocols suggest reducing energy consuming network activity by reducing costly
transmissions and idle listening. Furthermore, it is required to set up communication
patterns in different priority levels as well as ensuring fast handling of critical events.
A protocol is proposed that operates with two parallel sets of time schedules in a
time-division-multiple-access (TDMA) sense of periodic activity for listening and
for transmitting. Synchronization packets sent from a central base station ensure
optimal response times.

Keywords: TDMA, energy constraints, seismic sensor network, priority level
scheduling

1 Introduction

At least since the 2004 Indian Ocean earthquake, which triggered a series of devastating
tsunamis that killed nearly 230.000 people, setting up efficient tsunami warning systems
is considered to be urgent. Detecting tsunamis is a rather difficult issue and a network
of sensors is needed for that purpose. A research project in collaboration between the
University of Salzburg, Austria, the Indonesian Universitas Gadja Mada of Yogyakarta
and the Indonesian Aerospace Agency LAPAN in Jakarta, focuses on the development of
a sensor network for telemetric gathering and processing of seismic data.
The design has to satisfy many of the typical requirements for sensor networks, as well as
some specific ones. The following requirements are usually well understood and handled
in sensor network design:

• Energy is limited and thus, the energy consumption of the sensor itself as well
as network energy consumption must be reduced. The nodes of sensor networks
usually have to operate highly power-efficient since it is inconvenient or impossible
to replenish the energy source frequently [8]. In other words, the protocol itself
should be energy efficient [1].

• Storage size is limited so the amount of buffered packages must be controlled [8].
• Only the information absolutely needed should be transmitted. Control packet

overhead is one of the main reasons for waste of energy [1].
• Conflicting channel access must be avoided [6]. Apart from messages not arriving in

time, collisions lead to increased energy consumption due to costly retransmissions
[1].
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• Packets must only be received by the addressed destination node. Overhearing, that
is receiving of packets addressed to other nodes, as well as overemitting, describing
the situation in which a destination is not ready to receive while the sender transmits
packets, again lead to waste of energy [1].

• Further characteristics that are described to be important [1] are scalability and
adaptability to changes. The ideal protocol is easily adapted to changes in topol-
ogy, additional nodes and is robust with respect to nodes being shut down due to
exhausted energy resources. However, the presented project aims to set up a net-
work with a fixed number of nodes, such that it is not important to provide the
possibility of adding nodes or changes in topology.

• The integrity of transmissions must be assured. Usually this is done via checksums.
If a checksum is not valid at the receiver, a retransmission-request is being sent.

• Integrity can be assured by acknowledged communication; The sender sends it’s data
and waits for a certain amount of time for the acknowledgment-message from the re-
ceiver. After a so-called time-out, the sender stops waiting for the receiver’s acknowl-
edgment and starts a retransmission. Also, if the receiver sends a retransmission-
request because it detected damages by getting an invalid checksum, the sender
starts a retransmission. Only if the receiver acknowledges the transmission’s suc-
cess, the sender concludes that the data has reached it’s destination.

These are not the only requirements to consider when choosing a protocol for a network
of seismographs. The following aspects and requirements may render well-established
solutions unsuitable:

• Seismology depends on international accumulation of large sets of compatible high
quality data in standardized formats from networks around the globe [2]. Therefore
the design has to handle a specific data format, implying the necessity to handle
data packets of pre-defined size.

• The spectrum to host the carrier must be freely accessible. The project’s technicians
have thus chosen a spectrum between 400 and 470MHz.

• The architecture is planned to comprise a central sink- or base-station, where data
from sensor nodes is collected.

• The maximal distance between nodes is 30km, the minimal distance is 1km.
• There might be nodes in locations, that are reachable only by the base station. In

general, the network’s topology should not rely on relay nodes. Nodes are likely to
not communicate with each other.

• It is planned to use directed antennas to satisfy a) energy constraints, b) reachability
of nodes at distances up to 30 km and c) to avoid collisions.

A critical aspect of the sensor network is that the data being processed is a matter of
survival. If a sensor, specifically a seismometer, detects a seismic wave, it is crucial
to precisely locate the source of an earthquake in three dimensions, to determine if a
tsunami is likely to be emitted. Warnings to populations at the coast must be given
within a maximum of 15 minutes. Furthermore, using a network of seismometers spaced
in an array provides information about the time it takes for a seismic wave to propagate
away from the hypocenter. Thus, the fact that we are working on seismic data leads to
additional requirements:

• Information about seismic waves exceeding a certain threshold of magnitude (e.g.
>6 Richter-scale) must be delivered with highest priority.
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• If one node records such a critical event, some kind of cross-validation must be done
to avoid false alarms (i.e. caused by a heavy truck passing next to one sensor).

• Transmissions must be encrypted to prevent intruders from causing false alarms.
• Transmitted data sets must contain the time of registration of the data, which is nec-

essary to locate the hypocenter. This requires some clock synchronization between
all nodes and in particular with the sink node where all information converges.

• The sensor network should provide four priority levels to support the different earth-
quake warning stages.

The levels are distinguished in the period between routinely collected data:

• While in level four, the least critical level, seismic data from the sensors are reported
routinely every 6 hours...

• ...the third level is being entered if the measured seismic waves exceed a certain
magnitude (e.g. level 3 Richter-scale) once. Then, sensors report the measured
waves every 15 minutes. Obviously they return to level four if no further seismic
events are being registered during two cycles, that is, after 30 minutes.

• Instead, if low seismic activity continues, level two is activated, in which sensors
report the measured data to the base station every minute so that the resulting
detailed information may be reported to some emergency institution. Again, nodes
return to level three if no further seismic events are being registered after 15 minutes.

• The highest level of priority should be reserved for the case of emergency, when
actually earthquake-like seismic waves are detected (>6 Richter-scale). In this level
a sensor reports its data to the base station every 15 seconds.

1.1 Energy ressources

The technical design specifies the use of solar cells as a renewable energy source. Con-
sidering the weather in Indonesia (total annual precipitation about 2500 mm and about
145 rainy days per year) it is mandatory to save energy. We assume a maximum power
consumption of approximately 18 W for transmitting and 1.2 W in normal operational
state with receiving enabled. Switching off the receiving module might save another 0.5
W. The high cost for sending results from the assumption that a transmitting power of
up to 6 W may be needed to reach the most distant stations.

Concluding, we have an energy consumption factor of 26 between passive and transmitting
modes. The transmitting mode is by far the most expensive mode of operation with
respect to energy consumption. Obviously, idle listening should be avoided as well, since
it is another source of waste of energy [1]. These observations have led many researchers
in the field [8] to the conclusion, that medium access control (MAC) layer design is of
critical significance for power saving. The wireless radio may be switched on and off by
fine-grained control. Thus, a protocol is needed that allows putting the nodes into a very
low power consuming sleep or still a very energy-efficient passive mode as often and as
long as possible. However, this leads to the fundamental question [8]: When should a
radio module switch to a low power mode and for how long?

1.2 Data-format

Almost all seismic data worldwide is publicly available and up to now there is no modern
and internationally accepted archiving and exchange format standard for digital wave-
forms like SEED [2]. The Standard for the Exchange of Earthquake Data (SEED) [4] is
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designed to handle the requirements of international data exchange. However, SEED is
a complex standard defining a large set of contextual information records in each data
packet. It is designed to globally distribute all the contextual information required to
process seismic data, using a harmonized format and standardized protocol. MiniSEED,
in contrast, includes only one or two of these records, containing only a subset of proto-
col information. With its light weight design it meets all the requirements of near real
time data exchange [7]. Therefore, miniSEED was selected for our project, together with a
code compression as in Steim1 or Steim2. MiniSEED data packets can contain integration
constants that can be used to check data integrity when decompressing. Data packaging
and compressing is done in a higher layer of the protocol stack in this project. Thus, this
requirements are not a topic of the presented protocol specification. It is possible to pack
miniSEED information from all nodes in a SEED data file. This might be done by the
central base station before forwarding data or warnings.

2 Related Work

Many researchers have worked out solutions for different specifications of sensor networks.
Among those protocols, here WLAN, that is almost considered as classic work, and two
protocols that can serve as models for some useful techniques to the present project, will
be discussed.

2.1 IEEE 802.11: WLAN

The IEEE 802.11 [11] standards specify communication in wireless local area networks
(WLAN) in 2.4, 3.6 and 5 GHz frequency bands. This MAC protocol works for ad-
hoc networks (Distributed Coordination Function, DCF) and centralized systems (Point
Coordination Function, PCF). There are some reasons why WLAN is not suited well for
the purpose of the SEISDAC project:

• 802.11 divides the bands into channels. Specifically, 802.11b uses the direct sequence
spread spectrum signaling and 802.11g orthogonal frequency division multiplexing.
Both modulation techniques are very useful to identify senders when they continue
sending permanently and concurrently. In fact, this is what should be avoided for
the presented application. In this context, the senders should actually be passive
for most of the time, to save energy.

• WLAN comes along with complex functions of coordinating and modulating chan-
nels. In contrast, in the presented scenario, there is no need for a highly elaborated
but energy consuming medium access management.

• WLAN is based on the CSMA/CA technique for medium access control. CSMA/CA,
in turn, relies on communication between all nodes. However, if nodes are too far
from each other so that no communication is possible, a base station would send a
jam-signal if nodes are accessing the medium at the same instant of time in order
to make them aware of the collision. As a consequence, all senders must send the
data again. As stated before, retransmissions are costly and should be avoided to
save energy. If WLAN would be implemented with polling (PCF-mode), stations
would be idle-listening all the time in order to be able to answer the poll from the
base station immediately. Obviously, there is no way to implement WLAN without
wasting energy.

• Furthermore, the data packets are expected to be very small. The miniSEED format
packet length is specified with 512 bytes [4]. The WLAN standard is designed to
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transmit frames with a payload of 0 to 2304 bytes, while there is a MAC header of
30 bytes (including 4 EUI-48 adresses) bytes and a frame check sequence of further
4 bytes. MiniSEED packets in WLAN frames would add further 34 bytes of framing
for WLAN protocol information additionally to the header of the miniSEED-format
[7]. It is strongly assumed that a simple protocol gets along with less header infor-
mation.

2.2 Sensor-MAC (S-MAC)

As its name suggests, S-MAC [12] is specifically designed for sensor networks and adapts
the idea of handling the sleep-or-not-to-sleep problem at the MAC layer. In a more
detailed view, S-MAC is based on locally managed synchronizations and periodic sleep-
listen schedules, based on these synchronizations. The synchronizations are taken by a
broadcast SYNC-signal to immediate neighbors. Based on this synchronization, nodes
form clusters to set up a common sleep-wake schedule. Indeed, we are in search for a
protocol with a possibility of synchronization, in order to get seismic data along with
time-information. Furthermore, the sleeping periods can be broken up by events, i.e.,
unpredictable seismic waves. Thus, it is not possible to get along with a common sleep-
wake schedule.

2.3 Two-Radio architecture

A two-radio architecture allows a node to alert a neighbor with a special wakeup-signal
before sending packets for that destination [8]. The protocol brings a clear advantage in
reducing power consumption under the condition that the second radio uses much less
power via either a low duty cycle or hardware design. Event driven protocols can be
combined with wakeup channels as in [10], where this is done for mobile communication
devices such as PDAs, mobile phones etc. However, waking up a neighbouring node is
useful only for networks where sensors communicate directly (known as local gossip [1])
since centralized information exchange by hands of convergecast and broadcast [1] always
has the centralized node involved as a receiver or sender. Our requirements thus make
such an approach infeasible. Instead, the low-cost channel could be useful for some other
purpose such as sending synchronization signals or acknowledgements. However, channel
usage is subject to lower protocol layers and will thus not be discussed in the following
sections.

3 Proposed solution

3.1 Topology

As mentioned earlier, apart from converging communication to a central base station,
nodes must not communicate with each other. This results from the requirements of
using directed antennas, gathering data from all sensor nodes to integrate information as
well as from the necessity to avoid data collisions. The best solution to such a specification
is the star-topology.

Obviously, directed antennas have a direction that must be pre-defined at network-setup
as long as they are not re-directable. As in the presented project, this is not the case and
antennas at sensor nodes will be directed to communicate with the base station. The base
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station will be provided with an adequate solution in order to reach and to be reachable
by all sensor nodes.

By sake of simplicity we claim that an event is either a seismic wave, that must be detected
by multiple nodes or it is a false alarm (i.e. a heavy truck passing next to the sensor).
Actually, there is no reason to prefer the direct alert from a node to all other nodes
over centralized handling, since information must be collected centrally in each case to
evaluate the relevance of and to calculate seismic informations from multiple measures
before submitting the information.

Avoiding collisions is easier handled in a star-topology than in direct involvement between
sensor nodes. Direct communication comes along with lots of collision problems, especially
in the scenario when multiple sensors detect an event simultaneously [5]. In the worst
case, this may lead to a situation where collisions are so frequent that the communication
is, in fact, slowed down to a level below a type of centralized communication. Since
critical events in a seismic network can be of vital importance, it is necessary to provide
time-deterministic transmissions, that is, transmissions are never exceeding an acceptable
range of time. Note that centralized communication, in addition, eases power saving: If
only one node, that is, the central node, is idle-listening, all other nodes may sleep until
their sensor detects a critical wave or until a routine-report is scheduled.

Beside obvious advantages, networks with a star-topology suffer several disadvantages.
First, it is necessary that the central base station is provided with a reliable, ideally
uninterruptible power-supply. The requirement of being uninterruptible is even stronger
than having the power-supply being self-contained. Thus, it is advised to use a battery-
backup.
Second, cross-validation of false alarms takes more time if it is done over a central node and
would be faster if it was directly handled by neighboring nodes. Furthermore, a network
with star topology should have at least one alternative node that can immediately take
over the function of the central base station in the case of its failure. This is crucial because
the network is not working at all without a central base station. However, handling these
problems is beyond the topic of the presented paper and is thus being omitted in the
following.

3.2 Event Driven Strategy

Event driven protocols are not unusual in wireless sensor networks [5, 10]. In event driven
protocols, communication is executed only on demand, virtually without active idling
(i.e., listening). In doing so, energy is being saved because a sleep mode is entered as long
as no event occurs. This ideally results in a behavior in which as long as a node will not
send or is not receiving, it is in sleep mode.

3.2.1 Events

Basically, there are two types of events:

• The first type of an event occurs when a nodes sensor gets a relevant signal. That
is, a seismic wave of certain magnitude. The sensor triggers a wake-up to its radio
module and sends the data as soon as possible to the base station.
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• The other type of event is time-triggered, that is, an activity of periodical occurrence.
In the presented project, time-triggered reports submit the routinely collected data
with a periodicity according to the four priority levels to the base station.

For the latter type it is obvious that the receiving node knows the time when it should
listen, since packets arrive periodically. The further type of events occurs at unexpected
time.

3.2.2 Communication pattern on events

In the following it is being analyzed why this communication pattern is suited well to
critical event handling. Additionally, a parallel structure of priority-listening-levels to
priority-sending-levels is being introduced by considering the following possible scenarios:

• The first node detecting a seismic wave of certain magnitude reports it to the central
base station. The base station has no other events and acknowledges the sender.
The sending node is aware of the critical content of the message and enhances its
periodicity of listening to the highest level.

• The first reporting station now listens every 15 seconds if it gets a critical warning,
indicating that also other stations got the seismic signal or a all-clear message if -
after a certain time-out period - no other station reported an event.

• If more sensors detect a seismic wave they report the event to the central node and
receive immediately a critical warning signal that alters the sending-priority as well
as the listening-priority levels.

The resulting types of listening are the following:

• normal: Listening occurs after each sending period, when the central station sends
an acknowledgement indicating the successful receiving as well as the current priority
level.

• synchronization: Nodes listen until the SYNC-packet is being received to deter-
mine the slot to send a packet containing information of a seismic event.

• warned: Listening is done every 15 seconds, independent of the sending priority
level, after a node has reported a critical event before any other node did. This is
crucial to distinguish false alarms from real emergency cases.

3.3 Time Division Multiple Access (TDMA)

TDMA is denoted as another method of conserving energy in sensor networks [1]. TDMA
is used to schedule traffic. Each node has a specified time slot in which it is scheduled to
send or receive. Consider for example figure 1. 7 nodes are scheduled, each consuming an
equal part of a cycle. Node with ID=1 sends in slot 1, node with ID=2 sends in slot 2 etc.
In slot 3, node with ID=3 sends a packed and receives immediately an acknowledgement.
Such an approach allows nodes to sleep when they are not scheduled. Obviously, it is not
feasible for ad hoc networks, since it is based on a relatively static topology and traffic
patterns should be more regular. However, this is exactly what we are going to do: The
number of sensor nodes might be unchanged and each priority level determines the length
of sleep phases between periodically sending of data to the base station. This leads to a
regular traffic pattern except the case in which a node senses a critical event that must be
reported immediately to the central node. Thus, the remaining question is how to handle
medium access in this unpredictable case.
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Our requirements on immediateness accept a latency of 15 seconds even in the case of the
critical, highest priority level. With TDMA, a critical event triggers the sensor node to
enter the schedule of highest priority level. Then, it might determine the time-slot when
it is scheduled (regardless other sensors use their scheduled periods or not) and starts
transmission in the next available period. The latency of such a strategy is of maximal
15 seconds since each node is allowed to send once in each cycle.

Slot1 Slot7Slot6Slot5Slot4Slot3Slot2

Sync−Signal
Start Retransmission
Time−Out

Ack.Ack.

Sync−Signal

Figure 1: Scheme of a TDMA-cycle. Node with slot-id=3 receives an acknowledgement
after having sent it’s packet. Node with slot-id=5 starts a retransmission after time-out.

A final consideration on designing a TDMA-schedule is the length of a slot. The sensors
all operate on the same type of data, that is, data packet size is equal for all sensor nodes.
Furthermore, the packets are of equal priority. Thus, the communication cycle should
be divided in equal sized time-segments among all participating nodes such as shown in
figure 1. Proposing a data-rate is not the purpose of this work but it must be mentioned,
that it is not enough to choose a data-rate so that sender get along with the slot size when
transmitting a packet. The data-rate must be adapted to the number of nodes and the
resulting slot-size as well as to the time-out epoch, so that at least two retransmissions
can take place in one slot. Such a case is illustrated in figure 1, where node with ID=5
sends a packed in slot 5 and, after a certain time out, starts a retransmission.

3.4 Clock Synchronization

Clock synchronization is usually done by a SYNC-packet, broadcasted by the central-base
station, according to a master-slave pattern. In the FlexRay protocol’s static segment
[9] this is done by a SYNC-packet at each begin of a schedule-cycle. Note that this
results in very low listen-periods for sensor nodes but, however, many transmitted SYNC-
packets from the central base station. The base station must send SYNC-packets every
15 seconds in order to provide fast responses to critical events. This synchronization via
a central station satisfies also the requirement of precisely synchronized clocks in order to
get accurate calculations on the location of a hypocenter and wave propagation regardless
of the schedule.
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SYNC-packets can also be used for other purposes. It was stated earlier that the base
station must provide an all-clear message or a critical warning in response to a node’s
critical report, depending on either other sensor nodes got the seismic wave, too, or if
one node was likely to cause a false alarm. These messages can be included in the SYNC
packet opportunely by using only two bits representing the priority level and one further
bit to indicate a warned status. Thus, the warned-listening type is reduced to a periodic
listening to the SYNC-packets in order to know if the warning is still enabled or not as
well as to get information about the current priority level.

3.5 Energy considerations

As mentioned earlier, the base station in a network with star topology will consume
much more energy than the sensor nodes because it is idle listening and because it must
send SYNC-packets every 15 seconds. Nevertheless, this tradeoff may be handled with a
second, power saving radio-channel for control data. That is, the SYNC-packets for clock
synchronizations as well as the acknowledgement packets, that are received in the listening
schedules as alert, warning or all-clear message, can be sent via a highly power-efficient
channel as in [8]. However, we additionally assume that the base station is either in a
more reachable area so that service and maintenance of e.g., a backup-battery, can be
done easily, or it is connected to power supply line or is provided with some other reliable
current source or generator.

4 Conclusion

We summarize the following building blocks for a telemetric seismic sensor network pro-
tocol:

• Collision control in converging messages is best done by round-robin TDMA-schedules,
with each sensor node being provided with a unique slot in each communication cy-
cle.

• When a sensor registers a seismic wave of critical magnitude, it listens to get the
next SYNC-packet to determine the next time-slot when it is scheduled.

• In order to save energy, there are four priority levels for sending information in a
convergecast way from sensors to central base station and, analogously, four priority
levels of listening on broadcast messages from central base station to sensor nodes.
Additionally, sensor nodes listen in case they have to synchronize before starting a
transmission as well as after sending a critical information in order to validate it’s
relevance.

• There are two types of messages from the base station to the sensor nodes; SYNC-
packets and acknowledgement-packets. The second type can be a pure acknowledge-
ment to indicate a correct transmission or otherwise a request for retransmission.
SYNC-packets contain two bits indicating the current priority level as well as a bit
indicating a warned state.

• Control data transmission as well as scheduling may be done with greatest energy
efficiency when a second, low-cost radio is available additionally to the data channel.

We have proposed a flexible TDMA schedule along with simple and efficient event handling
for a seismic sensor network, in order to avoid collisions and to save energy. The protocol
is designed to satisfy the requirements when handling life-critical data.
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ABSTRACT: 

 

When designing data transport systems, Telemetry and Communications engineers 

always face the risk that their chosen hardware will not be available or supported soon 

after the hardware has been installed. The best way to reduce this risk and ensure the 

longevity of the system is to select an open architecture standard that is supported by 

multiple manufacturers. This open architecture should also have the ability to be easily 

upgraded and provide for all of the features and flexibility that are required to be a 

reliable carrier-grade edge-device. 

 

The PCI Industrial Computer Manufacturers Group (PICMG) developed the MicroTCA 

open standard to address the specific needs of these Communications and Network 

System Engineers. This paper describes the MicroTCA architecture and how it can be 

applied as the ideal edge-device solution for Networked Telemetry Systems applications. 
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1. INTRODUCTION 

 

An ongoing problem for the telemetry and communications engineer is the lack of 

availability and support for recently purchased and installed data transport systems. This 

type of situation has recently become a major challenge for many of our DoD test ranges.  

 

For example, when a manufacturer goes out of business or discontinues a product line 

soon after the delivery of a major telemetry transport system, the end user is left with 

equipment that can no longer be supported. When this happens, the equipment typically 

needs to be replaced, usually at a very high cost to the end user. 
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Due to the unique nature of some telemetry signals, many of the widely-used and 

commercially available data transport systems are not designed to ingest and transport all 

of the different signal types required to support most telemetry applications. Therefore, it 

is very common for telemetry systems to be custom designed with proprietary hardware 

architectures to address the data transport needs of our telemetry ranges. 

 

The obvious solution is to design our networked telemetry systems using an open 

hardware standard and promote interoperability between manufacturers. This not only 

reduces the end user’s risk of system obsolescence, but also encourages manufacturers to 

be more price-competitive and focus on value-added service in an effort to differentiate 

themselves from other manufacturers. 

 

 

2. THE IDEAL NETWORKED TELEMETRY SYSTEM 

 

In order to identify the ideal Networked Telemetry System hardware architecture, we 

must first identify the needs of the DoD ranges. The specific needs of each range changes 

depending upon what is being tested and where the test is conducted, but the basic 

functions of all telemetry transport systems are similar across all ranges. The primary role 

of any system, regardless of the range, is to accept all types of telemetry data channels 

and then package that data so that it can be sent over the specified transport link. 

 

Various types of transport links are used to move telemetry data across the DoD test 

ranges. ATM, SONET, and Ethernet networks are three of the primary transport links 

used on the ranges today. Depending on the location and terrain of the test site, any 

combination of satellite modems, microwave transceivers, fiber, copper, and even 

commercial communications networks are used. The ideal Networked Telemetry System 

should be able to accommodate any data transport link that is currently used by the DoD. 

 

Many ranges are currently migrating towards using Ethernet as their primary method of 

transporting telemetry data, mainly because of the cost benefits and commercial 

availability of Ethernet networking products. Not only should the ideal Networked 

Telemetry System be able to address all of the current range networks, but it should also 

have the capability to easily change the link interface without replacing the entire system. 

 

In addition to accommodating and switching between the various network link types, the 

telemetry system needs to accept all of the data types that exist on the ranges. 

Synchronous PCM, time code, video, analog, asynchronous, and avionic buses are a few 

examples of the data types that need to be transported. The types of channels, the number 

of channels, and the data rates of each channel will typically vary from mission to 

mission, so modularity is an important feature of the ideal Networked Telemetry System. 

Field configurable units with hot-swap functionality would allow the user to add and 

remove various channel types for quick system configuration. 
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The key features of any carrier-grade communications system are the reliability, 

availability, and serviceability. The system should provide redundancy and hot-swap 

capability for all of the modules in the chassis, including the channel cards, the link 

modules, the power supplies, and even the fans. Redundancy must also be extended to the 

data buses inside of the unit, as well as the bus controllers and system processors. The 

ability to remotely monitor the health and status of all modules in each chassis on the 

network is also very important. 

 

There are other needs more specific to each range and application, but the ideal 

Networked Telemetry System should be able to address all of these needs. For example, 

some ranges are very concerned about data throughput delay where others are concerned 

about channel-to-channel skew. Some ranges have very limited bandwidth where store-

and-forward capability is needed, and other ranges have high data rate requirements on 

some or all channels. Small and/or rugged enclosures are sometimes needed to survive 

adverse conditions, and many ranges are limited in budget, so affordability is a 

requirement. 

 

 

3. WHAT IS MicroTCA? 

 

MicroTCA is a modular platform of open standards that was developed specifically for 

carrier-grade communications applications. By configuring a highly diverse collection of 

modules in a MicroTCA system, many different applications can be easily addressed. The 

common elements defined by the MicroTCA standard allow for the interconnecting of 

these modules regardless of the manufacturer, while powering and managing them all at 

high efficiency and low cost. 

 

3.1  BRIEF HISTORY OF MicroTCA 
 

In 1994, the PCI Industrial Computer Manufacturers Group (PICMG) formed as a 

consortium of companies who collaboratively develop open specifications for high 

performance telecommunications and industrial computing applications. The purpose of 

PICMG is to offer common specifications to equipment vendors, thereby increasing 

equipment availability while reducing costs and time to market. 

 

In 2002, PICMG released the ATCA (Advanced Telecommunications Computing 

Architecture) specification to address the requirements for the next generation of carrier-

grade communications equipment, which incorporates the latest trends in high-speed 

interconnect technologies, next generation processors, and improved reliability, 

availability, and serviceability. The ATCA system is a modular architecture that uses 

large carrier cards for mixing and matching multiple modules into a single chassis.  

 

In 2005, PICMG released the Advanced Mezzanine Card (AMC) specification. The 

AMC modules are printed circuit boards that are designed to work on any ATCA carrier 

card. The AMC modules are application specific so that a system can be created in any 

number of combinations of modules to address a multitude of applications. 
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In 2006 PICMG released the uTCA (Micro Telecommunications Computing 

Architecture) specification to address the same requirements as the ATCA specification, 

but targets the smaller channel count and lower cost needs of the marketplace. The major 

difference between the ATCA and the uTCA system is that AMC modules can plug 

directly into the uTCA chassis backplane without the need of the carrier modules used in 

ATCA systems. 

  

3.2 MicroTCA ARCHITECTURE OVERVIEW 
 

From a high level perspective, the MicroTCA system is comprised of three elements. 

Refer to Figure 1 for a block diagram of the MicroTCA system. 

 

1. The chassis is the mechanical element that contains several subsystems. Cooling, 

power, and the backplane interconnect are all resources inside of the chassis that 

support the functional and management elements.  

 

2. The MCH (MicroTCA Carrier Hub) module is the control and management 

element whose functions include power delivery, interconnects, and Intelligent 

Peripheral Management Interface (IPMI) management, among others as defined 

in the AMC.0 base specification.  

 

3. AMC modules are the primary functional elements of the MicroTCA system. 

These AMC modules perform various functions such as processing, data I/O, 

backplane bus control, storage, and network interface.  

 

 

FIGURE 1: The MicroTCA System 
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A key feature of the MicroTCA architecture is the backplane interconnects. The 

MicroTCA specification allows for multiple redundant fat pipe buses between AMC 

modules. One Gigabit and 10 Gigabit Ethernet, XAUI, Serial Rapid IO, and PCI Express 

are some of the available open-standard pipes available on the backplane. A total 

aggregate up to 250 Gbps can be realized when maximizing the bus potential. 

 

The Ethernet bus can be configured as a non-blocking dual-star network configuration for 

full network redundancy. Each module has a connection to each network star, so the 

removal of a network card, an MCH card, or processor card will not bring down the 

entire system.  User configurations allow for setup of failover and redundancy options.  

 

In a Telemetry Network System application, all telemetry channels can be converted to 

Ethernet. For multiple manufacturer interoperability, the RCC TMoIP standard 218-08 

should be followed. All channels are assigned their own IP port address, and the data can 

be sent from the channel modules to the link module via the Ethernet buses. So, if the 

desired telemetry network is IP, the unit simply outputs the IP packets directly to the 

network from the backplane Ethernet bus. If the desired link is something other than IP, 

the IP packets are sent to the link module and converted to the proper format.  

 

Figure 2 shows a typical MicroTCA backplane fabric diagram. 

 

 

FIGURE 2: The MicroTCA backplane fabric 

 

The power supplies, fans, and each AMC module connects to the IPMI bus. IPMI is an 

open standard for the health and monitoring of all MicroTCA systems on the network, 

which enhances availability and serviceability by allowing shelf management to identify 

faults and take corrective action at the module level.  
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IPMI utilizes an I2C-based physical interface that allows monitoring of system health 

characteristics such as voltages, temperatures, and fan speeds. IPMI also supports 

automatic event notification, remote shutdown and restart, and dynamic power allocation 

to individual AdvancedMC modules. This supports the hot-swap capability of the 

MicroTCA architecture. As mentioned earlier, the MCH module manages the unit’s IPMI 

bus. Figure 3 shows a functional block diagram of the IPMI bus in a MicroTCA chassis. 

 

 

FIGURE 3: The IPMI bus 

 

MicroTCA chassis are manufactured in various shapes and sizes to address a wide range 

of applications. Small/rugged enclosures, desktop cubes, and IEA 19” rack mount chassis 

varying from 1U to 5U are a few examples of available chassis types.  

 

Figure 4 shows a typical 2U rackmount chassis configuration with redundant power 

supplies, redundant controllers, and redundant cooling units. 
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FIGURE 4: Example of a 2U Chassis Configuration 

 

 

A partial goal, for the purposes of this paper, was to determine if modules from multiple 

manufacturers could interoperate within the same chassis, and to determine if these 

modules could exchange error-free data with modules from other manufacturers in a 

separate chassis on the network. By using a variety of manufacturers during our testing, 

we can prove the interoperability of multiple manufacturers in a MicroTCA system. 

 

System number 1 was comprised of a rackmount chassis from Vendor A, an MCH and 

ATM module from Vendor B, a processor module from Vendor C, and a TMoIP module 

from Vendor D. System number 2 was comprised of a desktop chassis, processor module, 

and MCH module from Vendor E, an ATM module from Vendor F, and a TMoIP module 

from Vendor D. Figure 4 shows a block diagram of the test configuration. 

 

 

 

 

FIGURE 4: TEST CONFIGURATION 

 

 

A bit error rate tester was used to create a pseudo-random PCM stream. This bit stream 

was inserted into the Telemetry module in System #1. The telemetry module converted 

the PCM stream to IP packets per the RCC TMoIP standard 218-08 and streamed the 

packets onto the GigE bus on the chassis backplane. These IP packets were then directed 

to the ATM Link Module and sent over an ATM network to System #2 where the ATM 

cells were stripped, and the IP packets were put onto the GigE bus. The Telemetry 

Module received these IP packets and converted the stream back to a PCM output.  
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Several long-duration tests were run as the bit rate of the PCM simulator was varied 

between 100 kbps to 30 Mbps with no errors. These same tests were run again, but with 

the simulated PCM data inserted into Systems #2 and recreated by System #1. These tests 

also ran without error. The results of this testing shows that error-free telemetry data can 

be transported between two MicroTCA systems across an ATM network.  

 

Additional tests were run where the ATM modules were removed and the MicroTCA 

units were linked via an Ethernet network. The same bit error tests were conducted with 

error free results. Telemetry data throughput latency was optimized on both 

configurations and was measured at 3 msec. 

 

 

4.  CONCLUSION 

 

If the DoD test ranges would like to break the monopolies created when settling for 

proprietary architectures, and reduce the risk that their systems may quickly become 

obsolete, an open standard exists that can address all of the needs of the telemetry 

community. MicroTCA is an existing commercial off-the-shelf (COTS) architecture that 

is proven to be a viable candidate for the ideal Networked Telemetry System. 

 

There are currently several dozen manufacturers that already offer a variety of MicroTCA 

chassis and data I/O modules in the standard AMC format. Asynchronous modules, 

avionics bus modules, SONET modules, ATM link modules, even synchronous PCM 

telemetry modules that adhere to the RCC TMoIP standard are available.  

 

There are also multiple manufacturers that currently offer a large variety of storage and 

processor modules in the AMC format. One could speculate that the MicroTCA format 

may have the potential to record telemetry in an RCC standard format. It may also 

provide the capability for real-time and/or post-mission data processing. This potential is 

recommended for further investigation. 
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Kevin Peters, Egemen K. Çetinkaya, and Abdul Jabbar
Department of Electrical Engineering & Computer Science

The University of Kansas
Lawrence, KS 66045

{kevjay,ekc,jabbar,jpgs}@ittc.ku.edu

Faculty Advisor:
James P.G. Sterbenz

ABSTRACT

Emerging networked telemetry systems require domain-specific routing protocols, such as AeroRP, to
cope with the challenges faced by the aeronautical environment. We present an ns-3 based performance
analysis of the geolocation-based forwarding and store-and-haul mechanisms used by AeroRP. The anal-
ysis of the simulations shows AeroRP has several advantages over other MANET routing protocols and
offers tradeoffs for different performance metrics in the form of different AeroRP modes.

I. INTRODUCTION AND MOTIVATION

Modern telemetry systems require multihop transmission of the data for a networked telemetry sys-
tem and this need is recognised by the iNET community [1]. However, the highly dynamic environment
poses unique challenges such as short transmission times between test articles due to speed and limited
connectivity due to mobility. Therefore, a domain specific geolocation-based routing protocol, AeroRP, is
proposed for multihop routing in networked telemetry systems [2]. The main focus of AeroRP is to effi-
ciently route data packets, specifically telemetry data, amongst airborne nodes (ANs) to a ground station
(GS). There can also be specialized nodes, relay nodes (RN), whose sole purpose is to facilitate the routing
of data by the ANs. The ANs must use themselves or RNs as next hops in order for the packets to reach
their destination as the AN may never be within transmission range of the GS within a reasonable amount
of time.

Mobile Adhoc Networks (MANETs) are self configuring wireless networks with no pre-established
infrastructure. Routing packets amongst a network in which a specific hop-by-hop path will most likely not
persist must be a major consideration by the MANET routing protocol since ANs can have relative speeds
up to Mach 7. These fast moving nodes create a unique challenge for routing packets when connectivity
amongst the nodes is very intermittent and episodic. Thus, traditional MANET routing protocols are not
suitable for such environments. On the other hand, the different geographic-based routing protocols that
are available do not seem to take high velocity of the nodes into major consideration. However, when
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traveling at such high speeds, the velocity of the node with respect to the destination can be an important
consideration for routing. This trajectory data is also important for predicting nodes that will not be within
transmission range when nodes are moving very quickly in and out of transmission range of one another.

In this paper, we first present a brief overview of the AeroRP protocol and calculations required to
make decision to forward the packets to the next best available hop. Furthermore, a heuristic metric
that takes transmission range and a node’s location and velocity into consideration is detailed. Next, we
present an implementation of AeroRP in ns-3. We also present preliminary performance results of the
geographic-based AeroRP routing protocol and compare the performance of AeroRP to legacy MANET
protocols. The scenarios explored in this research are bound by the highly dynamic and airborne iNET
use cases [1, 3, 4, 5]. We show that certain modes of AeroRP outperforms the MANET routing protocols
in terms of succesful packet delivery in this highly-dynamic environment.

The rest of the paper is organized as follows: the next section discusses background information
specific to geographic routing protocols and routing data in high speed networks. The AeroRP decision
metrics are detailed and AeroRP flow is presented. Then, we present the simulation results comparing
AeroRP to traditional MANET protocols in a highly dynamic network. Finally, conclusions and future
work is presented.

II. BACKGROUND AND RELATED WORK

We present some existing multihop, geographic routing strategies in this section. The various geo-
graphic routing survey papers [6, 7, 8] break down different geographic forwarding decisions into MFR
(most forward with radius r), NFP (nearest with forward progress), and compass. MFR is the most intu-
itive and forwards the packet to the node, which makes the most forward progress between the source and
destination. NFP forwards the packet that is closest to the current node and is closer to the destination,
reducing packet collisions compared to MFR by making shorter hop routing decisions. Compass forward-
ing chooses a node that is closest to an imaginary line drawn between itself and the destination based on
the trajectory. There are many popular geographic routing protocols, including DREAM [9], LAR [10],
GPSR [11], and SiFT [12].

Unpiloted aerial vehicle geographic routing has been simulated at 25 m/s [13], much slower than
Mach 3.5 (1200 m/s). A top speed of 20-50 m/s is typical amongst geographic routing protocols [14,
15, 16, 17, 18, 19, 20]. There are a few routing protocols specifically for aeronautical environments.
ARPAM [21] is a hybrid AODV [22] protocol for commercial aviation networks that utilizes the geo-
graphic locations to discover the shortest but complete end-to-end path between source and destination.
multipath Doplar routing (MUDOR) [23] takes relative velocity into consideration as well as the Doppler
shift to measure the quality of a link. Anticipatory routing [24] tracks highly mobile endpoints that reach
the reactive limit in which the speed of the nodes is comparable to the time it takes for the location tracking
to converge upon the position of the node. Spray routing [25] involves unicasting a packet a specific depth
away from the destination in which the packet is then sprayed or multicasted to a controlled width or num-
ber of levels of neighbors, for highly mobile endpoints up to 250 m/s. However, none of these approaches
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mention such speeds as high as Mach 3.5 in which rapidly varying connectivity is a major consideration.

III. AeroRP DECISION METRICS

The basic operation of AeroRP consists of two phases [2]. In the first phase, each node learns and
makes a list of available neighbors at any given point in time. It utilises a number of different mechanisms
to facilitate neighbor discovery, including periodic beacons and storing trajectory data in actual data pack-
ets. The second phase of the algorithm is to find the appropriate next hop to destination to forward the
data packets. The location of the destination is known by all nodes, and a neighbor table is maintained that
is updated based on the mechanism used in the first phase. The node uses this information to choose the
next hop for each data packet. This is done by choosing the neighbor that has the smallest time to intercept
(TTI) that indicates the time it will take for a node to be within transmission range of the destination if it
continues on its current trajectory. Assume that node n0 wants to send a data packet to the ground station
D and the transmission range of all nodes is R. The TTI for each node is calculated as:

TTI =
∆d−R
sd

(1)

in which ∆d gives the euclidean distance between the current location of a potential node and the destina-
tion node D and sd is the relative velocity a potential neighbor has with respect to the destination. A high
and positive sd infers the neighbor is moving towards the destination at a high speed; high and negative sd

infers the neighbor is moving away.

A. Speed Component

Here, we work out exactly how sd is calculated. Given a neighbor ni that has geographical coordinates
of xi, yi and a velocity of vxi, vyi, the velocity vector for ni is calculated as:

vi =
√
vxi

2 + vyi
2 (2)

The angle in degrees1 between the positive x-axis of ni plane and ni velocity vector is:

Θ = atan2(vyi, vxi)×
180

π
(3)

Destination D has geographical coordinates xd, yd. The angle between the positive x-axis of ni plane
and the imaginary line drawn between ni and D is:

Θ̄ = atan2(yd − yi, xd − xi)×
180

π
(4)

The difference between the angles (Θ − Θ̄) gives the angle between ni velocity and the imaginary line
drawn between ni and D. This gives us sd:

sd = vi × cos(Θ− Θ̄) (5)
1atan2(x,y) is a two-argument convenience function available in most programming languages that computes the angle

in radians between the positive x-axis of a plane and the x, y coordinates provided in the arguments.
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B. Refining the Time to Intercept

The time to intercept (TTI) is the primary metric used for routing decisions in AeroRP. A source node
calculates the TTI of its neighbors to understand when its neighbors will potentially be within transmission
range of the destination and make the decision to route to the neighbor that will potentially be within
transmission range of the destination the soonest and thus has the lowest TTI. Given a potential neighbor
ni with coordinates xi, yi, zi and a destination D with coordinates xd, yd, zd, the Euclidean distance between
the two is given as:

∆d =
√

(xd − xi)2 + (yd − yi)2 + (zd − zi)2 (6)

The TTI is calculated as follows in which R is the transmission range of the mobile devices:

TTI =

{
0 for sd < 0 and ∆d > R
∆d−R

sd
otherwise

(7)

TTI=0 is a special case that indicates to never choose this neighbor as a next hop because we do not choose
nodes that are moving away from the destination and not within transmission range. We use a negative
TTI because this is an indication of a node being within transmission range of the destination that should
be chosen as a next hop (lowest TTI). We always choose within transmission range of the destination
over nodes that are not. We also choose nodes that are within transmission range of the destination but
moving away from the destination to be chosen if there are no nodes within transmission range of the
destination that are moving towards the destination. The nodes within transmission range moving towards
the destination will be favored over those nodes within transmission range but moving away from the
destination because these nodes will have a positive TTI due to a negative sd and a negative ∆d− R, and
the nodes moving towards the destination will have a negative TTI.

C. Predicting Neighbors Out of Range

In a highly dynamic mobile environment in which links are constantly being broken due to high speeds,
it may not be enough to just purge entries that have not been heard from based on a configurable hold
time. Hence, we try to predict nodes that will be out of transmission range and remove them from next
hop consideration. The predicted distance d̂ between n0 and n1 is:

x̄i = xi + vxi(t1 − t0)

ȳi = yi + vyi(t1 − t0)

z̄i = zi + vzi(t1 − t0)

d̂ =
√

(x0 − x̄i)2 + (y0 − ȳi)2 + (z0 − z̄i)2

(8)

Finally, the logic used to predict whether or not ni is going to be out of n0’s range is given as:

OutOfRange =

{
true for d̂ ≥ R

false for d̂ < R
(9)

IV. AeroRP FLOW

The AeroRP routing protocol has both a neighbour discovery and a data forwarding phase as previously
discussed. In order to discover neighbors in beacon mode, nodes receive AeroRP hello beacons from their
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neighbors. The node either creates a new entry in its neighbor table or updates its current data regarding
the node from which it received the hello beacon. This neighbor table is used to calculate the TTI of its
neighbors in order to make routing decisions.

Given the wireless nature of node communication in MANETs, it is possible for a node to be promis-
cuous and overhear all packets, even those packets that are not intended for a given node. In beaconless
promiscuous mode, AeroRP takes advantage of this behavior and adds location information to each data
packet per-hop as opposed to sending periodic hello beacons with this information. All nodes within
transmission range, including those nodes that are not the intended receiver, can listen to the data packet
and extract the location information from the header and store this location information for making routing
decisions.

For the case when the node receives a packet for which the node itself has the best TTI but is not
within transmission range of the destination, the packet can be queued in a configurable sized queue for a
configurable amount of time. The queue is checked at a configurable frequency to see if there is a neighbor
with a lower TTI than the local node. When a neighbor with a lower TTI is encountered, the packets from
the queue are sent at a configurable data rate. There are currently three different AeroRP modes for when
the local node has the best TTI: 1) Ferry: queue the packets indefinitely until a node with a lower TTI is
found, 2) Buffer: queue the packets in a finite sized queue with a finite timeout until a node with a lower
TTI is found, and 3) Drop: drop the packet. The flow of receiving and routing a data packet in AeroRP is
illustrated in Figure 1.

No

Yes

Is the packet 
for this 
destination?

Deliver packet up 
stack to application

Iterate through neighbors 

to find if they are expired 

or predicted to be out of 

range and remove from 
neighbor table if required

Are any of the 

neighbors the 

final destination?

Send packet to 

destination (add delay if 
packet is queued)

Calculate TTI of all 
neighbors and choose 
neighbor with lowest non-
zero TTI.  Does the local 
node have the best TTI?

Receive 

data 

packet

Queue packet for 

ferrying or buffering 

if enabled and add 

queue delay

Send to neighbor with 

the best TTI (add delay 
if packet is queued)

No

No

Yes

Yes

Figure 1: AeroRP flow

When receiving a data packet, a node uses it’s neighbor table to decide how to route the packet. If the
node is not the packet’s destination, the node will clean its neighbor table of stale entries and those nodes
that are predicted to be out of range as discussed in Section III.C. If one of the neighbors is the destination
of the packet, the packet will be transmitted to the destination. Otherwise, the packet will be transmitted to
a neighbor that has a better TTI. If the local node has the best TTI, it will ferry, buffer, or drop the packet
depending on the mode that AeroRP is in.
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V. SIMULATION RESULTS

In this section, we present the results of simulations conducted with the ns-3 simulator [26] to compare
the performance of AeroRP and its various modes with the traditional MANET routing protocols AODV
(ad-hoc on-demand distance vector) [22], DSDV (destination-sequenced distance vector) [27], and OLSR
(optimized link state routing) [28, 29]. The topology setup consists of between 10 and 100 wireless TAs
that are randomly distributed over a 150 km2 test range. A single stationary sink node is located in the
center of the simulation area representing the GS. The ANs follow a modified random-waypoint mobility
model for a total of 1000 seconds with pause times of zero. Various low and high velocities are tested from
1 m/s to 1200 m/s. Each node has a transmission power configured such that it has a 15 nmi (27.8 km)
transmission range. In order to evaluate the performance of the network, we send constant bit rate (CBR)
traffic from all ANs to the GS at 1 pkt/s with a packet size of 1000 B. A warmup time of 100 s is used to
allow the network to stabilize and the mobility model to converge. AeroRP is tested with both a ferrying
mode as well as a buffer mode. In buffer mode, the packet queue size and timeout is configured to be
in line with what AODV and DSDV implement. If the packet is neither ferried nor buffered, the packet
is immediately dropped if there is no route. AeroRP is tested with these three modes as well as in both
beacon and beaconless promiscuous mode.

In order to measure the performance of the various routing algorithms in this study, we used two
metrics: packet delivery ratio (PDR) and accuracy. PDR is the number of packets received divided by the
number of packets sent at the application layer. Note that not necessarily all packets sent at the application
layer will be sent at the MAC layer, this can happen if there is no route for the packet. Accuracy is the
number of packets received divided by the number of packets sent at the MAC layer. This allows us to
measure how accurate a route is for a given routing protocol based on whether or not the route that was
chosen for the packet results in a successful reception at the destination. This is a good metric to gauge
the quality of a route in a highly dynamic topology, in which the validity of a route can rapidly change.

Figure 2 shows the performance in terms of PDR as the velocity exponentially increases from 1 m/s
to 1000 m/s for 60 nodes. DSDV performs better than AODV but still poorly at this node density with its
PDR approaching 0 as the velocity reaches 1000 m/s. OLSR performs well and in fact has higher PDR for
all velocities when AeroRP is not ferrying and in beaconless promiscuous mode, and for lower velocities
when AeroRP is buffering packets in beaconless promiscuous mode. However, all other AeroRP modes
outperform OLSR. Most of the routing protocols’ PDR performance degrades as the velocity increases
with the exception of OLSR and AeroRP when buffering packets in beaconless promiscuous mode. The
plot clearly shows that ferrying packets in beaconless promiscuous mode outperforms the other protocols
and modes, and stays at a constant PDR when advancing from 100 m/s to 1000 m/s. The combination
of some kind of packet buffering, whether it is indefinite or finite, coupled with beaconless promiscuous
mode yields the best PDR.

Figure 3 shows how accuracy is effected as velocity increases exponentially from 1 m/s to 1000 m/s.
OLSR, DSDV, and AODV yield an accuracy of less than 50% except for OLSR at 1000 m/s. All of the
various modes of AeroRP have an accuracy of 50% or higher at all velocities. This illustrates AeroRP’s
ability to accurately predict the delivery of a packet based on the known transmission range and the known
and predicted distance between the source and next hop. Of the AeroRP modes, the beaconless promiscu-
ous mode is more accurate than the beacon modes. The beaconless promiscuous mode is more accurate for
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Figure 2: Effect of velocity on PDR

av
er

ag
e 

ac
cu

ra
cy

velocity [m/s]

AeroRP - Drop:Beacon

AeroRP - Drop:Beaconless

AeroRP - Ferry:Beacon

AeroRP - Ferry:Beaconless

AeroRP - Buffer:Beacon

AeroRP - Buffer:Beaconless

OLSR

DSDV

AODV

0.0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1.0

1E+00 1E+01 1E+02 1E+03

Figure 3: Effect of velocity on accuracy

two reasons. First, the surrounding nodes overhear data packets and thus trajectory data every single time
a packet is transmitted. This results in sharing trajectory information more often than sending out periodic
hello beacons. Second, putting the control data in the actual data packets makes the communication
more symmetric than sending separate control packets. A control packet that is 44 B may be transmitted
successfully to a neighbor. However, this does not necessarily mean that a 1000 B payload plus the control
overhead can necessarily be successfully transmitted to that same neighbor, especially if that neighbor is
on the edge of the transmission range.

Figure 4 shows the average PDR as the number of nodes are increased when traveling at 1200 m/s. The
node density of the network affects all of the routing protocols with AeroRP ferrying packets in beaconless
promiscuous mode performing the best. The PDR for all AeroRP modes increases as the number of nodes
increase with the exception of a slight performance degradation as the number of nodes approaches 90 and
higher. The PDR for both DSDV and AODV immediately degrades as the number of nodes increases. This
is most likely due to the increase in overhead observed as the number of nodes increases. The performance
of OLSR starts to degrade around 50 nodes. This suggests, that as the number of nodes increase, AeroRP is
able to make more intelligent decisions on how to move the data packets towards the destination whereas
the non-AeroRP routing protocols are relying on non-geographic based links to move the packet to the
destination.

Figure 5 shows how accurate the various routing protocols are as the number of nodes increase when
traveling at 1200 m/s. The accuracy of ferrying and buffering packets with AeroRP stays constant at
almost 100% as the number of nodes increases. This high accuracy is due to the same reasons previously
discussed when the velocities are increasing. All of the AeroRP modes have an accuracy of 50% or higher
with the accuracy increasing as the number of nodes increase with the exception of AeroRP running in
beaconless promiscuous mode but with no ferrying or buffering of packets. This decrease in accuracy
can be attributed to the nodes having to rely on data transmissions to communicate their trajectories to
nearby nodes. The buffering and ferrying allows data to be delivered at different times in the simulation
whereas AeroRP that is not ferrying or buffering packets is not sharing this information as often. This does
not occur when AeroRP is in beacon mode but not ferrying or buffering packets because it still regularly
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shares its trajectory information with its neighbors in the form of periodic hello beacons. OLSR yields
higher accuracy as the number of nodes increases but still not as high as the AeroRP modes. The accuracy
of DSDV and AODV actually decreases as the number of nodes increases, probably due to the increase in
overhead as the number of nodes increases.

VI. CONCLUSIONS AND FUTURE WORK

Emerging networked telemetry systems require domain-specific protocols for communication to cope
with the challenges faced in highly-dynamic environments. In this paper, we present decision metrics
that AeroRP utilises to route packets to destination. Furthermore, we present the preliminary results of
AeroRP performance against other legacy MANET routing protocols in ns-3 simulator in realistic high-
velocity scenarios. Our results indicate that AeroRP generally outperforms when used in combination
with packet buffering, whether indefinite or finite, coupled with beaconless promiscuous mode. Moreover,
performance results also suggest that AeroRP can more accurately predict the delivery of a packet, based
on the known transmission range, the known and predicted distance between the source and next hop, and
the velocity of the next hop.

Our future work includes testing the AeroRP with a Gauss-Markov mobility model [30] with memory-
based movement, which is more suitable for iNET scenarios. We are also working on simulating the
AeroRP routing protocol with the AeroTP transport protocol [31] to analyse their performance when
combined, including the effects of buffering modes on transport layer operation.
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ABSTRACT 

Ethernet technology offers numerous benefits for networked Flight Test Instrumentation 

(FTI) systems such as increased data rates, flexibility, scalability and most importantly 

interoperability owing to the inherent interface, protocol and technological standardization. 

In a networked FTI system, the switch is a key component that allows data to be routed 

between Data Acquisition Units (DAU’s), networked recorders, data processing and analysis 

stations. This paper provides an introduction to network switching concepts with a focus on 

its operation in a networked FTI system. The features of Commercial Off-The-Shelf (COTS) 

and FTI switches are compared demonstrating the benefits of FTI switches in terms of 

reliability, routing, throughput, latency, and start-up delays.   
 

 

1. INTRODUCTION 

In recent years there has been a shift from proprietary and closed solutions for Flight Test 

Instrumentation (FTI) networks towards more open standards-based systems using Ethernet 

technology. The trend towards Ethernet is further driven by the CTEIP iNET initiative that is 

pushing the adoption of Ethernet technology for the future of FTI. Using open standard 

Ethernet technologies offers the FTI community greater flexibility in system design and more 

choice for multi-vendor interoperable systems. Some successful networked FTI systems have 

been published in [1,2, 3].  

 

The adoption of Ethernet technology brings about an important paradigm shift from 

traditional FTI affecting all aspects of the DAU design, operation and the system topology. 

The more significant aspects of this paradigm shift include:  

• Master/Slave to DAU independence - In traditional FTI systems comprising two or 

more DAU’s, one DAU is typically designated to be the master to the remaining slave 

DAU’s. The master DAU performs key functions: It acts as a gateway or conduit 

through which slave DAUs may be accessed; is responsible for synchronizing the 

slaves ensuring sampling coherency; gathers and places data from itself and from the 

slave DAUs for transmission as PCM. In contrast in networked FTI systems there is 

no need for a specific master. Each networked DAU operates independently of all 

other nodes in the system. The networked DAU is responsible for its own data 

acquisition, data transmission, and synchronization to a common time source.  

• Determinism - PCM systems are deterministic such that it was possible to determine 

the propagation delay for a sampled parameter to reach its destination.  This 

determinism allowed modern synchronized systems to guarantee that all data in a 

PCM major frame was sampled in the same epoch (coherent), so only the time stamp 

of the frame was required in order to calculate the sampling instant of each parameter 

without reference to the frame layout. In contrast, Ethernet IP networks are non-
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deterministic. Ethernet networks lack deterministic propagation delays, which means 

that although a parameters’ sampling instant may be time stamped, the actual arrival 

time of this data at its destination is known only with probabilistic accuracy. Such 

uncertainty creates added complexity when quantifying real-time latency budgets, or 

when placing networked data into a deterministic legacy PCM stream. 

• Start up delay – Devices in a traditional FTI system are capable of becoming “live” 

and transmitting data within a short interval (< 1sec). Brown outs or power failures 

should have a minimal effect on data acquisition. And in contrast in networked FTI 

systems, due to the increased complexity and added functionality of the network 

nodes, this start up delay may be increased by a factor of 10 or more.  Upon power-

up, Ethernet technology allows network nodes to discover, perform dynamic self-

configuration, and learning of the nodes configuration and topology.  

 

In an FTI network of distributed peer DAU’s, the switch is a key component that allows data 

to be transmitted to and from different nodes in the network. Switches comprise a number of 

ports to which other networked devices may be inter-connected such as DAUs and switches. 

In general, connections in the switch utilize point-to-point full-duplex Ethernet links. By far, 

the most important task of the switch is to reliably and quickly forward packets to their 

destination. The packets received by the switch are stored in a buffer until they reach the head 

of the queue. Once at the head of the queue, the switch examines the packets’ destination and 

through a lookup mechanism determines how to forward the packet to its intended 

destination. This process is known as Store-and-Forward since the packets are stored in a 

queue until they are switched or forwarded. It is this store-and-forward mechanism that is the 

primary contributor to the best-effort nature of Ethernet in terms of:  

• Queuing delay and switching delays that introduce latency and jitter  

• Packet loss and buffer overflow 

• Misordered packets 

• Compromised effectiveness of IEEE 1588 Precision Time Protocol (PTP) if it is not 

supported in the switch 

• Learning the network topology and power-up delays   

FTI switches are designed to minimize these best-effort side effects of Ethernet technology.  

Switches vary in complexity: unmanaged switches have no configurable options while 

managed switches have a configuration interface and additional management features. 

Although the features available on a switch is largely vendor-specific, typical managed 

switch options include: 

• Provide a bridging mechanism to higher speed Gigabit Ethernet links or to other 

networking technologies, such as Wireless LAN.  

• Prioritization of packets based on IP address, IP priority flags using the Differentiated 

Service Code-Point value (DSCP) or MAC layer prioritization using VLAN 802.1q 

tags; 
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• SNMP Agents to report network-related statistics e.g. packets received per second, 

packet loss etc.; 

• Sniff and Mirror ports allowing the packets on a given interface to be copied to 

another interface for analysis. 

The remainder of this paper is structured as follows: Section 2 describes the operation 

of a generic store and forward COTS switch, Section 3 outlines the requirements of a 

switch for FTI in terms of physical characteristics, time synchronization support, and 

routing. Section 4 provides a summarized comparison of generic COTS switches and 

FTI switches.  

 

 

2. FUNDAMENTALS OF LAYER 2 STORE-AND-FORWARD SWITCHING 

This section provides an overview of generic layer 2 switching concepts. First, it is necessary 

to consider the operating environment for which a generic Layer 2 Ethernet switch was 

designed. Generic switches are designed for environments where: 

• Devices may be plugged into the network at random 

• Devices may dynamically acquire IP addresses from a DHCP server 

• Devices require data to be routed to a variety destinations that may vary over time 

• Devices may have on-off transmissions to a variety of destination devices.  

For these reasons a generic switch must be capable of learning the routing information 

dynamically over time. Although, from an FTI perspective the dynamic learning feature of 

generic switches encumbers deterministic behavior, consumes additional 

processing/switching resources, and typically have a longer start-up delay.  

 

There are two classes of Layer 2 switches: Store-and-Forward and Cut-Through switching. 

The reader should be cognizant that although the internal operations in the switch are not 

standardized with respect to how the packets are switched, the following provides a high-

level overview of the switching implementation in a generic COTS switch. 

 

2.1. STORE-AND-FORWARD SWITCHES 

The packets received by the switch are stored in an input buffer until they reach the head of 

the queue. Once at the head of the queue, the switch core buffers the entire Ethernet frame 

and performs error checking on the Ethernet frame by comparing the Ethernet frames FCS 

against the CRC calculated by the switch core. If the Ethernet frames own FCS differs from 

the calculated CRC the frame is considered to contain physical or data-link errors and is 

dropped. In this way, the corrupt Ethernet frame is prevented from propagating through the 

rest of the network.  

 

If the Ethernet frame is determined to be valid, the switch core examines the packets’ 

destination and through a lookup mechanism in the MAC address table to determine how to 

forward the packet to its intended destination. If there is no entry for a given Destination 

MAC address, the switch does not know where to forward the packet. In this case, the 

Ethernet frame is forwarded out all ports on the switch, or flooded. As Ethernet frames are 

passed through the switch, the switch core updates the MAC forwarding table noting the 
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Source MAC address and the interface on which it arrived. By doing this, the switch core is 

able to dynamically populate the MAC forwarding table, however since MAC tables have a 

finite memory size, entries age out to ensure that the table is up to date.  

 

 

Ethernet

Frame

Source: ABC

Dest: CDE

Ingress Queues

Egress 

Queue

Ethernet

Frame arrives

Frame

leaves

Switching DelayQueuing Delay

MAC Address Table

Dest MAC ABC � Port 0

Dest MAC BCD � Port 1

Dest MAC CDE ���� Port 3

Lookup

Destination MAC

Ingress 

Scheduler

Switch 

Core

Egress 

Scheduler

Ingress Port 0

Ingress Port  1

Egress 

Port 3

Ingress Port  2

Ingress Port  3

Port 0

Source MAC

Address: ABC

Updates

Ethernet

Frame

Source: ABC

Dest: CDE

Ingress Queues

Egress 

Queue

Ethernet

Frame arrives

Frame

leaves

Switching DelayQueuing Delay

MAC Address Table

Dest MAC ABC � Port 0

Dest MAC BCD � Port 1

Dest MAC CDE ���� Port 3

Lookup

Destination MAC

Ingress 

Scheduler

Switch 

Core

Egress 

Scheduler

Ingress Port 0

Ingress Port  1

Egress 

Port 3

Ingress Port  2

Ingress Port  3

Port 0

Source MAC

Address: ABC

Updates

 

Figure 1: Generic COTS Switch 

 

For example, consider an Ethernet frame with a source MAC address of ABC and 

Destination MAC address of CDE arrives on Port 0 of a generic Ethernet switch as shown in 

Figure 1. The Ethernet frame is buffered in the ingress queue until it reaches the head of the 

queue. Once at the head of the queue, the ingress scheduler passes the Ethernet frame to the 

switch core where error-checking operations are performed. The switch core takes note of the 

port on which this Ethernet frame arrived and its source address, so that should any Ethernet 

frame need to be forwarded to this destination i.e. ABC, the switch knows that the destination 

can be reached through Port 0. Similarly, to determine the forward path of the Ethernet frame, 

the switch core uses the Destination MAC address, CDE, to lookup the egress port of 

Ethernet frame i.e. Port 3.  

 

2.2. CUT-THROUGH SWITCHES 

In contrast to store-and-forward switches, cut-through switches do not need to buffer the 

entire Ethernet frame before making the forwarding decision. Rather, a cut-through switch 

examines only the Destination MAC address before the switch core is capable of determining 

the outgoing egress interface. By examining only the first 6Bytes of the Ethernet frame, cut-

through switches are faster than store-and-forward switches. This can result in considerable 

savings where there may be jumbograms that need to be switched in the system. This is due 

to the fact that it takes approximately the same amount of time to switch an Ethernet frame 

regardless of size by virtue of the fact that only the first 6Bytes are examined before the 

forwarding decision can be made. For example, consider a 9000Byte Ethernet frame, a cut-

through switch can determine the forward path for this frame having read only the 6Bytes of 

the Destination MAC address. In contrast, a Store-and-Forward switch would need to buffer 
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9000Bytes of the Ethernet frame, perform error checking to verify the FCS of the Ethernet 

frame with the switches own calculation of the CRC, finally the switch core examines the 

Destination MAC address to determine the outgoing egress interface. This can result in a time 

saving of a few microseconds using cut-through switching as opposed to several milliseconds 

using a store-and-forward approach. However, although there is a significantly reduced 

switch since there is no error checking of the Ethernet frame, cut-through switches do not 

drop invalid Ethernet frames resulting in the propagation of the corrupt Ethernet frame 

through the rest of the network, thereby violating the IEEE 802.1D bridging specification. 

However, typically the receiving device discards corrupt Ethernet frames.  

 

2.3. SWITCHING QUALITY OF SERVICE ISSUES 

Generic layer 2 switching introduces delay and jitter to the packets as they traverse the 

switch. The switching delay comprises two contributing components, the queuing delay and 

the actual switching delay. The queuing delay is the waiting time of the Ethernet frame to 

reach the head of the queue before the switch core takes over. The queuing delay is a function 

of:  

• The occupancy of the input queue both in terms of number of packets and packet size 

• The queue length 

• The input queue scheduling algorithm 

• The number of input queues - The number of queues rather than the number of ports 

is considered since QoS mechanisms may allow pre-classification and differentiated 

services of the input traffic prior to switching.   

• The switching delay occurs during the error detection and Destination MAC lookup 

mechanism.  

These variables impact on the accuracy of distributed time synchronization, reliability, and 

the ability to plan the network for deterministic behavior.    

 

3. SWITCHES FOR FTI 

Although Ethernet technology offers the ability to use off-the-shelf networking devices, FTI 

networked systems have specific requirements that are not typically met using standard 

COTS switches. Unlike a generic network, FTI networks have strict Quality of Service 

targets and design goals for acceptance in terms of reliability, determinism, and latency, 

however the unique nature of FTI networks can be exploited to optimize switching functions.   

 

3.1. REQUIREMENTS OF FTI SWITCHES 

The FTI network topology is static; nodes are not dynamically added/connected to the 

network. In contrast, generic COTS switches are used in environments where almost any 

device can be plugged in anywhere in the network. Typically FTI networks employ a 

cascading switch tree-type topology which is adopted with full-duplex DAU-switch and 

inter-switch connections where the number and types of networked nodes in the system needs 

are known (e.g. DAU’s, network recorders, 1588 grandmaster, on-board data processing 

stations and PCM RF link requirements). As a consequence of the static topology of the FTI 
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network, the aggregate data rates generated by each DAU impact on the choice of link 

speeds, switch-interconnection, and physical media, i.e. fiber or copper Fast Ethernet or 

Gigabit Ethernet.  

 

Unlike the operating environment of a generic COTS switch, FTI networks are carefully 

designed and planned. For each DAU the number of data flows and the intended destinations 

for each flow are known. Furthermore, not only is the per-flow mean bitrate known, but also 

the characteristics of the data-flow in terms of its packetization and packet rate. In this way, 

FTI networks have little, if any, dynamic traffic, variable bit rate data or adaptive protocols 

on the network during data acquisition. Moreover, during data acquisition there are few 

dynamic multicast joins (if IGMP is enabled). Assuming stable and constant traffic 

conditions, transmitting data in a deterministic manner results in quasi-deterministic output 

data from the switch. Coupling knowledge of the FTI switching behavior and knowledge of 

the peak aggregate data rates, analysis can be used to determine the upper-latency bounds to 

be calculated and the network can be designed for reliability and congestion avoidance by 

over-provisioning to guarantee the aggregate peak data rate on each link never exceeds the 

capacity of that link.  

 

An important feature of FTI switches is that they should be live-at-power up within several 

seconds and recover quickly and faultlessly from electrical brownouts. Generic COTS 

switches require a certain degree of “dynamic learning” when they are powered on. For 

example, switches with dynamic routing must keep a record or MAC table of which source 

and destination IP addresses are connected to the respective interfaces. From the MAC table 

the switch learns how to route packets from a given source to destination. Not only does this 

learning take time but it must also be performed continuously so that the MAC table is fresh 

since sources and destinations may change over time. Since the FTI network topology is 

static, the desired routing for the data is known. FTI switches typically support hard-wired 

routing tables or for the routing table to pre-programmed into the switch. Due to the 

“simplified” hard-wired routing, the switches behavior in terms of queuing and switching 

algorithms can be known, thereby allowing for mathematical analysis. Moreover, should 

brown-outages occur, these routing tables are retained and maintained on power-up thereby 

allowing for faster routing, faster startup, and faster recovery from brownouts than those with 

dynamic “learning” features.  

 

3.2. 1588 SUPPORT IN SWITCHES 

IEEE 1588 PTP Time support essential in a distributed networked FTI to ensure coherency 

and simultaneous sampling. The unusual aspect of FTI networks is that the traffic load in the 

network is heavily asymmetric particularly at medium to heavy data rates. This asymmetry 

arises from the fact that the DAU’s acquire and transmit data at a much faster rate than they 

receive data. This affects the efficacy of the network to carry PTP messages between the 

grandmaster and the DAU’s since one of the underlying assumptions of 1588 PTPv1 is end-

to-end network delay symmetry. To overcome this asymmetry and improve synchronization 

accuracy the switch should support 1588 compensation mechanisms. The two compensation 

mechanisms include 1588 Boundary Clock and 1588 Transparency. 

 

In Boundary Clock mode the switch itself is synchronized in slave mode to the attached 

master clock, shown in Figure 2. Once synchronized the switch then acts as the master clock 

to all the attached slaves. In this way, delay asymmetries and internal delays are 

compensated. The disadvantage of Boundary Clock mode is that synchronization is cascaded 
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in that synchronization must take place at each switch hop between the Grandmaster/Master 

and the Slave resulting in an accumulation of non-linear time offsets thereby degrading the 

synchronization accuracy. This is particularly problematic in highly cascaded network 

topologies. 

1588 Grandmaster
synchronizes

Slave

Slave

Slave

Master synchronizes

Master

Master synchronizes

1588 Grandmaster
synchronizes

Slave

Slave

Slave

Master synchronizes

Master

Master synchronizes

 

Figure 2: Boundary Clock Operation 

 

Transparency is not part of the IEEE 1588 PTPv1 standard and is therefore implemented in a 

vendor-specific way for PTPv1. However, there are significant commonalities in the various 

transparency implementations. Let D be the propagation delay for the 1588 PTP packet 

between hops and let Q be the time in residence (i.e. the queuing and switching delay) 

experienced by the packet in the switch.  Without transparency, PTP packets experience 

propagation, queuing, and switching delays with each hop from Grandmaster to Slave, shown 

in Figure 3. Since Q is unknown, this leads to an error associated with the timestamp 

embedded in the 1588 PTP packet. 
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Figure 3: Switching delays without Transparency 

 

In Transparency mode, the switch intercepts the incoming PTP packets containing an 

embedded timestamp, T. The switch measures the time in residence, Q, for a given PTP 

packet. Before the PTP packet is forwarded on, the timestamp, T, embedded within the PTP 

packet is modified to compensate for this residence time in the switch. Effectively this 

renders the switch “transparent” in the network for PTP traffic, as shown in Figure 4. For this 

reason, transparency results in more accurate end-to-end synchronization between 

Grandmaster and DAU than can be achieved using Boundary Clock operations. 
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Figure 4: Switching delay compensation with Transparency 
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4. CONCLUSION 

In recent years, there has been considerable momentum in the FTI domain towards the 

adoption of open standards-based systems using Ethernet technology in recent years. A key-

driving factor that facilitated this change was the development of the IEEE 1588 Precision 

Time Protocol (PTP) for distributed time synchronization. Each element in the network must 

therefore support for 1588 PTP. A core component in an FTI network is the switch, which 

routes data from DAU to destination.  

This paper provided an overview and introduction to network switching concepts. Although 

generic COTS switches may operate in an FTI network, they were not designed or optimized, 

nor meet all the technological requirements of FTI networks. By way of conclusion, the 

following table provides a summarized comparison of COTS generic store and forward 

switch and a switch designed for FTI.  

Feature 
Generic 

Switch 

FTI 

Switch 
Comments  

Physical 

Ruggedized 100BaseT 

Ethernet connectors  
N Y 

Generic: typically uses RJ45 

FTI: Mighty Mouse or similar connectors for FTI. Only 

4-pins required for 100BaseT Fast Ethernet, 8 pins 

required for 1000BaesTX Gigabit 

Ruggedized enclosure N Y 
Generic: standard off the shelf switches or even rack 

mounted switches are not always suitable for FTI.  

Aircraft power N Y  

Industrial Temperature 

range  

(-40C/+85C) 

N Y  

Shock and vibration N Y  

Ruggedized I/O connector  N Y 

FTI: Mighty mouse or similar IO connector with pins 

allocated for IRIG-time, analog IRIG-time, PPS out, 

NMEA, CBIT.  

SMA Connector for 

antenna  
N Y 

FTI: Required as a time source via GPS for the 1588 

Grandmaster.  

PTP master external 1PPS 

output  
N Y FTI: 1PPS outputs to verify PTP time synchronisation.  

Live at power-up N Y 

Generic: Typically switches have a dynamic learning 

functionality to allow the MAC tables to be dynamically 

and continuously populated while the switch is live.  

FTI: Since the FTI Switch has hard wired routing there 

is no need for dynamic learning of the networked devices 

in the system.  
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Mirrored outputs P Y 

Generic: Partial support. Typically called "sniff and 

mirror" operation. Although typically only a single 

mirror is possible.  

FTI: Designed for FTI with multiple mirrored ports for 

data to be recorded, transmitted to an Ethernet-to-PCM 

converter and also processed on a PC with real-time 

analysis software.  

Core 

PAUSE and Backoff Flow 

control 
Y NA 

FTI: This is specifically not suitable for FTI. Any flow 

control will result in packet loss at the DAU. In a 

properly designed FTI network, congestion and therefore 

loss should not occur due to careful planning of the 

network architecture.  

Time 

Internal/External 

Grandmaster 
N Y IEEE 1588 2002 PTP v1 

Time Source P 
IRIG, 

GPS 

Generic: Often switches might have an embedded NTP 

or SNTP timeserver seeded from a local clock.  

IEEE 1588 v1 

Transparency 
N Y 

FTI: Transparency results in better time synchronization 

in a distributed FTI network.  

IEEE 1588 v1 Boundary 

clock 
N Y 

FTI: Although transparency results in better time 

synchronization in a distributed FTI network, some FTI 

switches implement Boundary Clocks.   

Routing and switching  

Fast switching 

(Fast Ethernet) 
N Y 

FTI: Due to the hard wired routing there is extremely 

fast switching of the Ethernet packets (>80Mbps Fast 

Ethernet) 

Generic: As there is per-packet lookup to reference the 

MAC table, generic switches are slower than hard-wired 

routing (<<80Mbps) 

Static 

programmed/hardwired 

routing table 

N Y 
FTI: Retained on power down/up. Mitigates the need for 

dynamically maintained switching tables.  

Finite dynamically learned 

MAC table size for unicast 

and multicast 

Y NA 

Generic: The switch would need to continuously update 

and populate the MAC table resulting in occasional 

broadcasts of the data when there is no corresponding 

entry in the MAC table for a given destination. This 

information is typically not retained on power-up.  
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DiffServ Quality of Service P NA 

FTI: Not required, as this feature would reduce the 

switching speed. This would also require a homogenous 

network whereby the same QoS policy and same switch 

is used throughout the network infrastructure. QoS is 

only effective when the network is close to saturation. In 

a properly designed FTI network saturation and 

congestion should be avoided as part of the networks 

design. 

Protocols  

IGMP v3 / IGMP v2 Y NA 
FTI: Since this has hard-wired routing,  

this feature is not necessarily required.  

SNMP v2c with iNET 

MIBS and FTI specific 

MIBS 

Y Y 

SNMP v2c RFC1901; SNMP v3 RFC2571.  

Managed devices collect and store management  

information and make this information available to the 

management system using SNMP. 

SNTP and NTP Time 

Server 
P NA 

FTI: This has 1588 support as neither SNTP  

or NTP are suitable for FTI. 

P: Partially true but not common 

Y: True, supported 

N: Not supported 

NA: Not Appropriate 

The information is presented based on a review of general switch specifications it is not a comparison 

against a specific model. Information is subject to change and for specific features. 

 

It is clear from the Table above that there are many features typically implemented in a 

generic COTS switch are not required for the FTI domain. Moreover, these generic switch 

features (such as dynamic learning, dynamic protocol support, adaptive behaviour etc) 

impede the reliability and performance requirements of networked FTI systems. Furthermore, 

a generic switch does not necessarily support vital technologies and protocols required by an 

FTI network, most notably IEEE 1588 PTP. FTI switches have been designed and optimized 

for FTI networked data acquisition systems implementing standard core switching functions 

and supplementing FTI specific technological requirements.     
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ABSTRACT 
 
Network switches are an integral part of most network-based data acquisition systems.  Switches 
fall into the category of network infrastructure.  They support the interconnection of nodes and 
the movement of data in the overall network.  Unlike endpoints such as data acquisition units, 
recorders, and display modules, switches do not collect, store or process data.  They are a 
necessary expense required to build the network. 
 
The goal of this paper is to show how a small integrated network switch can be used to maximize 
the value proposition of a given switch port in the network.  This can be accomplished by 
maximizing the bandwidth utilization of individual network segments and minimizing the 
necessary wiring needed to connect all the network components. 
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INTRODUCTION 
 
An Ethernet-based network data acquisition system is made up of network nodes (e.g., data 
acquisition units, recorders, etc.) interconnected by switches.  While critical to the operation of 
the overall network, switches are a necessary expense added to the total cost of the system.  One 
metric sometimes used to characterize the impact of the switch component is the cost-per-port.  
One goal of the instrumentation network designer should be to minimize the cost-per-port and 
maximize the value of the data system. 
 
 

TYPICAL INSTRUMENTATION TOPOLOGY 
 
A typical instrumentation network will include various data acquisition units (DAUs) located at 
the edge of the network.  Using network switches, the DAUs are interconnected to other network 
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nodes, for example, data recorders and IP transceivers.  Figure 1 below depicts such a system.  
The diagram shows each device node connected, point-to-point, to its network peer. 
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Figure 1. A Typical Instrumentation Network 
 
 

BANDWIDTH CONSIDERATIONS 
 
When architecting a network-based system, the system designer must consider the bandwidth 
requirements.  The system, and any given bus segment, should be designed based on both 
average and peak data rates to guard against oversubscription.  Failing to do so can lead to 
dropped packets and lost user data. 
 
When designing a network of data acquisition units, it is important to know the characteristics of 
the data flowing through the system.  Some units may generate a fairly constant bit rate, while 
other units may generate data in bursts.  At the physical layer, the designer must choose the 
appropriate link speeds to support the anticipated traffic requirements.  For example, if a device 
acquiring MIL STD 1553 data can generate up to 12 Mbps of traffic (data + packet overhead), 
the designer may choose to connect the device to a switch using a 100Base-T (100 Mbps) link.  
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Assuming a maximum sustained throughput of 70 Mbps, the 100Base-T link would be more than 
fast enough to handle the traffic from the 1553 acquisition unit.  In fact, the link would be under 
utilized in this case. 
 
 

USING A SMALL SWITCH IN THE NETWORK 
 
In the example above, a data acquisition unit (DAU) at the edge of the network is connected to a 
switch via a 100Base-T link.  The DAU is using a fraction of the capacity of the link.  A small 
integrated switch could be employed to add more DAUs upstream from the switch port.  This 
allows better utilization of the given network segment connected to the switch port.  Figure 3 
below shows two 3-port switches inserted into the bus segment.  The switch is implemented as a 
module that is included in the DAU.  In this way, the switch can take power from the DAU and 
share the footprint of the DAU within the test article, thereby not requiring it’s own power 
supply and chassis (to save space, weight and cost).  In Figure 2, one DAU is connected to the 
switch port sending 12 Mbps to the switch.  In Figure 3, the switch port utilization has increased 
by adding two more DAUs and two 3-port switches.  In this configuration, the Fast Ethernet 
Switch port sees 29 Mbps (peak) traffic moving to the network over the 100Base-T link. 
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Figure 2. Original Bus Segment 
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Figure 3. Bus Segment With Added DAUs and 3-Port Switches 
 
 
In this example, we have cascaded additional DAUs onto an existing bus segment in an effort to 
better utilize the capacity of the associated switch port.  In addition, fewer larger switches and 
less cabling would be required, depending on the number and type of DAUs used in the system 
and the physical layout. 



4 

 
Now that we have cascaded DAUs using integrated switches, what prevents the user from 
cascading dozens of DAUs onto a single dedicated switch port?  The most obvious limitation is 
the sustainable throughput of the switch port.  If we again use a figure of 70 Mbps, the user must 
ensure that the combined outputs of the cascaded DAUs do not exceed that figure.  Doing so 
would result in over subscription of the switch port and cause packets to be dropped.  Another 
consideration is the distribution of time to the DAUs.  In this network-based data acquisition 
system, IEEE-1588 Precision Time Protocol (PTP) is used to synchronize the DAUs in the 
network.  Each switch in the network delays packets moving through the system.  This includes 
the PTP time packets.  Accumulating delay can impact the level of synchronization between the 
DAUs in the network.  Although switches, including the small integrated switches that are the 
subject of this paper, can be designed to minimize or compensate for the delay, the system 
designer needs to be aware of this effect and how it can impact the system design. 
 
 

INSTRUMENTATION EXAMPLE 
 
Depending on the particular application, using carefully located switch modules can reduce the 
number of larger switches and the amount of cabling.  Figure 4 below shows a hypothetical 
connection diagram of an aircraft wing.  The wing is fitted with twelve DAUs and interconnected 
to the network via one gigabit and three Fast Ethernet switches.  Each DAU is connected point-
to-point to a Fast Ethernet switch port and the Fast Ethernet switches are aggregated together 
using a gigabit switch. 
 
Figure 5 shows the same twelve DAUs installed in the wing.  However, nine of the DAUs are 
fitted with an integrated 3-port switch module.  The switch modules allow other DAUs to be 
cascaded together, sharing the same Fast Ethernet switch port.  The figure shows three groups of 
four DAUs connecting to three ports on the Fast Ethernet switch.  The configuration in Figure 5 
assumes the bandwidth required by the groups of DAUs does not exceed the sustainable 
bandwidth of the associated Fast Ethernet switch port.  In many instances, DAUs collecting 
analog data (temperature, strain, pressure, etc.) will have relatively low bandwidth requirements.  
In contrast, DAUs used to monitor avionics buses (e.g., ARINC 664, IEEE-1394, etc.) can have 
significantly higher bandwidth requirements.  The instrumentation engineer must consider these 
factors when designing the data acquisition system. 
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Figure 4. Instrumentation Example 1 
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Figure 5. Instrumentation Example 2 
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OTHER APPLICATIONS 
 
By reconfiguring the integrated 3-port switch, it can be used for other applications.  One 
application is as an Ethernet tap or monitor.  Here, the switch is used to capture or monitor 
Ethernet traffic between two nodes on a network segment.  Monitored traffic can be processed by 
the DAU and sent to the network for recording, for example.  Figure 6 below shows this 
configuration. 
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Figure 6. Ethernet Tap Configuration 
 
 
Another possible application for a 3-port switch is as a traffic mirror.  All traffic flowing into one 
port could be forwarded to both ports and directed to two DAUs.  This could be useful when a 
DAU has limited processing capability and a second DAU is required to handle the processing 
load. 
 
 

USE OF CAIS BUS WIRING FOR NETWORK INTERCONNECT 
 

The CAIS (Common Airborne Instrumentation System) Bus is used in many military test 
articles.  It is a dual simplex type bus that uses two cables (one for command and one for reply).  
CAIS Bus compliant cables use a shielded twisted pair (STP) structure.  Similarly, a 100Base-T 
Ethernet bus uses a twisted pair cable (2 differential pairs), one pair for transmit and a second 
pair for receive.  Conceptually, it would seem possible to reuse the CAIS cabling to wire an 
Ethernet node. 
 
The characteristic impedance (Zo) of the CAIS Bus cable is specified in the range from 73 to 83 
ohms [1].  For an Ethernet bus, on the other hand, specifically 100Base-T, the impedance 
specification is 100 ohms nominal.  Despite the difference in Zo, experiments using at least 100 ft 
of CAIS Bus cabling for 100Base-T communications have been successful.  This opens up the 
possibility of reusing CAIS Bus wiring for connection of network nodes.  When used in this way, 
the existing wiring would carry data, command, reply, health and status information as well as 
network timing, i.e., IEEE-1588 PTP to/from the network node. 
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CONCLUSION 
 
A small switch can be a versatile, cost saving addition to a network-based data acquisition 
system.  Used effectively, the small switch can increase the bandwidth utilization of core switch 
ports in the network by allowing DAUs, or other network devices, to be cascaded from the port.  
This equates to fewer overall core switches and reduced wiring in many applications, which can 
mean a smaller footprint, lower cost and reduced weight.  With changes to its configuration, the 
small switch can play other roles in the network including traffic monitor and traffic mirror. 
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ABSTRACT

We consider the use of Reed-Solomon (RS) and q-ary LDPC codes for compressed sens-
ing of sparse signals. Signals sensed using the RS parity-check matrix are recovered using
Berlekamp-Massey and those sensed using the LDPC parity-check matrix are recovered us-
ing majority-logic decoding. Results are presented for both types of sensing. In addition, a
hardware architecture is discussed.

1. INTRODUCTION

In many applications the signal of interest is sparse in some domain. Examples include
imaging, wideband communications, and radar. Traditional sensing requires the acquisition
of signal samples corresponding to Nyquist-rate sampling. This is often followed by some
type of compression. Compressive sensing (CS) is an emerging technology in which the signal
is compressed during the acquisition stage, allowing sampling rates much slower than the
Nyquist rate.

Recently there has been some research aimed at using forward error correction (FEC) de-
coders for compressed sensing (CS) reconstruction [1], [2], [3]. The main parallel between CS
and FEC is that in both cases the decoder (reconstruction algorithm) seeks a sparse vector
as its output. For CS reconstruction, this is the coefficient representation of the signal in
the sparse domain. For FEC decoding, this is the error vector. A great deal of work has
been done over the last several decades in the area of FEC. As a result, many practical
FEC decoders exist. Clearly it would be beneficial to extend this work to the area of CS,
particularly since the widely used CS reconstruction algorithms are very complex. For this
reason, we examine the applicability of q-ary FEC decoders to CS.
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Section 2 presents an overview of compressive sensing. Section 3 contains the system model
used for the simulations and a discussion on a receiver architecture. Section 4 provides
details of reconstruction methods used. Section 5 presents simulation results and Section 6
concludes the paper.

2. COMPRESSIVE SENSING OVERVIEW

CS is a method of acquiring signals at a much lower sampling rate than the Nyquist rate.
It will work under the condition that the signals of interest are sparse in some domain,
for example the Fourier domain or the wavelet domain. Most one-dimensional and two-
dimensional signals are sparse or approximately sparse. The second requirement is that the
sensing matrix or waveforms be incoherent with the signals. Given that these two conditions
are satisfied, it is possible to recover the original signal from m < n measurements, where n
is the dimensionality of the space in which the signal lies.

Let f ∈ Cn be a complex signal that is sparse in some domain and let {φi} be basis elements
such that the columns of the matrix Φ = [φ0, φ1, ..., φn−1] are an orthonormal basis. Then
the signal can be expressed as

f =
n−1∑
i=0

viφi (1)

where v is the sparse (or coefficient) representation of the signal. We assume that the number
of non-zero coefficients in v is at most k. The length-m measurement vector is computed as
y = Mf where M is called a measurement matrix. Again, m < n so in general solving for f
from y is not possible because the system of equations is underdetermined. However, when
f is sparse in some domain, f = Φv where v has k � n non-zero components. We then have
y = Mf = MΦv = M′v. If k ≤ m and we know the locations of the non-zero coefficients of
v we could solve for the values using classical techniques such as least squares. We do not,
however, know the locations. All we have is the prior knowledge of the signals’ sparsity.

The relatively new theory of CS, [4], [5] allows us to solve this problem via L1 optimization:

min ‖ v ‖1 subject to y = M′v, (2)

where ‖ v ‖1=
∑

i |vi|. It can be shown that, provided M′ satisfies the restricted isometry
property (RIP) [5], v can be recovered exactly. Loosely, the RIP states that every possible
combination of k columns of M′ will be an orthogonal set if M′ satisfies the RIP. If the bases
for M and G are incoherent, then the RIP will be satisfied. The coherence between M and
G is defined to be the maximum-magnitude of the inner products between any two basis
elements of the two matrices. Small coherence values correspond to greater incoherence.
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3. SYSTEM MODEL

Figure 1 presents the system diagram we have adopted for our computer experiments in-
volving the compressive sensing of a sum of k complex sinusoids. This signal is expressed as

f =
n−1∑
i=0

viφi =
k−1∑
j=0

aje
jωjt (3)

where aj are the non-zero elements of v and ωj are the corresponding frequencies. The values
of aj and ωj are randomly selected and t is a length-n discrete-time vector.

The discrete-time, oversampled signal, f , is the FFT processor input. The real and imag-
inary parts of the signal are then independently quantized to 8-bit integers. Finally, the
quantized signal is sensed with a q-ary measurement matrix, q = 256. We consider two
different measurement matrices: a 256-ary RS parity-check matrix and a 256-ary LDPC
parity-check matrix. Reconstruction for signals sensed with the RS matrix is performed via
the Berlekamp-Massey (BM) algorithm. Signals sensed with the LDPC parity-check matrix
are reconstructed using the one-step majority-logic decoding algorithm from [6].

Figure 1. A block diagram of the system model.

In order for the system in Figure 1 to be practicable, it is necessary to project the original
analog signal onto the Fourier basis, that is, to represent the signal in the sparse domain.
One possible solution is presented in Figure 2. An analog signal f(t) is the input to a bank of
n parallel correlators. After T seconds, the output of each correlator is sampled, quantized,
and then multiplied by the appropriate sensing matrix.

4. RECONSTRUCTION METHODS

Let v be the length-n sparse representation of the signal after quantization. We drop the
subscript q for convenience. Let y be the length-m measurement vector computed as

y = Hv (4)
3



Figure 2. A block diagram of the parallel receiver configuration.

where H is the parity-check matrix of an m×n FEC code over GF(256), the size-256 Galois
field. Note, in the context of FEC, y is a syndrome. Given y, the objective is to recover v.

4.1. Berlekamp-Massey Reconstruction

The RS parity-check matrix, H, for a (255, 223) code was constructed as the 32×255 matrix
over GF(256) given by

H =


1 1 1
αm0 αm0+1 . . . αm0+d−2

α2m0 α2(m0+1) α2(m0+d−2)

...
...

...
α(n−1)m0 α(n−1)(m0+1) . . . α(n−1)(m0+d−2)

 , (5)

where α is a primitive element in GF(256) [6]. The value of m0 may be selected as any
number from 0 to 254, but we chose it to be 112 (in coding this is the value corresponding
to the generator polynomial that is its own reciprocal). The minimum distance, d, for this
code is 33.

RS codes can be decoded using the Berlekamp-Massey algorithm. It is an iterative algorithm
capable of decoding to the minimum distance of the RS code, that is, any pattern of t
or fewer errors are correctable, where t is the largest integer satisfying 2t < d. If the
measurement vector (syndrome) is zero, then the recovered signal is zero and decoding stops.
If the measurement vector is non-zero, the Berlekamp-Massey algorithm can be used to find
coefficient locations and values provided the number of non-zero elements does not exceed t.
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Details of the BM algorithm can be found in many textbooks; see [6]. Briefly, the algorithm
uses the syndrome vector to find an error locator polynomial and from this the error locations.
Once the locations have been determined, the error values are found.

4.2. One-Step Majority-Logic Reconstruction

The LDPC parity-check matrix H was obtained by selecting a column weight γ and then
randomly generating non-zero elements from GF(256) to place along the columns of H. An
additional constraint placed on the matrix was that no two columns could overlap by more
than one non-zero element. This constraint ensures that all measurements are orthogonal to
each other [6]. The lower bound for the number of recoverable non-zero coefficients is bγ/2c,
where bxc is the integer part of x.

The one-step majority-logic decoding (OSMLGD) algorithm was used to recover the sparse
signal. A thorough description of majority-logic decoding for Euclidean geometry (EG) codes
can be found in [6]. (EG codes are a class of structured LDPC codes.) The algorithm is
briefly described below.

The measurement vector y is computed from (4). Let j = 1, 2, ..., n − 1 and let i =
1, 2, ..., m − 1. Then let Ni be the set of indices indicating the positions of the non-
zero elements in row i. To reconstruct v from y it is necessary to construct n sets of
measurements (or syndrome elements), one set for each vj. Sj is the set of γ measurements
that are dependent on vj. Each measurement set is then normalized as

s̃i = h−1i,j si = xj + h−1i,j

∑
l∈Ni,l 6=j

hi,lxl, (6)

where hi,l are the non-zero elements from the H matrix used to measure the signal. The
normalized measurement sets, S̃j are used to decode vj. Assume that there are no more than
bγ/2c non-zero coefficients in v. If there is a clear majority of normalized measurements in
S̃j that are identical and non-zero, then vj is assumed to be non-zero and is decoded to the
value of s̃i that has the majority. If bγ/2c normalized check-sums in S̃j are zero, then vj is
assumed to be zero [6].

5. RESULTS

5.1. RS Measurement Matrix

The RS parity-check matrix was used to sense signals having 16 or fewer non-zero frequency-
domain components. Figure 3 is a plot of the signal in the frequency domain. The RS
parity-check matrix resulted in a compression ratio of eight as the number of samples was
reduced from 255 to 32 because the measurment matrix, H, is 32 × 255. The Berlekamp-
Massey algorithm was used to recover the sparse signal. Figure 4 is a plot of the real part
of a Berlekamp-Massey reconstructed signal along with the original signal. The only error
present in the recovered signal is due to quantization. It is difficult to distinguish between
the original signal and its reconstruction.
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Figure 3. The original signal in the frequency domain and its reconstruction via the BM algorithm.

Let k denote the number of non-zero coefficients. Figure 5 is a plot of the average mean-
squared difference (MSD) between the original and reconstructed signals as a function of k.
We define MSD as

MSD =‖ f − f̃ ‖22=
n−1∑
i=0

(
(<{fi} − <{f̃i})2 + (={fi} − ={f̃i})2

)
, (7)

where < denotes the real part of the signal and = denotes the imaginary part. For each
choice of k, 10,000 signals were simulated. In this plot, we see that the MSD increases
slightly for 4 ≤ k ≤ 16 corresponding to slightly increasing quantization error. At k = 16
the decoder fails completely and the MSD increases by four orders of magnitude to 1.7e-2.
The gradual slope seen in the plot is due to the fact that quantization error is only present
in the non-zero coefficients. As the number of non-zero coefficients increases, the potential
for quantization error increases as well.

The RS code results in good compression as the measured signal is eight times smaller than
it would need to be for traditional acquisition. Further, the Berlekamp-Massey algorithm is
easy to implement and its complexity is considered low.
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Figure 4. The real part of the original signal and its reconstruction via the BM algorithm.

5.2. 256-ary LDPC Measurement Matrix

Next we examined a 256-ary LDPC code parity-check matrix to determine its suitability for
CS applications. Specifically, we designed a 500 × 2000 parity-check matrix with a column
weight of eight. The number of samples was reduced from 2000 to 500. For this code the
lower bound on the number of recoverable coefficients is b8/2c = 4.

The OSMLGD algorithm was used for recovery. We simulated the recovery capability for
varying quantities of non-zero coefficients. 10,000 signals were simulated for each choice of
k. Figure 6 is a plot of the average number of errors present in the recovered signal as a
function of k. The lower bound on the number of recoverable coefficients is four, but it can
be seen from Figure 6 that the code is able to do better than the lower bound for many
signals. For example, signals having six non-zero coefficients results in an error only 0.21%
of the time and signals having eight non-zero coefficients result in an error 1.9% of the time.

Figure 7 is a plot of the mean-squared difference as a function of k. It can be seen that
as the number of coefficients increases past four, the number of errors and, thus, the MSD
increases. This is to be expected as the code is only guaranteed to recover four non-zero
coefficients. The MSD for the OSMLGD reconstructed signal is lower than that of the BM
reconstructed signal. This is due to the fact that the OSMLGD simulations used a length-
2000 signal whereas the BM simulations used a length-255 signal. As mentioned previously,
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Figure 5. A plot of the mean-squared difference as a function of the number of non-zero coefficients
in the sparse representation of the signal for BM recovery.

quantization error is only present in the non-zero coefficients. Because of this, the longer
code has an average quantization error that is lower.

6. CONCLUSION

Traditional signal acquisition methods use Nyquist sampling followed by compression. In [7],
Baraniuk names three disadvantages of this method. First, the initial set of samples is of
size n even if the signal is sparse and contains a small amount of information. This means
a great deal of storage is utilized for a small amount of information. Second, all transform
coefficients must be computed for compression. Last, it is necessary to encode the locations
of the largest coefficients. CS techniques provide a solution to these inefficiencies.

The most obvious benefit of the FEC recovery algorithms presented here is their simplicity.
In addition, they allow for non-adaptive measurements, thus simplifying the encoding process
as compared to the traditional method of encoding the locations and values of the largest
coefficients. The necessity of incorporating the FFT into the receiver, however, increases the
hardware complexity of the system. Also, it is still necessary to acquire n samples. Another
drawback is that the FEC methods considered here will not work for approximately sparse
signals or noisy signals. Our further research will consider soft decoding algorithms which
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Figure 6. A plot of the average number of errors as a function of the number of non-zero coefficients
in the sparse representation of the signal for OSMLGD recovery. The average number is zero for
k ≤ 4.

are expected to perform better under these circumstances.

The RS type sensing resulted in a compression ratio of eight and was able to recover all signals
having 16 or fewer frequency components. As was seen in the results, the only error present
was due to quantization. A major drawback with Berlekamp-Massey decoding, however, is
that recovery fails completely for signals that contain more than 16 frequency components.

The LDPC-type sensing matrix we generated was able to compress the signal by a factor
of four. However, it was necessary to have a fairly long signal to accomplish this. The
main problem is that the lower bound on the number of recoverable non-zero coefficients is
dependent on the column weight of the code. There is a constraint on the code construction
that prevents any two columns from overlapping by more than one non-zero element. This
constraint prevents 4-cycles and ensures that the check-sums are orthogonal, however, it
limits the column weight of a given matrix from growing very large.

Belief propagation or other soft decoding algorithms appear to be more promising than
algebraic techniques [8]. Further work should determine if belief propagation is capable of
addressing all three inefficiencies of traditional acquisition techniques.
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Figure 7. A plot of the mean-squared difference as a function of the number of non-zero coefficients
in the sparse representation of the signal for OSMLGD recovery.
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ABSTRACT

Decoding and Turbo Equalization (TEQ) algorithms based on the Sum-Product Algorithm
(SPA) are well established for LDPC codes. However there is increasing interest in linear
and nonlinear programming (NLP)-based decoders which may offer computational and per-
formance advantages over the SPA. We present NLP decoders and Turbo equalizers based
on an Augmented Lagrangian formulation of the decoding problem. The decoders update
estimates of both the Lagrange multipliers and transmitted codeword while solving an ap-
proximate quadratic programming problem. Simulation results show that the NLP decoder
performance is intermediate between the SPA and bit-flipping algorithms. The NLP may
thus be attractive in some applications as it eliminates the tanh/atanh computations in the
SPA.

KEYWORDS

Forward error correction, belief propagation, LDPC codes, nonlinear programming.

INTRODUCTION

A wide range of algorithms have been developed for decoding LDPC codes based on MAP and
ML approximations [1, 2, 3, 4, 5, 6]. The sum-product algorithm [6] is viewed as having the
best performance but requires computation of differential probabilities using the tanh() and

∗This work was supported in part by the International Foundation for Telemetering
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atanh() functions. Various approximations to the SPA computations have been developed
reducing the need for nonlinear function evaluations [5] with bit-flipping being the simplest
[7]. Alternative approches based on ML decoding using linear and quadratic programming
have been shown to yield lower word-error rates than the SPA in some cases [3]. However,
due to the large number of vertices in the fundamental polytope defining the codewords in
LP [1], it is not clear that LP is feasible for long LDPC codeword lengths.

Recently, gradient projection decoders based on nonlinear codeword constraints have been
proposed [8, 7]. The problem in such algorithms is selecting the search direction and effec-
tive Lagrange multipliers. Here the gradient projection method is developed as an instance
of nonlinear programming using the Augmented Lagrangian method [9], which jointly esti-
mates the Lagrange multipliers while decoding. The problem of Turbo Equalization using
the Augmented Lagrangian method is also considered, and a simplified TEQ algorithm is
simulated.

SIGNAL MODEL AND NLP FORMULATION OF ML DECODING

Consider a scalar Gaussian binary coded channel. The vectorized received signal is r = c+n
where r = [r1r2 . . . rn]T for a length-n code. The code symbols ck ∈ {−1, +1} satisfy the
binary-to-antipodal mapping {0, 1} → {1,−1} and c = [c1 . . . cn]T is an LDPC codeword.
The codewords correspond to the sparse parity check matrix H ∈ B

m×n, with elements
Hq,l ∈ {0, 1}. The i.i.d. Gaussian noise samples satisfy n ∼ N (0, (N0/(2EbRc))I), where
Rc = k/n is the code rate. The parity checks for the code are then represented in product
form [8, 7] as

pq =
n
∏

l=1

c
Hq,l

l , (1)

for q = 1, 2, . . . , m. The parities satisfy pq = 1 ∀q if c is a codeword. The vector of parities
is denoted p = [p1 . . . pm]T .

The ML decoding problem is posed as the following optimization.

Minimize ||r − c||2,

Subject to

(

1 −

n
∏

l=1

c
Hq,l

l

)

= (1 − pq) = 0 ∀q,

and − 1 ≤ ck ≤ 1, k = 1, . . . , n.

(2)

The parity checks are set as equality constraints, while the antipodal code symbols satisfy
the inequalities |ck| ≤ 1 corresponding to a relaxation of the ML decoding problem onto the
unit hypercube [−1, +1]n.

The feasible points for the ML decoder optimization (2) are characterized by the following
Theorem.

Theorem 1 The set of feasible points of the decoding optimization (2) is equivalent to the
set of codewords {c} ∈ {−1, +1}n determined by the parity check matrix H.
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Proof 1 Sufficiency – assume c is an antipodal codeword, then all parity constraints are
satisfied with equality (pq = 1∀q) and all relaxation inequality constraints are active at the
boundaries and thus satisfied. Necessity – Assume c is not an antipodal codeword. Define
the vector sign(c) as the elementwise sign operator. Even if c is not an antipodal codeword,
the m parity checks (equality constraints) can still be satisfied if sign(c) has correct parity,

and
∏n

l=1 |c
Hq,l

l | = 1 ∀q. But if c is not antipodal then at least one |cl| > 1 and at least one
|cl′| < 1. The relaxation constraints on [−1, +1]n are then violated and c cannot be a feasible
point (contradiction).

AUGMENTED LAGRANGIAN DECODER (ALD)

The following Augmented Lagrangian using a quadratic penalty [9] is proposed corresponding
to the optimization (2).

L(c,λ,λ+,λ−) =
1

2
||r−c||2+λ

T (1 − p)+
1

2µ
||1−p||2+

n
∑

k=1

λ+
k (ck−1)+

n
∑

k=1

λ−

k (−ck−1). (3)

The multipliers λ+
k , λ−

k enforce the relaxation on [−1, 1]n. The multiplier vector λ corresponds
to the m parity constraints, and µ is the penalty parameter which is gradually decreased in
the algorithm developed below.

The following derivatives of the parity checks are required for the ALD.

ĉk,q =
∂pq

∂ck

= Hq,k

∏

l 6=k

c
Hq,l

l . (4)

The derivative ĉk,q can be interpreted as a message from the q-th check to k-th bit. The

check matrix Ĉ ∈ R
n,m is also defined with elements ĉk,q.

Sequential quadratic programming (SQP) solutions for minimizing (3) are infeasible for long
codes, as they require computation or approximation of an n×n Hessian matrix. A steepest-
descent based updating is used here, which is shown to lead to a message passing algorithim
with similar structure to SPA. The steps are as follows, beginning with the current solution
cn,λn.

(A1) Update cn+1 = cn − (∂L(c,λn, ,λ+,λ−)/∂c)|cn

(A2) Update (λ+)n, (λ−)n → (λ+)n+1, (λ−)n+1 such that |cn+1
k | ≤ 1 ∀k.

(A3) Recompute cn+1 using updated (λ+)n+1, (λ−)n+1

(A4) Lagrange multiplier update: λ
n+1 = λ

n + 1
µn (1 − pn).

(A5) Decrease penalty parameter µn+1 = βµn, 0 < β < 1.
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(A6) Test for convergence: ĉ = (1 − sign(cn+1))/2. If Hĉ mod 2 = 0 break.

(A7) Go to (A1).

Step (A1) above becomes the following using the result for the derivative of the parity vector
p in (4).

cn+1 = r + Ĉn (λn + (1/µn)(1 − pn)) − λ
+ + λ

−. (5)

Now consider updating the relaxation or box constraints in step (A2). If |cn+1
k | < 1 with

λ+
k = λ−

k = 0 then both constraints are inactive and satisfied, and (A2) becomes (λ+
k )n+1 =

(λ−

k )n+1 = 0. If cn+1
k > 1 when λ+

k = λ−

k = 0, the box constraint is satisfied with equality by
selecting λ− sufficiently positive, and similarly for cn+1

k < 1 with λ+ also sufficiently positive.
Thus (A3) becomes the projection

cn+1 =
[

r + Ĉn (λn + (1/µn)(1 − pn))
]+1

−1
, (6)

where the Euclidean projection is [xk]
+1
−1 = xk, |xk| < 1, +1, xk > 1,−1, xk < −1, and the

vector projection operates element-wise.

The overall ALD in (A1)-(A7) is equivalent to the projection decoder of [8], but with an added
updating of Lagrange multiplier estimates. The relative advantages of decoding using linear
parity constraints (fundamental polytope) in [1, 2, 3] versus the nonlinear parity constraints
in (2) used in the ALD appear to be as follows. The polytope constraint [1] leads to a decoder
implementable via the Simplex algorithm that is guaranteed to converge to an optimal
solution, albeit possibly a fractional codeword. In contrast, SQP algorithms for nonlinear
constraints yield quadratic or superlinear convergence only if initialized sufficiently close to
the optimum [9]. Thus, the steepest descent method above will be less likely than SQP to
yield a global minimum of the Augmented Lagrangian at each step. However, the polytope
method requires m2wr−1 parity constraints [2] where wr is the row weight of H, compared
with m parity equations in (2). Furthermore the ALD here leads to simple message-passing
algorithms strongly resembling the sum-product structure. Thus, the augmented Lagrangian
decoder with nonlinear parity constraints is worthy of investigation due to its close connection
to the sum-product algorithm but with simpler message-passing rules and fewer constraints
than the LP/polytope formulation.

TURBO EQUALIZATION USIGN THE AUGMENTED LAGRANGIAN

Consider an intersymbol interference channel arising from multipath, bandlimiting, a MIMO
system, or a combination thereof. Assume QPSK modulation with symbols sk = (ck +
jcn/2+k)/

√
2, k = 1, . . . , n/2, where the LDPC codeword length n is even. Then r =√

2EsFs + n, where Es = 2EbRc is the energy per symbol and n ∼ CN(0, 2N0). The
received signal model for QPSK can be written in terms of purely real quantities as

rr = Frc + nr

Fr = [Re{F} − Im{F}; Im{F}Re{F}]
, (7)

4



and nr ∼ N(0, (N0/(2EbRc))I). The real-valued received vector is rr = [Re{r}T Im{r}T ]T .
The channel matrix F may be highly structured, e.g. circulant [10, 11] as in the single-carrier
system in the simulation here.

A direct formulation of the optimization (2) to incorporate the channel Fr unfortunately
does not lead to the message-passing projection decoder struction in algorithm (A1)-(A7).
To see this, consider the obvious modification of the Lagrangian in (3)

L(c,λ,λ+,λ−) =
1

2
||rr−Frc||

2+λ
T (1 − p)+

1

2µ
||1−p||2+

n
∑

k=1

λ+
k (ck−1)+

n
∑

k=1

λ−

k (−ck−1).

(8)
Note that the objective function can be rewritten as

||rr − Frc||
2 = [c − ĉLS]TFT

r Fr[c − ĉLS]

ĉLS = [FT
r Fr]

−1FT
r rr.

(9)

Step (A1) now becomes

cn+1 = ĉLS + (FT
r Fr)

−1
(

Ĉn(λn + (1/µn)(1 − pn) − λ
+ + λ

−

)

. (10)

The updating of the Lagrange multipliers λ+, λ− no longer corresponds to a Euclidean pro-
jection of c on [−1, 1]n due to premultiplication of the multipliers by (FT

r F)−1
r .

Simulations suggest that the best approach to TEQ based on the Augmented Lagrangian
uses the following formulation with the minimum mean-square error detector as the starting
point for updating c.

L(c,λ,λ+,λ−) =

1

2
||c − ĉMMSE||

2 + λ
T (1 − p) +

1

2µ
||1 − p||2 +

n
∑

k=1

λ+
k (ck − 1) +

n
∑

k=1

λ−

k (−ck − 1)

ĉMMSE =
[

FT
r Fr + (N0/(2EbRc))I

]

−1
FT

r rr.

The TEQ then is identical to (A1)-(A7) for the scalar Gaussian channel, except that the
linear MMSE detected symbols ĉMMSE replace r.

SIMULATION RESULTS AND CONCLUSIONS

The Augmented Lagrangian, SPA and bit-flipping decoders were simulated for the scalar
Gaussian channel in Fig 1. All decoders were simulated to a maximum of 32 iterations for
each received vector r. A (1008, 504) Gallager code from [12] was used. As expected, the
performance of the ALD is intermediate between the SPA and bit-flipping decoder.

The ALD Turbo-equalizer was simulated and compared with a SPA-based TEQ and bit-
flipping equalizer in Fig. 2, again with 32 iterations maximum for each decoder. A (204, 102)
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Figure 1: BER for decoders, (1008,504) Gallager code scalar Gaussian channel.

Gallager code again from [12] was employed. The SPA algorithm follows the method of [13].
The bit-flipping method treats ĉMMSE as an equivalent received signal vector and uses the
inversion algorithm of [7]. Again, the ALD TEQ performs midway between the SPA and
bit-flipping.

The results here indicate that the ALD may be a better performing somewhat more complex
alternative to bit-flipping if a simpler decoder than SPA without the need to compute tanh
functions is desired. However, further work to optimize the updating of the penalty param-
eter µ is required to reduce the BER. Finally, alternative minimizations of the Lagrangian
at each penalty step based on line-search methods, and if possible approximate Newton
methods should be considered.
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ABSTRACT

This work explores aeronautical telemetry communication performance with the SOQPSK-
TG ARTM waveforms when frequency-selective multipath corrupts received information
symbols. A multi-antenna equalization scheme is presented where each antenna’s unique
multipath channel is equalized using a pilot-aided optimal linear minimum mean-square error
filter. Following independent channel equalization, a maximal ratio combining technique is
used to generate a single receiver output for detection. This multi-antenna equalization
process is shown to improve detection performance over maximal ratio combining alone.

KEY WORDS

Multipath, minimum mean-square error, equalization, spatial diversity, maximal ratio com-
bining

INTRODUCTION

Aeronautical telemetry range experiments are transforming from single asset tests to com-
plex, networked events with multiple ground and airborne systems that must communicate
within scarce frequency allocations and channel interference sources. The demand for high
wireless data rate telemetric communication has prompted the development of constant
modulus Advanced Range Telemetry (ARTM) waveforms that meet strict bandwidth and
waveform properties required by the telemetry community [1, 2]. Frequency selective mul-
tipath interference (MPI) from strong single-bounce multipath continues to be the primary
obstacle preventing successful communication of telemetry from airborne systems to ground-
based receiver systems throughout the entire duration of range experiments [5–8]. Previous
research efforts have focused on time-domain equalizers to alleviate channel impairments
with limited success [9, 10,12].
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Channel analysis specific to the aeronautical telemetry application presented in [11] revealed
the primary contributor to high bit-error-rates (BER) was the nonlinear phase corruption
and corresponding abrupt channel group delay associated with the strong single-bounce
multipath. This phase corruption destroys the information in the ARTM phase-modulated
waveforms and deteriorates performance more so than effective receiver SNR. This analysis
prompted an evaluation of optimal linear equalizer performance with the minimum mean-
square error (MMSE) equalizer in the frequency domain [13] with notable BER improve-
ments. Following application of the frequency domain MMSE equalizer, BER performance
became a function of effective SNR only.

This work explores communication performance with the SOQPSK-TG ARTM waveforms
[3, 4] in the presence of strong, frequency-selective multipath interference that regularly
occurs within typical test range environments. We present an interference mitigation pro-
cedure that first equalizes the channel experienced at a single antenna receiver using the
pilot-aided, optimal linear minimum mean-square error frequency domain filter in [13] and
subsequently combines equalized signals from multiple antennas using maximal ratio com-
bining (MRC) [14] spatial diversity techniques. Application of multi-antenna spatial combi-
natorial methods following single antenna optimal linear equalization is shown to improve
detection performance over spatial diversity techniques alone.

SYSTEM MODEL

The system model utilized in this work includes the SOQPSK-TG transmit waveforms, the
aeronautical telemetry channel model and a multi-antenna receiver system. The ARTM
Tier-1 standard waveform SOQPSK-TG [1–4] is a constrained, partial-response, ternary
CPM scheme with constant amplitude. The sampled complex low pass equivalent received
signal at antenna l within a coherent processing interval (CPI) is given by

rl[n] = s[n] ∗ hl[n] + wl[n], (1)

where s[n] is the sampled SOQPSK-TG signal, hl[n] is a realization of the aeronautical
telemetry channel for antenna l and wl[n] is complex white Gaussian noise (CAWGN) at
antenna l with zero mean and variance σ2

l which is known to the receiver.

The wideband frequency model of the aeronautical telemetry channel depicted in [5] consists
of a line-of-sight (LOS) component and single-bounce multipath component. The channel
model at antenna l is defined as

hl[n] = α0,lδ[n] + α1,lδ[n− τ ], (2)

with typical channel parameter values including |α1,l/α0,l| ∈ [0.7, 1.0], ∠α0,l ∈ [0, 2π], ∠α1,l ∈
[0, 2π] and τ ∈ [1, 5]samples at 10Mbps transmit rate. The received signal at antenna l is
represented in the frequency domain by

Rl(ω) = S(ω)Hl(ω) +Wl(ω), (3)
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with discrete-time channel

Hl(ω) = α0,l + α1,l exp (−jωτ), (4)

where S(ω) and W (ω) are the discrete-time frequency representations of the transmitted
signal and the received noise respectively.

In this work it is assumed the airborne asset under test is much farther away from any
one antenna than the receiver antennas are from each other so the single-bounce multipath
component delay τ in (2) is identical for all receive channels. With this assumption, the
magnitude of the complex multipath gain relative to the LOS, |α1,l/α0,l|, is also identical
for all receive channels. We also assume that receiver antennas are sufficiently spaced apart
such that the phase of the complex multipath gains relative to the LOS, ∠(α1,l/α0,l), are
statistically independent. A symbol-by-symbol detector is used following equalization at
each receiver.

SINGLE ANTENNA EQUALIZER

Frequency domain equalization of the aeronautical telemetry channel with the MMSE filter
was explored in [13] with noteworthy success. This equalizer first estimates the LOS and
multipath complex gain factors as well as the multipath delay parameter in (2) using pilot
symbols transmitted within each CPI and subsequently uses these parameters to filter the
received data symbols. The MMSE equalizer is applied to length NFFT blocks of received
data samples after transformation to the frequency domain using the Fast Fourier Transform
operator and is given by

F (ω) =
Ψ(ω)H(ω)

Ψ(ω)|H(ω)|2 + σ2
, (5)

where ω = (2πk/TNFFT), k = 0, 1, . . . NFFT − 1 and T is the sample period. Ψ(ω) is an
approximation to E{|S(ω)|2} by the ensemble average spectrum of |S(ω)|2. The resultant
MMSE equalization output in the time domain is

rMMSE(n) = IFFT
{
F ∗(ω)R(ω)

}
. (6)

where IFFT is the Inverse Fast Fourier Transform operator.

The superior performance of the MMSE equalizer over the unequalized receive signal is
illustrated in Fig. 1 with respect to the phase of the relative multipath gain ∠(α1,l/α0,l).
This figure indicates that phase corruption of received signals by the multipath (AWGN +
MPI) can be as detrimental to detection performance as a reduction of effective SNR (when
∠(α1,l/α0,l) = π) as described in [11, 13]. Following MMSE equalization (AWGN + MPI +
MMSE), performance is now a function of effective SNR or the coherence between LOS and
multipath complex gains.
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Figure 1: Single antenna BER vs. Channel Multipath Phase before (AWGN + MPI) and
after MMSE equalization (AWGN +MPI + MMSE). Simulation parameters include 10Mbps
data rate, 10samples/symbol receiver sampling, SNR = 5dB, α0 = 1, |α1| = 0.7, τ = 1 and
20 pilot symbols.

MULTIPLE ANTENNA EQUALIZER

Spatial diversity schemes combine signals from multiple receive antennas to improve BER by
exploiting the uncorrelated nature between physically separate receive antennas. Maximal
Ratio Combining (MRC) [14] performs the coherent weighted sum of received signals from
multiple receive antennas where the gain applied to each channel is determined from the SNR
at each channel. The SNR at the MRC output is the sum of SNRs from each receive channel.

We use the pilot-aided channel parameter estimation procedure in [13] to estimate α0,l and
α1,l for the received signal at antenna l. Because the multipath delay τ is less than a symbol,
the complex amplitude of the received signal at antenna l may be approximated by the sum
of the LOS and multipath complex gains. The MRC weight at antenna l is therefore

al =
(α0,l + α1,l)

∗

N
, (7)

where N is the number of receiver channels so the MRC output is

rMRC[n] =
N∑

l=1

alrl[n]. (8)
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We propose a multi-antenna equalizer generated from the weighted sum of received sig-
nals that have been independently equalized with the aforementioned single-antenna MMSE
equalizer. Because the received signals from each equalized channel are co-phased by their
independent MMSE equalizer, the channel weights for the signals combined using MRC are

bl =
|α0,l + α1,l|

N
, (9)

so the proposed multi-antenna equalizer output is

rMMSE,MRC[n] =
N∑

l=1

blrl,MMSE[n]. (10)

Fig. 2 illustrates the performance improvements using the single-antenna MMSE equalizer
in (5) as a function of SNR with relative multipath phase as a uniformly distributed random
variable ∠(α1/α0) ∈ [0, π). Fig. 2 also depicts BER for multi-antenna MRC and (MMSE
+ MRC) techniques in (8) and (10) respectively for 2 and 3 antenna systems. Multipath
channel phase for each branch of the multi-antenna receiver was constructed as a uniformly
distributed random variable so that ∠(α1,l/α0,l) ∈ [0, π). BER performance for the (MMSE
+ MRC) technique was improved over MRC-only for 2 and 3 antenna systems when the
multipath delay was half a symbol (τ = 5). No performance improvement was observed for
systems with more than 3 antennas.

CONCLUSIONS

This work explored multi-antenna equalization techniques to improve aeronautical teleme-
try communication performance. Simulated BER with ARTM SOQPSK-TG waveforms were
evaluated with strong, single-bounce, frequency-selective multipath that is characteristic of
many aeronautical telemetry experiments. A single-antenna equalization scheme that ap-
plies the optimal linear MMSE filter received data after estimation of key channel parameters
was revisited. Utilizing MMSE equalizers for each receive channel branch, a multi-antenna
receiver scheme was presented that applies maximal ratio combining following independent
channel equalization. Simulations illustrated that this multi-antenna equalization process
can improve detection performance over maximal ratio combining without independent chan-
nel MMSE equalization.
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Abstract

We present a new class of finite-precision decoders for low-density parity-check (LDPC) codes. These decoders
are much lower in complexity compared to conventional floating-point decoders such as the belief propagation
(BP) decoder, but they have the potential to outperform BP. The messages utilized by the decoders assume values
(or levels) from a finite discrete set. We discuss the implementation aspects as well as describe the underlying
philosophy in designing these decoders. We also provide results to show that in some cases, only 3 bits are
required in the proposed decoders to outperform floating-point BP.

I. INTRODUCTION

Error-correcting codes are indispensable for any modern digital communication system which requires
reliable transmission and/or storage of digital data. Overthe past decade, a particular class of error-
correcting codes called low-density parity-check (LDPC) codes that were originally discovered by
Gallager in the 1960’s, and rediscovered some thirty years later, has sparked a widespread interest
and has been a subject of intense research in the field of communications. The traditional algorithms
used for decoding LDPC codes are primarily based on an iterative algorithm called belief propagation
(BP), which operates on the graphical model of the code. Under BP decoding, these codes were shown
to asymptotically perform close to the theoretical limit established by Shannon’s noisy channel coding
theorem [2]. The remarkable performance of LDPC codes as well as their simple and efficient high-
speed implementations have made them very attractive for use in a plethora of applications ranging
from wireless communication and deep-space communcation systems to magnetic storage media.

In the past several years, a considerable amount of researchhas been dedicated towards constructing
capacity-achieving LDPC codes that have good distance properties, and finding better iterative decoders
that enable simpler hardware implementations. Richardsonet. al. in [2] proposed the technique of
density evolution under BP decoding in order to determine the asymptotic decoding threshold of a
particular code and suggested using this analysis in order to optimize the code’s profile for the best
possible decoding threshold. Although the density evolution approach can provide a fairly accurate
prediction of the performance of a code in the very low signal-to-noise ratio (SNR) region (or waterfall
region), it cannot predict in the higher SNR region (or errorfloor region). This is because the density
evolution approach does not take into account the finite-length effects of the code as it assumes an
infinite code length and a node in the graph representation ofthe code considers the graph to be a tree
during decoding. Therefore, BP decoding is suboptimal for practical implementations of LDPC codes.
In addition, the problem of error floors exists in LDPC codes of practical lengths.

E-mail: {shivap, vasic, marcellin}@ece.arizona.edu, declercq@ensea.fr
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Error floor is an undesirable phenomenon typically present in iterative decoding based codes, where
an abrupt degradation in the error-rate performance of the code occurs in the high SNR region. The
causes of error floor can be attributed to the presence of certain harmful structures in the Tanner graph
of the code calledtrapping sets that cause the decoder to fail for error patterns of low weight. The
notion of trapping sets was first introduced by Richardson [4] in order to characterize the failures of
iterative decoders. These trapping sets can be present in any finite-length code even though it has been
optimized for a good decoding threshold. Hence, LDPC codes that are optimized using the density
evolution approach can still exhibit high error floors.

Recently, the design of quantized iterative decoders having low complexity implementations, has gained
prominence due to increasing speed requirements and stricter hardware constraints for practical realiza-
tions. In this regard, the problem of designing quantized BPand min-sum decoders has been investigated
[2], [5], [6]. These proposed quantization schemes are primarily based on achieving the best possible
asymptotic decoding threshold using density evolution, and approaching the performance of floating-
point BP, i.e., minimizing the loss in performance due to quantization. Again for reasons mentioned
previously, these schemes do not guarantee a good performance on a finite-length code especially in the
low-noise regime. In addition, effects of quantization cancontribute further to the error floor phenomenon
(which is neglected in the designs).

In this paper, we present a new class of decoders for the binary symmetric channel (BSC) that addresses
both finite precision as well as the error floor phenomenon. These decoders are obtained with the purpose
of improving the message-passing process on finite-length graphs as BP decoding is suboptimal on
finite-length graphs. This is carried out by using certain subgraphs as combinatorial objects that could
potentially be trapping sets and deriving finite precision decoders that reduce the failure rate on these
subgraphs. Hence, these decoders have the potential to outperform the floating-point BP decoder in
spite of using finite precision to represent messages. At thesame time these decoders greatly simplify
the hardware implementation without compromise in performance.

The rest of the paper is organized as follows. Section II provides the necessary preliminaries for this
work. In Section III, we provide a description of the low-complexity finite-precision decoders and briefly
discuss their implementation aspects as well as the design methodology which is based on analyzing
decoding on isolated subgraphs. We finally provide numerical results and conclusions in Section IV.

II. PRELIMINARIES

In this section, we shall provide the necessary fundamentals related to LDPC codes and briefly describe
the BP algorithm. We shall also elaborate on the notion of trapping sets which are essential for deriving
good decoders and introduce some notations.

A. LDPC codes

LDPC codes are linear codes that are characterized by a sparse parity check matrix H containing a
small number of nonzero entries. These codes can be conveniently represented by bipartite graphs
called Tanner graphs, which are more useful representations when carrying out the iterative decoding
process. The Tanner graph representation of an LDPC code consists of two sets of nodes. One set of
nodes are called variable nodes and they represent the bits associated with a codeword. The other set
of nodes are called check nodes and they represent parity check constraints on the bits of the codeword
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Fig. 1. Example of a rate 1/2 (3,6) LDPC code

which are defined by the parity check matrix H. An edge of the graph connects a variable node to a
check node only if that particular bit represented by the variable node participates in the parity check
equation represented by the check node. The degree of a node is the number of neighbors it is connected
to in the graph. Regular LDPC codes are codes for which all thevariable nodes have the same degree
and all check nodes have the same degree, whereas irregular LDPC codes can have different degrees
for different nodes.

Figure 1 shows the example of a Tanner graph for a rate-half (3, 6) binary LDPC code with code length
8, and its corresponding parity check matrix. The circles onthe Tanner graph denote variable nodes
and the boxes denote check nodes. The vectorx consists of bitsb1 to b8 that are associated to their
corresponding variable nodesv1 to v8 on the Tanner graph.x is a codeword if and only if it satisfies
the matrix product,HxT = 0 (satisfiability condition). This implies that every row of the parity check
matrix H corresponds to a parity check constraint on the bitsof a codeword. Then all the bits represented
by the variable nodes that are connected to a particular check node must add up to zero modulo 2, and
under such condition, the check node is considered to be satisfied. If the parity check equation does
not hold, then the check node is considered to be unsatisfied.

We shall adopt notations used in [7]. LetG = (V ∪ C, E) denote the Tanner graph of a binary LDPC
codeC with the set of variable nodesV = {v1, · · · , vn} and set of check nodesC = {c1, · · · , cm}. E
is the set of edges inG. The code has lengthn and code rateR. For a vectorv = (v1, v2, . . . , vn),
the support ofv denoted assupp(v), is defined as the set of all variable nodes such thatvi 6= 0. A
codeC is said to bedv-left-regular if all variable nodes inV of graphG have the same degreedv. Let
r = (r1, r2 . . . , rn) be the input to the decoder from the BSC.

B. Decoding algorithms

Several message-passing algorithms exist in literature that are used for decoding LDPC codes. We
briefly describe the BP algorithm in order to highlight the distinction between the currently proposed
decoders and existing message-passing decoders, since most decoders are based on the BP algorithm
or its modified version.
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Any message-passing algorithm for LDPC codes can be described by defining update rules at the variable
node and check node. The variable node update rule and the check node update rule, denoted as functions
Ψv andΨc resepctively, are used to determine the outgoing messages.Initially, every variable nodevi

calculates its channel valueyi based on the observation valueri received from the channel. For the
BP algorithm implemented in the “log-liklihood domain”, the channel valueyi is a log-liklihood ratio
calculated from the observationri. Assuming that a transmitted bitbi can be a zero or a one with equal
probability, the valueyi can be calculated as

log
p(ri|bi = 0)

p(ri|bi = 1)

The calculation ofyi depends on the type of channel and noise distribution.

Let m1, · · · , mdv−1 denote incoming messages to a variable node of degreedv and m1, · · · , mdc−1

denote the incoming messages for a check node of degreedc. Note that while determining the outgoing
message on any particular edge of a node, the incoming message on that particular edge is not included
in the computation of the outgoing message. This is to ensurethat the outgoing message is anextrinsic
message and the dependencies between the messages entering the nodeare reduced.
For the BP algorithm, the variable node update and check nodeupdate rules are defined as

Ψv(yi, m1, . . . , mdv−1) =
dv−1
∑

j=1

mj + yi

Ψc(m1, m2, . . . , mdc−1) = 2 tanh−1

(

dc−1
∏

j=1

tanh
(mj

2

)

)

Initially all messages are set to zero and each variable nodesends its channel value as the outgoing
message. Messages are then passed iteratively between check nodes and variable nodes using the update
rulesΨc andΨv.

At the end of each iteration, a hard decision rule is carried out at the variable node which determines
whether its associated bit is a one or a zero based on the values of the incoming messages and the
channel valueyi. For the BP algorithm, the bitbi is decided by taking the sum of all the incoming
messages and the channel value, and observing the sign of theresult. These bits obtained from the hard
decision rule are then sent to the check nodes along the edgesof the graph in order to verify if the
decoder has converged to a codeword. If so, the iterative process is terminated, else the iterative process
is continued until a maximum number of iterations is reached.

C. Trapping sets

Trapping sets are structures present in the Tanner graph of the code that cause the decoder to fail for
error patterns of low weight, usually much lower than the error-correction capability of the code under
maximum likelihood (ML) decoding. Following the definitiongiven by Richardson in [4], a trapping
setT(r) is a non-empty set of variable nodes inG that are not eventually corrected by the decoder for
a particular inputr. A standard notation used to denote a trapping set is(a, b) wherea = |T(r)|, andb
is the number of odd-degree checks present in the induced subgraph ofT(r). The critical number of a
trapping set is the minimum number of variable nodes that have to be initially in error for the decoder
to end up in the trapping set. The critical number conveys howharmful a given trapping set is. The
lower the critical number, the more harmful the trapping set.
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III. LOW-COMPLEXITY FINITE PRECISION DECODERS

In this section, we present a new class of finite precision decoders that are much lower in complexity
compared to the BP decoder. For the proposed decoders, the update rules do not mimic the rules used
in the BP algorithm; they are instead derived using knowledge of trapping sets that are already known
for traditional decoders such as Gallager-B or BP. The rulescan be described algbraically or using
Boolean functions (or look-up tables). For sake of exposition, we shall begin by providing an algebraic
description of the decoders [7].

A. Description of decoders

For these decoders, the messages take values from a finite discrete setM ={−Lk, · · · ,−L2,−L1,
0,L1,L2,· · · , Lk}, whereLi ∈ R

+ and k is the number of bits used for representation. The sign of a
messageµ ∈ M represents the message’s estimate of whether the associated bit is zero or one, and the
magnitude|µ| represents the reliability measure of its estimate. AlsoM is defined such thatLi > Lj ,
for any i > j. The setY = {±C} denotes the set of possible channel values. For each variable node
vi in G with ri received from the BSC, the channel valueyi ∈ Y is computed asyi = (−1)riC. The
valueC gives a measure of how much the decoder relies on the channel’s estimate of the bit node.
At the check node, the update functionΨc is defined as

Ψc(m1, . . . , mdc−1) =

(

dc−1
∏

j=1

sgn(mj)

)

min
j∈{1,...,dc−1}

(|mj |)

wheresgn denotes the standard signum function.
At the variable node, the update functionΨv is defined as

Ψv(yi, m1, . . . , mdv−1) = Q

(

dv−1
∑

j=1

mj + Ω(m1, . . . , mdv−1) · yi

)

whereΩ is symmetric functionΩ : Mdv−1 → {0, 1} that could be linear or nonlinear. The functionQ is
a quantization function that compares the sum of the incoming messages andyi with a set of thresholds
defined by a threshold setT = {T1, T2, · · · , TM}, whereTi ∈ R

+, and for anyTp, Tq ∈ T , Tp > Tq if
p > q. The functionQ(x) outputs the message±Li if Ti ≤ |x| < Ti+1.

Note that if the functionΩ is nonlinear, these decoders are different from any existing quantized message-
passing decoders. The functionΨv can now be uniquely described by specifying the channel output
setY , message setM, threshold setT , and the functionΩ, which constitute the design parameters
for these decoders. The non-linearity introduced into the function allows the variable node to capture
some of its local neighborhood that could be potentially harmful (ex: if the node is in a six cycle), and
accordingly compute outgoing messages that help the decoder to converge. More details on this shall
be provided in the next subsection while discussing the design methodology.

B. Implementation aspects

Although we have represented messages as levels from the setM, they are represented as binary vectors
of length k during implementation. There is a one-to-one correspondence between the binary vector
representation and the levelsLi defined in setM. For example, consider a decoder that uses a message
set M with 7 levels. Each levelLi in the setM is represented by a 3-bit binary vector. The most
significant bit (MSB) denotes the estimate of whether the associated node is one or zero, i.e., the sign
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of Li. All positve levels have an MSB of zero and all negative levels have an MSB of 1. The next two
bits denote how reliable the estimate is. For example,L3 is the strongest possible level with an estimate
of zero and hence its 3-bit representation is 011. In this manner, the mapping from the levelsLi in set
M to their 3-bit binary representation can be derived and is shown in table I.

Levels 3-bit representation
L3 011
L2 010
L1 001
0 000 or 100

−L1 101
−L2 110
−L3 111

TABLE I
3- BIT BINARY VECTOR REPRESENTATION OF LEVELS

Similarly, there exists a one-to-one correspondence between the algebraically definedΨv and a simple
look-up table. Depending on the application and type of requirements in the decoder realization, either
form can be used for implementation. In the algebraic form,Φv is implemented based on the message set
M, threshold setT , channel output setY and channel weight functionΩ. For simplicity of exposition,
we shall assumeΩ = 1 and consider only decoders for 3-left-regular codes. In order to facilitate the
implementation in algebraic form, the messages which are represented as 3-bit binary vectors must be
converted to binary vectors in 2’s complement form which represent the actual values ofLi. Since we
are using the 2’s complement form, we will need extra bits to represent the sign, integer and fractional
parts of the values ofLi. Care must be taken in choosing the values forLi so that minimal number
of extra bits are required while converting to the 2’s complement form. Figure 2(a) shows the general
schematic for implementation using the algebraic form ofΨv. Figure 2(b) shows the implementation
using the look-up table form. The look-up table corresponding to Ψv stored in a ROM is used to
determine the outgoing message. Due to larger memory requirements in this implementation, outgoing
messages are computed sequentially in this scheme instead of parallel so that only a single ROM is
required for each variable node. Again the messages can be computed parallely using multiple ROMs
of the look-up table if hardware area is not a constraint. Thetri-state buffers (represented as triangles)
in Figure 2(b) ensure that only extrinsic messages are calculated.

Based on the implementation schemes described we can point out two advantages that make implemen-
tation using the algebraic form an attractive choice over look-up table form. Firstly, the implementation
scheme using algebraic form is simple and straightforward and if the modules of the implementation use
reconfigurable components, then changing the update functionΨv can be easily done by simply changing
the thresholds and magnitudes. This is advantageous especially for the case of a decoder that switches its
variable node update function to another and also for enabling flexibility and reconfigurability to modify
decoders in the hardware whenever the need arises. Secondly, for decoders that use larger number of bits
(say 4 or 5 bits), the look-up table ofΨv can become quite large leading to large memory requirements
and utilization of hardware area. On the other hand, the complexity will only linearly increase with the
number of bits for the implementation using algebraic form.

However, if we are to strictly use onlyn bits for then-bit decoders to represent the messages, the
look-up table form needs to be used. The look-up table form may especially be well suited when the
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Fig. 2. Variable node processor: (a) Algebraic form; (b) Look-up table form

Ω function is nonlinear and the message set is small, since there is no added complexity involved for
implementingΩ in the look-up table form. Also the look-up table form may be helpful for faster search
of good update rules. Either of the two implementations can be used based on the hardware constraints,
decoder speed requirements, and type of application that itis used for. As an example, Table II shows
the look-up table form corresponding to aΨv for a 7-level decoder which is defined by a message set
M ={−8.5,−3.5,−1,0,1,3.5, 8.5}, threshold setT = {1, 3.5, 8.5}, C = 1.5, and functionΩ = 1. m1

andm2 are incoming messages to a degree-3 variable node andmo is the outgoing message. Note that
with deeper introspection into the look-up table, there mayexist simple Boolean functions that have
even lower complexity than algebraic form.

C. Design methodology

A key strategy used in deriving good update rules is to analyze decoding on isolated subgraphs that could
be potential trapping sets for a given decoder. Since we consider symmetric decoders, we can assume
that the all-zero codeword is transmitted during analysis.In order to decode on an isolated subgraph,
we assume that all the variable nodes outside the subgraph are initially correct (receive initially correct
channel values) and that the neighborhood of the subgraph issuch that the messages entering into the
subgraph from outside are not affected by the messages beingpropagated within the subgraph. As an
example, Figure 3 illustrates the decoding on an isolated eight-cycle which is a potential (4,4) trapping
set. The nodes with solid lines are the nodes that belong to the subgraph. The open boxes represent
degree-2 check nodes and the filled boxes represent the degree-one check nodes in the subgraph. Clearly
the subgraph has 4 variable nodes and 4 degree-one check nodes, hence a (4,4) trapping set. The nodes
with dotted lines represent the variable nodes outside the subgraph.
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LOOK-TABLE FORM OFΨv USED IN A 3-BIT DECODER
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Fig. 3. Decoding on an isolated potential (4,4) trapping set
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In Figure 3,mv→c denotes messages going from variable node to the degree-2 check node andmc→v

denotes messages going from the degree-2 check nodes to the variable nodes.min denotes the outgoing
message from the degree-one check node to a variable node.mout denotes the outgoing message from a
variable node to a degree-one check node. The messagesmv→c andmout are computed using a specific
variable node update tableΨv. However, in order to computemin at the end of every iteration, a
different rule is needed assuming that all variable nodes outside the subgraph are initially correct. By
the isolation assumption on the neighborhood of the degree-one check nodes, the degree-one check node
in the subgraph will send the messagemin = Li into the subgraph during theith iteration until min

reaches the maximum possible levelLk and thereafter it will always send the strongest messageLk.
The remaining variable nodes and degree-2 check nodes follow the usual update rules and the decoding
process is continued. Based on the error pattern in the subgraph, certain variable nodes in the subgraph
will be initially wrong but may eventually become right by choosing a good variable node update table
Ψv.

Using the technique of decoding on isolated subgraphs, the general method which is based on reducing
failure rates on potential trapping sets can be summarized as follows. A database containing all possible
subgraphs that are potential trapping sets is generated andcalled trapping set database. This database can
be generated using analytical methods, by simulation or emulation of a decoder(s) on a given channel,
or even by a combination of the simulation and analytical method. For example, the database could be
generated by observing the failures in the high SNR region for a particular decoder or several decoders
on a specific channel and using the subgraphs corresponding to these failures. Or, the database can
be generated as previously mentioned by using a combinatorial construction algorithm and then further
including some subgraphs associated with failures obtained during simulation of decoder(s). Essentially,
the trapping set database contains subgraphs that have potential to be trapping sets for any given decoder,
and then the decoders are designed such that they have reduced failure rates on these subgraphs. The
goal is to search for a decoder that can correct most or all of the trapping sets (with error induced
on them) under the isolation assumption. Some key parameters in the case of BSC that are used in
the design are an increase in critical number of the potential trapping sets and convergence within few
iterations when the decoder does converge. This process gives good decoders that are well-equipped
to handle potentially harmful structures and helps improvethe iterative decoding process on the graph.
For a more rigorous explanation on the concept of isolation assumption, refer to [7].

IV. NUMERICAL RESULTS AND CONCLUSIONS

We provide numerical results in order to validate our approach and illustrate that in some cases, only
3 bits are required for these decoders to surpass floating-point BP. Simulations of the BP decoder and
3-bit decoder specified by table II were carried out for frameerror rate (FER) on two quasicyclic codes
of different lengths: 1)n = 5184, R = 0.834, quasicyclic code, and 2)n = 804, R = 0.75, quasicyclic
code. These results are shown in Figure 4. For both codes, the3-bit decoder outperforms the floating-
point BP in the error floor region with minimal loss in the waterfall region. Notice the difference in the
slope of the FER curves in the error floor region for both decoders. Moreover, the 3-bit decoder achieves
this at a fraction of the complexity of the BP decoder since both decoders used a maximum number of
100 iterations for decoding. Also the same 3-bit decoder that was derived using knowledge of trapping
sets appears to be good on both codes. This suggests that the proposed decoders are not code-specific
and the update rules derived appear to improve the message-passing process on a finite-length code by
considering potentially harmful neighborhoods of nodes into the decoding.
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Fig. 4. FER results: (a)n = 5184, R = 0.834, quasicyclic code; (b)n = 804, R = 0.75, quasicyclic code

REFERENCES

[1] R. G. Gallager,Low Density Parity Check Codes. Cambridge, MA: M.I.T. Press, 1963.
[2] T. Richardson and R. Urbanke, “Capacity of low-density parity-check codes under message-passing decoding,”IEEE Trans. Inform.

Theory , vol 47, pp. 599–618, Feb. 2001.
[3] T. Richardson, A. Shokrollahi, R. Urbanke, “Design of capacity-approaching irregular low-density parity-check codes,”IEEE Trans.

Inform. Theory, vol. 47, pp. 619–637, Feb. 2001.
[4] T. Richardson, “ Error floors of LDPC codes”, inProc. of 41st Annual Allerton Conf. on commun., control and computing, 2003.
[5] J. K. Lee and J. Thorpe, “Memory-efficient decoding of LDPC codes,” inProc. Int. Symp. on Inform. Theory (ISIT 2005), Adelaide,

Australia, pp. 459–463., Sept. 2005.
[6] B. Smith, F. R. Kschischang and W. Yu, “Low-density parity-check codes for discretized min-sum decoding,” inProc. 23rd Biennial

Symp. on Commun., pp. 14–17, 2006.
[7] S. K. Planjery, D. Declercq, S. K. Chilappagari, and B. Vasic, “Multilevel decoders surpassing belief propagation on the binary

symmetric channel,” inProc. Int. Symp. on Inform. Theory (ISIT 2010), Austin, TX, June 2010.



HARDWARE-EFFICIENT IMPLEMENTATION OF THE SOVA FOR
SOQPSK-TG

Ehsan Hosseini, Gino Rea
Department of Electrical Engineering & Computer Science

University of Kansas
Lawrence, KS 66045
ehsan@ku.edu

Faculty Advisor:
Erik Perrins

ABSTRACT

In this paper, we present a hardware-efficient architecture of a demodulator for shaped offset quadra-
ture phase shift keying, telemetry group version (SOQPSK-TG). The demodulation is done using the
soft-output Viterbi algorithm (SOVA), which is implemented by the two-step traceback method. In this
method, two traceback operations are employed to find the maximum-likelihood (ML) path and the com-
peting path. Using the proposed architecture, the tracebacks are done at the same time as the demodulator
is generating output bits and their reliabilities. This method has been shown to require less storage than
the well-known register-exchange method. Finally, we present the performance results from the FPGA
implementation.

INTRODUCTION

The modern telecommunication systems benefit from high performance soft-input soft-output Forward
Error Correction (FEC) coding schemes such as iterative codes and serially concatenated codes. These
modern FEC algorithms can provide a near channel capacity error correction performance without the
need of data retransmission. Consequently, the demodulator in those systems ought to be modified such
that it provides the soft values required by the decoder. It may also use the estimations from the decoding
algorithm in an iterative manner.

This work mainly focuses on the hardware implementation of a shaped offset quadrature phase shift
keying, telemetry group version (SOQPSK-TG) demodulator. The demodulator is desired to be imple-
mented in an FEC system. SOQPSK-TG signal is a highly bandwidth efficient and constant envelope that
can be viewed as a continuous phase modulation (CPM) signal. From the CPM point of view, SOQPSK-
TG is a partial response version of SOQPSK, which was adopted in the IRIG 106-04 standard for aero-
nautical telemetry [1]. The CPM description of SOQPSK also enables us to employ maximum likelihood
sequence detectors implemented using the Soft Output Viterbi Algorithm (SOVA) [2], to estimate the
sequence of transmitted bits and their reliabilities. Therefore, the core operation of proposed SOQPSK
demodulator will be SOVA.

Several works have been presented on the hardware implementation of SOVA and its basic operation,
the Viterbi algorithm. The original version of SOVA [3] suffers from high complexity due to the need to
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update of log likelihood ratio (LLR) values for every state in the trellis as the maximum likelihood path is
unknown. Two different architectures are employed known as register-exchange and traceback method for
SOVA detection. The first architecture suffers from substantial amount of required hardware and the latter
one imposes a large delay. A simplification to the SOVA results in a low complexity decoder presented in
[4], named as Two-Traceback method. The main drawback of the Two-Traceback method is the traceback
operation which needs to be performed for every new received symbol. Obviously, the latency of traceback
reduces the overall throughput of decoder.

In this work, we extend the systolic Viterbi decoder presented in [5] to the Two-Traceback SOVA im-
plementation, which results in a faster decoding time. The systolic Viterbi algorithm allows the traceback
operation, updating and storing of the information sequence to be done simultaneously during a single
clock cycle. Furthermore, two systolic arrays are required to perform the traceback on both maximum
likelihood path and the competing path, which will be described in details. The target platform for our
design is a Field Programmable Gate Array (FPGA) which provides needed speed and flexibility. Finally,
the implementation results are presented and compared to register-exchange method, which confirms sig-
nificant saving in terms of required hardware.

The rest of this paper is organized as follows. First, the SOVA and its application to SOQPSK are
presented. The hardware architecture for the Two-Step SOVA is detailed in the next section. Then, the
implementation results for the proposed architecture are summarized. Finally, our conclusions are drawn.

SOVA FOR SOQPSK DETECTION

In this section, we briefly present the soft-output viterbi algorithm for binary codes and then its appli-
cation to SOQPSK is touched on. We suppose the reader is familiar with basics of Viterbi algorithm and
CPM signals.

A. Soft Output Viterbi Algorithm

The SOVA is a modified version of Viterbi algorithm that produces reliability values for every decoded
information bit. Consequently, the SOVA can be implemented by complementing the VA such that it
generates the reliability values corresponding to the maximum likelihood path based on the metric values
at each state. As in VA, the computations in SOVA are performed on a trellis with a number of states
depending on the memory length of the underlying convolution. However, the SOVA assigns a soft value
to every state which is updated by the probability of making a wrong decision at that state and if the bits
on the merging paths are different. The details of the original SOVA can be found in [2]. Here, we briefly
describe the update equations for the soft information (reliabilities).

Assuming the Viterbi algorithm at a state sk at time step k, the difference between the incoming
branches to that state is denoted as ∆. Additionally, two paths are merged at state sk, one corresponds to
the winner path or path-1, and the other corresponds to the looser path or path-2. A sequence of bits û(sk)
and reliabilities L̂(sk) is also assigned to each of the two paths. The reliabilities are updated by comparing
the input bits on the looser path with the ones on the winner path. If the bits at time step j are different,
i.e. û1

j 6= û2
j the reliabilities are updates by

L̂j(sk) = min{∆, L̂1
j} (1)

Next, consider the case that the bits on both paths are the same for some time step j. The corresponding
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Figure 1: Four state time-varying trellis. The labels on the branches indicate the input bit/output symbol based on
the precoder of 3.

reliability is updated using,
L̂j(sk) = min{∆ + L̂2

j , L̂
1
j} (2)

In order to reduce the complexity of Viterbi algorithm, the computations are done on a finite length
moving window called as traceback. Therefore, the reliability values and the estimated bits are generated
having a latency equal to the length of traceback.

B. Iterative Detection of SOQPSK

The SOQPSK signal can be modeled as a precoder connected to a standard CPM modulator [6]. The
precoder converts the binary data to ternary in order to impose OQPSK-like characteristics on the CPM
signal. The precoder is recursive and can be described by a four-state time varying trellis as shown in
Figure 1. The precoder’s function can be formulated as,

αn , (−1)n+1(2ci−1 − 1)(ci − ci−2), ci ∈ {0, 1}, αi ∈ {−1, 0, 1}. (3)

Therefore, the precoder’s output is a function of current symbol ci and three state variables: n-even/n-odd,
cn−1 and cn−2. Here, the n-even/n-odd has been removed from state variable and considered as the time
index. This leaves us as a four-state time varying trellis depicted in Figure 1. Therefore, the state variable
cn−1cn−2 can be uniquely represented as the CPM phase state.

Describing the SOQPSK modulation on the state diagram leads us to the adoption of VA for its detec-
tion. Since the trellis is time varying, the VA works on different trellises for even and odd symbol times.
In order to implement the VA, we need to derive the branch metric increment for the SOQPSK signal. The
branch metric increment for partial response CPM is

Z(n, [ãn, S̃n]) , Re

[
e−jθ̃n−1

∫ (n+1)T

nT

r(t)e−j2πhαnq(t−nT )dt

]
(4)

where q(t) is the partial-response phase pulse such as the one defined by SOQPSK-TG. The branch met-
ric increment is a function of the hypothesized branch vector [ãn, S̃n], which corresponds to a unique
hypothesized ternary symbol α̃n and the CPM phase state θ̃n−1.
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Figure 2: Two-Step SOVA

The computation of branch metric increment in (4) is performed using matched filters (MF). Since this
work mainly deals with the hardware implementation of the SOVA itself, the details on the MFs are not
discussed. Interested readers may refer to [7] for a complete discussion.

TWO-STEP SOVA DECODER

The complexity of the SOVA mainly comes from the storage and update of the bits and reliabilities
over all the survivor paths, which is equal to the number of states Ns. Originally, the SOVA was described
in [3] neglecting equation (2). The performance of SOVA seems not to suffer from ignoring the second
case and further simplifies the storage requirements as the decoder only needs to store the reliabilities over
the maximum likelihood path. However, the decoder mainly benefits from this fact only after it knows the
maximum likelihood path.

The motivation for the Two-Step SOVA, which was presented in [4], is to perform the update operation
after the final survivor path is completely (or almost completely) established. In this scheme, two Viterbi
decoding operations are done on two trellises. Let us recall T as the first trellis on which decoding
operation is done, with a traceback length of L and Ns states. The first Viterbi operation is carried out
on T and after L time steps, it estimates the maximum likelihood path. This path has an starting state
(node) as m0 and terminates at state (node) mL on trellis. If L is sufficiently large, mL does not depend
on the future symbols. Hence, the first Viterbi algorithm determines the states over which the maximum
likelihood path is formed.

Once the maximum likelihood path is known, it is trivial to perform the SOVA on a second trellis to
update the reliabilities according to equation (1). The second trellis T ′ is basically the same as T , however,
the received symbols are delayed such that the maximum likelihood path is determined by the first trellis.
In this fashion, the binary decisions and difference between branch metrics (∆) at time step j = 0 are
delayed L cycles. The delayed values are used in the second trellis to update the bits and reliabilities
on the most likely path. Since the first trellis’ task is only finding the global survivor states, the original
Viterbi algorithm is employed. The Two-Step SOVA method is depicted in Figure 2.

The authors in [4] has presented an architecture for the Two-Step Traceback method. The decoder
consists of two parts corresponding to Two Trellises. In the first part, the VA algorithm is performed
on the received symbols consisting of updating the cumulative metric, comparing and selecting the most
likely path. Then it performs a traceback on the winner path to find its starting state at L time steps

4



Figure 3: The systolic traceback architecture for finding the input bits on the survivor path.

before the current time. In the second part, SOVA is performed on a delayed version of the input symbols.
Additionally, two traceback logics are employed, one for the ML path and the other one for the competing
path. Both of these tracebacks start from state mL, already determined by the first part. The second SOVA
computes the difference between metrics for state mL based on the delayed symbols and sends them to the
input of a shift register. The traceback logics continuously access the shift register and update its contents
based on the binary decisions at different levels for every time step. The last value of the shift register is
considered as the final reliability of a symbol and is appeared on the output port of the decoder. Although
the proposed decoder reduces the complexity of classical SOVA decoders, it suffers from a relatively low
throughput. The main bottleneck is the implementation of the traceback logics. In that architecture, a
traceback of length L has to be done for outputting one symbol, which requires L clock cycles.

In order to keep high-throughput, the traceback needs to be completed within one clock cycle. This
solution requires access to all path metrics and decisions over the traceback length. This method was
implemented in [8] using orthogonal memory access. Another solution is using a systolic architecture in
which the binary decisions and metrics are propagated through shift registers eliminating complex memory
accesses. The latter method was presented in [5] for the original Viterbi algorithm. In this work, we extend
this method to SOVA and the time-varying Trellis.

The first part of the Viterbi algorithm is updating cumulative metric for each state, finding the winner
branches and the global survivor. This operation is done in a module named as the Add, Compare and
Select (ACS) unit. The outputs of ACS, winner branch for each state and the winner state, are sent to the
first traceback module to find the starting state of the ML path.

In the systolic architecture, the traceback is done continuously on the results of the ACS unit in a
pipelined fashion, instead of doing the entire traceback on a single value. Therefore, the decoder is able to
operate at the same rate as the incoming symbols. The systolic traceback architecture is shown in Figure 3.
The traceback module consists of four units corresponding to a traceback length of four. The task of each
unit is to traceback the trellis one time step back based on the branch decisions (BD) and the even/odd
indicator. The core of each unit is a traceback function f that determines the starting state on the trellis
according to ending state and BDs. For example, if the ending state is (01), the BDs are {0,1,1,0} and
the trellis is in the even time, the result of this function is state (11), which can be verified from the trellis
diagram in Figure 1. The function f is implemented using a look-up table having 7 bits as the input: 4
bits for BD, 2 bits for state and 1 bit for even/odd indicator.In the proposed architecture, the traceback
algorithm is done a pipelined manner in which the starting state of a path is found 2L clock cycles after its
ending state is found. Therefore, the traceback module can be seen as traceback function with a latency of
2L clock cycles, which is able to process at the same time as the Viterbi algorithm computes the survivor

5



state and branches. However, this latency is twice as the expected latency of L (equal to traceback length)
because two levels of registers are used in each unit for BD and even/odd signals. The extra register
can be explained as follows. Suppose a traceback unit performs a traceback from state mj to mj−1 in
one clock cycle based on the branch decisions at time j, BDj . At the same time BDj is shifted by one.
The next traceback unit performs the operation on mj−1 and the received BD. However, the received BD
corresponds to time j. Therefore, an extra delay (register) is introduced for BD in each unit to align the
states and branch decisions in time.

The traceback module of Figure 3 delivers the starting state of the ML path and also the winner
branches, aligned in time with the starting state, at its output. These values can be used to find the in-
put bits on the ML. The only task remained is to find the input bits on the competing path and comparing
them with the ML path bits in order to update the reliabilities. The computation of reliabilities requires
the difference between branch metrics for the winner state. This subtraction is carried out inside the ACS
module for all states. The results, denoted as ∆i, are delayed 2L clock cycles to be synchronized with the
BD and the starting state of ML path. The starting state is then used to choose one of ∆i values which will
be later used in the update of reliabilities. These rather straightforward tasks are not shown in Figure 3 for
the sake of simplicity.

In order to find the input bits on the competing path, it is impossible to use the same method as used
for the ML path, i.e. finding the starting state of the path and deriving the input bits. This is due to the fact
that the competing path is not continuous as the ML path, i.e. it might be totally different from one clock
cycle to the next clock cycle. Therefore, the input bits over the competing path must be computed within
the traceback operation. The traceback architecture for the competing path is illustrated in Figure 4. The
architecture for the competing path traceback is essentially the same as ML path with some modifications
as described in the followings. The competing path diverges from the ML path on the winner state.
Therefore, the first traceback is the traceback of the winner state via the looser branch. Hence, the BD
values ought to be inverted for the first traceback unit as shown in the figure. The rest of the traceback is
performed through the winner branches at each time step. Another modification is the addition of the input
bit to the traceback function f, i.e. the module f generates the input bit which had caused the transition
from state mj−1 to mj . The generated input bits are basically the bit over the competing path which are
shifted using the structure of Figure 4. The competing path traceback module will also have a latency of
2L clock cycles.

Based on the above discussion, the two traceback modules generate the input bits over the ML path
û1
j , û

1
j−1, . . . , û

1
j−L and the competing path û2

j , û
2
j−1, . . . , û

2
j−L. These bits update the contents of reliability

registers, L̂j, L̂j−1, . . . , L̂j−L, which requires L numerical and binary comparisons. The circuit of such an
update logic is depicted in Figure 5. Finally, the value of the last register L̂j−L is signed according to û1

j−L
and is sent to the output of SOVA as the soft decoded value.

FPGA IMPLEMENTATION

We use the two-step SOVA architecture for the FPGA implementation of the SOQPSK-TG demodula-
tor. The demodulator implementation includes three matched filters (MF) corresponding to each of three
symbols in SOQPSK (-1, 0 and 1) and a SOVA module. The SOVA module consists of an Add/Compare/Select
(ACS), the ML path traceback unit (MLTB) and the competing path traceback unit (CTB) as shown in Fig-
ure 6.

In our hardware implementation, it is assumed that the received signal is sampled sixteen times the
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Figure 4: The systolic traceback architecture for finding the input bits on the competing path.

Figure 5: The update circuit of reliabilities based on equation (1).

symbol rate. The sampled values are correlated with the precoded MF coefficients and down sampled by
sixteen. Therefore, the MFs output three complex signals corresponding to ternary symbols or a total of
six values. Inside the ACS, the cumulative metric (CM) is updated for each of the four states based on the
values from MFs and the state of the trellis. The CM values are compared on the branches of the trellis
and the winner branch and the metric are determined for each state. The state with the maximum metric
is chosen as the global survivor and is sent out for the traceback operation. Additionally, the difference
between metric for each state ∆i is delivered to the output for the update of reliabilities. The MLTB
unit performs the traceback using the systolic architecture to find the starting state of the ML path. It
also determines the input bits over the ML path. In our implementation, a traceback length of L = 16
is considered. Therefor, the MLTB generates the input bits and the survivor state with a latency of 32
clock cycles. However, one value is generated at every clock cycle due to the pipelined architecture. The
CTB performs two major tasks: Firstly, it tracebacks the competing path upon which the input bits are
determined. Secondly, it updates the reliabilities based on the circuit of Figure 5. A traceback length of
16 is also considered for CTB, resulting in an additional 32 clock cycles of latency to the SOVA.

Eight bits of precision is used for representing the received signal, MF outputs, prior reliabilities and
the output reliabilities. The eight-bit representation consists of one sign bit, three integer bits and four
fractional bits. However, some of the internal signals are represented using a higher number of bits due to
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Figure 6: The block diagram of SOQPSK-TG demodulator.

Method Clock Freq. Slices Registers Utilization Ratio
Two-Step 143 MHz 478 935 2.7%

Register exchange 152 MHz 1391 1768 8%

Table 1: The implementation results for SOQPSK-TG demodulator.

overflow concerns. For example, the cumulative metric, inside ACS, utilizes 17 bits.
The proposed SOQPSK-TG demodulator is written in VHDL and verified using Modelsim. In order

to observe the quantization effects on the demodulation, a bit-precise MATLAB model has also been
generated and were simulated with the same input data as VHDL. Figure 7 shows the performance of
the VHDL implementation compared to MATLAB simulations. The Bit error rate (BER) plots show
that the performance of the VHDL implementation is almost identical to the MATLAB quantized model.
Moreover, a floating point MATLAB BER plot is provided and compared to VHDL results. At BER 10−4,
the performance of VHDL simulation is about 0.25 dB worse than the floating point MATLAB simulations
due to the fixed-point effects.

The VHDL design is implemented on Xilinx Virtex 5 110xt FPGA using the Xilinx ISE tool. Ac-
cording to the implementation results, the design is capable of running at a maximum clock frequency
of 143 Mhz. The design’s critical path is located within ACS unit since the operations of add, compare
and select has to be completed within one clock cycle for every incoming symbol. The main advantage
of the proposed architecture is its relatively low amount of resources consumed on the FPGA chip. The
implemented SOQPSK-TG demodulator occupies only 478 slices of the FPGA, which is equal to 2.7% of
the available resources. The large saving on the resources can be revealed when the design is compared
to other methods. Hence, another SOQPSK demodulator was implemented using the register exchange
method for SOVA. The latter demodulator has a utilization ratio of 8%, which is nearly three times the
proposed two-step demodulator. The detailed information on hardware aspects is provided in Table 1 for
both architectures.

CONCLUSIONS

In this paper, we described a low area FPGA implementation of an SOQPS-TG demodulator. The
proposed design is based on a systolic architecture for the Two-Step SOVA, which is able to deliver one
decoded value every clock cycle after an initial delay. Therefore, the bottleneck of the Two-Step SOVA,
which was the traceback, is eliminated. The functionality of the demodulator was verified by generating a
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Figure 7: The BER performance of the implemented SOQPSK demodulator according to VHDL and MATLAB
simulations.

BER curve and comparing it to quantized and floating point MATLAB simulations. The implementation
results also show a large amout of saving in terms of FPGA resources compared to ordinary methods, i.e.
register exchange. Finally, the circuit can be used as a demodulator connected to FEC decoders such as
low-density parity check (LDPC) or convolutional decdoders leading to a bandwidth-efficient and reliable
receiver for telemetry applications.
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INTRODUCTION 

The telemetry community is faced with a number of challenges that are best addressed through 
the development and application of new technologies.   One of the greatest hurdles is the need to 
support test activities in an environment of shrinking available spectrum.  Since 1990, 
commercial interests have significantly eroded government allocation of telemetry spectrum.   
Also during this period, T&E telemetry use and data transmission rates have increased 
significantly.  This increase is due in large part to increased use of telemetry to shorten test 
program schedules by maximizing data extraction from each test. In response to this need, the 
Test Resource Management Center (TRMC) has initiated a number of projects designed to 
overcome these obstacles through the development of technology.  First is the iNET project, a 
Central Test and Evaluation Investment Program (CTEIP) project created to develop a modern, 
spectrally efficient telemetry architecture for the range community.  Second is the Spectral 
Efficient Technologies S&T project, part of TRMC’s T&E S&T program, which is developing 
spectral efficient technologies to reduce technical risk and enable implementation of the 
networked telemetry concept.   

As identified in the iNET Needs Discernment Report dated 19 May 2004 and again in the iNET 
Test Capabilities Requirements Document (TCRD) dated June 2008, a critical need identified by 
the T&E community is to command and control onboard equipment, sensor parameters, legacy 
telemetry formats, and other functions from the Test / Training Command and Control Center 
(e.g., Ground Station).  This need is supported by the iNET Scenario’s 5 & 6 which describe a 
reconfiguration of transmitted telemetry information during a test (Aircraft & Missile). 

Currently, with PCM the data stream is formatted prior to flight and can only be reconfigured if 
the instrumentation package is capable of storing multiple data loads.  This is no minor endeavor, 
time consuming and sometimes sacrificing the entire telemetry package, forcing the test article to 
land and reload.  Typically a format is loaded and checked out on the ground prior to take-off, 
without this verification step problems can inject themselves.  

A key advantage for spectrum efficiency from network telemetry is the ability to dynamically 
change the data that is being telemetered, due to the 2-way data communication between the 
ground and system under test.  In the current instrumentation systems, PCM formatters or 



dynamic network telemetry formatters do not exist.  The benefit of reformatting can be realized 
in two primary methods, by modifying what data is in the format as well as the ability to reassign 
telemetry bandwidth where needed.   

Successful research into these areas is essential for feeding the iNET development and future 
investment programs.  Dynamic Commutator Decommutator System (DCDS) is the T&E S&T 
SET project, contracted through SAIC in May 09 for solving the issue of reconfiguration of the 
test articles telemetry format in real-time.  This is a 2-year 2-phase effort that relies on a software 
based commutator/decommutator for modifying the telemetry stream.   Transition for this 
technology has been targeted to support the CTEIP project iNET and has successfully finished 
the phase 1 effort with positive reviews from the iNET Program Director.  DCDS is on track to 
meet several of the ongoing challenges for iNET and will culminate the effort with a field-tested 
prototype system with the completion of phase 2+.   

The remainder of this paper discusses the DCDS architecture and concept of operations. 

 

DCDS ARCHITECTURE 

The approach employed by DCDS to enhance spectrum efficiency is inspired by the concept 
identified in the 2007 iNET System Concept of Operations that “by far the greatest overview 
level of spectrum inefficiency is not in modulation technique but rather in transmitting the same 
measurement for the entire flight.  The ability to access less critical data on demand or as needed 
would prove significant savings in spectrum.”  Put another way, the greatest increases in 
efficiency lie in being able to select for transmission the data that is needed when, and only 
when, it is needed.   With enough flexibility, a telemetry stream could contain only the 
measurands required at a particular point in time, resulting in a much more efficient transmission 
of information and utilization of RF spectrum.  The DCDS does just that.  It improves spectrum 
efficiency, not through improving RF techniques, but rather through changing and optimizing the 
contents of the data stream.    

The DCDS defines and optimizes a test-specific telemetry stream layout and then generates all 
the data, files, and application code required to build a commutator/decommutator pair.   The 
DCDS architecture consists of a user interface, data repository, code generation engine, and 
commutator/decommutator run-time environments.   These components work together to create 
an optimized system that is flexible and dynamic.  The DCDS enables real-time changes to the 
fidelity, sample rate, and number of parameters in the measurement list transmitted from the test 
article.   

Figure 1 illustrates the DCDS architecture. The sections below describe major components of 
the system. 



 
Figure 1. The DCDS Architecture Supports Enhanced Tools to Define and Optimize the 

Telemetry Stream 

Data Repository 
The DCDS uses a data repository to store all the relevant information about the sensor and 
system parameters available on the test article along with descriptions of how the telemetry 
stream format should incorporate these parameters. The DCDS user can update the data 
repository to effect changes in telemetry stream definition or processing.  

The data repository maintains the configuration history of all elements within the repository.  

Graphical User Interface (GUI) 
The DCDS includes a graphical user interface that enables the range systems engineer to define 
the test Telemetry Stream characteristics. The GUI enables the user to inspect and modify any of 
the data that is stored in the data repository, and it will provide as much assistance and 
information as possible to the user. Examples of ways in which the GUI supports the tester 
include continuously monitoring the bandwidth requirements of the current Telemetry Stream 
and Telemetry Data Group definitions, offering predefined libraries of preprocessing algorithms 
applicable to the sensor data, and offering context-sensitive help. 

In addition, the GUI will interface to the Telemetry Data Definition Generator Tool, which is 
described in the next section, enabling the user to prepare the data required by the commutator 
and decommutator. 

Telemetry Data Definition Generator Tool (TDDGT) 
The Telemetry Data Definition Generator Tool (TDDGT) automatically displays the bandwidth 
requirements of the current telemetry stream definition to the user, and continually highlights the 
costs and benefits of changes to the stream definition.  The TDDGT also generates all software 
and telemetry stream definition files to be loaded onto the test article commutator and ground 
segment decommutator for execution of a test. Two programs are generated. The first program 
creates the particular packet from the parameter values within the commutator. The second 
program extracts the parameters values within the decommutator. The two programs are 
compiled and, together with some predefined libraries, are assembled to form the executables 
that will be loaded on the commutator and decommutator. The test article commutator and the 
ground segment decommutator each consist of fixed infrastructure and libraries that are exercise 
independent as well as custom programs and data specifically tailored to exercise needs. The 



exercise-specific programs and files execute within the respective run-time infrastructures of the 
commutator and decommutator. Together they process the dynamic telemetry stream for the test.  

File preparation is fully automatic and removes the need for manual changes to commutator or 
decommutator software and firmware. Updates to the telemetry stream and associated 
commutator and decommutator systems require definition only by a range systems engineer, who 
executes the changes with a click of the “Generate Deployment Files” button on the TDDGT 
interface. If further telemetry format changes are required, the range systems engineer redefines 
the stream within the TDDGT and generates the new deployment files.  The TDDGT will 
automatically generate, compile, and link the custom programs with the fixed infrastructure and 
libraries in response to the “Generate Deployment Files” request by the range systems engineer. 

Commutator Telemetry Stream Definition (CTSD) 
The CTSD comprises the generated code and files that are loaded into the commutator run-time 
infrastructure on the test article. The CTSD includes the logic and information required during 
the life of the test. While it is possible within the iNET architecture to upload information from 
the ground segment to test article through the iNET packet network, the DCDS is designed to 
limit traffic over that link to requests to modify the list of predefined measurands included in the 
active telemetry stream. The DCDS minimizes uploading of any critical information required to 
define the telemetry stream or how it is processed during the test. 

Decommutator Telemetry Stream Definition (DTSD) 
The DTSD comprises the generated code and files that are loaded into the decommutator run- 
time infrastructure within the ground segment. These files are loaded into the decommutator 
before the test. While the CTSD includes the programs to create telemetry packets from the 
sensor parameters, the DTSD includes the code to extract the parameters from the telemetry 
packets. 

Once the raw parameter values have been extracted from the incoming telemetry stream, the 
decommutator needs to process these data by transforming them into appropriate engineering 
units and performing other data transformations, such as coordinate conversions, as required. 
Then the DCDS then publishes them to the ground segment.  

 

CONCEPT OF OPERATIONS 

This section describes an operational scenario in which test engineers use the DCDS. The 
scenario highlights how the DCDS will benefit DoD RDT&E ranges and DT, OT, and/or 
LFT&E users.  The scenario includes some assumptions made for illustrative purposes that are 
not necessarily realistic. The overall objectives in the scenario are representative of those 
identified in the iNET Needs Discernment Document. Section 1 of this proposal identifies the 
iNET scenarios enabled by the DCDS.  

“Mary” is a range systems engineer in charge of defining the telemetry formats for the fuel 
pumps subsystem of the new SuperWingX aircraft, the system under test at Mary’s range. Table 
2 lists the resources allocated to Mary through negotiations with the other systems engineers and 
with the lead test engineer in charge of the SuperWingX flight test. Mary will decide which 



parameters (pressure, temperature, flow, RPM, voltage, etc.) she needs to monitor the behavior 
of the fuel pumps during the planned test. For instance, she may decide that she needs the exit 
pressure from pump P1 at a rate of 10 Hertz.  Each time she specifies the fidelity and sample 
rate of a new measurand, the DCDS will inform her of the current bandwidth consumption 
of the telemetry format. The system will alert her if the required bandwidth exceeds the 
allocated 10,000 bits/sec allocated for nominal operation. She must either reduce her bandwidth 
consumption or negotiate a larger bandwidth. 

Table 2. Resources Negotiated by the Range Systems Engineer 

Resource 
Mode 

Available 
Bandwidth 

Description 

Nominal 
mode  

10,000 bits/sec Bandwidth allocated to the fuel pump subsystem 
telemetry during normal test conditions. 

Emergency 
mode  

100,000 bits/sec Bandwidth allocated to the fuel pump subsystem 
telemetry when the subsystem is not operating as 
expected, and test engineers require more data to fully 
understand the failure. 

Degraded 
mode  

1,000 bits/sec Bandwidth allocated to the  fuel pump subsystem 
telemetry when other subsystems require more bandwidth 
than normal. 

Online storage 1 MB Storage capacity of the SuperWingX commutation 
module.  It stores performance data required by the test 
engineers when the subsystem is operating in emergency 
mode.  When necessary, it can be incorporated into the 
telemetry stream. 

 

In a similar way, Mary will define the set of parameters and the update rates required for the 
other modes of operation. In the emergency mode, Mary will plan for additional data in the 
telemetry stream, and she will define the minimal set of measurands needed to execute the 
test in degraded mode. Finally, Mary decides how to use the online storage to store the 
detailed, historical data she would want to analyze in the event of system failure. In this 
case, the 1 megabyte enables her to store more than 80 seconds of high fidelity data that the 
system will transmit to her in emergency mode. 

An engineer monitoring the telemetry data during the exercise may request the switch from 
nominal to emergency data transmission, or the DCDS can automatically change modes based on 
thresholds of specific measured values. Mary enters into the DCDS the thresholds that will 
trigger mode changes. She knows that if the temperature of any pump rises above 200º F, 
something is definitely wrong. At that point, she configures the DCDS to switch to emergency 
mode. To determine what led to the temperature rise, she configures the system to transmit the 
historical data from the data buffer.  



After Mary configures the DCDS to switch to emergency mode at 200º F, the system calculates 
how much bandwidth is available in emergency mode for the transmission of the historical 
data, and how long it will take to transmit the entire buffer. For instance, if the real-time 
measurement list in emergency mode requires 80,000 bits/second, and the allocated emergency 
mode is 100,000 bits/second, there are 20,000 bits/second available to transmit history data. If 
the online storage is full (1 megabyte), it will take approximately 400 seconds to transmit its 
content: Mary must decide whether this is acceptable. If this takes too long, she must either 
reduce the amount of live data in emergency mode, leaving more bandwidth for transmission of 
buffered data, or negotiate more bandwidth from the lead test engineer. 

When Mary is satisfied with the fuel pump subsystem telemetry stream definition, and if this 
definition passes predefined validations such as allocated bandwidth, she signs it off, marking it 
as ready. 

After Mary is done, “Chuck,” the lead telemetry systems engineer, uses the DCDS to generate 
the commutator and decommutator source code and files required for test execution. Chuck does 
not need to be a software developer to accomplish this task. The DCDS generates, compiles, 
and assembles the proper code images behind the scenes. Chuck loads these files onto the test 
article commutator and ground segment decommutator and tests the system, making changes as 
necessary. 

At the beginning of the flight test, SuperWingX telemetry operates in nominal mode. More 
extensive emergency mode data for the fuel pumps subsystem are recorded within the online 
storage.  During the test, fuel pump P2 reaches a temperature of 201º F. The commutator 
automatically switches the fuel pumps subsystem to emergency mode. At the same time, the 
commutator switches other subsystems to degraded mode to free up the bandwidth 
required to send additional real-time and historical data for the fuel pump subsystem. After 
a few minutes, the temperature of the fuel pump drops, and the DCDS resumes transmission of 
the fuel pump telemetry at the nominal mode rate.  

Scenarios that are more complete could involve the allocation of priorities to the various data 
sets. The user-defined transition criteria, such as the 200º F temperature threshold in the previous 
example, no longer directly trigger mode changes. Instead, they alter the respective priorities of 
various telemetry parameters within the measurement list. The commutator selects the data to 
transmit based on the current set of priorities of each set of data. The system can define these sets 
of data controlled by priorities in flexible ways and can include the historical data stored on the 
test article. 

In the previous scenario, the commutator automatically switches modes based on 
preconfigured criteria. With uplink communication from ground segment to test article, as 
defined in the iNET architecture, test engineers monitoring the test article could request 
mode changes in real time. Test engineers also could be inserted as an approval mechanism for 
automatic changes. The commutator could suggest changes to the telemetry stream 
definition based on thresholds, and the test engineers would have the power to approve or 
disapprove of the changes.  

Another assumption made in the previous scenario is that bandwidth available to the 
SuperWingX telemetry is fixed. Recovering additional bandwidth assigned to a subsystem in 



emergency mode requires putting other systems in 
degraded mode. In the iNET scenarios, additional 
bandwidth may become available to the test article in 
real time. Dynamic definition of telemetry formats 
will be even more important when available 
bandwidth can change over time, as the telemetry 
stream must adapt to these changes.  

Figure 2 illustrates how the telemetry packets 
evolve in the preceding scenario. A simplified 
telemetry format consists of data from only three 
onboard sensors: fuel pumps (FP), gyroscopes (GY), 
and engines (EG). The DCDS user has defined 
nominal, emergency, and degraded modes of 
operation for the three sensors. The size of each box in figure 1 is proportional to the bandwidth 
requirement for the sensor in its respective mode. The initial priorities assigned to each data 
group are shown as the P: values.  A higher number corresponds to a higher priority.   

 

Figure 2. Test Vehicle Data Groups for Onboard Fuel Pumps, Gyroscope, and Engine 
Sensors 

 

Figure 3 shows the changes in respective packet size when one system changes mode. When the 
FP is in emergency mode, it uses a larger portion of the available bandwidth, and the other 
subsystems switch to degraded mode with smaller packet sizes to compensate. The commutator 
selects the data to include in the transmission packet based on the priority level of each data 
group.  When the priority of the FP Emergency mode data group is increased to 15, it is added to 
the transmission packet, and the FP Nominal mode data group is removed.  

 

 

 

Figure 3. Mode Changes Produce Changes in  
Packet Size 



SUMMARY 

A key advantage for spectrum efficiency from network telemetry is the ability to dynamically 
change the data that is being telemetered, due to the 2-way data communication between the 
ground and system under test.  The benefit of reformatting can be realized in two primary 
methods, by modifying what data is in the format as well as the ability to reassign telemetry 
bandwidth where needed.  DCDS is the T&E S&T SET project solving the issue of 
reconfiguration of the test articles telemetry format in real-time. Transition for this technology 
has been targeted to support the CTEIP project iNET and has successfully finished the phase 1 
effort with positive reviews from the iNET Program Director.  DCDS is on track to meet several 
of the ongoing challenges for iNET and will culminate the effort with a field-tested prototype 
system with the completion of phase 2+.   
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ABSTRACT 
 
Remote sensing satellites are typically low earth orbit, and often transmit the data gathered with 
the remote sensors to ground stations at locations on earth.  These transmissions are band 
limited, and must operate within a 375 MHz bandwidth in the X-Band spectrum.  This can 
present a limitation to the amount of data that can be transmitted during the short duration of a 
pass (typically less than 15 minutes).  It is then highly desirable to increase the bandwidth 
efficiency of a system for data transmission in a remote sensing downlink. 
 
This paper describes a method of achieving higher efficiency by pre-programming the satellite to 
adjust the modulation and coding based in at least part on the slant range to the receiving ground 
station. The system uses variable coding and modulation to adjust to the slant range to the 
ground station to achieve a throughput increase of more than 50% of the data transferred during a 
pass using the currently accepted technology. 
 
 

KEYWORDS 
 
Variable, Coding, Modulation, Remote, Sensing 
 
 

INTRODUCTION 
 
Technological advances in remote sensing satellites have led to increasing amounts of data that 
must be transferred to the ground.  This is a result of factors such as improvements in imaging 
resolution and capturing data from multiple sensors.  In order to minimize the ground 
infrastructure while capturing data globally, the satellites employ a store-and-dump scheme.  The 
data dump typically occurs at ground stations located near the poles to achieve maximum revisit 
times.  This leads to a typical configuration of two ground station contacts per orbit with less 
than 15 minutes of communication each. 
 
Typically, modulation has been restricted to QPSK or OQPSK which relies on proven hardware 
and requires lower transmit power than higher-order modulation schemes.  Pushing the 
modulated signal to the limits of the allocated 375 MHz in X-band has allowed for 400Mbps of 
data to be transferred.  Using dual-polarization antennas with high polarization isolation, the 
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spacecraft can double its effective downlink rate to 800Mbps.  Some implementations have used 
8PSK but have generally been limited to narrower bandwidths.  The result has been that the 
current generation of remote sensing spacecraft do not downlink at rates higher than 800Mbps. 
 
There are several options for overcoming the bandwidth limitation to deliver more data to the 
ground.  One approach is to install additional ground stations at lower latitudes to allow for more 
downlink time per orbit.  This has the advantage of requiring no new technology and supporting 
existing satellites but involves significant capital investment in facilities.  A second approach is 
to move to a different frequency band that provides greater bandwidth.  The most likely 
candidate is the portion of Ka-band allocated to remote sensing activities.  This band provides 
approximately 1.5GHz of bandwidth but carries with it a new set of challenges.  One of these 
challenges is the increased attenuation at Ka-band from water in the form of rain and water 
vapor.  An additional option is to remain at X-band while moving to higher-order modulations.  
While providing a higher spectral efficiency, these schemes would require more downlink power 
to guarantee acceptable data quality.  Increasing downlink power on the spacecraft comes with a 
significant cost impact. 
 
 

VARIABLE OR ADAPTIVE CODING AND MODULATION 
 
This paper describes a ViaSat patented method of using variable or adaptive coding and 
modulation to maximize the data transferred from the spacecraft to the ground.  Variable Coding 
and Modulation (VCM) refers to a scheme in which the downlinking device varies the 
modulation type and code rate based on its prediction of the link condition.  Adaptive Coding 
and Modulation (ACM) can be used in cases where there is also an uplink channel from the 
receiving ground station to the spacecraft.  The ground station provides a link quality metric to 
the spacecraft via this uplink channel allowing it to make a more informed decision about the 
optimal modulation and coding. 
  
This technology is well proven in the satellite communications industry.  One example is the 
DVB-S2 scheme which is widely used in video transmissions, internet access, and data 
distribution.  This scheme will be considered here as a possible implementation of the concept of 
VCM/ACM for remote sensing satellites.  The building blocks for the required hardware are 
readily available including ViaSat’s popular SkyPHY ASIC.  The SkyPHY chip allows for 
efficient hardware-based processing of DVB-S2 signals in a very cost effective manner. 
 
The DVB-S2 based VCM/ACM system switches between QPSK, 8PSK and 16APSK while 
making use of forward error correction with varying rates from 1/4 to 9/10.  The error correcting 
code is a low density parity check (LDPC) code concatenated with a BCH code.  The goal of the 
system is to maintain quasi-error-free (QEF) data while maximizing the data rate and minimizing 
the downlink power.  Table 1 shows the different possible modes of the scheme and the carrier to 
noise density ratio (C/No) at which QEF data can be achieved. 
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Table 1: DVB-S2 Modes 
  

Modulation Code Rate 

Spectral 
Efficiency 
(bits/sym) 

C/No for 
QEF (dB) 

QPSK   1/4  0.49 -2.35 
QPSK   1/3  0.66 -1.24 
QPSK   2/5  0.79 -0.30 
QPSK   1/2  0.99 1.00 
QPSK   3/5  1.19 2.23 
QPSK   2/3  1.32 3.10 
QPSK   3/4  1.49 4.03 
QPSK   4/5  1.59 4.68 
QPSK   5/6  1.65 5.18 
QPSK   8/9  1.77 6.20 
QPSK   9/10 1.79 6.42 
8PSK   3/5  1.78 5.50 
8PSK   2/3  1.98 6.62 
8PSK   3/4  2.23 7.91 
8PSK   5/6  2.48 9.35 
8PSK   8/9  2.65 10.69 
8PSK   9/10 2.68 10.98 

16APSK   2/3  2.64 10.05 
16APSK   3/4  2.97 11.29 
16APSK   4/5  3.17 12.11 
16APSK   5/6  3.30 12.69 
16APSK   8/9  3.52 13.97 
16APSK   9/10 3.57 14.21 

 
By varying the mode as the signal-to-noise ratio (SNR) changes, the system is able to achieve 
significantly higher spectral efficiency than a fixed mode system. 
 
Typical remote sensing satellites are operated in a low earth polar orbit.  Unlike with 
geostationary satellites, the path loss varies significantly as the spacecraft moves along its orbit.  
Path loss is proportional to the square of the slant range and is therefore much larger at the 
horizon than when the spacecraft is directly overhead.  Without VCM, the link must be designed 
for the worst case SNR conditions at the horizon resulting in a low spectral efficiency throughout 
the pass.  ViaSat’s patented VCM scheme takes advantage of the additional link margin available 
as the slant range to the spacecraft decreases by moving to higher order modulation and higher 
code rates. 
 
While in the past it has been common for a spacecraft to employ an omni-directional antenna for 
downlink, today a gimbal mounted directional antenna is used to increase the power directed at 
the intended ground station.  As a result, the spacecraft must be aware of the station’s location on 
the earth and position its antenna accordingly as it moves along its orbit.  With the spacecraft 
already computing the ground station position, it is a simple extension to also determine the slant 
range.  The coding and modulation can then be varied throughout the pass to maximize data rate.  
This also provides for a legacy mode in which fixed modulation and coding could be maintained 
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throughout the pass to allow for compatibility with existing ground stations which may be 
impractical to upgrade. 
 
The ACM version of the scheme is especially beneficial at Ka-band where rain fade is a more 
dominant factor in link degradation than in X-band.  Link design must consider the worst case 
rain conditions under which operation is to be guaranteed.  With no feed back from ground to 
space, there is no mechanism for operating in more severe conditions.  Additionally, in clear sky 
conditions, there is a significant amount of margin.  By reporting the result of the link metric 
measurement to the spacecraft transmitter, the data rate can be optimized given the current 
atmospheric conditions.  
 
To illustrate the advantages of applying ViaSat’s patented ACM/VCM concept, example link 
analyses will be considered.  It will be assumed that the link must be designed to support a 
minimum margin at 5° elevation with 10 mm/hr of rain. 
 
The QPSK and 8PSK constellations have minimal sensitivity to amplitude accuracy.  On the 
other hand, the 16APSK scheme relies on amplitude as well as phase to distinguish between 
symbols.  Because of this, the spacecraft amplifier can be operated in saturation for QPSK and 
8PSK modes but must be backed-off to the linear region for 16APSK mode.  For this example, 
an output back-off of 2.5 dB will be assumed. 
 
The first case considered is a direct overhead pass which results in maximum contact time.  The 
starting state must be QPSK with a code rate of ¾ based on the downlink power assumed and the 
worst case margin at 5° elevation with 10 mm/hr of rain.  Without the VCM/ACM scheme, the 
link operates in this mode throughout the pass.  Table 2 illustrates this case.  At the peak of the 
pass, there is a margin of 17.9 dB that is not taken advantage of.  With a constant information 
transfer rate of 300 Mbps, the spacecraft is able to transfer 157 Gb of data to the ground station 
during the contact. 
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Table 2: Data Transfer for Direct Overhead Pass without VCM/ACM 
 

El 
Angle 
(deg) 

Path Loss 
Relative to 

Direct 
Overhead 

(dB) 

Rain 
Degradation 

(dB) 

SSPA 
OBO 
(dB) 

C/No 
(dB) 

Modulation 
Type 

Code 
Rate 

Information 
Rate (Mbps) 

Information 
Captured per 
Interval (Mb) 

4 -13.6 -5.0 0 4.6 QPSK 0.75 300.0 4626 
6 -12.7 -4.5 0 6.0 QPSK 0.75 300.0 4626 
7 -12.3 -3.7 0 7.2 QPSK 0.75 300.0 4626 
8 -11.9 -3.3 0 8.0 QPSK 0.75 300.0 4626 

10 -11.2 -3.0 0 9.0 QPSK 0.75 300.0 4626 
12 -10.4 -2.8 0 10.0 QPSK 0.75 300.0 4626 
14 -9.7 -2.5 0 11.0 QPSK 0.75 300.0 4626 
17 -8.8 -2.1 0 12.3 QPSK 0.75 300.0 4626 
20 -7.8 -1.7 0 13.7 QPSK 0.75 300.0 4626 
23 -7.0 -1.4 0 14.8 QPSK 0.75 300.0 4626 
27 -6.0 -1.2 0 16.0 QPSK 0.75 300.0 4626 
32 -4.9 -1.2 0 17.1 QPSK 0.75 300.0 4626 
39 -3.7 -1.1 0 18.4 QPSK 0.75 300.0 4626 
48 -2.4 -1.0 0 19.8 QPSK 0.75 300.0 4626 
59 -1.2 -0.9 0 21.1 QPSK 0.75 300.0 4626 
73 -0.4 -0.8 0 22.0 QPSK 0.75 300.0 4626 
90 0.0 -0.7 0 22.5 QPSK 0.75 300.0 4626 

    
Total Ascending 78642 

Total Descending 78642 
Total For Pass 157284 

 
 
 
If the same scenario is analyzed using the VCM scheme, the benefits are apparent.  As the path 
loss decreases, the C/No increases and allows the system to move to higher code rates and higher 
order modulations.  While the contact begins at the same 300 Mbps as the previous case, it 
eventually peaks to 720 Mbps.  With the increased spectral efficiency, the spacecraft in this case 
is able to downlink 294 Gb of data to the ground station.  This is an 87% improvement by using 
the VCM scheme. 
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Table 3: Data Transfer for Direct Overhead Pass with VCM 
 

El 
Angle 
(deg) 

Path Loss 
Relative to 

Direct 
Overhead 

(dB) 

Rain 
Degradation 

(dB) 

SSPA 
OBO 
(dB) 

C/No 
(dB) 

Modulation 
Type 

Code 
Rate 

Information 
Rate (Mbps) 

Information 
Captured per 
Interval (Mb) 

4 -13.6 -5.0 0 4.6 QPSK 0.75 300.0 4626 
6 -12.7 -4.5 0 6.0 QPSK 0.83 333.3 5140 
7 -12.3 -3.7 0 7.2 QPSK 0.90 360.0 5551 
8 -11.9 -3.3 0 8.0 8PSK 0.67 400.0 6168 

10 -11.2 -3.0 0 9.0 8PSK 0.75 450.0 6939 
12 -10.4 -2.8 0 10.0 8PSK 0.83 500.0 7710 
14 -9.7 -2.5 0 11.0 8PSK 0.89 533.3 8224 
17 -8.8 -2.1 0 12.3 8PSK 0.90 540.0 8327 
20 -7.8 -1.7 0 13.7 8PSK 0.90 540.0 8327 
23 -7.0 -1.4 -2.5 12.3 16APSK 0.75 600.0 9252 
27 -6.0 -1.2 -2.5 13.5 16APSK 0.83 666.7 10280 
32 -4.9 -1.2 -2.5 14.6 16APSK 0.89 711.1 10965 
39 -3.7 -1.1 -2.5 15.9 16APSK 0.90 720.0 11102 
48 -2.4 -1.0 -2.5 17.3 16APSK 0.90 720.0 11102 
59 -1.2 -0.9 -2.5 18.6 16APSK 0.90 720.0 11102 
73 -0.4 -0.8 -2.5 19.5 16APSK 0.90 720.0 11102 
90 0.0 -0.7 -2.5 20.0 16APSK 0.90 720.0 11102 

    
Total Ascending 147021 

Total Descending 147021 
Total For Pass 294042 

 
The maximum benefit is achieved on an overhead pass.  This is due to the fact that it results in 
the longest contact time and the closest position to the ground station.  However, the 
improvements for passes with lower peak elevation are still significant.  Using the same process 
as in the previous example, it can be shown that the VCM technique achieves a 79% 
improvement in data transferred for a 45° pass and a 67% improvement for a 25° pass. 
 
Further improvements can be realized by using the ACM scheme.  Consider an overhead pass in 
clear sky conditions.  With fixed coding and modulation, the data transfer remains 157 Gb as 
previously shown.  With ACM, the ground station will measure increased link metrics from the 
clear sky conditions and is able to inform the spacecraft about the additional margin.  The 
spacecraft can then proceed with a more rapid transition to the higher code rates and higher order 
modulations.  As a result, the improvements are even greater than with VCM.  This is illustrated 
in the table below.  The spacecraft is able to transfer 323 Gb of data which is a 106% 
improvement over the fixed coding and modulation scenario. 
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Table 4: Data Transfer for Clear Sky, Direct Overhead Pass with ACM 
 

El 
Angle 
(deg) 

Path Loss 
Relative to 

Direct 
Overhead 

(dB) 

Rain 
Degradation 

(dB) 

SSPA 
OBO 
(dB) 

C/No 
(dB) 

Modulation 
Type 

Code 
Rate 

Information 
Rate (Mbps) 

Information 
Captured per 
Interval (Mb) 

4 -13.6 0.0 0 9.6 8PSK 0.75 450.0 6939 
6 -12.7 0.0 0 10.5 8PSK 0.83 500.0 7710 
7 -12.3 0.0 0 10.9 8PSK 0.83 500.0 7710 
8 -11.9 0.0 0 11.3 8PSK 0.89 533.3 8224 

10 -11.2 0.0 0 12.0 8PSK 0.90 540.0 8327 
12 -10.4 0.0 0 12.8 8PSK 0.90 540.0 8327 
14 -9.7 0.0 0 13.5 8PSK 0.90 540.0 8327 
17 -8.8 0.0 0 14.4 8PSK 0.90 540.0 8327 
20 -7.8 0.0 -2.5 12.9 16APSK 0.80 640.0 9869 
23 -7.0 0.0 -2.5 13.7 16APSK 0.83 666.7 10280 
27 -6.0 0.0 -2.5 14.7 16APSK 0.89 711.1 10965 
32 -4.9 0.0 -2.5 15.8 16APSK 0.90 720.0 11102 
39 -3.7 0.0 -2.5 17.0 16APSK 0.90 720.0 11102 
48 -2.4 0.0 -2.5 18.3 16APSK 0.90 720.0 11102 
59 -1.2 0.0 -2.5 19.5 16APSK 0.90 720.0 11102 
73 -0.4 0.0 -2.5 20.3 16APSK 0.90 720.0 11102 
90 0.0 0.0 -2.5 20.7 16APSK 0.90 720.0 11102 

    
Total Ascending 161619 

Total Descending 161619 
Total For Pass 323237 

 
 

CONCLUSION 
 
These examples illustrate how ViaSat’s patented VCM/ACM scheme for remote sensing 
downlinks can be used to move the increasing volumes of data from the spacecraft to the ground.  
This is achieved using proven, cost effective technology without requiring an increase in 
spacecraft transmitter power. 
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ABSTRACT 
 

There is growing concern that the U.S. military can no longer meet its domestic and international 

spectrum needs.  Demand for this resource is growing at an exponential pace, both within the 

Department of Defense (DoD) and in the commercial sector (partly due to rapid growth in 

broadband wireless electronics).  A microcosm of these challenges is evident in flight test 

operations, where there is a growing need for advanced spectrum assignment, frequency 

deconfliction, and scheduling optimization decision support capabilities.   

 

This paper describes research aimed at investigating how to optimize frequency scheduling, 

dynamic assignment, and real-time metrics adjustment to promote assured access to the 

electronic spectrum, including emerging technology developments to support that need.  
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INTRODUCTION 
 

Effective spectrum and frequency management is essential to the success of United States (U.S.) 

military operations, which increasingly rely on the ability to maintain full access and reliable 
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control of the radio frequency (RF) spectrum for communications, radar, electronic warfare, 

remote fires, avionics, global positioning, logistics, medical support, and signals intelligence 

uses.  Information dominance cannot be achieved without it.  Consequently, effective spectrum 

and frequency management is central to present and future warfare plans, including Force 21, the 

Army After Next, the Expeditionary Aerospace Forces, and the Marine Expeditionary Forces.   

 

The frequency scheduling challenges faced by the flight test and evaluation (T&E) community 

are representative of those experienced in the operational environment.  In this domain, 

contention for bandwidth is usually the main challenge in mission scheduling.  With the advent 

of unmanned aerial vehicles (UAVs), powerful radars, and directed energy weapons, these 

challenges become even more pronounced.   

 

Today, frequency assignments are coordinated and scheduled well in advance of each T&E 

mission to reserve the needed spectrum and prevent possible interference.  Often, frequency 

assignments span the entire scheduled duration of the mission, although actual use of certain 

frequencies may only be needed for specific segments of the mission.  This process can have the 

effect of blocking access to spectrum that will go unused or when shared use poses minimal risk 

of interference.   

 

Of course, capitalizing on the potential economies that can be gained through more efficient use 

of the electronic spectrum will require changes in process, culture, and technology.  The sections 

that follow describe research aimed at discovering how to optimize frequency scheduling and 

promote assured access to the electronic spectrum.  First, the problem desription is further 

elaborated by discussing the key scenarios involved in frequency scheduling.  This is followed 

by several sections describing emerging developments supporting real-time frequency 

assignment.   

 

 

KEY SCENARIOS 
 

While there are many variations, there are essentially three primary situation types or scenarios 

involved in frequency scheduling: (i) off-line scheduling, (ii) real-time frequency assignment, 

and (iii) mix of off-line and real-time scheduling. 

 

Today, the predominant scheduling scenario is the off-line scenario.  This scenario is 

characterized by having a clean slate to begin with and up-front knowledge of all scheduling 

requests.  These requests are submitted well in advance of their requested times, thereby 

providing sufficient lead time to experiment with and choose among alternative scheduling 

solutions.  Requests made so far in advance often reflect worst-case needs.  Therefore, once 

scheduled, the assigned frequency is dedicated for the intended user whether or not that 

frequency is actually used. 

 

The real-time frequency assignment scenario involves accomodating new requests amidst those 

that have already been assigned.  In the strictest sense, the real-time scenario admits to no prior 
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knowledge of demand.  Hence, it is purely reactionary in nature.  Last-minute requests and 

requests for dynamic metric adjustment are representative of such situations.     

 

The third scenario, which we’ve called a mix of off-line and real-time scheduling, reflects more 

than the combined presence of the first two scheduling scenario types.  This type of scheduling 

seeks to gain economies in frequency assignment decision-making by using historical demand 

patterns to augment known demand when making initial assignment decisions.  That is, while 

off-line scheduling decisions are being made, the likelihood of expected future real-time 

scheduling requests is considered.  This scheduling approach also uses real-time usage data to 

make more efficient, dynamic use of available frequency.   

 

Each of these scenarios naturally dictate the use of different scheduling approaches.  This is 

particularly true from the perspective of schedule optimization.  For example, in the case of strict 

off-line scheduling, the strategy that is most appropriate might seek to squeeze in as many 

requests as possible while servicing the highest priority requests first.  In environments operated 

under a real-time assignment paradigm, a key objective would be to minimize disruption to 

ongoing tasks, subject to priority doctrine.  The integrated Network Enhanced Telemetry (iNET) 

use case scenario involving real-time metric adjustment [1] is representative of this case.  In 

environments supporting a mix of off-line and real-time scheduling requests, off-line scheduling 

activities would seek to make room for expected future requests as informed by demand history.   

 

The research described below targets its support for the last two scenarios discussed here.  The 

solution concept is described, including its overall architecture, concept of operation, and key 

design elements supporting a vision for enhanced frequency assignment decision-making. 

 

 

SPECTRUM ASSIGNMENT ADVISOR SOLUTION CONCEPT OVERVIEW 
 

The Spectrum Assignment Advisor (SAA) is designed to help frequency managers more rapidly 

and effectively (i) generate feasible frequency scheduling solutions in view of competing 

objectives and constraints; (ii) analyze and resolve scheduling conflicts; (iii) improve the 

optimized use of limited electronic spectrum resources; and (iv) apply meaningful metrics for 

frequency management decision making and reporting.   

 

An architecture diagram of the SAA components is provided in Figure 1.  As currently 

implemented, the SAA is a web services application built in C# using Visual Studio.   

 

Sources of demand (actual or simulated) submit requests for frequency assignments through a 

Request Web Service, which acts like a proxy for the devices.  Each request is registered in the 

State Database and is assigned a unique identifier.  The request includes information like the 

device’s tunable range, requested bandwidth and power level, current location, device type, any 

constraining relationships that might link it to other requests, etc.  The format and content of 

each request follows a prescribed application program interface (API) specification.   
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Figure 1.  Spectrum Assignment Advisor Architecture 
 

Once registered, the request is assigned a priority by the Priority Manager.  The priority ascribed 

to each request is determined by a set of rules that define priority doctrine and which can be 

edited by someone with the appropriate privileges.  Once the priority of the request has been 

established, the Assignment Engine attempts to issue a frequency assignment based on the 

parameters of the request.  More will be discussed later concerning how this is done.   

 

Throughout the life of each request, the State Database keeps track of its history, including when 

the request was made, the requirements specified in the request, its priority, what central 

frequency and bandwidth was assigned, when the assignment was made, whether the assignment 

was preempted or not, when the task completed, and so on.  This information is captured to 

provide a dynamic picture of demand patterns and other data needed by the assignment 

algorithm.   

 

Several user interface applications are provided to assist the frequency manager in maintaining 

situation awareness.  Among these is an interface that displays the status of all active requests 

(Figure 2).  In the graphical view, this interface shows each assigned request as a colored block 

where color indicates a priority level.  The size of each block indicates its assigned bandwidth 

while its placement indicates the assigned frequency range.  The black line upon which the 

blocks sit indicates assignable segments of spectrum.  In this representation, the assignable 

spectrum includes portions of the lower S-band, S-band, and upper S-band.  The text view just 

below the graphical view displays a running assignment history.   
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If desired, the frequency manager can view more detailed information about unassigned requests 

in the request queue as well as currently assigned requests in the actively assigned request list.  

Through this interface, the frequency manager can also make manual changes to items in either 

category, such as changes in requested throughput rate, bandwidth, or priority.  Upon committing 

the desired changes, the assignment engine will determine what changes need to be made to the 

current set of assignments.    

 

Figure 2.  Frequency Assignment User Interface Updated Dynamically  
 

DRAFT SAA MESSAGE SPECIFICATION 
 

As currently envisioned, the SAA communicates with spectrum users or devices through an 

application program interface (API).   Several message types, SAA functions, and requestor 

functions are needed for this purpose.  During the communication process, SAA functions are 

invoked by the spectrum requestors and the spectrum requestor functions are invoked by the 

SAA through call-backs or notifications.   

 

The various message types, SAA functions, and requestor functions included in the API 

specification  are divided under five broad functional categories: (i) startup and configuration, 

(ii) spectrum assignment, (iii) dynamic spectrum adjustment, (iv) priority management, and (v) 

accounting and diagnostics. 
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PRIORITY MANAGEMENT IN THE SAA 
 

The purpose of the Priority Manager is to help define, manage, and apply the rules comprising 

priority doctrine.  The concept of priority is necessary only because there is, or is expected to be, 

contention for limited electronic spectrum.  The goal, of course, is to accommodate as many 

requests as possible subject to the relative priority and other constraints associated with each 

service request.  Priority doctrine determines how such relative priorities are determined.  These 

rules, and the assignments made under these rules, may be changed by the Frequency Manager, 

based on the situation. 

 

There are two ways that the role of a Priority Manager can be realized.  One way is through 

logically distributing the Priority Manager function, allowing each requestor to designate the 

priority of its requests based on a commonly shared priority doctrine.  A second way to support 

this function is by instituting a centralized system by which a single Priority Manager receives 

information about each request that is used to determine its priority.  There may also be cases 

where a combination of the two approaches would be most appropriate, such as when the 

participants in the network differ in their capabilities to directly support the needed functions.      

 

For now, we assume that the Priority Manager function is entirely centralized.  Under this 

concept, the priority of each service request is determined by a Priority Manager.  That is, before 

any spectrum assignments are made, each request is assigned a priority.  These priorities may or 

may not remain static throughout the T&E mission.  Depending on the situation, the Frequency 

Manager has the ability to override priority assignments made by the Priority Manager.  For 

example, the Frequency Manager may detect situation changes that would be difficult or 

impossible for an automated agent to detect which require a shift in priorities (e.g., aircraft 

commander declares in-flight emergency requiring that his radio communications be given 

higher priority).   

 

The priority of a particular mission may depend on its phase.  For example, certain phases of the 

missions can be highly critical (e.g., UAV in landing phase,).  Likewise, some phases of 

operation require continuous real-time data transmission, such as when under remote flight 

control or when communicating with the weapon guidance system.  Certain segments of 

reconnaissance missions may not be severely affected by temporary spectrum denial.  For 

example, a long-term reconnaissance mission may not be adversely affected if a video feed is 

disabled enroute to a target or when maneuvering into position to take pictures.  In the T&E 

environment, a given test article may be able to store information and transmit its data at a later 

time without causing a problem.  This situation offers the possibility to provide periodic, rather 

than continuous, access to the requested spectrum, thus allowing one to accommodate more 

users.  

 

Request priorities can therefore be thought of as being a function of task type (e.g., navigation 

radar, electronic attack, communications), device type (which serves as a surrogate for task 

type), or mission type (combat mission, training mission, test and evaluation mission).  More 
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commonly in the T&E environment today, the funding source of the mission determines its 

priority (e.g., F-22 T&E project vs. Navy training exercise).  In the SAA, a simple, rule-based 

mechanism is used to examine individual frequency requests and determine their priority.    

 

We define three priority classes ranging from Class A to Class C in decreasing order of priority 

as shown in Table 1 below. 

 

Table 1.  Priority Classes 
Priority Class Constraints Constraint Rationale 

Class A – Distress • Must be assigned 

• Must not be preempted 

• Cannot be preempted by tasks in a lower 

class 

• Immediate life and death situation 

• Vital mission 

Class B – Critical • Must be assigned 

• Can be preempted temporarily 

• Must complete 

• Mission critical 

• Loss of material / data / intelligence / 

opportunity 

Class C – Routine • May be assigned 

• Can be preempted  

• May not complete 

• Not mission critical 

• Limited stakes 

 

In general, requests in a lower priority class cannot preempt those in a higher priority class.  

Priority class designations are assumed to be changeable, depending on the situation.  The 

relative priority of requests within a priority class is also defined, including rules to promote 

efficiency and fairness in resource assignment decision-making. 

 

 

FREQUENCY ASSIGNMENT DECISION-MAKING 
 

The role of the Assignment Engine is to make dynamic frequency assignments based on the 

parameters of the requests and their relative priority.  As it does so, the Assignment Engine seeks 

to achieve optimality with respect to mission and frequency management goals.  In classical 

optimization, dynamic frequency assignment decision-making in this domain would be 

characterized as a dynamic bin-packing problem.  These problems are by their very nature NP-

hard, which means that arriving at a solution can be computationally intractable [2].  Yet, 

increasing demands for electronic spectrum make it evident that there is a need for assignment 

methods that make more efficient use of the spectrum.   

 

The assignment algorithm used in the Assignment Engine must simultaneously consider 

multiple, often competing objectives.  For example, one must simultaneously try to maximize the 

number of requests supported, minimize interference and data loss, minimize the time spent 

awaiting frequency assignments, and minimize cost.    

 

In optimization, such problems are referred to as multi-criteria optimization (MCO) problems.  

The most difficult aspect of this class of problems is making tradeoffs among objectives that are 

measured using different units (e.g., on-time performance measured in percentage values, costs 

measured in dollars, throughput measured in test missions generated per month, efficiency 
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measured in percent utilization per month).  The SAA’s Assignment Engine addresses this 

challenge by characterizing how incremental changes in objective values alter overall utility.   

For example, an assignment at the requested time yields 100% utility.  Delays in assignment 

increasingly yield less and less utility, the rate of which can be defined mathematically as a 

utility function.  In addition, the Assignment Engine stores decision maker judgments regarding 

the relative importance of each objective.  These utility functions and their corresponding 

weights are then used to determine the overall merits of competing options.  This kind of utility 

function-based framework simplifies the MCO problem by making it easy to characterize and 

simultaneously consider orthogonal objectives using a single measure of merit. 

 

While trying to achieve balance with respect to objectives like these, devising feasible spectrum 

assignment solutions requires satisfying multiple constraints.  Among the constraints to be 

considered are (i) mission / task priorities, (ii) bandwidth and throughput requirements, (iii) 

assignable frequency constraints (e.g., certain parts of the S-Band can no longer be used for 

flight test telemetry), (iv) distance of projection or power constraints, (v) timing constraints (e.g., 

start time and duration, available slack), (vi) environmental constraints (e.g., weather effects on 

sensor capabilities), (vii) task groupings and relative timings (e.g., coordinated fires), (viii) 

spatial and spectrum separation constraints, (ix) multiple access physics, and (x) equipment 

capability constraints (e.g., transmitter tunability). 

 

The assignment engine currently under development seeks to accommodate as many requests as 

possible with minimal or no delay to their real-time service needs subject to feasibility and 

priority constraints. As designed, the optimization problem is viewed as one in which 

assignments are made to simultaneously optimize utility with respect to the (i) number of 

requests serviced, (ii) waiting time (i.e., difference between the start times requested and the 

assigned start times), and (iii) cost or value of the assigned spectral real estate as reflected by the 

relative demand for that real estate.     

 

With respect to the first objective, the goal is not simply to maximize the raw number of requests 

serviced.  Consider, for example, a set of requests that are members of priority class B.  The 

relative priority of requests in this set may be determined according to some rule, such as first-

come, first-served.  On a one-for-one basis, the utility gained from servicing a low priority 

request will be less than that gained by servicing a higher priority request in the class.  However, 

servicing multiple lower priority requests could potentially generate greater utility than servicing 

a high priority request.  The overall effect achieved by this objective is to give priority to 

requests based first on priority class, then on the relative merits of servicing specific requests 

within the same priority class.     

 

Waiting time, assuming a delay in providing access to the needed frequency can be tolerated, is 

similarly evaluated with respect to the priority of serviced requests.  The degree to which it can 

be tolerated is specified in the request.  In general, the later the assigned start time is from the 

requested start time, the lower the utility will be.   

 

Another, quite intuitive concept is the goal to optimize utility with respect to the value of the 

assigned spectral real estate.  Clearly, some portions of the spectral real estate are in higher 
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demand than others, possibly due to a prevelance of non-tunable devices used to support 

common functions.  Just as in commercial real estate markets where location is everything, 

increased demand for certain segments of the spectral real estate effectively increases their 

relative value.  Hence, the price that can be set to use that real estate will be higher than for 

segments of the spectral real estate that are in lower demand.  Given a choice, one would prefer 

to make assignments in such a way that frequency needs are met at the lowest possible cost.   

 

Maximizing the value of the remaining spectral real estate is accomplished by assessing the 

relative cost of the spectrum assigned based on known and expected demand.  In general, the 

more demand there is for a particular portion of the spectral real estate, the higher its value (or 

cost) and, correspondingly, the lower the utility of assignments made that use that spectral real 

estate.  In this case, the utility function for each request ranges from the minimum cost to the 

maximum cost that would be incurred for an assignment within the device’s tunable range (or, 

perhaps, relative to a specifically requested central frequency).   

 

As stated before, the relative importance applied to each of these objectives further steers the 

optimization results.  Relative importance is established by assigning weights to each objective 

function element which may remain fixed as a matter of policy or be changed to dynamically 

reflect changes in the situation.     

 

As with all optimization problems, there is rarely a “silver bullet”.  Because these situations are 

very different, no one scheduling strategy will work equally well for all of them. The SAA 

architecture, therefore, is intended to serve as a useful experimentation framework enabling 

analysts to assess the relative merits of different assignment algorithms for a diverse range of 

operational contexts.  In support of this role, the Simulated Demand Generator element shown in 

the SAA Architecture diagram (Figure 1) serves as a means to define various loading situations 

against which to test the performance of different assignment algorithms.   

 

 

SUMMARY AND RECOMMENDATIONS 
 

Assured access to electronic spectrum is essential to the success of U.S. military operations 

around the world.  Increasing contention for this limited resource threatens to degrade 

operational capability.  Capitalizing on the potential economies to make more efficient use of the 

electronic spectrum can be achieved through innovative changes in process, culture, and 

technology.  The solution elements presented in this paper can provide a promising foundation 

upon which to begin making those changes.  An effective way to begin this process might be 

through using the SAA to help demonstrate an initial operating capability (IOC) for iNET as a 

prototype resource management facility (RMF), which includes both the telemetry network 

management system (TmNS) and spectrum asset management (SAM) components of the iNET 

architecture.  The demonstration would involve reserving a block of electronic spectrum for 

iNET experimentation using the current frequency scheduling process, then using the SAA to 

dynamically manage frequency assignments while being supervised by a frequency manager.  

The lessons learned from this exercise can then be used to identify additional needs, drive further 

enhancements, and create a common vision for the various stakeholders involved.   
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ABSTRACT 
 
High data rate payload telemetry of Earth Observation missions is classically done in the Earth 
Exploration Satellite (EES) X-band (8025-8400 MHz) with current max data rates about 600 
Mbit/s. While higher frequency bands are often considered to offer higher data rates, this paper 
deals with on-board architectures that would allow data transmission at more than 1 Gbit/s in X-
Band. It presents these new architectures based on spectrally efficient transmission systems and 
on simultaneous bipolarization transmission, their designs and their performances. Variable 
Coding and Modulation techniques are described. Interference between channels in cross-
polarization is also evaluated. 
 
 

INTRODUCTION 
 
Due to the growing concerns of our society in environment, sustainable development, risk 
management, security and defense, the space missions for Earth Observation are booming. They 
are also called upon to carry a growing number of instruments in their payload, whose 
performances are increasing. The challenge in coming years will therefore lie in the ability to 
transmit to ground the huge amounts of data produced by these new space systems. In this 
context, the French Space Agency (CNES), which is a major actor in Earth Observation domain, 
has defined a roadmap for high data rate PayLoad TeleMetry (PLTM). The roadmap aims at 
defining and guiding the development and implementation of future high data rate PLTM systems 
in order to cover short term needs and to coordinate the longer term. Currently, the PLTM 
transmission for the Earth Observation missions is done in the Earth Exploration Satellite (EES) 
X-band (8025-8400 MHz). In the framework of this roadmap, a technological-economic trade-off 
of new transmission concepts has been realized by CNES: X-Band systems performance 
enhancement, new Ka-Band PLTM and new Optical PLTM.  
 
These studies have highlighted the still remaining great potential of the X-band links considering 
the ability to increase the current data rates. Moreover, a lot of agencies and commercial entities 
are still owning X band ground stations with various antenna diameters but already large. The 
comparison between changing the antennas and changing only the IF demodulators is quite easy 
to balance with respect to the upgrade cost. 
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A way of increasing the PLTM data rate in X-band consists in increasing the efficiency of the 
current modulations. Transmission with very high bandwidth efficient modulations (8PSK and 
16APSK) associated to an SRRC (Square Root Raised Cosine) shaping with low roll-off factor 
reduces indeed the emitted signal spectrum occupation. Such modulations and shaping schemes 
coupled with iterative decoding techniques (as the ones used in DVB-S2), would allow data 
transmission at more than 1 Gbit/s while remaining in X-band using two to three channels 
multiplexed in a single polarisation. 
 
Another way is to improve the data transfer volume during the pass via a transformation of 
unused power margin at medium and high ground elevation into an increase of data rate. It needs 
the adaptation of the modulation / channel coding couple in a trade-off between power and 
spectral efficiency that can be done thanks to Variable Coding and Modulation (VCM) technique. 
It would consequently offer a better margin management and thus an on-board power 
optimisation with a scalable and modular design of the transmitter.  
 
An alternative way consists then in increasing the allowable bandwidth by simultaneous 
transmission in the nominal and cross polarisations. Simultaneous bipolarisation would also 
allow to transmit data at more than 1 Gbit/s by doubling the current data rates. New schemes of 
coding and modulations offering very high spectral efficiencies can also be considered with 
bipolarisation in order to reduce congestion and by the way to protect the frequency resource and 
to avoid interference. But of course this implies a low axial ratio for on board antenna and ground 
antenna too as it will be detailed further. 
 
This paper presents these new architectures, their designs and their performances evaluation. The 
use of simultaneous bipolarization is described in the first part, with an evaluation of the 
interference between channels in cross-polarization. The second part deals then with architectures 
implementing very high bandwidth efficient solutions, including VCM techniques. The last part 
provides finally the achievable performance of systems combining spectrally efficient solutions 
and simultaneous bipolarization antenna. 
 
 

1. USE OF SIMULTANEOUS BIPOLARIZATION 
 
This architecture is based on the use of simultaneous bipolarization and on the implementation of 
low-sideband modulation/coding schemes and of a thin sidelobe and high gain mechanically 
pointed satellite antenna, as recommended by the Space Frequency Coordination Group. 
 
Transmitters are currently able to achieve Channel Symbol Rate (Rcs) of 150 MBauds as far as it 
is an actual high value for having all digital Matched Filtering and emitting and receiving 
processing. We remind that it corresponds to a 6.7 ns constellation symbol duration and for 
limited degradation we know that rise and fall time must remain controlled under Tcs/15 so less 
than 445 ps and group delay evolution within  Rcs/2 must remain lower than Tcs/7 so less than 
1 ns in order to limit degradation at high order modulations. Furthermore, the symbol rate should 
be kept reasonable for transition band size reasons in order to limit the power flux densities in the 
neighboring bands. 
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The proposed architecture is thus based on the use of transmitters at 150 MBauds implementing 
SRRC shaping (with a roll-of equal to 0.25) that minimizes the spectral occupation and of a high 
gain directive antenna. As represented in Figure 1 the PLTM chain is constituted by four 
multiplexed channels offering a maximum global data rate of 1400 Mbit/s. To achieve this data 
rate of 1.4 Gbit/s, the proposed equipments have the following characteristics: 
 

 Modulation/coding scheme = CCSDS standardized 4D-8PSK-TCM with code rate of 
10/12 (= 2.5 bits per constellation symbol) concatenated with Reed-Solomon (255, 239) 

 Channel symbol rate, Rcs = 150 MBauds and SRRC shaping with a 0.25 roll-off factor 
 Quasi linear amplification  with 4W RF output power 
 OMUX filtering: two 6 poles – 3 zeros asymmetrical filters with a bandwidth of 150 MHz 
 High gain antenna, associated to a mechanical pointing system, with 2 accesses in 

bipolarization (Right and Left Hand Circular Polarization) and a high cross-polar isolation  
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Figure 1: Architecture of an X-Band Telemetry System in simultaneous bipolarization. 

 
Use of simultaneous bipolarisation generates a power leakage between both polarization and 
consequently additional interference in the PLTM system. It requires thus antennas with very 
high cross polar isolation in order to limit this interference. The potential interferences between 
channels transmitting in cross-polarization induce power losses in the link. These losses are 
evaluated in APPENDIX A. Table 1 presents the worst case losses of a transmission in 
bipolarization with the current modulation / coding scheme. 
 

Axial Ratio (dB) 2 1.4 1.3 1 0.9 0.8 0.7 0.6 0.5 
On-Board 

Co/X (dB) 18.8 21.9 22.5 24.8 25.7 26.7 27.9 29.2 30.8

C/I min for on-ground Axial Ratio of 1dB 15.2 17.2 17.5 18.8 19.2 19.7 20.2 20.7 21.3

Worst Case losses 4D-8PSK-TCM 5/6 + RS 3.9 2.1 1.9 1.3 1.2 1.0 0.9 0.8 0.7
Table 1: C/I losses for 4D TCM/8PSK concatenated with RS(255, 239) 

 
As shown in Appendix A, a maximal degradation of 2 dB, due to interference, can be tolerated in 
the design of simultaneous bipolarization systems. Table 1 shows that an axial ratio lower 1.4 dB 
is required to have no more than 2 dB of degradation due to cross-polarization interference for a 
typical X-Band ground station with an axial ratio of 1dB. In those conditions of reception, the 
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cross-polarization isolation of the on-board antenna shall be better than 22 dB to correctly 
transmit in bipolarization a signal having a 4D-8PSK-TCM 5/6 modulation scheme concatenated 
to a Reed-Solomon Code. This requirement can easily be achieved by implementing a Potter 
Horn as depicted in Figure 2. Figure 2 shows also a potential antenna mechanism, which is a 
CNES R&D: the tripod mechanism. 
 
The performance of this architecture (1.4 Gbit/s) is achievable with an Equivalent Isotropic 
Radiated Power (EIRP) of 20 dBW for a classical ground station offering a figure of merit of 31 
dB/K and located in the middle latitudes (cf. APPENDIX B for more details on the link budget). 
 

 

 
Figure 2: Potter Horn and tripod mechanism. 

 
 

2. SPECTRALLY EFFICIENT ARCHITECTURES 
 
This architecture is based on the use of new generation transmitters implementing spectrally 
efficient schemes allowing VCM and SRRC shaping that minimize the spectral occupation with a 
high gain directive antenna, as recommended by the Space Frequency Coordination Group. 
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Figure 3: Spectrally efficient telemetry system offering 1 Gb/s in X-Band. 

 
Let’s continue to assume a Channel Symbol Rate (Rcs) of 150 MBauds as far as it is an actual 
high value for having all digital Matched Filtering and emitting and receiving processing. The 
proposed transmitters have the following characteristics: 
 

 SRRC shaping with a 0.25 roll-off factor 
 Variable Coding and Modulation (VCM) schemes issued from DVB-S2 [3],  
 Pre-distortion for non-linearities, I/Q imbalance and sharp filtering pre-compensation 

(CNES R&D) 
 Symbol rate, Rs = 150 MBauds offering 1020 Mbit/s in 16APSK 8/9 

 
The amplification is based on SSPA offering an output power of 4W RF. Quasi linear 
amplification is required by SRRC shaping and 16APSK modulation. It would be tuned with the 
criteria of limiting the regrowth of the spectral “shoulders” but still keeping the RF/DC power 
efficiency around 25 %. The relative low output power helps then to limit the global consumption 
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and dissipation which is always the drawback for linearity research. The proposed OMUX is also 
composed by a manifold and two 6 poles – 3 zeros asymmetrical filters having a bandwidth of 
150 MHz. The on-board antenna is a high gain antenna associated to a mechanical pointing 
system: Potter Horn (classical space qualified equipment) and tripod mechanism (CNES R&D) as 
depicted in Figure 2. The recommended frequency plan minimizes in-band and out-of-band 
interference. The envisaged central frequencies of the two channels are: F1 = 8112 MHz and F2 
= 8295 MHz 
 
The performance of this architecture (1.02 Gbit/s) is achievable with an Equivalent Isotropic 
Radiated Power (EIRP) of 21.5 dBW for a classical ground station offering a figure of merit of 
31 dB/K and located in the middle latitudes (cf. APPENDIX B for more details on the link 
budget). 
 
Taking into account that the altitudes of LEO satellites vary between 600 and 900 km and by 
averaging among several passes above mid-latitude (between 35 and 55 ° latitude) ground 
stations, it is possible to obtain durations and then a percentage of time of being under a given 
elevation angle. For higher latitude stations, this time distribution is a bit different but the same 
reasoning still remains. By considering the worst case margin evolution, and by using this 
percentage, it is then possible to show the benefits of a VCM strategy and its range 
compensation. 
 
DVB-S2 coding/modulation 8PSK 2/3 8PSK 3/4 8PSK 5/6 
efficiency (bit/channel_symbol) 1.885 2.119 2.381
Es/No for 10^-7 PER 6.8 8.1 9.6
implementation losses 1.9 2 2.1
overall Es/No 8.7 10.1 11.7
delta Es/No or Power 0.0 1.4 2.9
delta margin 0.0 1.9 3.3
percentage of being in this choice 15.0 12.5 20.3
elevation class 5 to 7,5° 7,5 to 10° 10 to 14°
DVB-S2 coding/modulation 16APSK 4/5 16APSK 5/6 16APSK 8/9 
efficiency (bit/channel_symbol) 2.984 3.157 3.418
Es/No for 10^-7 PER 11.2 11.8 13.1
implementation losses 2.6 2.7 2.7
overall Es/No 13.8 14.5 15.8
delta Es/No or Power 5.1 5.8 7.1
delta margin 4.9 6.1 9.3
percentage of being in this choice 14.2 25.0 13.0
elevation class 14 to 17,5° 17,5° to 30° 30 to 90°

Percentage of time being under elevation  and minimum worst 
case margin evolution with respect to ground elevation
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Figure 4: Possible DVB-VCM choice and margin evolution  
  
By using VCM capabilities of DVB-S2 for High rate PLTM [2], it is possible to make a choice 
among the possible couples of coding/modulation so as to keep a global worst case margin as low 
as possible as it can be seen in Figure 4. In fact, VCM allows to switch non useful power margin 
into increased bit rate for the mission profit. If a CCM only scheme was used, the margin would 
ever be far above 1 dB (at 5° elevation), whereas a really better margin management can be 
achieved by using a combination of the modulation and coding rates presented in Figure 4.  
 
If we were using only a CCM scheme, such as 8PSK 2/3 DVB-S2 link for example, the constant 
transmitted rate would be 150*1.88 = 282 Mb/s. Over a mean pass of 420 seconds duration, this 
CCM can then correspond to a 118 Gbit transmitted data content. If we limit ourselves to 
QPSK 7/8 such than the proposed CCSDS LDPC use we only get a 262.5 Mb/s constant rate. 
However, if we consider now the proposed DVB-S2 VCM scheme, by using a combination of 
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the modulation and coding rates presented in Figure 4, we could obtain a mean global transmitted 
rate of 403 Mb/s for the 150 MBauds HDRTM link. Over the same 420 s pass, this VCM 
corresponds to a 169 Gbits transmitted data content so near 1.43 to 1.53 times the classical 
CCM value. 
 
This example proves thus that VCM offers a significantly higher data rate transmission capability 
within the allocated bandwidth by compensating the LEO satellite range evolution. This example 
shows in another way that the use of DVB-S2 VCM capabilities could offer about 2.7 bit/channel 
symbol mean efficiency instead of less than 1.9 bit/channel symbol allowed by a classical CCM 
8PSK 2/3 with the same RF resources (filtering, power amplifier and antenna). The required 
symbol rate to transmit in VCM the same data content as in CCM is therefore about 105 MBauds 
instead of 150MBauds. This huge gain in efficiency (30%) is of great interest for improving the 
X-Band spectral resources use. 
 
 

3. BIPOLARIZATION COMBINED TO SPECTRALLY EFFICIENT SYSTEMS 
 
This architecture combines the use of the same new generation transmitters implementing 
spectrally efficient schemes with VCM and SRRC and the transmission in simultaneous 
bipolarization. 
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Figure 5: Spectrally efficient telemetry system in simultaneous bipolarization. 

 
This architecture is a combination of the both precedent architectures by keeping the best 
characteristics of each one. However, the constraints concerning cross-polarization are increased 
due to the use of higher order modulation (16APSK). Since 2dB of degradation can be tolerated 
in worst case, Table 2 proves that a cross-polar isolation about 27 dB is required to transmit 
simultaneously 16APSK 8/9 signals in bipolarization. 
 

Axial Ratio (dB) 2 1.5 1 0.9 0.8 0.7 0.6 0.5 
On-Board 

Co/X (dB) 18.8 21.3 24.8 25.7 26.7 27.9 29.2 30.8

C/I min for on-ground Axial Ratio of 1dB 15.2 16.8 18.8 19.2 19.7 20.2 20.7 21.3

Worst Case losses 16APSK 8/9 DVB-S2 NA 5.3 2.6 2.3 2.0 1.7 1.5 1.3 
Table 2: C/I losses for several modulations and coding schemes. 
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This architecture can offer a maximum data rate of about 2.04 Gbit/s but requires the bigger 
EIRP: 24 dBW are needed for a classical ground station with a figure of merit (G/T) equal to 31 
dB/K and located in the middle latitudes (cf. APPENDIX B for more details on the link budget). 
Such an EIRP requires a higher gain antenna than in the previous configurations, which could be 
obtained with a small dish antenna instead of Potter horn that would have to be too big.  
 
VCM solutions can allow to still keep a small Potter horn and an EIRP reduced to 20 dBW (cf. 
APPENDIX B). With the time distribution given in Figure 4 and link budgets presented in 
APPENDIX B, the achievable mean data rate would be 1935 Mbit/s 
(=[0.13*414+0.07*447.5+0.3*473.5+0.5*513]*4), which is quite near the preceding maximum 
one of 2.04 Gbit/s in CCM.  
 
We give hereunder in Figure 6 the power flux density of such a maximum X-Band data rate (2.04 
Gbit/s ), obtained with an EIRP of 24 dBW, for various ground station elevations and the 
optimized frequency plan of the previous part. As it can be observed, the spectral limitations in 
the adjacent DSN band can be totally fulfilled. 
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Figure 6: Power flux density with maximum X-Band data rate of 2 Gbit/s. 

 
 

CONCLUSION 
 
Variable Coding and Modulation (VCM) transmission techniques offer a way of adapting the 
transmission parameters to the link conditions and then to take advantage of the natural margin 
existing at high elevation. Compared to Constant Coding and Modulation (CCM), VCM either 
allows a significant data rate increase within the same occupied margin or it alternatively reduces 
the spectral occupation or the required power for the same amount of transmitted data.  
 
Furthermore, the architectures proposed in this paper show the great potential of X-Band 
transmission. This is particularly due to the use of bipolarization and modulations / coding 
schemes with very high spectral efficiency that could be adapted to the elevation thanks to the 
VCM. The X-Band is thus still promising for future Payload Telemetry systems of Low Earth 
Orbiting satellite. New generation equipments, which are currently under development, can easily 
offer more than 1Gbit/s with a maximum about 2 Gbit/s, without interfering with adjacent 
bandwidth such as the Deep Space Network one. 
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APPENDIX A – C/I losses in simultaneous bipolarization 

 
The expression of the polarization attenuation, which represent the ratio between the received 
power (PR) and the maximum power (P0), between two elliptically polarized antenna is given in 
[1] by the following expression: 
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with: r1, the axial ratio of transmitting antenna,  
 r2, the axial ratio of receiving antenna, 
 α, the angle between major axis of polarization ellipsis (°) 
The (+) sign is used when the two antennas have the same sense of rotation and the (-) when the 
sense of rotation is opposite. 
 
The signal to interfering power ratio (C/I) for circularly polarized channels in cross-polarization 
is defined by the ratio of the power received in the same sense of rotation and the power received 
in the opposite sense of rotation. By making the assumption that the signals have the same power 
in both polarizations (same satellite output power and same path losses), the expression of C/I in 
a simultaneous bipolarization transmission is easily deduced from equation (1): 
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with: r1, the axial ratio of transmitting antenna,   
 r2, the axial ratio of receiving antenna, 
 α1, the angle between major axis of polarization ellipsis in the main polarization (°) 
 α2, the angle between major axis of polarization ellipsis in the cross polarization (°) 
 
The C/I ratio is minimum when the received power is minimum in the desired polarization and 
when the interfering power, the power received from the cross polarization is maximum. This 
happen when α1 = 90° and α2 = 0°. 
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Table 3 presents the values of worst case C/I in simultaneous bipolarization for different axial 
ratio of the transmitting and receiving antennas. 
 

Axial 
Ratio (dB) 

2 1.5 1 0.9 0.8 0.7 0.6 0.5 
On-Board 

Co/X (dB) 18.8 21.3 24.8 25.7 26.7 27.9 29.2 30.8

On-Ground 
Axial 

Ratio (dB) 
Co/X (dB) 

C/I min (dB) 

1 24.8 15.2 16.8 18.8 19.2 19.7 20.2 20.7 21.3
0.9 25.7 15.5 17.2 19.2 19.7 20.2 20.7 21.3 21.9

0.8 26.7 15.8 17.5 19.7 20.2 20.7 21.3 21.9 22.5

0.7 27.9 16.2 17.9 20.2 20.7 21.3 21.9 22.5 23.2

0.6 29.2 16.5 18.3 20.7 21.3 21.9 22.5 23.2 24.0

0.5 30.8 16.8 18.8 21.3 21.9 22.5 23.2 24.0 24.8 

C/I for on-ground Axial Ratio of 1 dB

10,0

15,0

20,0

25,0

30,0

35,0

40,0

45,0

50,0

0,5 0,6 0,7 0,8 0,9 1 1,1 1,2 1,3 1,4 1,5 1,6 1,7 1,8 1,9 2

On-board Axial Ratio (dB)

C/
I (

dB
)

C/I min

C/I max

Table 3: C/I min in simultaneous bipolarization. Figure 7: C/I for 1dB ground Axial Ratio. 
 
Typical X-Band ground stations have axial ratio better than 1 dB. Figure 7 depicts the variations 
of the C/I (min and max) as a function of the on-board axial ratio for a typical on-ground axial 
ratio of 1dB. Figure 7 proves that taking into account minimal C/I for the calculations of the 
losses induced by simultaneous bipolarization is a very worst case consideration, because of the 
big dispersion between the minimal and maximal C/I ratios. Taking this consideration into 
account, the design of bipolarization systems can tolerate up to 2 dB of losses due to cross-
polarization interference, when a worst case design is achieved (i.e. with C/I min). 
 
The degradation of the Signal to Noise power ratio (C/N) due to the C/I can be evaluated with the 
following formulation: 
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As shown in the following formulae, the C/N ratio is equivalent to the energy per channel symbol 
to the noise power density ratio (ES/N0): 
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with: Eb, the energy per bit, ES, the energy per channel symbol,  Rb, the bit rate, RS, the channel 
symbol rate, C, the signal power, N, the noise power, N0, the noise power density in RS, 

 
The losses due to the C/I can thus be evaluated by the following formulae:  
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with: 
Required0








N

ES , the energy per channel symbol to the noise power density ratio that is 

required to achieve the link with the required quality of service (i.e. Bit Error Rate); it 
depends on the modulation and coding schemes and includes the technological losses. 

 
Table 4 presents worst case losses due to the C/I for several on-board axial ratio and various 
typical modulations and coding schemes for a ground station axial ratio equal to 1 dB. 
 

Axial Ratio (dB) 2 1.5 1 0.9 0.8 0.7 0.6 0.5 
On-Board 

Co/X (dB) 18.8 21.3 24.8 25.7 26.7 27.9 29.2 30.8

C/I min for on-ground Axial Ratio of 1dB 15.2 16.8 18.8 19.2 19.7 20.2 20.7 21.3
QPSK 5/6 DVB-S2 0.7 0.5 0.3 0.3 0.3 0.2 0.2 0.2 
8PSK 2/3 DVB-S2 1.1 0.7 0.5 0.4 0.4 0.3 0.3 0.2 
8PSK 5/6 DVB-S2 2.4 1.5 0.9 0.8 0.7 0.6 0.6 0.5 

16APSK 3/4 DVB-S2 3.3 2.0 1.2 1.0 0.9 0.8 0.7 0.6 

Worst case 
losses for 

16APSK 8/9 DVB-S2 NA 5.3 2.6 2.3 2.0 1.7 1.5 1.3 

 4D-8PSK-TCM 5/6 + RS 3.9 2.3 1.3 1.2 1.0 0.9 0.8 0.7

Table 4: C/I losses for several modulations and coding schemes. 
 
 

APPENDIX B – Examples of link budgets for typical ground stations 
 

  Bipolar Monopolar Bipolar Bipolar VCM 

System Parameters  8PSK 
5/6 

16APSK 
8/9 

16APSK 
8/9 

16APSK 
3/4 

16APSK 
4/5 

16APSK 
5/6 

16APSK 
8/9 

Circular orbit radius km 800,0 800,0 800,0 800,0 800,0 800,0 800,0 
Link max frequency MHz 8400,0 8400,0 8400,0 8400,0 8400,0 8400,0 8400,0 
Symbol rate MBauds 150,0 150,0 150,0 150,0 150,0 150,0 150,0 
Spectral efficiency bits/symbol 2,33 3,42 3,42 2,76 2,98 3,16 3,42 
Useful bit rate Mbps 350,0 512,8 512,8 414,2 447,5 473,6 512,8 
Emitter Parameters         
EIRP dBW 20,0 21,5 24,0 20,0 20,0 20,0 20,0 
Propagation         
Free space losses dB 179,8 179,8 179,8 179,8 179,2 179,0 177,3 
Global propagation losses (99% 
availability) dB 2,2 2,2 2,2 2,2 1,5 1,3 0,7 

Ground Station Parameters         
Axial ratio dB 1,0 1,0 1,0 1,0 1,0 1,0 1,0 
Elevation angle ° 5,0 5,0 5,0 5,0 7,0 8,0 14,0 
Figure of merit G/T dB/K 31,0 31,0 31,0 31,0 31,0 31,0 31,0 
Losses dB 0,8 0,8 0,8 0,8 0,8 0,8 0,8 
C/N0 total dBHz 95,5 98,3 98,1 95,5 96,4 96,7 98,1 
Technological losses dB 2,0 2,2 2,2 2,1 2,1 2,2 2,2 
Eb/No calculated dB 8,1 9,0 8,8 7,2 7,8 7,8 8,8 
Eb/N0 required for BER<10^-10 dB 6,8 7,8 7,8 6,0 6,5 6,8 7,8 
Link Margin dB 1,3 1,2 1,0 1,2 1,3 1,0 1,0 
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ABSTRACT

In this paper, we discuss CPM-OFDMA (Continuous Phase Modulation - Orthogonal Frequency Divi-
sion Multiple Access) - a novel modulation that maps a discrete-time CPM into a spectrally efficient DFT-
spread OFDMA transmission. Three CPM-OFDMA schemes are developed based on discrete-time vari-
ants of PCM/FM, SOQPSK-TG and ARTM-CPM telemetry modulations. Simulations reveal that spec-
trally efficient CPM-OFDMA schemes can outperform the conventionally defined telemetry schemes in
the AWGN environment. For example, maximum likelihood sequence detection of conventional PCM/FM
yields a BER of 10−5 at an Eb/N0 of 8.4 dB while the least complex CPM-OFDMA scheme that is based
on sampling a PCM/FM waveform once per symbol interval achieves the same BER at an Eb/N0 of 7.8
dB. Finally, an extensive search to find a subset of the best performing binary schemes shows that there
exist very low complexity schemes that can achieve a BER of 10−6 at an Eb/N0 of 7.8 dB, which is an
order of magnitude improvement over the performance of PCM/FM at the same Eb/N0.

INTRODUCTION

Over the past forty years, the requirements of aeronautical telemetry systems have evolved from data
rates in the neighborhood of 100s of kbits/sec in the 1970s to the current demand for 10-20 Mbits/sec.
Consequently, increased spectral efficiency and frequency agility have recently been identified as key
enablers for sustaining the applications and services that are needed to support data-intensive test flight
missions and multi-user access to the telemetry band.

From a historical perspective, PCM/FM (Tier 0) has been the primary modulation of choice in aero-
nautical telemetry for the past forty years. However, the demand for higher data rate testing over the
allocated L-band (1435 - 1535 MHz), the lower S-band (2200 - 2290 MHz) and the upper S-band (2310
- 2390 MHz) as well as the reallocation of the lower portion of the upper S-band from 2310 - 2360 MHz
to other services imposed a requirement to identify alternate CPM waveforms possessing higher spectral
efficiency than PCM/FM.

∗This work was supported by the Test Resource Management Center (TMRC) Test and Evaluation Science and Technology
(T&E/S&T) Program through a Grant from the Army PEO STRI Contracting Office under Contract No.W900KK-10-C-0017.
Approved for Public Release, Distribution is Unlimited, AFFTC-PA-10383.
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In response, the Advanced Range Telemetry (ARTM) program [1] was instituted in order to identify
modulation schemes that required less bandwidth than PCM/FM but which had the same detection effi-
ciency. One of the newly identified waveforms, SOQPSK-TG (Tier 1) (Shaped Offset Quadrature Phase
Shift Keying-TG) [2], has the same detection efficiency as PCM/FM but twice the spectral efficiency
whilst a second waveform (called ARTM-CPM) [3], has the same detection efficiency as PCM/FM but
three times its spectral efficiency [4].

Even with the three-fold advance in spectral efficiency with the adoption of ARTM-CPM, today’s
aeronautical telemetry systems remain constrained by the use of single-carrier modulations that require the
use of guard bands between adjacent channels. Thus, the current protocol does not permit a frequency agile
use of the radio spectrum and there is still some loss in spectral efficiency from the loss in system capacity
that is due to the presence of guard bands. For example, the minimum required separation between two 10
Mbits/sec ARTM CPM waveforms is 9 MHz [5] to allow adequate channel separation. Furthermore, as
stated in the IRIG-106 standards, [5], ”the simultaneous operation of multiple emitters that are co-located,
with similar power levels and transmitting antenna direction is done by separating them by a guard band
that is greater than or equal to the occupied bandwidth of the widest bandwidth signal”.

In this paper, we discuss CPM-OFDMA, a robust modulation that is developed based on the salient
observation that the samples from a discrete-time equivalent CPM waveform can be substituted for the con-
ventional BPSK, QPSK and M -QAM symbols in a DFT-spread OFDMA transmission [6]. Hence, power
efficient CPM-like schemes can be transmitted over the radio spectrum in spectrally efficient OFDMA
style. This empowers the telemetry spectrum manager to allow different users to cooperatively share re-
sources without harmfully interfering with each other. In addition, CPM-OFDMA mitigates the need for
instituting multiple guard bands to reduce co-channel interference, since CPM-OFDMA waveforms from
different users are transmitted over orthogonal subcarriers. Hence, there is the potential to increase the
spectral efficiency of the telemetry system while maintaining a physical layer dependence on the core
underlying waveforms (e.g., PCM/FM, ARTM-CPM and SOQPSK-TG). Hence, CPM-OFDMA is seen
as a complementary technology that may serve as an alternative physical layer modulation when heavily
congested or contended spectrum access makes spectral efficiency and/or frequency agility an overriding
concern.

The two main contributions of this paper are as follows -

• The identification and performance analysis of of three CPM-OFDMA schemes that are developed
based upon the manipulation of conventional PCM/FM, ARTM-CPM and SOQPSK-TG. In this
study we not only show that some CPM-OFDMA schemes can offer equivalent performance to their
conventional counterparts, but that the most spectrally efficient CPM-OFDMA schemes (requiring
only one sample per symbol interval of the underlying CPM waveform) can offer significantly better
BER performance in the AWGN environment.

• The identification of a subset of spectrally efficient, low state complexity binary CPM-OFDMA
schemes that offer superior performance in the AWGN environment when compared to their con-
ventional CPM counterparts. In fact, when compared to the performance of conventional PCM/FM,
the best of these schemes offers an order of magnitude improvement in receiver performance at a
target BER of 10−6.
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SIGNAL MODEL

In the most general scenario, we consider a multi-user system in which there are U users that transmit
simultaneously across a swathe of the available radio spectrum using CPM-OFDMA waveforms. The
complex baseband equivalent symbols that are generated by the uth user (u = 0, · · · , U − 1) are derived
from the sampled outputs from an underlying continuous-time CPM waveform.

In this study, we presume a data frame that is constructed from the observation of a JT second CPM
waveform, where T denotes the symbol interval and J denotes an integral number of symbol intervals.
The waveform is sampled at a rate of N times per symbol interval, thus resulting in a length-JN vector of
signal samples

su =
[
su,0 · · · su,JN−1

]T
. (1)

The signal samples in su represent the discrete-time model of the CPM waveform, su(t; βu), i.e., su,iN+m =
su(t;βu)|t=iT+m

N
T for i = 0, · · · , J − 1 and m = 0, · · · , N − 1. The complex baseband equivalent CPM

waveform is defined as
su(t;βu) = ejφu(t;βu) (2)

where the phase is of the form

φu(t;βu) = 2π
∑
i

hiβu,iq(t− iT ). (3)

Associated with the uth waveform are the following: βu,i denotes the ith M -ary symbol, T is the sym-
bol duration. hi is the digital modulation index which cycles, in a roundrobin fashion, from one sym-
bol interval to the next over the members of a set, S, of cardinality H . Hence, we can define S =[
h0 · · · hH−1

]
. The rule i = i mod H maps the index of the current symbol interval to member of

the set using modular arithmetic. In a single-h system, H = 1, whilst for multi-h schemes, H > 1.
The phase response q(t) is usually defined as the time-integral of a frequency pulse F (t) with area

1/2, i.e.

q(t) =


0 t < 0∫ t

0

F (λ) dλ 0 ≤ t < LT

1
2

t ≥ LT

(4)

where L denotes the frequency pulse length, expressed in an integer number of symbol durations. When
L = 1 the signal is full response and when L > 1 the signal is partial response.

Three CPM-based waveforms that are widely used in aeronautical telemetry and which are considered
in this study correspond to ARTM-CPM, PCM/FM and SOQPSK-TG. Both ARTM-CPM and PCM/FM
use the raised cosine frequency pulse of duration LT , (denoted LRC) which is defined as

F0(t) =

{
1

2LT

[
1− cos

(
2πt
LT

)]
0 ≤ t < LT

0 otherwise.
(5)

SOQPSK-TG utilizes a special waveform, F1(t), that is defined as

F1(t) = A
cos (πρBt)

1− 4
(
ρBt
2T

)2 · sin
(
πBt
2T

)(
πBt
2T

) · w(t) (6)
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where the windowing function, w(t), is defined as

w(t) =


1 0 ≤

∣∣ t
2T

∣∣ ≤ T1
1
2
+ 1

2
cos
(
π
T2

(
t
2T
− T1

))
T1 ≤

∣∣ t
2T

∣∣ ≤ T1 + T2

0 T1 + T2 <
∣∣ t
2T

∣∣ . (7)

The additional parameters that are defined for the SOQPSK-TG waveforms are given by: T1 = 1.5,
T2 = 0.5, ρ = 0.7 and B = 1.25 and the normalization constant A is defined such that the phase response
function, q1(t) =

∫ t
0
F1(λ)dλ = 1

2
for t > LT .

During the interval corresponding to the nth symbol, nT ≤ t < (n + 1)T , the phase in (3) may be
expressed as

φu(t;βu) = 2π
n∑

i=n−(L−1)

hiβu,iq(t− iT )︸ ︷︷ ︸
θu(t;βu,n)

+πh

n−L∑
i=0

βu,i︸ ︷︷ ︸
φu,n−L

(8)

where βu,n =
{
βu,n−(L−1), · · · , βu,n

}
is the correlative state vector which contains the L−1 past symbols

and the current input symbol. These L symbols determine the phase trajectory taken by θu(t;βu,n) in (8)
during the interval nT ≤ t ≤ (n + 1)T . There are ML possible values the correlative state vector can
assume, each resulting in a different phase trajectory.

The second term in (8), φu,n−L, is called the cumulative phase and represents the contribution of all
symbols that have worked their way through the time-varying portion of the phase response in (4) and thus
contribute a constant value to the overall phase. When the set S of modulation indices contains all rational
entries, then the cumulative phase φu,n−L is drawn from a finite alphabet. In this case, the CPM signal can
be described as a finite state machine, with a corresponding trellis diagram, and a maximum likelihood
sequence detection (MLSD) scheme can be implemented using the Viterbi algorithm (VA) [7].

OVER THE AIR TRANSMISSION OF CPM-LIKE SIGNALS USING OFDMA

The modulated data symbols that are used in contemporary DFT-spread OFDMA systems are typ-
ically drawn from BPSK, QPSK or M -QAM constellations. However, as stated in this paper we con-
sider modulated data symbols that are obtained from the sampled output of a CPM modulator. As we
now show, beyond the obvious differences in data symbol generation between conventional OFDMA and
CPM-OFDMA, the remaining transmitter operations are equivalent.

In what follows, we consider the downlink, wherein users map their data to an assigned subset of
the available subcarriers and transmit to a common receiver (eg., from the test article to the ground sta-
tion). Although not addressed in this paper, similar concepts may be applied for an uplink CPM-OFDMA
transmission.

In this scenario, there is a total of K subcarriers over the entire band, JN of which are allocated to
the uth user. The time domain signal vector is transformed into the frequency domain by means of the
JN -point DFT (Discrete Fourier Transform) to yield the frequency domain coefficients:

Su,i =
JN−1∑
n=0

su,ne
−j2πin/JN (9)
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where i = 0, · · · , JN − 1 denotes the discrete frequency index. Assuming that K is an integer multiple
of JN , and that the DFT coefficients of each user are mapped at regular intervals (i.e., interleaved) across
the frequency band, the mapped coefficients can be expressed as

S̃u,k =

{
Su,i k = u+ iU

0 otherwise
(10)

for i = 0, · · · , JN − 1 and u ∈ {0, · · · , U − 1}.
Once mapped to the desired set of subcarriers, the frequency domain coefficients in (10) are trans-

formed back into the time domain by means of the K-point IDFT (Inverse DFT) operation (K = UJN ),
which yields

s̃u,n =
1

UJN

UJN−1∑
k=0

S̃u,ke
j2πkn/UJN . (11)

Now, making the substitution k = u+ iU to extract the data from thte uth user, it can be shown that

s̃u,n =

(
1

UJN

JN−1∑
i=0

Su,ie
j2πin/JN

)
ej2πun/UJN (12)

which demonstrates that the original input sequence, su,n, is scaled and repeated U times in the post-IDFT
sequence, s̃u,n, i.e.

s̃u,n =
1

U
su,ne

j2πun/UJN (13)

where the underlined time index, defined as n , n mod JN , captures the effect of the U repetitions. We
use s̃u to denote the vector of post-IDFT samples.

The fundamental observation is that since the CPM-OFDMA symbols, s̃u,n, are constant envelope, the
post-IDFT sequence will also be constant modulus and will therefore be amenable to the use of nonlinear
power amplification in the more power efficient region of operation (saturation). We note that some of that
power efficiency may be lost if the post-IDFT samples are passed through a transmission filter in order
to meet spectral mask requirements. However, based on studies (not elaborated in this paper), the loss in
power efficiency may be minor depending on the filter characteristics.

PARAMETERIZATIONS OF PCM/FM, SOQPSK-TG and ARTM CPM

In the preceding sections of this paper, we have provided the complete derivation of CPM-OFDMA.
As shown, it is a straightforward extension of CPM that facilitates an OFDMA-style transmission. Given
our references to PCM/FM, ARTM-CPM and SOQPSK-TG throughput, the next natural question is: How
do the CPM-OFDMA variants of these waveforms perform in comparison to their conventionally defined
counterparts? Thus, the objective of our first numerical study (presented in a later section) is to address
that question by defining the family of CPM-OFDMA waveforms that can be derived based on these three
telemetry modulations and then presenting the results of numerical simulations to determine their BER
performances in the AWGN channel.

Binary PCM/FM can be modeled as a single-h, partial response CPM waveform in which the modula-
tion index h = 7/10, the signal memory L = 2 and M = 2. The frequency pulse is a raised cosine. Hence
PCM/FM is shortly described as a 2RC CPM.

5



ARTM-CPM is a quatenary (M = 4), partial response 2-h CPM wherein the digital modulation indices
are defined as h0 = 4/16 and h1 = 5/16. Since L = 3 and the raised cosine frequency pulse is used, we
can shortly denote it as a 3RC waveform. .

SOQPSK-TG is a single-h partial response CPM in which the modulation index h = 1/2 and L = 8.
It is unique and distinguishable from PCM/FM and ARTM-CPM, in that it is a ternary CPM (M =
3) that uses a precoder to convert the binary data bu,n ∈ 0, 1 into ternary data, βu,n according to the
mapping βu,n = (−1)n+1 (2bu,n−1 − 1) (bu,n − bu,n−2) . Hence, βu,n ∈ {−1, 0, 1}. The precoder is always
dependent on the two previous input bits.

It has been shown [8] that the two oldest bits map to the phase state of the SOQPSK-TG CPM
waveform. In fact, there is a one-to-one mapping between the set of possible state variables, Sn =
{00, 01, 10, 11} and the SOQPSK-TG phase states: θn−8 ∈ {0, π/2, π, 3π/2}. This mapping is given
by
{
00↔ 3π

2
; 01↔ π; 10↔ 0; 11↔ π

2

}
. By convention, the first symbol in Sn conveys the symbol that

appeared during the oldest even symbol interval and the second symbol in Sn conveys the symbol that
appeared in the oldest odd symbol interval. By its definition, SOQPSK-TG admits a time-varying trellis
description, which has been treated in previous publications [8].

PCM/FM, ARTM-CPM and SOQPSK-TG can all be easily mapped into CPM-OFDMA waveforms
by sampling in the time domain and then mapping the time domain samples to the frequency domain for
subcarrier allocation. The resulting time-domain CPM-OFDMA signals have the same trellis description
as their conventionally defined counterparts, and hence the same algorithms can be applied at the receiver
with unaltered complexity.

MAXIMUM LIKELIHOOD SEQUENCE DETECTION

When the transmitted signal passes through an AWGN channel, the total received signal on the down-
link from all of the users is rn =

∑U−1
u=0 s̃u,n + wn where wn denotes complex-valued AWGN with zero

mean and one-sided PSD N0. The portion of the signal that is transmitted by the desired (uth) user may
be extracted by first transforming rn into the frequency domain via the DFT operation R̃k

DFT←− rn and
then extracting those coefficients of R̃k that correspond to the uth user’s assigned frequencies. We obtain
the uth time-domain signal as Ru,i

IDFT−→ ru,n. The information symbols for the uth user are detected by
processing ru,n using the well-known VA, which performs MLSD by correlating ru,n against all possible
transmitted signals and returning the information sequence with the maximum correlation, cf. e.g. [7].

NUMERICAL STUDY AND DISCUSSION

In this first study, we compare the BER performance of CPM-OFDMA schemes that are based on
PCM/FM, ARTM-CPM and SOQPSK-TG to their conventional counterparts. In addition, we investigate
the impact of the sample rate, N , on CPM-OFDMA performance. In all cases, a single user transmits in
the AWGN channel environment. In the construction of the CPM-OFDMA waveforms, we have selected
the sample rate of the underlying CPM as either N = 1, N = 2 or N = 4. However, the conventional
PCM/FM, ARTM-CPM and SOQPSK-TG schemes are simulated by setting N = 16 samples per symbol
interval. This high sampling rate allows us to generate a waveform that very closely approximates the
characteristics of a continuous-time CPM.

First, we compare the uncoded BER performance of conventional PCM/FM to that of the three CPM-

6



OFDMA schemes that are derived by allowing N = 1, N = 2 and N = 4. The results are depicted
in Figure (1). Here, it is shown that for N ≥ 2, that the performance of the CPM-OFDMA schemes
are actually equivalent to that of conventional PCM/FM. Hence, there is no discernable loss in BER
performance by implementing the CPM-OFDMA counterpart of PCM/FM. For the special case wherein
N = 1, we actually achieve superior performance to all of the other schemes, as illustrated by the 0.6 dB
gain in performance of the CPM-OFDMA (N = 1) at a BER of 10−5. Hence, in this case, it is conceivable
that we can send only one sample per symbol interval of the sampled PCM/FM waveform, which is highly
desirable from the stance of achieving higher spectral efficiency by using fewer subcarriers.

In this next study, we compare the BER performance of cnventional ARTM-CPM to that of three
CPM-OFDMA schemes that are constructed by sampling a ARTM-CPM waveform. The outcome of this
investigation is graphically illustrated in Fig. (2), where it is evident that the conventional ARTM-CPM
waveform performs fractionally worse than all of the other schemes at a BER of 10−5. The trend observed
from these results is that the performance of the CPM-OFDMA scheme actually shows moderate improve-
ment as the sample rate, N , is decreased, with the best overall performance achieved for the case wherein
N = 1. At a BER of 10−5, the N = 1 scheme has 0.9 dB advantage over the conventionally defined
ARTM-CPM waveform. This result argues that there exists a spectrally efficient (N = 1) implementation
of ARTM-CPM based CPM-OFDMA that also demonstrates good performance over the AWGN channel.

In the final study, we compare the BER performance of conventional SOQPSK-TG to that of three
CPM-OFDMA schemes that are constructed by sampling the ARTM-CPM waveform at a rate of N = 1,
N = 2 or N = 4 times per symbol interval. The results of this study are shown in Fig. (3). Our results
indicate that for N ≥ 2, the BER performance of the CPM-OFDMA schemes is equivalent to that of
conventional SOQPSK-TG. Hence, there is no performance loss incurred by the use of SOQPSK-TG-
based CPM-OFDMA. However, there is a slight loss in performance for N = 1. At a BER of 10−5, we
observe a 0.4 dB loss when using theN = 1 CPM-OFDMA scheme, as compared to the conventional and
other CPM-OFDMA schemes (N = 2 and N = 4). Hence, there is the possibility to leverage the increase
in spectral efficiency versus a slight loss in performance in the selection of N = 1. An open question
involves understanding why the performance for N = 1 exhibits such behavior given that we have seen
the opposite behavior for the PCM/FM and ARTM-CPM based modulations, and whether it is related to
the introduction of the precoder or if there are other signal characteristics that are relevant. That remains
the focus of current study.

In this second study, we highlight the outcome of an optimization study that has identified a subset
of the best performing binary, single-h LRC CPM-OFDMA schemes in the AWGN environment. The
objective of this study is to identify other binary schemes that are based on CPMs that are not used
for aeronautical telemetry but which can deliver good BER performance and spectral efficiency. The
search space is constrained to all combinations of the following parameter sets: modulation index h,
signal memory, L and signal sampling rate, N . In all cases M = 2. h =

{
m
n

}
, L ∈ {2, 3, 4} and

N ∈ {1, 2, 4, 8, 16}. m and n are all co-prime integers in the set m ∈ {1, ..., 9} and n ∈ {2, ..., 10} with
m < n.

Of the entire survey of 372 different CPM-OFDMA schemes, there are several that clearly dominated
our findings and their performance is highlighted in this section. In general, we make the comment that
as the modulation index approaches unity (e.g., h = 8/9), that the BER performance improves relative to
those schemes that use a smaller value of the modulation index (e.g., h = 1/10). In addition, we generally
observe that for L = 2, that the best performing CPM-OFDMA schemes can be implemented with N = 1.
However, for L = 3, the CPM-OFDMA schemes that utilize a sampling rate of N = 1 are actually the
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Table 1: Subset of Best Performing Binary CPM-OFDMA Schemes. (Eb/N0 (dB) at a BER of 10−6).
L = 4, N = 1 L = 4, N = 1 L = 3, N = 2 L = 3, N = 2 L = 3, N = 1 L = 2,N = 1 L = 2,N = 1

h Num. States Eb / N0 Num. States Eb / N0 Eb / N0 Num. States Eb / N0

3/4 - - 16 8.8 9.2 - -
4/5 45 8.4 20 8.6 9.0 - -
5/6 48 8.4 24 8.4 8.8 12 7.8

6/7 56 8.1 28 8.2 8.8 14 7.8

7/8 64 8.1 32 8.2 8.8 16 7.8

7/9 - - - - - 18 8.0

8/9 72 8.0 36 8.3 8.8 18 8.0

9/10 80 8.0 40 8.3 8.8 20 8.0

worst performing schemes (compared to their counterparts that use higher sampling rates). Finally, when
L = 4, CPM-OFDMA becomes rather insensitive to the sampliing rate of the underlying CPM waveform
as the BER performance for all cases (N = 1, N = 2, N = 4 and N = 8) are close. Space limitation
preclude graphical BER plots. However the results are summarized in Table(1).

The modulation indices of the six best performing binary CPM-OFDMA schemes for L = 2 are shown
in Table (1). The simulation reveal that for N = 1, that all of these schemes reach a target BER of 10−6 at
an Eb/N0 range of 7.8 - 8.0 dB. The state complexity for each scheme, which is defined as pML−1 (where
p denotes the denominator of the modulation index) and the Eb/No (dB) at which the target BER of 10−6

is achieved are shown in Table (1).
We now discuss the performance of the best L = 3 RC binary CPM-OFDMA schemes. In this case, the

optimal modulation index set is defined in Table (1). A notable observation is that relative to our findings
for L = 2, we have additional modulation indices in the optimal set that have lower values (e.g., h = 3/4).
The BER performance reveals that for L = 3 and N = 1, the CPM-OFDMA schemes are only slightly
outperformed by the schemes that utilize higher sampling rates (N = 2, N = 4, N = 8 and conventional
CPM). It is at most 0.5 dB at a BER of 10−6. For the schemes wherein N > 1, the target BER of 10−6 is
generally reached within an Eb/N0 range of 8.2 - 8.8 dB. In Table (1), we show the performance and state
complexity of the best schemes for N = 1 and N = 2, as these represent the most spectrally efficient and
best performing CPM-OFDMA schemes, respectively when L = 3. A direct comparison of the results for
L = 2 that are shown in Tables (1) reveals the 1 dB improvement in performance at a BER of 10−6 when
the memory of the signal increases from L = 2 to L = 3. Hence, one can trade off the moderately higher
complexity for a better BER performance. It is very important to bear in mind, however, that all of these
schemes require low complexity at the receiver (the most complex scheme for L = 3 having 40 states in
its trellis).

Finally, we discuss BER performance of the six best performing binary schemes for L = 4. Their
corresponding modulation indices are shown in Table (1). We have observed that the performance of
all of these schemes is rather insensitive to the sampling rate of the underlying CPM waveform. In this
case, we have only simulated to a target BER of 10−5 and so we provide an extrapolated estimate of the
performance at 10−6 in Table (1).

In this final study, we demonstrate the BER performance of CPM-OFDMA in a multi-user environment
in which U = 4 users simultaneously transmit four independently generated CPM-OFDMA waveforms
by sampling a PCM/FM waveform at the rate of N = 1 sample per symbol interval. The DFT coefficients
of each user are regularly interleaved across the radio band. Each user generates J = 256 bits per trans-
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mission interval. Hence, the total IDFT size is UJN = 1024. The superimposed signal from the four
users is measured at the receiver, which detects the signal that is received from the user of interest (u = 1)
to estimate the transmitted bits. The performance of this signal is also compared to the same system in
which the user of interest is allocated to use 1/4 of the 1024 subcarriers but the other users are not present.
Hence, from this study, we can discern the sole impact of simultaneously sending multiple PCM/FM-
based CPM-OFDMA waveforms throught the AWGN channel. The results are shown in Fig. (4), where
it is clear that the introduction of other users in this system does not impact the BER performance, as the
orthogonality of the subcarriers allows the transmission of this PCM/FM-like signal by multiple users.

CONCLUSION

In this paper, we have first demonstrated that CPM-OFDMA schemes which are based on the PCM/FM,
ARTM-CPM and SOQPSK-TG telemetry waveforms can provide similar performance over the AWGN
channel when the sample rate N ≥ 2. Interestingly, when N = 1, (which represents the most spec-
trally efficient scheme in terms of the number of required subcarriers per symbol interval) there can be
a significant improvement in BER performance over conventional PCM/FM and ARTM-CPM. Secondly,
a search for the best binary CPM-OFDMA schemes reveals that the lowest complexity schemes (L = 2,
N = 1) offer better performance when compared to similarly defined CPM-OFDMA schemes (L = 3
and L = 4). Of all of the L = 2, N = 1 binary CPM-OFDMA schemes examined, the best performing
achieves a BER of 10−6 at an Eb/N0 of 7.8 dB. This can be compared with conventional PCM/FM (also
binary, L = 2) which achieves a BER of 4 × 10−4 at the same Eb/N0. In conclusion, CPM-OFDMA
offers a robust, complementary modulation that can also be considered for use in aeronautical telemetry
applications whenever frequency agility and spectral efficiency are compelling concerns.
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ABSTRACT 
 
This paper describes how a microcontroller based system can be used to generate the 
signals needed in a multiple-input multiple-output (MIMO) system transmitter.  The 
limited computational speed of the microcontroller, along with other tasks which the 
controller may need to handle, places limits on the throughput of the system, and the 
complexity of the MIMO signal design.  However this can be a low cost design, and the 
microcontroller can be used to perform other operations in the system, which may make 
it attractive in some applications. 
 
 
Keywords:  MIMO, Microcontroller, Testbed, Low Complexity Design 
 
 

INTRODUCTION 
 
Multiple-input multiple-output (MIMO) wireless communication systems, use multiple 
antennas at both the transmitter and receiver.  They are an important development in 
communication theory, because of their potential of increasing the data rates, and/or 
spectral efficiency of the communication system [1]. This benefit can be realized even in 
fading channels, because both temporal and special diversity techniques can be used 
simultaneously. It has been shown that MIMO systems can support higher data rates 
under the same transmit power budget and bit-error rate performance requirements as a 
single-input single-output (SISO) systems. 
 
However these benefits come at the cost of increased complexity at both the transmitter 
and receiver. In addition to increased complexity MIMO systems can be sensitive to a 
number of practical imperfections, such as uncertainty regarding the channel parameters. 
Nonlinearity in power amplifiers and finite bit precision of analog-to-digital and digital to 
analog converters, to name a few. While some of these effects can be analyzed 
mathematically, or through simulation, others are best measured using a hardware test 
bed. 
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This paper investigates the high level design of such a test bed.  In particular, we focus on 
the architectural design of the MIMO transmitter.  The authors were aware of some test 
beds that were based on field programmable gate array (FPGA) technology.  While these 
designs worked well, we had an application that called for a lower complexity, and less 
expensive approach.  We are investigating the use of a microcontroller based MIMO 
transmitting system to achieve this cost and complexity reduction.  This paper will 
discuss the benefits, and limitations, of a microcontroller based design. 
 

 
SYSTEM ARCHITECTURE 

 
A MIMO transmitter must generate complex waveforms for each of the transmitting 
antennas.  While this can be done in a variety of ways, it is usually performed with some 
sort of digital signal processing device.  Four candidate methods for this include: 
application specific integrated circuits (ASIC), field programmable gate arrays (FPGA), 
digital signal processing (DSP) devices, and microcontrollers.  The ASIC approach has a 
substantial nonrecurring cost associated with it, and for this reason can be impractical in 
cost sensitive, low volume, applications – and is not investigated in this paper.   
 
There are considerable resources available which describe the use of DSP chips to 
implement digital transmitters, so that will not be addressed here either.  In the particular 
application being investigated, there are reasonably severe constraints on the power 
consumption, and cost, of the final design.  This is another concern for the DSP chip 
approach, since DSP chips tend to consume more power, and often cost far more, than an 
approach using microcontrollers.   
 
The concerns listed above limited the decision of which approach to use, to FPGAs and 
microcontroller based designs.  The following paragraphs discuss the tradeoffs associated 
with these two approaches. 
 
Field Programmable Gate Array Designs   
 
Field programmable gate arrays are integrated circuits designed to be configured by the 
user.  They contain logic cells which can be connected in a variety of ways using a set of 
on-board interconnects which are programmed at the time the chip is powered up.  Each 
of these cells performs a variety of functions, which can also be programmed.  The 
parallel hardware allows FPGAs to handle higher data rates than sequential processors, 
which can be a significant advantage in high throughput digital communication systems 
[2].  Figure 1 illustrates a high level block diagram for an FPGA based MIMO system. 
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                                                                                       Data 
 

Figure 1  FPGA based MIMO system 
 

In an FPGA-based MIMO system, the FPGA generates data which is coded and 
modulated; and transmitted across a wireless channel. At the other end the received signal 
is demodulated and decoded to recover the data. 
 
While it is possible to implement a MIMO transmitter using FPGA, there are some 
significant hurdles which need to be overcome.  The FPGA are normally programmed 
using a hardware description language, such as VHDL.  While it is certainly possible to 
do this, many DSP algorithms can be coded and analyzed more quickly using a sequential 
process such as a DSP chip, or microcontroller.  The sequential processors can also be 
easier to debug, than code written in a register-transfer level language. 
 
Another concern is the amount of power required for an FPGA based design.  Others 
have also observed [3] that for many applications FPGAs consume more power than can 
be justified in many DSP applications.  Table.1 compares the maximum power 
consumption of various FPGAs and microcontrollers 

 
FPGA Family Maximum Power 

Consumption(mW) 

AT40KO5 Atmel 95 
XQ4000E Xilinx 28.8 
AT6000(LV)  Atmel 48 
AT40KAL  Atmel 33.6 

 
 
 
 

 
 
 
  

Table.1 Comparison between FPGA and Microcontroller power consumption 
 

Based on these observations, we concluded that a FPGA MIMO based transmitter would 
be reasonable in situations where power consumption, and the associated heat dissipation 
issues, were not a major concern.  Also, FPGAs would be a good choice where high 
throughput is required.  But there are a number of problems where low power, and low 
data rates are both called for, which motivated us to look for alternative solutions. 

Microcontroller Family Maximum Power 
Consumption(mW) 

AT89C51 Atmel 7.6 
LH7A404 NXP  5.2 
87C52 Intel 8.32 
AT32AP7000 Atmel 20.8 

Field 
Programmable 

Gate Arrays 

Coding 
And 

Modulation 

Demodulation 
And 

Decoding 

Data 
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Microcontroller Based Designs 
 
Microcontrollers are widely used in embedded designs, and there is interest in using them 
for for DSP based applications also [4].  As the size and complexity of microcontrollers 
continue to increase, so does their ability to handle the complexities of DSP algorithms.  
Since many system designs already have provisions to include a microcontroller, we were 
interested in investigating the possibility of using the same processor to perform the 
calculations required in a MIMO based transmitter. 
 
Many microcontroller based systems are designed to perform parallel processing, or 
multitasking.  This allows the designer to compartmentalize the functionality of the 
design.  This also has the advantage of making it easier to integrate a DSP based 
algorithm into existing microcontroller code [5]. 
 
Figure.2 represents a high-level block diagram of a typical microcontroller-based MIMO 
system. 
 
 
 

                          Coding And Modulation 
                      Data                                                                    

                                                                                  
 
 
 
 
                                                                                                  
     

 
Figure 2  High-level Block Diagram of Microcontroller-based MIMO system 

 
The microcontroller is connected to memory, peripheral ports and an oscillator. The 
peripheral ports are a way to connect to the outside world i.e. to perform external 
processes. In a microcontroller-based MIMO system, the microcontroller can be used to 
either generate the data based on measurements, can generate test signals to measure the 
performance of the system, or it can accept data from an outside source for transmission.  
The microcontroller must implement the coding and pulse shaping operations [6] needed 
for transmission before sending the data to the digital to analog converters (DAC).  
Figure 2 illustrates a 2-transmitter MIMO system, although it could be extended to more 
transmit antennas if the processor has the necessary computing power to keep up with 
both the modulation operations, and the other tasks which it must perform in the system. 
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At the receiver’s end demodulation and decoding are carried out to extract the transmitted 
data. But as described in Table.1, this process of generating signals using a 
microcontroller as a source exhibits lower power consumption. 
 

 
BLOCK DIAGRAM DESCRIPTION 

 
Figure 3 gives a detailed block diagram of a microcontroller-based MIMO system 
Transmitter. The components of the design are described below 
 
Microcontroller 
 
The application requirement for low power consumption is fulfilled by the use of 
microcontroller.  The particular controller intended to be used in this application is 
powered off of a 1.8 volt buss, and is intended for use in power constrained applications. 
 
The design in Fig. 3 uses two microcontrollers.  This may be necessary if the computing 
load is too heavy for a single process to keep pace.  The input data is supplied to one of 
the controllers, which will pass it along to the second device through a general purpose 
I/O port (GPIO).  The processors can then work in parallel to generate the necessary 
waveforms for transmission. 
 
Crystal Oscillator 
 
A crystal time based is needed for each of the processors.  The signals generated by the 
processors need to be synchronized, however this synchronization requirement is not so 
severe that the processors need to have synchronized clocks.  So for simplicity of design, 
it is assumed that each processor will have an individual time based dedicated to it, and 
the time bases will run asynchronously. 
 
DMA controller: 
 
One of the challenges of a microcontroller based DSP design, is moving data from the 
controller’s memory to the digital to analog converter without consuming an inordinate 
amount of processor resources.  This design accomplishes this task, by using processors 
which have direct memory access (DMA) capabilities.  The DMA will allow the data to 
be transferred from processor memory to the DAC consuming a minimal amount of 
processor time. 
 
However there are some challenges associated with a DMA based approach.  There are a 
limited number of DMA ports on processors.  This was part of the motivation for 
considering designs with multiple processors, since each processor will need to generate 
both in-phase (I) and quadrature phase (Q) digital signals – consuming two DMA ports 
for each transmitted signal in the MIMO system. 
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Figure 3  Microcontroller Based MIMO system Transmitter 
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Another challenge is that the DMA controller has a very specific format in which it 
generates the output signal, such as a universal asynchronous receiver/transmitter 
(UART) data bus.  This does not always interface cleanly with the DAC used, and may 
require the addition of interface, or glue, logic. 
 
Digital to Analog Converter 
 
The generated data needs to be converted into an analog signal before transmission.  
There are two DAC required for each transmitted signal, to accommodate the I and Q 
baseband signals.  To provide an easier interface to typical microcontroller DMA 
controllers, a serial digital interface DAC was selected.  A typical DAC of his nature is 
described in Fig. 4. 
 
                                                                                                  GND 
   
                                       NC                                                                    
 
                                       NC                                                                      SCLK 
 
                                                                                                              
 

 
Fig.4 Pin Configuration of DAC 

 
The data transmitted by the microcontroller is used as an input by the DAC via .The 
power supply  is provided by the power supply block. Some of the other inputs that 
must be driven by the processor include a serial clock, and a frame synchronization 
signal. 
 
Glue Logic 
 
The microcontroller is connected to the DAC via a UART.  Unfortunately, the UART 
interface does not directly supply the signals necessary for a serial DAC interface.  For 
this reason, a glue logic block was inserted, to perform the necessary signal conversion.  
This block will generate the serial clock (SCLK) and frame synchronization ( , 
signals required by the DAC serial interface.  Figure 5 illustrates the glue logic block 
interface.  
 
 
                                                                                                       
                                     Input from UART 
                                                                                                      SCLK 
                                                                                                                                                    
 

 
Figure 5.  GLUE Logic Block Diagram 
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Quadrature Modulator 
 
One can perform quadrature modulation on either digital or analog signals.  In MIMO 
application investigated in this paper, the modulation is performed using analog signals, 
directly on the RF carrier.  The analog signals generated by the DAC are passed to a 
quadrature modulator hybrid circuit, which mixes (multiplies) each of them by quadrature 
sinusoidal carriers, as shown in Figure 6.  
 
 
 
 
 
  

                                                                                                 
 
 
 
 
 
 
 
 
 
 

 
Figure 6.  Block diagram of Quadrature Modulator 

 
The carrier signals are provided as an input to the quadrature modulator by the PLL. One 
of the inputs from the PLL is directly used and the other signal is phase shifted by 90º. 

 
Phase-Locked Loop (PLL) 
 
A phase locked loop is used to generate the RF carrier in this system.  Since it can be a 
challenge to stabilize a high frequency carrier, the PLL is locked to a lower frequency, 
crystal, time base.  The microntroller will program the PLL upon power-up, to set the 
factor by which it will divide the RF carrier, before comparing it to the lower frequency 
crystal time base.  A power splitter at the PLL output will couple the signal to the 
quadrature modulators. 
 
RF Amplifier 
 
The final step before transmission, will be to pass the modulated signal through an RF 
amplifier.  The power level required for these amplifiers will depend on the data rate, 
required error rates, and distance the signal must travel.  In the target design, reasonably 

 

 

 
Phase-shifter 

Inputs from PLL 

Inputs 
from 
DAC 

Goes to RF 
Amplifier 

Quadrature Modulator 
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low power amplifiers are used since we are only interested in validating the functionality 
of the microcontroller based baseband processing state. 
  

 
CONCLUSION 

 
The architecture of a microcontroller based MIMO transmitter was discussed.  This 
design is being investigated as an alternative to ASIC, FPGA and DSP processor based 
designs.  The hope is that the microcontroller based design will provide a lower cost 
solution, and also a lower power solution, than the competing technologies.  In addition, 
the microcontroller based approach may be easier to integrate with existing embedded 
systems which already incorporate a microcontroller in their design.  One of the 
significant drawbacks of this approach, is that we anticipate a lower data rate, due to the 
limited throughput of the microcontroller.  This is alleviated somewhat by the use of 
DMA techniques. 
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ABSTRACT 
 
This paper investigates the use of shaped offset quadrature phase shift keying (SOQPSK) signals 
in multiple-input multiple-output (MIMO) communication systems.  The goal is to integrate 
commonly used receiver architectures for conventional single-input single-output (SISO) 
systems into a corresponding MIMO system.  The benefits of improved spectral efficiency are 
juxtaposed against the increased receiver complexity.  Bit error rate performances for the SISO 
and MIMO architectures in a multipath environment are compared and conclusions regarding 
trade-offs between signal to noise ratio (SNR) and spectral efficiency stated. 
 
 

INTRODUCTION 
 
Shaped offset quadrature phase shift keying has become a highly popular modulation format in 
the telemetry industry since its introduction in 2000 by Terry Hill. Better spectral containment 
than most Continuous Phase Modulation (CPM) techniques, near perfect constant envelope, 
backward compatibility with Offset-QPSK legacy systems [1] etc. are some of the reasons 
behind this modulating scheme becoming increasingly popular in the past decade.  
 
The newer telemetry group version of SOQPSK (SOQPSK-TG) delivers better spectral 
containment than the previous one (MIL –STD SOQPSK) due to the filtered shape and longer 
duration of the frequency pulse [1]. The MIL-STD version has a rectangular frequency pulse 
lasting one bit period while the TG version has a root cosine filtered frequency pulse lasting 8 bit 
times. As a result, the phase transitions are extremely smooth and spectral containment at -70 
dBc and lower is achieved [1]. However, the longer pulse width and the filtering results in sub-
optimal performance with conventional OQPSK receivers. As a result, high complexity receivers 
had to be used for optimal detection. However, complexity reduction techniques as defined in 
[2], [3] etc. aim to resolve this problem while approaching optimal Bit Error Rate (BER) 
performance limits.  
 
Current research is mainly focused on lowering the SNR requirement while reducing the receiver 
complexity at the same time [2], [3], [4]. However, given the defined spectral (and thus, the pre-
coding and frequency pulse filter) characteristics for SOQPSK as per the IRIG-106 standard [5], 
greater spectral efficiency is not possible. While low power and low complexity are essential to 
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keep operating costs down, the major challenge facing the telemetry industry as a whole is 
bandwidth constraints. We propose multiple input multiple output (MIMO) systems as the 
solution to improve spectral efficiency while conforming to the IRIG-106 standard. The purpose 
of this document is to present an up-gradation of single input single output (SISO) systems to 
MIMO systems while using conventional SOQPSK modulators and demodulators 
 
MIMO systems use at least 2 transmitting and receiving antennas to increase the reliability or 
throughput of the communication system. They exploit the inherent multipath character of 
channels to transmit and receive multiple data streams using the same spectral region as that 
assigned to a single data stream [6]. 
 
This paper investigates the performance of a MIMO implementation of SOQPSK signals. The 
primary focus is on juxtaposing the added complexity against the improved spectral efficiency. 
We address the inherent problems of MIMO systems viz. channel estimation errors, rate of 
change of channel matrix and spatial cross-talk among others. We also compare the SISO and 
MIMO systems in a multipath environment for different channel models.  
 
 

SOQPSK MODULATION FORMAT 
 
Fig.1 shows a functional block diagram of an SOQPSK Modulator.   
 

 
 

Fig.1 SOQPSK Modulator 
 

 
The data stream ( )u t  into the SOQPSK Modulator is an NRZ stream ( +1).  The binary data is 
fed into a pre-coder whose ternary output is obtained as: 
 

 1
1 2

1 ( 1) ( )
2

i
i i i iu u uα +

− −= − −  (1) 

 
Where iα  is the current ternary symbol, iu  is the current NRZ bit, 1iu −  and 2iu −  are the previous 
NRZ bits. [7] 
 

{ }1,0, 1iα ∈ + −  but the symbol value never transitions from +1 to -1 and vice versa. Thus, the 

phase shift is limited to 90  every time the symbol transitions.  
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The ternary data is filtered using a spectral raised cosine filter for the SOQPSK-TG versions: 
 ( ) ( ) ( )h t g t w t= ⋅  (2) 
Where 

2
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s s

s s
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 −
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 > + 

 

 
sT  is the symbol period and the parameters 1 2, , ,B T Tρ  are varied for different versions of 

SOQPSK-TG [1]. As (2) shows, the impulse response of the filter is allowed to exist over several 
symbol times and hence is termed as partial response. The MIL-SOQPSK version instead has a 
rectangular frequency pulse lasting exactly one symbol period and hence termed as full-response. 
The partial response behavior of the frequency pulse ( )f t  while ensuring smooth symbol 
transitions and thus lowering the signal bandwidth, also results in Inter-Symbol Interference 
(ISI).  
 
The frequency pulse obtained is: 
 
 ( ) ( ) ( )f t A t h tα= ⋅ ∗  (3) 
 
The scaling constant A  is chosen such that a single frequency pulse provided to the integrator 
results in a phase shift of 90 . The output of the integrator ( )tφ  is used as the modulating signal 
for the phase modulator. The complex envelope of the transmitted signal with sE  as the energy 
per symbol is: 
 

 ( ) exp( ( ))s

s

Ex t j tT φ=  (4) 

 
The received signal ( )y t  is fed into a matched filter bank whose sampled outputs are: 
 

 
( 1)

1 1ˆ ˆ( , ) ( ) exp{ ( , )}
s

s

k T

k k k k k
kT

Z A y t j A dtα φ α
+

− −= −∫  (5) 

 
Where 1kA −  is the set of previously detected symbols and ˆkα  is the symbol the matched filter is 
matched to. The outputs kZ  are used to compute the branch metrics within the Viterbi algorithm, 
which efficiently implements maximum likelihood sequence detection [3]. 
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RAYLEIGH MODEL FOR MULTIPATH CHANNEL 
 

In a multi-path channel, time-delayed versions of the transmitted signal interfere with each other 
at the receiver. As each reflected or scattered path has a different gain and delay, the over-all 
effect of the channel is lumped into a single channel model. The model considered here is the 
Rayleigh channel model which assumes that a significant line of sight (LoS) component is absent 
and the number of reflections and scattered paths is large enough to sustain communication. The 
channel gain is given as: 
 
 ( ) ( ) ex p { ( )}c c ch t A t j tθ=  (6) 
 
where cA  is the complex channel gain that is a circularly symmetric Gaussian random variable 
with its variance being a function of the degree of multipath and cθ  is the phase shift introduced 
by the channel, uniformly distributed from 0 to 2π [8]. 
 
We will use a baseband equivalent model for the channel, and assume the signal bandwidth is 
narrow enough that the channel appears to introduce frequency flat fading. Thus, the received 
signal in the presence of additive white Gaussian noise ( )n t  is: 
 
 ( ) ( ) ( ) ( )cy t h t x t n t= ⋅ +  (7) 
 
  

2 2×  MIMO SYSTEM 
 

Fig. 3 shows the simplified block diagram of a 2 2×  MIMO system. 
 

 
Fig.  3  2 2×  MIMO system 

 
Where 1 2,x x  and 1 2,y y  are the complex envelopes of the transmitted and the received signals, 
respectively; mnh  is the channel gain from the thm  transmit antenna to the thn  receiver antenna.  
 
The input-output relation is given by: 
 
 Y HX η= +  (8) 
Where  
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1 2[ ; ]Y y y= , 
11 12

21 22

h h
H

h h
 

=  
 

,  1 2[ ; ]X x x= , 1 2[ ; ]n nη =  

With η  being additive white Gaussian noise vector. 
 
The received signals equations are: 
 
 1 11 1 21 2 1y h x h x n= + +  (9) 
 2 12 1 22 2 2y h x h x n= + +  (10) 
 
Thus, each receiver antenna receives signals from both the transmitting antenna. To cancel out 
this crosstalk, the receiver needs an estimate of the channel matrix which requires training 
sequences to be sent at regular intervals. Alamouti coded training symbols [9] are transmitted 
and a channel estimation algorithm is used to estimate the channel coefficients. Here, we use the 
Normalized Least Mean Squares (NLMS) algorithm [10]. 
 
The channel estimate H  calculated by the receiver is sent to the transmitter which pre-codes the 
MIMO transmitter outputs such that the revised transmitted signal vector is 1X H X−′ =   
 
The revised received signal vector is thus: 
 
 1( )Y H H X η−′ = +  (11) 
 
If the channel estimate is accurate, then the crosstalk caused by the 2 2×  channel is cancelled out 
and the received signal vector is: 
 
 Y X η′ = +  (12) 
 1 1 2 2;y x y x= =  (13) 
 
However, due to noise and the limitations of the channel estimation algorithm, the channel 
estimate is often erroneous and as a result, crosstalk distortion and Inter-Symbol Interference 
(due to the uncompensated filtering effect of the channel) corrupt the received signals [11]. 
 
If 
 H H ξ= +  (14) 
Then, 
 1( )Y H H Xξ η−′ = − +   (15) 
 1Y X H Xξ η−′ = − +  (16) 
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PERFORMANCE ANALYSIS OF SISO AND MIMO SYSTEMS 
(TIME INVARIANT CHANNELS) 

 
The spatial diversity exploited by the MIMO architecture for spectral efficiency has the principal 
drawback of additional receiver complexity required to carry out channel estimation. In this 
section we compare the bit error rate (BER) performance at different signal to noise ratios (SNR) 
of the following three schemes with the SOQPSK modulation format and the Rayleigh channel 
model: 
 

1. SISO-SOQPSK without channel estimation; 
2. SISO-SOQPSK with channel estimation; and 
3. MIMO-SOQPSK with channel estimation. 

 
Fig.4 shows the BER curves for the three schemes: 
 

 
Fig. 4 BER curves:SISO1 (without channel estimation), SISO2 (with channel estimation),MIMO 
 
As shown in Fig. 4, at low SNR the BER of a SISO system with channel estimation is worse than 
that of SISO system without it. This is because the heavily corrupted channel estimate shown in 
(6) results in more distortion than channel correction. The same is true for a MIMO system. 
However, with cross-talk being an added problem, at low SNR, the BER performance of a 
MIMO system is far worse than either of the SISO schemes. 
 
However, as SNR increases, the channel estimate becomes more accurate and is able to 
compensate for the filtering effect of the channel and, in case of the MIMO system, the cross-
talk. For the SISO system without channel estimation, the channel adds to the ISI produced by 
the frequency pulse filter and hence, its performance is inferior to the other two schemes. We 
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observe that while the MIMO system has a 1.2 dB gain at a BER of 1e-6 over this scheme, the 
SISO-with-channel-estimation scheme outperforms it by roughly 0.5 dB. This is due to the 
presence of cross-talk in the MIMO scheme. 
 
Thus, Fig. 4 proves that in a multi-path environment, the BER performance of a MIMO system is 
almost at par with that of a SISO system, channel estimation being implemented in both. Given 
that twice the data that can be transmitted in the same spectral width i.e. with twice the spectral 
efficiency, the cross-talk penalty of 0.5 dB at high SNR and 1.5 dB at low SNR seems to be a 
reasonable price to pay. 
 
 

TIME VARIANT CHANNELS 
 

The BER curves in Fig. 4 were calculated by analyzing several symbols sent over a time-
invariant channel. However, practical channels are time-variant i.e. the channel matrix changes 
constantly and as a result, the receiver must update its channel estimate at regular intervals. This 
is the second drawback of the MIMO architecture-data transmission has to be interrupted 
regularly to transmit training symbols for channel estimation.  This in turn reduces the 
throughput of the system. 
 
We model a time variant channel as a first order auto-regressive process, as illustrated in 
Figure 5, and by the equation. 
 

 1M MH aH Nσ−= +  (17) 
Where 

L  is the time index of each iteration in symbols.  i.e. the channel stays constant for L  
symbols 

MH  is the current channel matrix; 

1MH −  is the channel matrix during the previous time index; 
a   is the correlation between MH  and 1MH −  i.e. it is the correlation coefficient of channel 

change; 
2σ   is the variance of the noise matrix added to the channel matrix; and 

N   is a unit variance circular Gaussian noise matrix with the same dimensions as the 
channel matrix [11]. 

 
 

 
 

Fig. 5 Time Variant Channel Model 
 

σ

Delay 

N

1MaH − a

MH
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Thus, if a  is small then the channel is changing rapidly while if 2σ  is high then large amounts 
of uncorrelated distortion is being added to the channel. In either case, the probability of error 
increases rapidly if the channel estimate is not re-trained soon. 
 
 

PERFORMANCE ANALYSIS OF SISO AND MIMO SYSTEMS 
(TIME VARIANT CHANNELS) 

 
In this section, we compare the BER performance of the SISO and MIMO systems when channel 
estimation is carried out at different intervals. We also compare the spectral efficiency in terms 
of bits/seconds/Hz of the two systems.  
 
We assume that the channel matrix remains constant for at least 4L =  symbols after training. 
Fig. 6 and Fig. 7 show the BER curves for SISO and MIMO systems, respectively. 
 

 
 

Fig. 6 Channel Estimation at different intervals for SISO 
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Fig. 7 Channel Estimation at different intervals for MIMO 

 
As expected, the BER performance is worse when channel estimation is carried out every 8 
symbols as opposed to every 6 symbols-a penalty of roughly 1 dB is incurred in both the SISO 
and the MIMO cases. Since Alamouti coded training requires two symbols, the effective data 
rate is either 75% or 80% of the theoretical data rate depending on whether the training interval 
is 6 or 8, respectively. Thus, for a higher effective data rate, the training intervals must be 
increased but at the penalty of BER performance. 
 
Though the BER curves for MIMO are inferior to those of SISO, even with frequent training, the 
effective throughput is greater than that of a conventional SISO channel. Only when the channel 
changes so rapidly that training is required every 2 symbols, is this advantage of MIMO systems 
lost. 
 
If the number of multiplicative operations in demodulating each bit is considered as the measure 
of receiver complexity, a SISO system with channel estimation is 10% more complex than a 
conventional SOQPSK receiver while the same figure for a MIMO system is 25%. The cross-
talk penalty and the degree of added receiver complexity will vary according to the algorithm 
used for channel estimation. 
 

CONCLUSIONS 
 

The BER simulations carried out for SISO and MIMO systems under different conditions prove 
that a maximum BER penalty of 2dB is incurred when the SOQPSK format is used in the MIMO 
architecture. Conventional SOQPSK transmitter and receiver models can be integrated at the cost 
of 25% additional complexity to achieve almost double the spectral efficiency. The effective 
throughput varies according to the channel conditions. 
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ABSTRACT 
 
Multiple-Input Multiple-Output (MIMO) systems have at least two transmitting antennas, each 
generating unique signals.  However some applications may require three, four, or more 
transmitting devices to achieve the desired system performance.  This paper describes the design 
of a scalable MIMO transmitter, based on field programmable gate array (FPGA) technology.  
Each module contains a FPGA, and associated digital-to-analog converters, I/Q modulators, and 
RF amplifiers needed to power one of the MIMO transmitters.  The system was designed to 
handle up to a 10 Mbps data rate, and transmit signals in the unlicensed 2.4 GHz ISM band. 
 
Keywords:  Multiple-Input Multiple-Output Channels, Bandwidth Efficient Modulation, Scalable 
System Design, Field-Programmable Gate Arrays 
 
 

I. INTRODUCTION 
 

Multiple Input Multiple Outputs (MIMO) communication systems use multiple antennas at both 
the transmitter and receiver to increase data rates, or to provide more reliable communication 
than Single Input Single Output (SISO) systems [4].  The greatest improvement in performance 
occurs when the systems are used in rich multipath and fading environments.  It is a significant 
challenge to model these environments accurately, using analytically tractable mathematical 
models.  Software simulations provide more flexibility, but as with many problems, the true 
performance of the system is not known until a physical device is constructed and tested in the 
target environment. 
 
There is a need for a MIMO platform that is reasonably inexpensive, and can be easily 
reconfigured in the field to test a variety of space-time block codes.  It would also be helpful if 
the number of transmit antennas could be varied.  This paper describes the architectural design, 
and testing plan, for a modular MIMO transmitter.  The system can be configured to use an 
arbitrary number of transmit antennas.  The baseband processing is performed with a field 
programmable gate array (FPGA) device.  As its name implies, this device can be programmed 
in the field to produce arbitrary baseband in-phase (I) and quadrature phase (Q) signals.  This 
allows the end user to quickly alter the modulation and coding format used for the MIMO 
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system.  In addition, the transmitter can be configured to implement a SISO transmitter, a series 
of independent SISO transmitters, or it can implement beam forming algorithms and other 
modulation and coding schemes. 
 
The system is intended to work with data rates up to 10 Mbps, and is currently configured to use 
the 2.4 GHz unlicensed ISM band.   
 
The following section describes the architecture of each module in the system.  The testing plan 
for the modules is discussed in the next section, followed by a discussion of how the modules 
can be interconnected to form multiple SISO transmitters, beam forming transmitters and a 
MIMO transmitter. 
 
 

SYSTEM ARCHITECTURE 
 

The system is designed to use a set of identical modules.  Each module will drive one, and only 
one, of the transmit antennas.  A high level block diagram of the module is shown in Fig.1.  Data 
is fed into an FPGA, which performs the necessary coding and waveform generation operations.  
The FPGA may perform digital filtering, and arbitrary waveform synthesis.  Two digital 
waveforms are generated by the FPGA, and sent to the digital-to-analog converter (DAC).  The 
DAC output waveforms are then fed to a modulator, and the RF waveform sent through a power 
amplifier before being transmitted. 
 

 
Figure 1 Architecture of One Module 

 
The modulator uses an RF reference produced by a phase-locked loop device, which is in-turn 
controlled by a crystal time base.  This particular test bed is based on an Altera Cyclone II FPGA 
[5], which includes an embedded processor.  The processor will be used to not only filter, and 
code, the data – but can also be used to generate test patterns for testing the system, and pilot 
symbols for measuring the channel state information during transmission.   
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A more detailed block diagram is shown in Fig. 2.  Beginning from the left hand side, we see the 
FPGA is clocked by oscillator 2. The goal is to perform pulse shaping using digital signal 
processing algorithms in the FPGA. The target data rate is 10 Mbps, and we would like to have 
at least 10 samples per symbol, so the FPGA needs to be clocked at a rate of at least 100 MHz 
[2]. 
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Figure 2 Detailed Module Architecture 

 
 
The FPGA must generate two digital signals, and pass these to a pair of DAC to generate the I 
and Q baseband waveforms. These differential analog signals are then fed to signal conditioning 
electronics before being passed to the quadrature modulator. This was necessary in the design 
because the DAC selected generates a signal which is symmetric about found, whereas the 
quadrature modulator requires a single sided input. 
 
The I and Q signals modulate an RF carrier produced by a phase locked loop (PLL).  The PLL is 
stabilized by a crystal oscillator, labeled “Osc 1” in Fig. 2.  The ratio between the PLL output 
frequency and the oscillator is controlled through internal registers which are set by the FPGA as 
part of its power-up sequence. 
 
When multiple modules are used, it may be necessary to synchronize the PLL.  To accommodate 
this, the crystal oscillators are not connected directly to the PLL.  The two must be connected via 
an external jumper, and may be daisy chained if necessary. 
 
 

TRADEOFFS 
 
Three architectures were considered for the baseband signal processing in this device:  
programmable digital signal processing (DSP) devices, application specific integrated circuit 
(ASIC) design and FPGA.  The tradeoffs associated with these approaches are discussed below. 
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There are many inexpensive DSP devices available; however some of these may have difficulty 
maintaining the necessary throughput to meet the target data rate of 10 Mbps.  The data must 
undergo pulse shaping, which will require a sampling rate significantly higher than the data rate.  
High performance DSP devices have the necessary throughput, but this comes at a potentially 
substantial increase in cost and power consumption.  The lowest power consumption would 
come from an ASIC solution [3].  However there is substantial non-recurring development costs 
associated with this.  In addition, ASIC designs are inflexible, so it would not be possible to 
experiment with a large number of different coding and modulation formats.   
 
To achieve the necessary data throughput, while still keeping with a design that can be rapidly, 
and inexpensively, changed, we selected an FPGA approach [1].  The FPGA selected for this 
design allows a soft-implementation of a DSP core, which will simply the design process.  There 
are also a number of public domain cells which can be used to speed the development of the 
system.  The baseband processor will be implemented in VHDL, which will allow migration to 
an ASIC at a later date, should that be needed.  In some applications a FPGA may be useful for 
other parts of the system design, which will help minimize the overhead of adding a MIMO 
transmitter. 
 
The FPGA approach is not without drawbacks.  The FPGA design will consume more power 
than ASIC and low-end DSP solutions.  The unused gates on the FPGA will consume power, and 
the reasonably long interconnects on the FPGA will also increase power consumption.  But the 
flexibility of reprogramming the device, along with the ability to process data at the target rate, 
and the ability to implement other portions of the system design on the FPGA provide strong 
incentives for selecting this approach. 
 
The particular device selected can be programmed in either of two ways.  A JTAG interface 
allows a user to quickly inspect and program volatile memory.  We plan to use this during the 
development and testing phase in the laboratory.  Once some candidate designs have been 
developed, the device will be programmed using an asynchronous (AS) interface that allows the 
program to be stored into non-volatile memory, for loading on power-up. 
 
 

TESTING AND VALIDATION PLAN 
 

To verify the design, and also to help debug the coding and modulation algorithms to be 
analyzed, a number of test features will be built into the base modules.  The FPGA portion of the 
design should be reasonably low risk.  Some of the unused general purpose I/O pins will drive 
LEDs, which can be toggled by the user to indicate when particular portions of the code are 
executed.  There will be a number of low impedance outputs which drive the DAC, which will 
be brought to headers to allow easy connection of a logic analyzer.  In addition, the LSB and 
MSB of these outputs will drive LEDs, to allow the user to quickly observe when there is activity 
on the output data busses. 
 
We considered connecting the FPGA to the DAC through jumpers, which could be removed so 
the user could inject signals directly to the DAC.  However given the number of digital lines 
involved, the lower reliability of jumper connections in the final design, and what we anticipate 
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will be a reasonably low risk FPGA design, we elected not to use that approach.  Once the design 
has been validated, the LEDs can be removed from future implementations to help reduce the 
power consumption.  
 
The DAC can potentially inject a wide variety of imperfections that could impact system 
performance, including non-linearity and timing jitter or delays. To measure these effects, the 
DAC outputs will be brought to test points which will allow the connection of oscilloscopes, 
spectrum analyzers, and other test equipment. During initial testing, the FPGA will be 
programmed to generate sinusoids at the DAC outputs. Imperfections such as nonlinearities can 
then be measured through harmonic analysis of the output signals. The impedances will be 
selected so that it will be possible to also inject signals at this point.  Should the FPGA be unable 
to generate the signals required to test the remainder of the module, the DAC will be disabled 
and signals injected at the DAC outputs. 
 
In previous student projects, the phase locked loop has proved to be a challenging device to work 
with. The circuit design for the PLL chip is reasonably straight forward. However during power 
up the device must be programmed, so that the output frequency and power level will fall in the 
correct range for the quadrature modulator. To help observe, diagnose, and potentially overcome 
these problems, the serial communication link that connects the FPGA to the PLL will pass 
through headers/jumpers, and to test points. This will allow a logic analyzer to be connected to 
the FPGA output, to observe the sequence of programming bits sent to the PLL. Should the 
FPGA fail to generate the proper signals, the jumpers will be removed, and an external logic 
source will be used to program, or reprogram, the PLL. The output of the PLL will be passed 
through a power splitter, with one of the outputs going to a test point, and the other to the 
modulator.  This test point can be used to confirm the power level, and frequency, of the PLL 
output – along with measuring phase jitter, and other imperfections in the carrier signal. 
 
The quadrature modulator device cannot be probed; however its output will be split between the 
power amplifier, and a test point.  During testing, constant levels will initially be applied to the I, 
then Q, signals to verify that both sides of the quadrature modulator are functional.  This will be 
followed by sinusoidal signals on both I and Q, to essentially perform single side band 
modulation.  Phase and gain imbalances can then be measured by observing the unwanted 
sideband at the modulator output.  Finally, BPSK and QPSK signals will be generated, and their 
time domain and spectral domain signatures analyzed at the modulator output.   
 
Once the modulator output has been validated, the final test will be to observe the output of the 
RF power amplifier.  Initially sinusoidal signals of varying frequencies and amplitudes will be 
generated by the modulator, to verify the power level of the output.   In addition, spectral 
analysis will be used to measure the nonlinear characteristics of the power amplifier. 
 
 

CONNECTION OF MULTIPLE MODULES 
 
The modular design of this system allows it to be configured in a variety of ways.  In the most 
basic configuration, the boards can be used simply as independent transmitters, each operating 
on a different data pattern, as shown in Figure 3.  Each module will need to have jumper 
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connecting the oscillator output to the PLL input.  In this configuration, there will be no 
synchronization between the modules.  This would be appropriate if the modules were used with 
frequency division multiple access systems, or code division multiple access. 
 

 
Figure 3 Multiple SISO Transmitter Configurations 

 
In the multiple SISO operation, there is no centralized control of the transmit frequency of the 
various modules.  Each module references its carrier frequency to an on-board crystal oscillator.  
These oscillators drift with time and temperature, so the corresponding carrier frequencies will 
also not remain synchronized.  There are applications where it may be desirable to have all 
transmitters phase locked to the same reference oscillator.  This can be accomplished using the 
“PLLO” outputs from the modules.   
 
As shown in Figure 4, the crystal oscillator from the top module may be used to drive the phase 
locked loops of an unlimited number of other modules.  Each module contains a buffer amplifier 
which will reproduce a copy of the PLLI signal at the PLLO port.  By daisy chaining the 
modules together, all of them can be frequency locked to the same crystal oscillator.  There will 
be a phase shift introduced by the interconnecting cables, in addition to the buffer amplifiers.  
Perhaps even more importantly, when it comes to phase synchronization, there will be an 
unresolved phase ambiguity in the PLL of each module. 
 
Because of the issues listed above, it will not be possible to develop phase synchronous RF 
carriers on each of the modules.  However the common crystal time base should maintain the 



7 
 

modules in frequency lock.  In the configuration shown in Figure 4, the modules are still using 
independent data paths.  These could be connected together at the user’s discretion, to create a 
system which had frequency diversity. 
 
The final configuration, and the one for which the system was originally planned, is shown in 
Figure 5.  This is the MIMO configuration.  As with the previous arrangement, all of the modules 
are frequency locked to a common low frequency crystal time base.  It is not critically important 
that the top module’s time based be used for this, it should work equally well to use the time base 
from any of the modules. 
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Figure 4 Multiple SISO Transmitters with Synchronized Carriers 

 
The new feature in Figure 5 is that only one of the modules is fed the data to be transmitted.  
This module examines the data, to determine the waveform which it must transmit.  The module 
then sends the same data over the interprocessor (IP) data bus to the second module.  This 
module will use a slightly different algorithm for determining its transmitted waveform.  The 
details of the algorithms used will depend on the particular space time block code used.   
 
If there are more than two transmit antennas in the MIMO system, the second module will relay 
the data to the third, and subsequent, modules through a daisy chained interprocessor data bus, as 
shown in Fig. 5.  Each module will need to know which portion of the space time block code it is 
assigned to generate.   
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As an alternative, the interprocessor data bus could be used to send configuration information in 
addition to the data.  A framing protocol could be used, where in addition to the data bit to be 
transmitted, each processor would insert a digital word to indicate which part of the space time 
block code it is implementing.  The subsequent modules could then read this data, and determine 
which portion of the code it should implement. 
 
Another portion of the interprocessor communication must be a synchronization signal to 
indicate when each processor should begin transmitting a new symbol.  It is important that all 
modules begin, and end, the symbols at the same time.  The PLL bus only serves to synchronize 
the carrier frequencies, and would not normally be used for symbol synchronization. 
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Figure 5 MIMO Configuration 

 
 

CONCLUSION 
 
The paper presented an architectural description of a modular MIMO test bed.  Each module 
consists of a FPGA based baseband processor, frequency reference, PLL, quadrature modulator 
and RF amplifier.  The configuration of the modules will allow a system to be constructed as a 
series of SISO transmitters, a series of frequency-synchronized SISO transmitters, or a MIMO 
transmitter.  The system is scalable, so that an arbitrary number of transmit antennas can be used. 
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ABSTRACT

A MIMO radar system for target localization is presented which uses direct-sequence CDMA
(DS-CDMA) waveforms. The received DS-CDMA signal at each antenna is expressed directly
in terms of the target positions. The waveforms employed are Gold sequences, and hence are
not exactly orthogonal. A generalized successive interference cancellation (GSIC) approach
is used to resolve multiple scatterers and reduce clutter. Simulation results are presented
which suggest the capability to detect weak scatterers in the presence of clutter using the
cancellation method.
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INTRODUCTION

MIMO radar has leveraged advances in the wireless networking physical layer to improve
detection performance using spatial diversity [1, 2, 3, 4]. However, these systems typically
employ chirp or step-CW waveforms that are not compatible with wireless networking. Since
MIMO localization algorithms require exchange of waveform correlation information between
nodes, it would be more logical to “localize-while-communicate”, and use the same wave-
forms for both communication and target detection/localization. Furthermore, most current
MIMO radar algorithms use a pure detection approach in which the surveillance region is
broken up into cells. The presence of a scatterer is then tested for in each cell using a
conventional Neyman-Pearson criterion. However, the detection performance is reduced due
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to clutter from other scatterers. Hence, a pure estimation strategy, in which scatterer posi-
tions and number of scatterers are determined directly may yield better performance than
detection-based algorithms.

We propose to exploit the waveform and multipath structure in an Ad hoc CDMA wireless
network to localize-while-communicate. The scenario is shown in Fig. 1 with a half-duplex
network, in which three receivers and four transmitters employ direct-sequence CDMA with
a 10 mcps chip rate in a 2 km × 2 km area. The four scatterers present are assumed to have
physical dimension on the order of 30 m or less, corresponding to the chip resolution.

DS-CDMA MIMO RADAR SIGNAL MODEL

Consider the scenario in Fig. 1 with Nr receivers, Nt transmitters and Nq scatterers. The
positions of the l-th receiver, k-th transmitter and q-th scatterer are denoted xr

l ,x
t
k and xs

q

respectively. The signal at the l-th receiver is expressed following [1] as

rl(t) =
Nt
∑

k=1

Nq
∑

q=1

fl,q,ksk(t− dkq(x
s
q)/c− dql(x

s
q)/c) + nl(t), (1)

where sk(t) with support [nT, (n + 1)T ) is the DS waveform in the n-th signaling interval.
For DS-CDMA, the waveform is defined by

sk(t) =
L−1
∑

l=0

ck,lp(t− lTc), (2)

where p(t) is a bandlimited (e.g. raised-cosine) pulse and {ck,l} ∈ {−1, +1}L represents the
antipodal Gold sequence for transmitter k. The chip interval is chosen here as twice the
Nyquist sampling interval Tc = 2Ts, and the sequence interval satisfies T = LTc.

The receiver noise nl(t) is circular white Gaussian with spectral density 2N0. Here, syn-
chronous transmission and known transmitter/receiver locations are assumed via a combi-
nation of GPS and self-localization. Thus the distance from transmitter k to scatterer q
is dkq(x

s
q) = ||xt

k − xs
q||. We assume that the scatterers are sufficiently large that the path

gain coefficients fk,q,k are circular Gaussian (Rayleigh fading), and the TX/RX pairs are
sufficiently separated that these gains are likewise independent [4].

The signal rl(t) at each receiver is sampled at instants nTs and vectorized, yielding the
Ns = T/Ts sample long signal in [nT, (n + 1)T ) s.

rl(n) =
Nt
∑

k=1

Nq
∑

q=1

fl,q,k(n)sl,k(x
s
q) + nl(n), (3)

where sl,k(x
s
q) ∈ C

Ns corresponds to samples sk(nTs − dkq(x
s
q)/c − dql(x

s
q)/c) from (1) for

n = 0, 1, . . . , Ns − 1. Note that the scatterer gains fl,q,k(n) are assumed to be independent
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between packets. The noise vector is complex Gaussian, nl(n) ∼ CN(0, (2N0/Ts)I). The
problem is now to estimate the target locations xs

q using n = 1, . . . , Np DS-CDMA packets
received at the Nr receivers. However, this problem is well-known to be NP-hard, as seen
by rewriting eq. (3) as

rl(n) =

Nq
∑

q=1

Sl(x
s
q)fl,q(n) + n, (4)

where Sl(x
s
q) ∈ C

Ns×Nt is defined by

Sl(x
s
q) =

[

sl,1(x
s
q)sl,2(x

s
q) . . . sl,Nt

(xs
q)

]

. (5)

The channel gain vector is fl,q(n) = [fl,q,1(n)fl,q,2(n) . . . fl,q,Nt
(n)]T . The joint ML estimate

of scatterer positions and scatterer multipath gains is given by

x̂s, {f̂l,q} = arg min
x

s,{fl,q(n)}

Nr
∑

l=1

Np
∑

n=1

∣

∣

∣

∣

∣

∣

∣

∣

∣

∣

rl(n)−

Nq
∑

q=1

Sl(x
s
q)fl,q(n)

∣

∣

∣

∣

∣

∣

∣

∣

∣

∣

2

. (6)

The solution to (7) is an NP-hard problem, and is given by

x̂s = arg max
x

s
1
,...xs

Nq

Np
∑

n=1

Nr
∑

l=1

rl(n)HSl(X
s)

(

Sl(X
s)HSl(X

s)
)

−1
Sl(X

s)Hrl(n), (7)

where the composite signal matrix is Sl(X
s) = [Sl(x

s
1) . . .Sl(x

s
Nq

)]. The composite position of
the Nq scatterers is Xs = [xs

1 . . .xs
Nq

]. Unfortunately, even if the 2D position is quantized to

Nd values, the complexity of the maximization in (7) is O(N
Nq

d ), i.e. increasing exponentially
with the number of scatterers.

GSIC LOCALIZATION ALGORITHM

The most common approximation to the ML localization in (7) uses a Neyman-Pearson de-
tector [4], in which the surveillance region is divided into cells xc and then a test statistic
based on presence of a single scatterer, e.g. some metric of {rl(n),Sl(xc)} is compared to a
threshold. However, this detection approach ignores contributions from scatterers in other
cells thus artifically increasing clutter. Recent work in [5] approximates the ML estimator
for multiple scatterers or arrivals by sequentially localizing one scatterer at a time, and treat-
ing the remaining scatterers as colored Gaussian interference (APES algorithm). Additional
cancellation techniques (RELAX) are also employed in [5] to further sharpen scatterer loca-
tion estimates. The Instrumental Variable method is used in [3] for MIMO radar imaging to
similarly isolate contributions from each scatterer.

The algorithm here is based on successive cancellation approaches such as Matching Pursuits
[6, 7], and Generalized Successive Interference Cancellation [8, 9, 10] which were previously
developed for DS-CDMA applications. The GSIC algorithm for MIMO radar is given in Table
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1. The GSIC strategy is as follows. At step 1, it is assumed that only one scatterer is present.
The strongest scatterer is selected by maximizing the single-scatterer likelihood function over
xs. The contribution of this scatterer to the received waveforms is then cancelled from r1

l (n)
for all receivers l and packets n. The cancelled waveform r2

l (n) is then used to find the
next-strongest scatterer, again under the assumption that only one scatterer is present.
The number of scatterers is estimated using the Bayesian Information Criterion or similar
following [5, 11]. For GSIC, the BIC cost function can be shown to equal

BIC(q) = log(Λ(q))−
Nparam(q)

2
log(Nmeas), (8)

where Λ(q) is the log-likelihood of the measurements given q hyperparameters are present,
Nparam is the total number of real-valued parameters corresponding to q hyperparameters
and Nmeas is the number of real-valued measurements. For the GSIC algorithm, we have

log(Λ(q)) = −
1

2N0/Ts

Np
∑

n=1

Nr
∑

l=1

||rq
l (n)||2

Nparam(q) = q(2NtNrNp + 2), Nmeas = 4NsNrNp

. (9)

Eq. (9) corresponds to q2NtNrNp real-valued multipath gains in fl,q,k(n) ∈ C and 2q two-
dimensional position parameters xs ∈ R

2.

SIMULATION RESULTS AND CONCLUSIONS

An example simulation of the GSIC localization algorithm is shown in Figure 2. The ambi-
guity function F (xs)q at GSIC cancellation stage q as an image is depicted in Fig. 2 (a) with
pixel locations xs. This ambiguity function is an approximation to the projection matrix
metric in Table 1 and is defined by

F (xs)q =
Nr
∑

l=1

Np
∑

n=1

||rq
l (n)HSl(x

s)||2. (10)

Eq. (10) ignores the correlation among the Gold sequences used, but is computable very
rapidly via the FFT. Although the peaks due to the four scatterers are identifiable in Fig. 2
(a), there is a great deal of clutter. After 3 stages of the GSIC algorithm, the last scatterer
has a distinct peak in Fig. 2 (b), and the contributions of the first three scatterers are highly
suppressed. The estimated positions of the four scatterers are finally shown in Fig. 1 (“+”)
indicating accurate localization.

To conclude, the GSIC algorithm for MIMO radar allows the use of DS-CDMA waveforms
for simultaneous communication and localization. Initial simulation results indicate that the
algorithm can suppress clutter and enhance localization of weak scatterers.
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Initialize q = 1 number of detected scatterers

Initialize cancelled signal rl(n)1 = rl(n), n = 1, . . . , Np, l = 1, . . . , Nr

While BIC(q) > BIC(q-1)

x̂s
q = arg maxx

s

∑Nr

l=1

∑Np

n=1 rq
l (n)HSl(x

s)
(

Sl(x
s)HSl(x

s)
)

−1
Sl(x

s)Hrq
l (n)

For l = 1, . . . , Nr, n = 1, . . . , Np (Cancellation)

f̂l,q(n) =
(

Sl(x̂
s
q)

HSl(x̂
s
q)

)

−1
Sl(x̂

s
q)

Hrl(n)

rl(n)q+1 = rl(n)q − Sl(x̂
s
q)f̂l,q(n)

End for

q ← q + 1
Update Bayesian Information Criterion BIC(q)

End while

Table 1: GSIC algorithm for MIMO radar localization
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Figure 2: (a) Initial ambiguity function (b) After 3 cancellation steps
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ABSTRACT 
 

This paper investigates the performance of a multiple-input multiple-output (MIMO) digital 
communication system, when the transmitter is located on a spinning vehicle.  In particular, a 
2x2 MIMO system is used, with Alamouti coding at the transmitter. Both Rayleigh and Rayleigh 
plus line-of-sight, or Rician, models combined with a deterministic model to simulate the 
channel. The spinning of the transmitting vehicle, relative to the stationary receive antennas, 
modulates the signal, and complicates the decoding and channel parameter estimation processes. 
The simulated system bit error rate is the primary performance metric used. The Alamouti 
channel code is shown to perform better than the maximal ratio receiver combining (MRRC) and 
single receiver (2x1) system in some circumstances and performs similarly to the MRRC in the 
broadside case.  
 
Keywords:  Multiple-Input Multiple-Output Channels, Bandwidth Efficient Modulation, Fading 
Channels 
 
 

INTRODUCTION 
 
The problem considered in this paper is the evaluating the performance of a 2x2 Alamouti space-
time channel encoding scheme when the transmitter antennas are located on a spinning vehicle. 
Both Rayleigh and Rician channel models are investigated [1,2]. The geometry of the proposed 
problem is illustrated in Figure 1. The system consists of a two transmit antennas mounted on 
opposite sides of a spinning vehicle and two fixed receive antennas near a ground plane. To 
maintain independence of the channel coefficients, the antennas need to be separated by at least a 
few wavelengths. For this investigation the antenna separation at both the transmitter and 
receiver is fixed at 2λc, where λc is the wavelength of the carrier. The system performance is 
reasonably insensitive to increases in this distance. The frequency of the spinning vehicle is held 
constant relative to the vehicle’s axis of spin. The line-of-sight angle is measured from the 
vehicle’s axis of spin, which, for the purposes of this paper, is fixed in the horizontal orientation. 
We consider several cases where the line-of-sight angle is varied along an arc of fixed range at 
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0°, 45° and 90°. The vehicle is considered fixed in space, except for the spin, to isolate its effect 
in the results.    

 
 

 
Figure 1: Geometry of Communication Link 

 
The space-time channel encoding used in this project is a 2x2 Alamouti Code. The space-time 
code presented by Alamouti in his 1998 paper [3] gives a simple and intuitive method by which 
diversity at the transmitter can be created, as well as receive diversity. A graphic representation 
of the 2x2 Alamouti coding scheme used in this paper is shown in Figure 2.   
 
The Alamouti space-time code works by simultaneously transmitting the first symbol (so) from 
the first transmitter (Tx1) and the second symbol (s1) from the second transmitter (Tx2). Then, at 

t = t, Tx1 transmits the negative conjugate of the second symbol (–s1*) and Tx2 
transmits the conjugate of the first symbol (s0*). The scheme then follows the same pattern for 
all subsequent symbols, so that received signal can be represented by the equations in Equations 
(1-4). 

  (t)                                            (1) 

                              (2) 

                                                     (3) 

                          (4) 

Then at the receiver the Alamouti decoder recovers the transmitted data, by estimating the 
channel coefficients and combining received signals as shown in Equations (5, 6). 

         (5) 

               (6) 
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Figure 2: 2x2 Alamouti Coding 

 
 

CHANNEL MODEL 
 

The simulation used in this experiment implements a modified Rayleigh plus line-of-sight, or 
Rician distribution channel model. The Rayleigh distributed statistical representation of the 
channel was chosen to model the multi-path fading environment, and a time-varying 
deterministic component was added to include the effects of the vehicle spin in the line-of-sight 
and Rayleigh components of the model.  

 

The deterministic part of the channel model is split into two components. The first is calculated 
from the antenna radiation pattern. The line-of-sight angle shown in Figure3 is used to determine 
the radiation power relative to the maximum and this relative radiation power is applied as a 
time-varying channel coefficient at the receiver. This has the effect of adding an amplitude 
modulation to the received signal. This model assumes that the dominant Rayleigh scatters are 
local to the receiver, and therefore close to the line-of-sight, and that long range scattering is less 
significant. This is based on the antenna propagation pattern of the transmit antennas, which is a 
patch-type antenna that is strongly directional as well as symmetric about its normal [4].  
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The second component of the deterministic model also uses the line-of-sight angle to calculate 
the fading of the direct line-of-sight signal, which is also applied as a time-varying channel 
coefficient at the receiver. The calculations of these coefficients uses the path-length difference 
between the two transmit antennas and a given receive antenna to determine the phase difference 
between the two transmitted signals. This phase difference is then used to calculate the 
interference of the two signals at the receiver. The time-varying coefficients of the direct line-of-
sight channel at angles 90°, 45° and 0° can be seen in Figure 4. The frequency of rotation is 20 
Hz.   

 

 
Figure 3: Description of Problem Geometry 

 

The combination of the stochastic Rayleigh scattering model and the deterministic line-of-sight 
(LOS) channel model to produce a modified Rician channel model can be seen in Figure 5. A 
description of the method in which the different components are combined is given in equations 
(6) through (8) below:  

                                             (6)    

                                              (7) 

                                               (8) 

 

Here Xc represents the real part and Xs represents the imaginary part of the Rayleigh model. The 
angle α is the phase difference between the two transmit antennas. The indices i and j represent 
the corresponding transmit and receive antennas in the 2x2 system. 
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Figure 4: Line-of-Sight Fading Effect at the Receiver 

 

 
Figure 5: Channel Coefficients for Rayleigh + LOS Channel  
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RESULTS 
 

The performance of Alamouti space-time channel encoding with a spinning vehicle was 
evaluated through simulation. The simulation uses independent and identically distributed binary 
data which is then modulated using binary phase-shift keying (BPSK). Higher-order modulation 
techniques could have been uses, but BPSK was chosen because of it robustness since the 
performance of the Alamouti encoding is being evaluated and not the modulation technique. The 
data is encoded using the Alamouti space-time code described earlier. The encoded data is then 
multiplied by the time-varying channel coefficients and white Gaussian noise is added. The 2x2 
MIMO configuration requires four independent Rayleigh channel models. The deterministic 
portions are added to the independent channel models based on the channel relationship. The 
frequency of vehicle spin simulated is 20 Hz.  

 

The physical separation between the transmit antennas is fixed at 2λc and is the same for receive 
antennas. The simulation then creates an ideal channel estimation matrix which is used to decode 
and combine the received signals. Ideal channel estimation is used since the performance of the 
channel estimation technique is not under review. Evaluating the performance of typical channel 
estimation techniques in the same spinning system could be an area for further study. After 
combining and decoding according to the Alamouti scheme presented earlier, the simulation uses 
hard decision decoding to demodulate the BPSK signal. The result of the decoding and 
demodulation is then compared to the original data and the bit error rate (BER) of the system is 
calculated.     

 

As a baseline for later simulation, a spherically symmetric, or isotropic, antenna pattern was used 
for the transmitters located on the spinning vehicle at 45° LOS angle. The Alamouti scheme is 
designed to work in a Rayleigh scattering environment, so the LOS to Rayleigh Scatterer power 
coefficient (K) in the modified Rican model is set to 0. In Figure 6, the BER of the Alamouti 
scheme is compared to a maximal ratio receiver combining (MRRC) scheme and a single 
receiver 2x1 system. In the MRRC, and the 2x1 simulation, instead of transmitting the Alamouti 
encoded data the same BPSK modulated signal is transmitted from both transmit antennas. The 
Alamouti scheme performs similarly to the BER curves reported in the 1998 Alamouti paper for 
an un-spinning system. As expected the Alamouti results outperforms the MRRC and un-coded 
2x1 results.    

 

A patch-type antenna pattern is used [4], which is rotated along with the vehicle using the line-
of-sight angle to determine the channel coefficients. This has the effect of adding an amplitude 
modulation of the received signal and lowering the average received power proportional to the 
attenuation of the antenna pattern at that angle. In Figure 7, the BER result of a patch-type 
antenna is shown with a 0° LOS angle. The results are consistent with the results from the 
isotropic antenna except the curves are shifted up in SNR. This can be intuitively understood 
because at LOS angles near 0° the antenna pattern remains fairly constant as the vehicle rotates 
and the directional patch-type antenna attenuates the power of the received signal strongly at low 
LOS angles.   
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Figure 6: Baseline Results with Isotropic Antenna Pattern 

 

In Figures 8 and 9, the results from the patch-type antenna at 45° and 90° can be seen. The 
advantage of the Alamouti code over the MRRC receiver is diminished from 0° to 45° and from 
45° to 90°. At 90° the Alamouti scheme and MRRC receiver produce almost identical BER 
curves. The rotation of the vehicle in the broadside causes the received power to vary greatly 
from its maximum to minimum. In this case the received signal devolves into MRRC, and the 
transmit diversity advantage of the Alamouti code is lost. Importantly the Alamouti scheme 
doesn’t break when one transmit antenna is attenuated enough to be practically insignificant. 

 

A channel that includes a direct LOS component with the Rayleigh scatters also decreases the 
advantage of the Alamouti over the MRRC. The Alamouti scheme was created to work in a 
Rayleigh scattering dominated channel model so it receives very little benefit from the additional 
LOS component but the performance of the MRRC receiver is improved. The can be seen in 
Figure 10, where the LOS to Rayleigh Scatterer power ratio, K = 1, and the LOS of sight angle is 
0°. There is a several dB decrease in the Alamouti code performance versus the MRRC. 
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Figure 7: Rayleigh Fading Channel with 0° Line-of-Sight 

 

Figure 8: Rayleigh Fading at 45° Line-of-Sight Angle 
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Figure 9: Rayleigh Fading at 90° Line-of-Sight Angle 

 
Figure 10: Rayleigh + LOS at 0° Line-of-Sight with K =1 
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CONCLUSION 
 

The performance of a 2x2 MIMO digital communication system is evaluated and compared to a 
2x2 MRRC system and a single receiver system. The transmit antennas are mounted on opposite 
sides of a spinning vehicle. The metric of evaluating the performance is the simulated bit error 
rate over a range of signal-to-noise ratios. The Alamouti scheme was shown to perform as 
expected for an isotropic transmit antenna. For a patch-type directional antenna the Alamouti 
scheme is shown to outperform the MRRC and 2x1 systems for LOS angles 0° and 45°. For line-
of-sight angles closer to 90° the Alamouti schemes was shown to perform equivalently to the 
MRRC receiver. Both the Alamouti and MRRC systems outperform the single receiver at all 
line-of-sight angles.  
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ABSTRACT 
 

The goal of the project described in this paper, is to develop a platform for undergraduate 
engineering students to use in system analysis and design courses.  We chose to develop an 
inexpensive robotic platform.  The robot is intended to be autonomous, under the control of an 
on-board microcontroller.  In the first revision of the hardware, a three wheeled design will be 
used, with the intention of being used indoors, on smooth surfaces.  Students in their first year of 
college education will purchase the components, and assemble the robot.  After analyzing the 
baseline design, they will be encouraged to incorporate new sensors and actuators in the 
subsequent laboratory courses. 
 
Keywords:  System Design, Mobile Systems, Robotics 
 
 

INTRODUCTION 
 
One of the challenges the telemetry community faces, is locating new talent that has an interest 
in – and ideally experience with – system level design, integration, testing and evaluation.  
Traditional college level laboratories give students experience working with test equipment, and 
help them understand many of the engineering principles taught in lecture courses.  However 
narrowly focused laboratory experiments do not necessarily prepare students for system-level 
design.  Another difficulty with highly focused laboratory experiments is that while they may be 
a necessary part of a student’s education, many do not find them very motivating.  This can 
influence the attrition rate, and reduce the number of highly qualified individuals who will 
choose to complete their engineering studies. 
 
Many universities with science, technology, engineering and mathematics (STEM) emphasis 
have outreach activities intended to attract pre-college students into the STEM areas [1].  
Attitudes toward various careers are often formed well before students enter college.  The U.S. 
Education Department’s National Center for Education Statistics recently indicated that fewer 
than half of high school seniors were enrolled in a science class [2].  In 2006, the National 
Science Board reported that approximately one-third of 4th and 8th grade students, and even fewer 
12th grade students, could demonstrate proficiency in mathematics and science categories on 
assessment exams [3].  These statistics show that high school students lack interest and 
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motivation in these technical areas.  This trend, if left unchecked, could limit the amount of 
promising new talent available to the telemetry community. 
 
Pre-college education programs seek to promote interest in STEM careers by improving 
coursework, as well as encouraging participation in “hands-on” and extracurricular activities.  
One high profile program in this area is the FIRST Robotics Competition [4].  The goal of the 
project described below, is to address the same area, but with a lower price point that would 
make it available to a wide range of both pre-college programs and college-level laboratory 
courses. 
 
The project will provide students with a system-level design experience, using an inexpensive 
robotic car platform.  The high level project goals are to excite summer camp students in 
engineering, to easily implement laboratories in correspondence with the car that will teach 
engineering students real-life applications of basic electrical and computer engineering 
principles, and to create an affordable product for universities and students alike to purchase and 
create. The proposed robotic car solution which will be outlined in the following section would 
allow students to create a car that could map an environment, follow a given path, and sense 
different aspects of its environment. 
 
 

ROBOTIC CAR SOLUTION 
 
The robotic car solution developed in this project will use a variety of digital and analog 
electronics, along with sensors, motors, and mechanical actuators to perform various tasks.  
Students will gain experience identifying, assembling, using and destroying many the 
components that they will encounter later in their education and professional careers.  Hopefully 
this physical contact with the components will help them understand and visualize how systems 
operate – more so than being introduced to new components through the use of schematic 
drawing symbols.   
 
To insure the robotic platform is inexpensive, and portable, it will be powered by conventional 
AA rechargeable batteries.  Students will gain experience in characterizing the battery 
performance over a charge and discharge cycle, along with building a voltage regulator to power 
the remainder of the device.  Safety issues regarding batteries will also be addressed during the 
development. 
 
As currently envisioned, the car will have three wheels.  This design was chosen to keep the cost 
of the car as low as possible.  With three wheels, it will not be necessary to use a suspension 
system.  The two front wheels will be independently driven, while the rear wheel will be a free-
spinning roller or caster.  Each of the front wheels will be connected to a gear box coupled to a 
low power DC servo motor.  The motors will operate independently of each other, and can be 
driven in the forward or reverse directions through the use of dual H-bridges.  
 
The car will be able to sense the color of the surface it is traveling over, through the use of 
infrared (IR) sensors.  An array of IR sensors will allow the robot to perform line tracking tasks, 
and can also be useful to determine when it is crossing into a new area, or has reached a pre-
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determined boundary.  An optical sensor, such as those found in optical mice, will also be 
included on the underside of the car.  This will allow the car to determine its motion relative to 
the floor, but will not provide information on the color or texture of the surface.  Additional 
optical sensors may be placed around the perimeter of the car, for obstacle detection and 
avoidance. 
 
There are plans to include a 2-axis accelerometer on the car, to assist with inertial navigation.  
This may also also help to determine when the obstacle avoidance devices have failed.  One of 
the projects will use the IR sensors, mouse tracking sensors, and accelerometers to develop a 
map of the environment, which should allow the car to avoid obstacles in the future.  The variety 
of sensors will also give students experience with sensor data fusion, and the issues that come up 
when inconsistent measurements are made by different sensors. 
 
The platform will be controlled autonomously, using an embedded microcontroller, in other 
words it will not be remotely controlled by a person or computer.  The current plans are to use an 
8051 based system.  The primary communication, and programming, of the microcontroller will 
be through a universal serial bus (USB) connection, although wireless Ethernet, or other RF or 
IR communication links may be added in the future.  Figure 1 shows how the components of the 
robotic car solution will connect and communicate. 
 
 

 
Figure 1: Component Diagram of Robotic Car Solution 

 
 

 
The hardware and software design of the car will be open source.  In addition there will be 
unused I/O ports on the processor, and experimental space left on the printed circuit board, to 
encourage students to add sensors and actuators at a later date. 
 
To keep the cost low, the car will be designed to be used indoors on smooth surfaces.  This 
should be sufficient for both summer camp / outreach activities, and typical college-level 
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laboratory experiments.  The target price point for the components of the car is $125 to $150, 
which is approximately what a student would spend on a textbook for a class. 
 
There are a variety of platforms that provide somewhat similar functionality.  For example the 
inexpensive OWI Weasel Robot enable line following and obstacle detection, but do not have the 
sensor functionality to allow mapping and do not include an accelerometer for physics type data.  
Many preexisting solutions are either very expensive or do not have enough functionality to 
provide a variety of potential engineering laboratory implementations.  The following Table 1 
compares some existing robotic platforms to the platform developed within the scope of this 
paper.   
 
 

 

 
Table 1: Comparison of Robotic Platforms for Students 

 
 
As shown by this table, while some other designs such as the TekBot can compare in cost to the 
proposed design, it does not have the same variety of sensors that can be utilized for different 
laboratory experiments.  However, the TekBot solution does enable buyers to add in additional 
sensors for an extra cost.  Other solutions that have similar sensor functionality as the proposed 
solution do not compare in cost.  While developing the prototype for the robotic car, it was 
determined that developing an inexpensive design would be a high priority, so students would 
have the financial capability to afford the design.  By developing and implementing this new 
robotic car solution, sensors were able to be hand-picked to create an inexpensive yet feasible 
solution.  
 
 

Robotic Platform Line Following Obstacle Detection Mapping Sensors
Robotic Car Solution Yes Accelerometer Optical Sensor
Weasel Robot by OWI Yes Bump Switches N/A

Yes Bump Switches N/A
N/A Optical Sensors N/A
Yes I/R and Bump Sensors Optical Sensor

TekBot by Oregon State Univ. [5]
CEENBot by Univ. of Nebraska-Lincoln [6]
LabRat by Rolla Engineering [7]

Robotic Platform Controlled Charging Cost
Robotic Car Solution Self $125.00
Weasel Robot by OWI Self AA Batteries $23.00

Self $125.00
Remote $175.00

Self AA Batteries $175.00

Rechargeable NiMh

TekBot by Oregon State Univ. Rechargeable NiCad
CEENBot by Univ. of Nebraska-Lincoln NiMh or NiCd
LabRat by Rolla Engineering
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IMPLEMENTATION 
 

In order to formulate and implement this project solution, the first step was defined as to research 
and acquire the parts needed to construct the robot.  All of the sensors, motors, microcontrollers, 
and electrical pieces desired will be collectively chosen based on their electrical requirements 
and experimental capabilities.  
 
Next the design of the robotic car must be created as well as the printed circuit board for the car.  
Upon completion of these two tasks, the car must be put together and tested to make sure that it 
is capable of functioning.  Once the robotic car is connected, the cars functionality must be 
developed.  The first challenge is to interface the motors with the microcontroller to make sure 
the car can correctly navigate basic directions: forward, turning, and reverse. Next an algorithm 
will be developed and implemented that will enable the car to follow a black line on the ground.  
 
The next goal will be determining the motion of the robotic car.  The direction of movement for 
the car will need to be refined so that later, once a mapping algorithm is developed, it will be 
capable of creating an accurate map of the car’s surrounding environment. 
 
The last tasks that will need to be completed to implement this robotic car solution are 
development of the mapping and obstacle avoidance algorithms.  The mapping algorithm will 
make a map of the environment that the robot is in based on the direction that it is moving.  The 
obstacle avoidance algorithm will enable the robotic car to move around obstacles that it 
contacts. 
 
 

ASSESSMENT 
 

Projects such as this can provide a very educational experience that many students, giving many 
students a base knowledge they can hold onto and use while attempting to learn how the 
individual parts of the robotic car works.  Jumping into mathematical theory is not necessarily 
the best way to fully understand how an object works.  Summer camps can easily give a hands-
on and knowledgeable experience of how the pieces of a device works and this device was 
specifically created to be used in this type of situation.  Many people that find a career in 
technology found themselves taking apart and analyzing devices to better understand them at 
early ages.  This robotic car is easy enough to assemble that one does not need heavy 
understanding of each part, but also complicated enough to give them a  diverse learning 
experience.  One does not always have to know how each specific component of a device works 
as long as a working model is created which enables observation of the goal and duty of each 
part. 
 
The learning experience with this device does not end at summer camps however. As this robotic 
car uses devices used in modern equipment, students in Electronic Circuitry courses will find 
themselves using circuitry they have learned about in theory and potentially have not had the 
chance to test. The infrared detectors could individually be used in a laboratory to determine 
output differences based on what colored surface the detector is traveling over. The observable 
power needed for each individual device gives ample opportunity for different types of 
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experimentation. Learning how to read levels of supplied power and using different devices to 
lower the voltage supplied to different devices is a valuable lesson in itself.  

As shown, the robotic car takes several algorithms to perform its functions. One function that 
could be examined in a lab is the infrared detection function. The infrared detection function 
could be implemented by trial and error based on the positioning of the infrared detectors on the 
car. When trying to make an algorithm that would follow a colored line on a floor, it could take 
students several tries to develop an algorithm that can follow sharper turns based on which IR 
detector first noticed a change. Accelerometer functionality also has the potential to initiate a few 
more algorithmic optimization experiments or even some physics type experiments. The 
accelerometer is mainly used for obstacle detection, and students in a laboratory environment 
could differentiate readings that should result from the car hitting an object, and readings that 
should result from the car slowing down or decelerating to a stop. The difference in these 
situations are needed to be known when using the accelerometer within the mapping algorithm. 
All in all, a diversity of experiments can be created within the scope of this robotic car. 

 
 

CONCLUSION 
 
This paper described the motivation for, and initial design of, an inexpensive robotic car which 
can be used in pre-college recruiting activities, and university-level electrical and computer 
engineering courses.  The car will operate under the direction of an embedded controller, and 
will have a variety of sensors to provide it information regarding it’s environment. 
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ABSTRACT 
 

Telemetry receivers must typically be located so that obstacles do not block the signal path.  This 
can be challenging in geometrically complex indoor environments, such as factories, health care 
facilities, or offices.  An accurate method for estimating the paths followed by typical telemetry 
transmitters in these environments can assist in system planning.  It may be acceptable to provide 
marginal coverage to areas which are rarely visited, or areas which transmitters quickly transit.  
This paper discusses the use of the ant colony optimization and its application to the telemetry 
system planning problem. 
 
Keywords:  System and Mission Planning, Medical Telemetry Applications, Path Planning, Ant 
Colony Optimization. 
 
 

INTRODUCTION 
 
Many telemetry systems use multiple receivers to collect data from one or more mobile 
transmitters.  In environments with reasonably simple geometry or few obstructions, selecting a 
location for the receivers can be rather straightforward.  It becomes a bit more challenging when 
transmitters and receivers are both near ground level, where terrain other obstacles may block, 
attenuate, reflect, diffract or scatter the signal.  Geographic information systems can help 
evaluate the system design in these cases. 
 
However, there are a number of indoor telemetry applications, where the environment is 
geometrically complex.  Typical examples include health care facilities, offices and factory 
floors.  These areas may require a large number of telemetry receivers to obtain 100% coverage.  
In spite of that, complete coverage in many cases may not be required or may not be economical.  
There may be areas where transmitters are rarely located or through which they transit 
reasonably quickly.  Depending on the application, it may be acceptable to either tolerate an 
interruption in the data transmission, or install buffers and interweavers in the transmitters so the 
data can be recovered after one of these interruptions, or deep fades. 
 
To perform system level planning in these applications, it will be necessary to have a geometric 
description of the environment, an understanding of the transmitter and receiver performance 
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characteristics, a reasonably accurate channel model, and a description of the typical paths 
followed by the telemetry transmitters.  This last item is the focus of this paper. 
 
In many indoor applications, a telemetry transmitter may spend an extended time at one location.  
In health care settings, one might expect a transmitter to remain in a patient room or examination 
room for an indefinite period.  In a factory setting, an area used for storage may have transmitters 
which remain stationary for an extended length of time.  The system may need to insure that 
these areas are well covered by telemetry receivers. 
 
However, there may be areas where one expects transmitters to quickly pass.  A hallway or 
moving assembly line may be locations where a telemetry transmitter rarely remains for more 
than a few seconds.  And within these areas, there may be locations a transmitter almost never 
occupies.  For example, if a moving vehicle needs to negotiate a curve or corner – the speed of 
the vehicle will limit how close it can come to a wall or other obstacle. 
 
The goal of this project is to develop a software, or mathematical, model which can accurately 
predict the movement of telemetry transmitters in an indoor environment.  There will be a 
behavioral model, which indicates that transmitters typically remain in some areas for an 
extended period.  Then once the transmitter begins to move, it will do so because of desire to 
reach a particular destination.  The goal of this project is to predict the paths which the 
transmitter will most likely follow, in addition to modeling the number of transmitters in these 
areas. 
 
Once the behavior of the transmitters is understood, it will be easier to determine the most 
economical locations for the telemetry receivers.  In addition, the system designer, or the system 
design tools, can estimate the length of time the telemetry length will typically be interrupted. 
 
A variety of algorithms may be suitable for this application.  The remainder of this paper looks at 
the usefulness of Ant Colony Optimization (ACO) and some of its relatives such as the Elitist 
Ant System (EAS), Rank-Based Ant System (ASrank), and Max-Min Ant System (MMAS) for 
this problem.  Other algorithms which could be used, but which are not described here are 
rapidly-exploring random trees (RRTs)[2-4], memetic computing (MC)[5], and other versions of 
ACO such as fast ant system(FANT)[1], approximated non-deterministic tree search (ANTS)[1] , 
and ACO-GA[6-8], and ACO with a potential field[9].   
 
 

ANT COLONY OPTIMIZATION 
 

One way to perform path planning is by using the Ant Colony Optimization (ACO) algorithm.  
As the name implies, this approach simulates the behavior of a colony of ants.  These insects are 
able to accomplish very complex tasks that a single ant could not, because of their social 
interactions.  Some of these behaviors include division of labor, cemetery organization, brood 
care, and construction of nests [1].  However, the primary interest for this work is the colony’s 
foraging behavior. 
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Foraging ants are able to find the shortest route to a food source from their nest.  These ants 
randomly search until a food source is found and then deposit pheromone from the food back to 
the nest.  This pheromone trail attracts other wandering ants to the food source.  Gradually, the 
searches become more organized, and eventually, all the ants will converge on the shortest path. 
 
Dorigo [1] developed an algorithm to simulate this foraging behavior, the Ant System (AS), in 
1992.  The first step in the AS algorithm is to construct a search graph.  This graph consists of a 
series of interconnected nodes.  The ants may traverse the graph from node to node, only by 
passing over the interconnecting paths.  One of the nodes is designated as the nest, where ants 
will return food, and a limited number of other nodes are designated to contain food. 
 
Next, an initial pheromone is placed on all interconnects.  The pheromone level must be chosen 
carefully.  If the initial value is too low, then once the first ant finds a food source, all the other 
ants will quickly converge upon the path that particular ant used.  This path will most likely not 
be the shortest available.  In contrast, since ants only deposit a small amount of pheromone, if the 
initial value is too high, then the deposited pheromone trails to the food would have close to the 
same amount of pheromone that an unexplored area has.  Thus, an extensive search will continue 
until the initial pheromone levels decrease with time, or evaporate, enough to allow the ants to 
recognize the path to the food source. 
 
To optimize the rate of convergence, the initial pheromone intensity should be slightly higher 
than the estimated amount of pheromone deposited by the ants in one iteration.  This can be 
determined by the following equation: 

*0 f
m=τ  

Where: 
− τ0 is the pheromone intensity 
− m is the number of ants 
− f* is an estimation of the optimal value, or distance, of the shortest path for the 

function.  (For some complicated problems, it might be too difficult to estimate a 
value.  Therefore, trial and error with logical guesses a little on the larger side 
(better to be too large and waste computational time exploring than be too small 
and receive bad values) can be implemented for a few test runs.  This value 
should then be replaced with the shortest distance recorded from those tests). 

 
The ants start from their nest exploring the search space for an optimum solution.  The ants use a 
probabilistic selection when deciding which direction, or node, to visit next.  They take into 
consideration the quantity of pheromone and some heuristic information to choose their path.  In 
the traveling salesman problem (TSP), the heuristic information is the reciprocal of the distance 
between nodes.  Since all nodes are equally space for the telemetry system planning problem, the 
heuristic information is the reciprocal of the distance from the current node to the food location, 
not to the next node as in the TSP. 
  
Pheromone is placed on every path each ant takes.  When an ant chooses a certain path, the 
quantity of pheromone of that trail is increased and more ants will be attracted to that route.  
Over time, the pheromone level decreases, or evaporates, which causes the attraction to that path 
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to be weakened.  Eventually, if ants don’t follow a particular path to replenish its pheromone, the 
path will disappear.  This allows the colony to essentially discard unproductive paths.  After all 
ants have completed their tour, a fitness parameter is calculated for each ant.  There are two ways 
to evaluate this fitness: to allow only feasible solutions or to allow infeasible solutions but with a 
penalty. 
 
Problems typically have some sort of criteria or constraint.  Generally, the infeasible solutions 
with penalties are used in complicated problems in which it is difficult to stay within the 
constraints.  Instead of deleting an entire infeasible path and wasting all of that computational 
time, the path is kept, but the fitness value receives a penalty.  The penalty ensures that the ants 
will not consider this to be the best path found, but it also allows the ants to better explore that 
path to determine if there is something else that can be done to not be penalized. 
 
Infeasible solutions are also used for problems in which solutions found outside of the 
constraints would produce a poor fitness value even without a penalty.  In this kind of problem, 
the ants generally won’t step out of the desired bounds, and even if they do, it will be reflected in 
their fitness.  The ants will therefore learn to stay within the constraints so there is no reason to 
waste time in trying to prevent this from happening.  For mostly every other kind of problem, 
only feasible solutions are allowed. 
 
Once the fitness of each ant has been calculated, the pheromone is evaporated, and then, an 
additional amount of pheromone is deposited only on the interconnects that the ants traveled.  
The amount of pheromone added to these interconnects depends on the fitness values as 
explained in Implementing ACO.  The algorithm is then terminated when an acceptable 
predefined solution has been found, all of the ants have converged, or the predefined maximum 
number of iterations has been reached. 
 
An Elitist Ant System (EAS), Rank-Based Ant System (ASrank), and Max-Min Ant System 
(MMAS) can also be used.  The EAS is the same as the AS algorithm but provides additional 
pheromone to the interconnects that belong to the global-best ant’s tour.  This will typically lead 
to a better solution in a lower number of iterations than AS.  In ASrank algorithm, ants deposit an 
amount of pheromone that decreases with rank in which the global-best ant always deposits the 
most.  For MMAS, the only ants that can deposit pheromone are the global-best ant or the 
iteration-best ant.   
 
Using only the global-best ant can lead to premature convergence in MMAS.  The iteration-best 
ant allows for more exploration.  Therefore, a combination of the two can be used to allow for 
exploration and exploitation by having the global-best update periodically in which the 
frequency of the updates gradually increases over a number of iterations.  These methods of 
updating can cause all the ants to converge to one trail quickly which will usually lead to a sub-
optimal solution.  Therefore, a min/max limit of how much pheromone a trail can have is 
predetermined.  The initial pheromone trails are set near the upper pheromone limit with a small 
evaporation so that there is a large exploration of the search space at the beginning.  The 
pheromone trails are reinitialized when there have not been any improved tours over a certain 
number of iterations or when the pheromone trails exceed the min/max limit. [1]. 
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IMPLEMENTING ACO 

 
The search graph for the ACO algorithm is based on a physical environment.  This environment 
will typically have obstacles which the ants must avoid, or at least would prefer to avoid.  There 
are a variety of ways to describe obstacles, but for simplicity this work will use a regularly 
spaced grid, where each node is assigned a binary value.  If a node has a value of zero, then it 
will be considered an obstacle which no ant can traverse.  A node with a value of one will be a 
path that ants are allowed to travel.  The number of nodes in the grid must be chosen carefully, 
since a small grid may not be sufficient to model a particular environment, while a large grid will 
result in very long simulation execution times. 
 
Once the grid size is selected, and depending on if there are more free spaces or obstacles, the 
matrix should be initialized with either all ones or zeros respectively.  The other will then be 
entered in specific locations to create the obstacles or free spaces of the search space.  The outer 
perimeter of the terrain matrix should be set as an obstacle.   
 
The next step is to initialize the parameters: population size, initial pheromone intensity, 
pheromone decay rate, pheromone weight, heuristic weight, and max number of iterations.  
These parameter values are all chosen based on the goals and the problem.  If these values aren’t 
correctly optimized, then the ants might not find the optimal solution, and the ants might not all 
converge to the global-best ant’s path.  Generally, trial and error or an optimizing algorithm is 
used to optimize these values.  The current global-best ant’s fitness should also be initially set if 
EAS, ASrank, or MMAS algorithm is used.  This value should be initialized at infinity since no 
exploration has taken place, and therefore, no fitness has been calculated. 
 
The pheromone is initially placed on all possible interconnects.  A matrix is used for this 
representation.  The rows and columns of the pheromone matrix correspond with the rows and 
columns of the search graph matrix.  This is done by multiplying the terrain grid matrix by the 
initial pheromone intensity.  For this very reason, the obstacles were represented with zeros so 
that there would be a pheromone value of zero at their locations and all the clear spaces would 
have a pheromone value equal to the initial pheromone intensity value. 
 
For the tour construction, an ant completes one full tour before the next ant travels.  It’s 
important to set another pheromone variable equal to the current pheromone matrix before each 
ant starts its tour because this new pheromone variable, τ, will be changed after each step an ant 
takes.  The ant chooses its next step based on the probability of the surrounding matrix locations. 
 

∑ 























=
βηατ

βηατ

iuiu

ijij
ijp  

Where: 
− pij is the probability of traveling from i to j 
− i is the current node 
− j is the next node 
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− τ is the quantity of pheromone 

− η is the heuristic information, 
if

ij d
1

=η  

− f is the food location 
− α is the pheromone weight 
− β is the weight of the pheromone heuristic information. 
− u is the surrounding nodes 

 
If α is too low or set to zero, then little to no pheromone information is used [1].  The probability 
will be based only on the heuristic information.  This sort of greedy search can also happen if β is 
too large of a number.  Likewise, if β is too small or zero, only the pheromone information is 
used and the attraction to the food location will be weakened or negated.  The ants will randomly 
explore the search graph until the food location is found.  This usually takes more computational 
time and leads to sub-optimal solutions. 
 
Now that a probability value is calculated, there needs to be a way to choose the next node based 
on that information.  One way to do this is to place the probabilities of each node in an array.  
The last node value in a new array should equal the sum of all the values in the original array 
which will always equal one.  The next node under consideration is the second to the last node.  
This node should be the sum of all the probability values except for the last one in the original 
array unless the probability of this node is zero.  If zero, the probability for this node will equal 
zero.  This will continue until all nodes have been assigned a probability value in the new array. 
 
For example, given the 9 probability values of [0.05, 0.1, 0.05, 0.2, 0, 0.3, 0.1, 0.1, 0.1]; the new 
array would be [0.05, 0.15, 0.2, 0.4, 0, 0.7, 0.8, 0.9, 1].  In the simulation, a random number 
generator is used to produce a number between 0 and 1, and then a search is performed to find 
the first node of the new array that has a value above that level.  In the previous example, if a 
random number of 0.4789 is generated, then the ant should move to the node that corresponded 
to the output value of 0.7.  
 
Once the ant moves to its next location, the τ value of that location should be set to zero, to 
prevent the ant from choosing to stay at its current position when using the probability equation, 
and to prevent revisiting that node at a later time.  However, this can cause the ant to sometimes 
trap itself with a probability of zero for all surrounding nodes.  If this happens, τ should be re-
initialized to the current pheromone matrix.  If a position is revisited, then all steps from the first 
instance to the last repeated position needs to be removed since those steps didn’t help the ant get 
any closer to its goal.  Once all ants have completed their tour, the fitness of each ant is 
computed using the Euclidean distance formula: 
 

( ) ( )∑
=

−+−=
n

k
ifif kckckrkrL

1

22 )()()()(  

Where: 
− L is the total length of the tour 
− n is the total number of steps 
− rf(k) is the final row value for step k 
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− ri(k) is the initial row value for step k 
− cf(k) is the final row value for step k 
− ci(k) is the initial row value for step k 

 
The ant which traveled the least overall distance of a complete tour (has the smallest fitness 
value) will become the iteration-best ant.  Next, all pheromone will be decayed by the 
pheromone decay rate. 

( ) pheromoneratedecaypheromone *_1−=  
 
Pheromone will then be deposited only to the interconnects the ants traveled to by adding the 
reciprocal of the fitness to those pheromone positions. 
 

( ) ( ) ( )pathsantfitness
pathsantpheromonepathsantpheromone

_'

1
_'_' +=  

 
The AS algorithm terminates once an acceptable solution has been found; when all the ants have 
converged; or if a predefined maximum number of iterations have been reached.  The best path is 
then plotted for the user’s inspection.  However, for the EAS, ASrank, and MMAS, the iteration-
best ant’s fitness is compared to the global-best ant’s fitness at the end of each iteration.  If the 
iteration-best ant has a smaller fitness value than the global-best ant, then that ant becomes the 
new global-best ant and will be plotted when the algorithm terminates. 
 
 

SIMULATION RESULTS 
 

The results from some sample searches are illustrated in Figures 1-3.  The EAS algorithm was 
used for all the figures.  Only feasible solutions were allowed when determining the fitness.  As 
seen from Figure 1, if the actual pheromone is used instead of using τ which prevents revisits, 
and if all of the repeated positions of the path are remembered, then all of the steps, regardless of 
how useful they are, are deposited with pheromone.  The revisited positions are also given extra 
pheromone every time the ant traveled to it even if it was a “bad” move or even if it only needed 
to be traveled to once.  Figure 2 shows what the solution is with the use of τ.  It is also important 
to note that not only was the path “bunched up” in certain spots but also, because of the extra 
pheromone deposits in Figure 1, it found a worse path compared to Figure 2. 
 
Figure 3 demonstrates what happens when the EAS algorithm needs to be optimized better.  This 
path was caused by the heuristic weight being too large.  As mentioned earlier, if β is too large 
then the heuristic information guides the ants in a greedy search.  In this case, the ants can’t 
search far enough to the right because the heuristic information is giving it too small of a 
probability each time.  Even after an extended simulation run time, the first ant could not move 
past this general spot while searching for the goal.  Since this ant never found a solution, the 
other ants were never able to explore the terrain. 
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Figure 1.  Inefficient Path from Low τ Value 

 

 
Figure 2.  More Efficient Path by Using Appropriate τ Value 
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Figure 3.  Difficult Search Problem for large β 

 
 

Conclusion 
 
Biological ants converge on the shortest path.  This happens because as ants follow a shorter 
path, they are able to deposit pheromone quicker than by taking a longer path and over time this 
extra pheromone causes more ants to follow that path.  To represent this artificially, the ACO 
ants deposit pheromone based on the length of their tour.  By using this form of optimization, 
typical telemetry transmitters’ paths can be predicted.  These predictions can then be used to 
economically position telemetry receivers. 
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ABSTRACT 
 

Traditional angle of arrival algorithms operate with uniform receiver arrays. Non-uniform arrays 
typically introduce significant elevation of computation complexity. This paper utilizes the 
double-integration method for the accurate estimation of the angle of arrival with non-uniform 
receiver arrays, while maintaining high computation efficiency. Because of the simplicity, the 
double-integration method is not significantly affected by the increase of the number of receivers 
or the non-uniform configuration. This approach allows us to perform high-speed high-accuracy 
estimation of the two-dimensional bearing angle without the constraints of structured receiver 
arrays, which is important to the realization of real-time tracking of mobile acoustic sources. 
 
 

KEY WORDS 
 

Angle of Arrival (AOA), Non Uniform Arrays, Time Delay Estimation 
 
 

INTRODUCTION 
 
In order to explore deeper and harder to reach portions of the worlds oceans it is often necessary 
to rely on Autonomous Underwater Vehicles(AUV) to perform various tasks that are too 
dangerous or outright impossible for a human to perform. The missions can vary from 
performing operations on deepwater well-heads to, ocean floor mapping, or mine detection and 
removal. Each mission type relies on the AUV accurately knowing its position relative to a 
known reference point, for example, in the case of the oil well the AUV must know where it is 
relative to the oil well. Acoustical positioning systems are the most common way for AUV’s to 
determine their geospatial location [Mil83]. The key software component of the acoustical 
positioning systems is the angle of arrival (AOA) estimation technique. Traditional angle of 
arrival techniques fall into two categories: time delay estimation [Car81] and subspace 



 2 

techniques [Sch86]. Both angle of arrival techniques work best when the receiver array of the 
acoustical positioning system is of a uniform design. Requiring the receivers to be placed in an 
orderly fashion may not be feasible given the physical constraints of the vessel carrying the 
acoustical positioning system. Hence work has been done on expanding the existing angle of 
arrival techniques to work on non-uniform arrays. While these techniques can handle array 
geometries outside of the traditional uniform rectangular and uniform circular arrays, they often 
still place some constraints on the placement of the receivers or incur heavy computational costs 
due to the non-uniform nature of the array. This paper will show that the double integration 
method first developed for a particular homing and docking system can be modified to work on 
non-uniform arrays [Utl06]. In addition the work will show that as the number of receivers 
increase the double integration method incurs a much smaller, versus traditional methods, 
computational cost penalty. 
 
 

BACKGROUND 
 
Acoustical positioning system relies on a transponder in a known position transmitting a known 
signal. When the signal from the transponder reaches the receiver array it is possible to use the 
signal on each receiver to estimate a direction of arrival. If the transponder is far from the 
receiver array, then the incident wave can be assumed to be planar. It is assumed that the receiver 
array lies in the two dimensional plane defined by the x and y axes. The transponder lies 
somewhere in three-dimensional space and is assumed to be much further away from the center 
of the array than the largest difference between any two receivers. The far field approximation 
produces the assumption that the wave incident on the receiver array is planar and thus all of the 
received signals can be modeled as: 
 

€ 

xi n[ ] = s n −Di[ ] + vi n[ ]  (1) 
 
Where xi is the ith receiver and Di is the ith sample delay determined by the location of the 
receiver and the location of the transmitter. It is common to define the sample delay for a 
particular signal as referenced to the first receiver.  For this argument the delay will be relative to 
an imaginary receiver placed at the origin. While this notation may seem a bit unnecessary it will 
help simplify the derivation for the random array later in the paper. Since each delay is 
referenced to the imaginary receiver at the origin it is now possible to calculate each sample 
delay by first deriving the time delay and then dividing by the sampling rate of the analog to 
digital converter. The time delay is the difference in distance from the origin to the transmitter 
and the ith receiver and the transmitter divided by the propagation speed. The difference in travel 
distance can be shown to be the inner product of vector to the receiver and transmitter vector, 
resulting in: 
 

€ 

τ i =
1
c xi ⋅xs +yi ⋅ys( )

 
 (2) 

 
Where c is the propagation speed of sound in the medium, for this paper water. Dividing this 
equation by the sample rate, fs, produces the sample delay shown in equation (3). 
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€ 

Di =
1
c⋅ fs

xi ⋅xs +yi ⋅ys( )
 

 (3) 

 
Knowing all of the sample delays and receiver positions allows for the calculation of the angle of 
arrival. Placing the transducers can have a big effect on the type of angle of arrival estimation 
that can be used and corresponding computationally efficiency. 
 
The most common and simplest to use geometry is the uniform linear array. We are most 
interested in 2-D angle estimation, azimuth and elevation, and as such a uniform linear array 
would consist of one ULA placed along the x axis and another placed along the y axis.  A logical 
extension of the ULA is to place the receivers on a uniform rectangular spacing, this array is the 
uniform rectangular array, the final uniform array is the circular array, which has the M receivers 
evenly spaced in angle at a given radius lying in the xy plane. 
 
All of these arrays require the receivers be placed in very particular locations and this can be in 
direct conflict with shape of the vessel upon which the array is being placed. Recent attempts  
have been made to do angle of arrival on sparse rectangular arrays where the spacing is still 
uniform but certain receivers have been removed and even more recently there has been much 
work done on interpolating truly random arrays to uniform virtual arrays that can then be used to 
estimate the angle of arrival [Ger10]. The double integration method presented in the next 
section can estimate the angle of arrival on a truly random array without the need to interpolate 
to uniform virtual array. 
 
 

DOUBLE INTEGRATION METHOD 
 
The double integration method was first introduced in [Doo04, Utl06] to solve a very particular 
homing and docking system and as such the original formulation was for a two-element array. 
The algorithm will be re-derived here to take into account the additional receivers that exist in 
the acoustical positioning systems mentioned in the previous section. The algorithm is broken 
down into four key pieces: channel equalization, channel weighting, double integration, and final 
value to angle conversion. These four steps will be covered in this section. 
 
The first step of the double integration method is channel normalization. Channel normalization 
seeks to correct amplitude differences between the various M channels. These amplitude 
variations can be cause by channel fading or variations in the amplifiers of each receiver but 
irrespective of the cause a mismatch in channel amplitudes can cause significant errors in the 
double integration method and hence must be corrected. To accomplish the normalization each 
received signal is divided by a correction term giving: 
 

€ 

˜ x i n[ ] =
s n −Di[ ] + vi n[ ]

ci
  (4) 

 
Where the correction term is given by equation (5). 
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€ 

ci = xi n[ ]
n=1

N

∑  (5) 

 
The next step in this version of the double integration method involves weighting each channel 
and then summing all the channels. In the original work of the double integration method there 
were only two receivers and the weights were positive and minus one but a more detailed 
weighting algorithm must be used in the case of M receivers. While many different types of 
weights could be used, this paper will use a weighting based on the location of each receiver. In 
order to calculate the weight each receiver will receive it is first necessary to determine the 
geometric center of the array. The center of the array is defined by two values shown in 
equations (6) and (7). 
 

€ 

mx =
1
N

xi
i=1

N

∑  (6) 

€ 

my =
1
N

yi
i=1

N

∑  (7) 

 
With the centroid of the receiver array calculated, the receiver positions will now be represented 
by their centered positions shown below in vector form: 
 

€ 

ˆ r i = xi −mx yi −my 0  (8) 
 
With these center receiver vectors it is now possible to define the weights as: 
 

€ 

wi = ˆ r i ⋅ e j*γ i

 (9) 
 

Where gamma is defined as the angle of each receiver vector, shown below as: 
 

€ 

γ i = ∠ ˆ r i  
(10) 

 
With the weights defined for each channel it is necessary to multiply each corrected channel 
vector by its respective weight. All of the weighted channels are now summed together to 
produce a single vector that will be processed by the double integration method to produce an 
estimate of the azimuth and elevation angles. The vector to be used by the double integration 
method is shown below: 
 

€ 

l n[ ] = wi ⋅ ˜ x i n[ ]
i=1

M

∑  (11) 

 
The vector shown above is then integrated a single time, shown next: 
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€ 

l1 n[ ] = l k[ ]
k=1

n

∑  (12) 

 
The result from (12) is integrated a second time and this is represented in (13). 
 

€ 

l2 n[ ] = l1 k[ ]
k=1

M

∑  (13) 

 
An analysis of the double integration method shows that assuming that the weighting functions 
are chosen wisely the final value is equal to: 
 

€ 

l2 = wi ⋅ τ i
i=1

N

∑  (14) 

 
Now taking the final value of the double integration and plugging in the weights defined above it 
is possible to show that the final value is equal to: 
 

€ 

l2 = ˆ r i ⋅ e j*γ i ⋅ τ i
i=1

N

∑  (15) 

 
Simplifying the above equation gives: 

 

€ 

l2 =
1
c

ˆ r i
2
⋅ cos2 γ i( )⋅ xs

i=1

N

∑ +
1
c

ˆ r i
2
⋅ cos γ i( )⋅ sin γ i( )⋅ ys

i=1

N

∑

+
j
c

ˆ r i
2
⋅ cos γ i( )⋅ sin γ i( )⋅ xs

i=1

N

∑ +
j
c

ˆ r i
2
⋅ sin2 γ i( )⋅ ys

i=1

N

∑
 (16) 

 
Now define the following known constants: 
 

€ 

A = ˆ r i
2
⋅ cos2 γ i( )

i=1

N

∑  (17) 

€ 

B = ˆ r i
2
⋅ cos γ i( )⋅ sin γ i( )

i=1

N

∑  (18) 

€ 

C = ˆ r i
2
⋅ sin2 γ i( )

i=1

N

∑  (19) 

 
Which allows the final value to be represented by: 
 

€ 

l2 =
1
c
⋅ A⋅ xs + B⋅ ys + j⋅ B⋅ xs + j⋅ C⋅ ys( )  (20) 
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It is now possible to break the final value shown in equation (20) into its real and imaginary 
components. The real and imaginary equations, shown in equations (21 & 22), represent a two 
equation two unknown linear system that can be solved.   
 

€ 

real l2( ) =
1
c
⋅ A⋅ xs + B⋅ ys( ) (21) 

€ 

imag l2( ) =
1
c
⋅ B⋅ xs +C⋅ ys( ) (22) 

 
The variables A, B and C are known as long as the geometry of the receiver is known. Thus xs 
and ys are the only two unknowns and there are two equations allowing for a solution of the two 
unknowns to be found. The equations for the two unknowns are the following: 
 

€ 

xs =
imag l2( )⋅ B − real l2( )⋅ C

B2 − A⋅ C  (23) 

€ 

ys =
real l2( )⋅ B + imag l2( )⋅ A

B2 − A⋅ C  (24) 

 
With the x and y components of the source vector estimated it is a simple matter of trigonometric 
identities to estimate the azimuth and elevation angles of the source. The equations for 
transformation from vector to angle are shown below: 
 

€ 

˜ θ = arcsin ys
fs
⋅ c

⎛ 

⎝ 
⎜ 

⎞ 

⎠ 
⎟  (25) 

€ 

˜ φ = arcsin xs
fs
⋅ c⋅ cos ˜ θ ( )

⎛ 

⎝ 
⎜ 

⎞ 

⎠ 
⎟  (26) 

 
 

SIMULATED RESULTS 
 
There are many different parameters that can affect the angle estimation effectiveness of the 
double integration method. Signal-to-noise ratio (SNR), number of receivers, array geometry, 
and the total span of a given array can have an effect on the overall performance of the system. 
This section will use computer simulations to look at the performance of the double integration 
method against the various system parameters defined above. 
 
All estimators are judged based on the bias and variance of the estimated value. For these 
simulations, variance will be the primary metric used to gauge the effectiveness of the estimator 
under different system setups. The simulations will make certain basic assumptions about the 
virtual system. The system will be assumed to have a 2 MHz sample rate while transmitting and 
receiving a 50 kHz gated sine wave. This transmitted signal will propagate from a distance 
significantly further than the span of the arrays through water with a sound speed of 1500 meters 
per second. These overall system requirements will be used on a non uniform array (NUA) 
where the span of the random array is defined as the standard deviation of the receiver positions, 
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assuming that their position is defined as a normally distributed random variable with zero mean.  
Figure 1, below, shows the placement of receivers for the 9-element non-uniform array. 
 

 
Fig. 1 – Showing example random array, with each receiver point denoted by a circle. 

 
 
The first simulation, figure 2, shows the standard deviation, in degrees, versus the signal to noise 
ratio. The simulation assumes a 36 element array whose position is determined by a Gaussian 
distribution with a mean of zero and a standard deviation of 1 meter. 
 
 

 
Fig. 2 – Standard deviation of angle estimation versus signal to noise ratio with a 9 element 

array. 
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The second simulation is a contour plot (Fig. 3) showing how the number of receivers and the 
standard deviation of the receiver locations affect the estimation accuracy. The accuracy is 
depicted by the contour lines in the plot, which represent standard deviation of estimated angle in 
degrees. 
 

 
Fig. 3 – Contour plot showing the standard deviation of the angle estimation, in degrees, versus 

number of receivers and standard deviation of the randomly placed receivers. 
 

Lastly, figure 4 shows the computation time required to determine the angle of 250 simulation 
runs. The figure clearly shows that there is only a linear increase in computational complexity as 
the number of receivers increases. 
 

 
Fig. 4 – Processor time versus number of receivers, processor time is given in a machine specific 

time and hence the units are not stated. 
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The linear increase in computation complexity is a favorable alternative to even subspace 
methods which have a computational complexity on the order of N^3 [Wu03]. The N order of 
the double integration method means that the double integration method can accurately estimate 
the azimuth and elevation angles while suffering a smaller computation increase for larger array 
sizes. 
 
 

CONCLUSION 
 
This paper has extended the double integration method from the two-element system it was 
originally designed for to a M element non uniform array. The results in the paper clearly show 
that the system can accurately estimate the direction of arrival of an active source. More 
importantly it shows that the double integration does not suffer from an exponential increase in 
computational cost as the number of elements increase. The double integration method has a 
clear computational advantage over existing non-uniform angle of arrival estimators and hence 
could be used in situations where computational resources are limited. Future work will look at a 
closed form solution of the estimation error so that systems can be designed with a particular 
performance criterion.  
 
 

ACKNOWLEDGEMENTS 
 
The authors would like to acknowledge Daniel Doonan and Tricia Fu for their feedback during 
the development of the theory presented in this paper and the paper itself. 
 

REFERENCES 
 

Doo04 D. Doonan, C. Utley, and H. Lee “Signal Processing Algorithms for High-Precision 
Navigation and Guidance for Underwater Autonomous Sensing Systems,” Proc. 
International Telemetry Conference Oct. 2004. 

Utl06 Utley, C.; Lee, H., "Signal Processing Algorithms for High-Precision Three-
Dimensional Navigation and Guidance of Unmanned Undersea Vehicles (UUV)," 
OCEANS 2006 , pp.1-4, 18-21 Sept. 2006 

Mil83 Milne, Peter, Underwater Acoustic Positioning Systems, Gulf Publishing Company, 
Houston, Texas, 1983 

Ger10 Gershman, Alex B., Michael Rubsamen, Marius Pesavento, “One- and two-
dimensional direction-of-arrival estimation: An overview of search free techniques”, 
Signal Processing, Vol 90, Page 1338-1349, 2010 

Sch86 Schmidt, Ralph O., “Multiple Emitter Location and Signal Parameter Estimation”, 
IEEE Trans. Antennas and Propagation, Vol. AP-34, No. 3, March 1986 

Wu03 Wu, Yuntao, Guisheng Liao, H.C. So, “A fast algorithm for 2-D direction-of-arrival 
estimation”, Signal Processing, Vol. 83, Page 1827-1831, 2003  

Car81 Carter, G. Clifford, “Time Delay Estimation for Passive Sonar Signal Processing”, 
IEEE Trans. on Acoustics, Speech, and Signal Processing, Vol. ASSP-29, No. 3, June 
1981 

 



Page 1 

TELEMETRY SYSTEM FOR THE SOLAR MINER VII 
 
 

Clinton Guenther, Robert Mertens and Adam Lewis (Students) 
Kurt Kosbar (Advisor) 
Telemetry Learning Center 

Department of Electrical and Computer Engineering 
Department of Computer Science 

Missouri University of Science and Technology 
 
 
 
 

ABSTRACT 
 

This paper describes a telemetry system used in the Missouri S&T solar car, which competed in 
the American Solar Challenge.  The system monitors parameters of a number of the on-board 
electronic and mechanical systems, and also the activities of the vehicle driver.  This data is 
transmitted to a lead vehicle, where the support team analyzes the performance in real-time to 
optimize the vehicle’s performance.  In previous vehicles the data was displayed using a 
LabVIEW based user interface.  In this work we will describe a custom software solution, which 
provides the team with additional flexibility to display and analyze the data. 
 
Keywords:  Telemetry System, Alternative Energy, Graphical User Interface 
 
 

INTRODUCTION 
 
This paper describes some of the issues faced when developing a telemetry system for an 
automobile used in the semi-annual American Solar Challenge race.  The paper begins with a 
summary of the competition, along with the vehicles and personnel used during the race.  It then 
describes the electrical subsystems of the race vehicle, along with the parameters which need to 
be monitored and transmitted to the support personnel during the race.  Finally, the paper 
describes the motivation for altering the graphical user interface for the telemetry system. 
 
 

AMERICAN SOLAR CHALLENGE 
 
One of the earliest long-distance solar vehicle races was the World Solar Challenge (WSC) held 
in Australia in 1987.  The winning team in that race had a substantial fleet of support vehicles, 
and ran a car that attained an average speed of just under 67 km/h. The WSC has been held every 
two or three years since its inception.  Eventually the vehicles were traveling at the posted speed 
limit of 110 km/h. 
 
The remote location of the WSC has always made it a logistical, and financial, challenge for 
universities based in North America to send teams.  To help address this problem, in 1990 the 



Page 2 

Sunrayce USA was introduced.  As with the WSC, the Sunrayce covers thousands of km over 
state and national highways.  The race has been held every two or three years, with the most 
recent event held in June 2010.  The name of the race has changed as its sponsorship has 
changed, morphing from the Sunrayce in the 1990’s, to the American Solar Challenge [1].  The 
race route has varied from just under 2,000 km, to over 4,000 km.  The 2010 race route was from 
Tulsa, OK to Naperville IL (see Fig. 1). 
 

 
 

Figure 1.  2010 American Solar Challenge Race Route 
©2010 Innovators Educational Foundation, Used by permission 

 
 
A total of 14 schools from four countries qualified for the 2010 race.  A student team from 
Missouri S&T (formerly known as the University of Missouri – Rolla) has competed in the ASC 
since 1993, with the most recent entry christened Solar Miner VII.  The telemetry system 
described in this paper was used to support the Solar Miner VII vehicle. 
 
All vehicles in the race are powered exclusively from energy generated by an on-board solar 
array, although the vehicle is allowed to start the race with fully charged batteries.  The solar 
array can be no larger than 6.00 m2 (or 9.00 m2 if using one of the ASC approved photovoltaic 
cell types), while the overall vehicle dimensions are limited to 5.0 m length, 1.8 m width and 1.6 
m height. As with the WSC, most years the vehicle speeds are limited only by the posted speed 
limits, and the quality of the road surface. 
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SOLAR CAR TELEMETRY 
 
Because the solar car is an unconventional design, and has a low profile, for safety it is driven 
between a lead and chase vehicle [2].  Additional support vehicles for scouting the race route and 
supporting the car may also be driven in the race, although they are not in close proximity to the 
solar car.  The chase vehicle, see Fig. 2, in addition to alerting drivers to the presence of the solar 
car, also carries an ASC observer, and must maintain 2-way voice communication with the solar 
car driver. 
 

 
 

Figure 2.  Solar Miner VII and Chase Vehicle 
 
Given the limited amount of power generated by the solar array, and the variable weather and 
traffic conditions, the race strategy is critically important.  It is also important that the support 
team be able to monitor the performance of the driver, to insure he or she is operating the vehicle 
in a manner which best conforms to this strategy.  To accomplish this, a telemetry system is built 
into the solar vehicle, with the data transmitted to the chase vehicle. 
 
A block diagram of the electrical system for the Solar Miner VII is shown in Fig. 3.  A large 
number of parameters are monitored on the vehicle.  The solar panel current and voltage, motor 
voltage and current draw, a number of voltages in the battery pack, along with the 
charge/discharge current, motor gap, pedal activation by the driver, and a variety of other 
parameters.  All parameters are transmitted to the chase vehicle every 500 msec on average.  A 
summary of the various subsystems follows. 
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BATTERY SYSTEM 
 
The solar car stores excess energy generated by the solar array and regenerative braking system 
in a bank of lithium polymer (Li-poly) batteries.  This 25 kg battery bank consists of 26 modules 
wired in series.  Each module contains 6 Li-poly cells in parallel.  This combination provides a 
voltage between 96.2 and 109.2 volts at the battery pack output.  It is critically important that the 
support team monitor the voltage across each module, along with the total bank voltage.  Inside 
each module, there is an INA 148 difference amplifier to measure the module voltage.  The 
amplifier output is fed to a 12 bit analog-to-digital converter, which is working on a 5 volt 
reference, since the maximum battery cell voltage is approximately 4.23 V.  This provides the 
support team with a precision of 1.22 mV per quantization step. 
 

 
Figure 3.  Solar Miner VII Electrical Subsystems 
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While Li-poly cells are high performance, they are a bit tricky to charge [3].  Under ideal 
conditions, all cells would be charged with a constant current source, until all modules reach a 
voltage of 4.2 V.  When this target voltage first occurs, the battery pack has reached 
approximately 70% of its rated capacity.  At this point it is best to use a voltage source to charge 
the cells, up to their rated capacity.  Once the battery pack is fully charged, all charging current 
must be terminated.  Overcharged Li-poly batteries are a safety hazard.  The measured battery 
voltages are monitored by the on-board battery protection system.  In addition, the voltages are 
transmitted to the chase vehicle, as part of the telemetry frame.  In addition, the battery pack 
current is monitored on-board, and sent to the chase vehicle. 
 

 
EMI ISSUES AND SENSOR CALIBRATION 

 
Electromagnetic interference has been a significant challenge [6] when making voltage and 
current measurements.  In the initial design, the Hall Effect current sensors were placed at some 
distance from the digitizer, and no analog filtering was used on the sensor.  This provided very 
inaccurate readings.  The design was then changed so that all sensors now have a low pass 
analog filter in close proximity to the sensor, and the 12 bit ADC were moved as close as 
practical to the sensors.  To further reduce the impact of noise, digital filters were added in the 
telemetry processor.  This moving average digital signal  processing (DSP) filter computes the 
average current and voltage over one second intervals.  This window provides a significant 
amount of noise reduction, and is appropriate for solar panel output since changes in panel 
illumination is usually slow compared to the one second interval.  The one second averaging can 
be a bit long when monitoring motor current consumption, especially during regenerative 
braking operations. 
 
To calibrate the current sensors, a Bitrode™ current source was used.  This calibrated source [4] 
was set to generate currents from 5 to 50 amps.  The sensor voltage was monitored for 3 seconds 
at each of the current points, with the results shown in Fig. 4.  The test confirmed that the 
linearity of the sensor was well within the system performance specifications.  The sensors have 
a differential output which could increase the accuracy of the measurement.  However since the 
single ended input was easier to use, and meets our design goals, we elected not use the 
differential signaling. 
 
 

DRIVE MOTOR MONITORING 
 
One of the important parameters to monitor is the “gear” the car is in.  There are quotes around 
the word “gear”, because the vehicle does not have a conventional transmission.  The Solar 
Miner VII uses a brushless DC motor with an adjustable air gap between the rotor and the stator 
in the axial direction [5].  This adjustable gap provides the variable torque/speed ratio of a 
conventional transmission, without the weight and mechanical losses of physical gears.  The gap 
space ranges from 1.75 mm to 6 mm, and the speed ranges from 600 to 1200 RPM, when the 
motor is operating in its most efficient range.  The gap distance is measured using a precision 
potentiometer that is connected to the gap adjust sprocket.  The analog signal produced by this 
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pot is fed to an ADC, which gives the support staff a measure of gap position with approximately 
6 bit accuracy.   
 

 
 

Figure 4.  Calibration Data for Current Sensor – Test 1 
 
A spread sheet has been constructed, which allows the user to enter the desired gear ratio, vehicle 
wheel diameter, and gap range on the pot.  The spread sheet will then indicate the optimal gap 
position for a particular range of speeds.  During the race, the strategist will call out a target 
speed and the appropriate gap position for the target speed.  This information will be relayed to 
the driver. 
 
 

MONITORING DRIVER PERFORMANCE 
 
Prior to the race, extensive data is collected on the drag coefficient and rolling resistor of the 
vehicle.  The battery pack is also exercised.  The pack is discharged at different rates, to 
determine the amount of energy that can be extracted as the car travels at different speeds, and 
with different lighting conditions.  The race route is entered into a geographic information 
system, which calculates the elevation and slope of the roadway at closely spaced intervals. 
 
During the race, a GPS receiver will track the current position of the vehicle.  This is used with 
the GIS data to calculate the elevation changes, bearing angle, and sun angle throughout the day. 
Forecast and measured wind velocity, cloud cover, and weather conditions are also used during 
the race, along with the posted legal speed limits and current and anticipated traffic conditions. 
 
Finally, information from the telemetry system on estimated battery charge, current solar array 
power generation, potential return from regenerative breaking, and vehicle speed are provided to 
the strategist in the chase vehicle.  The strategist then relays to the driver the target motor gap for 
the “transmission”, target speed, and use of regenerative braking to optimize the vehicle’s 
performance. 
 
During the race, a calculation of watt-hours per mile is calculated for each driver.  This data is 
exported in a csv format, so it can be readily read by spread sheets and plotted.  These logged 
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files help the support team to determine which drivers have the best performance.  The data is 
used to both select drivers for future days, and also to help train all the drivers.  The data can also 
be used to determine which driver is purchasing the refreshments at the end of the day. 
 
 

GRAPHICAL USER INTERFACE 
 
In previous Solar Minor vehicles, much of the data manipulation was performed by the on-board 
processor.  Results of these calculations were transmitted to the chase vehicle, where a 
LabVIEW™ based system was used to display the results, similar to that shown in Fig. 5.  The 
Solar Miner VII will take a different approach.  The on-board processor is being reduced in size, 
power and complexity, to an 8051 based microcontroller.  This processor will not support the 
numerical processing load of the previously used telemetry processor, and in particular will not 
support multiple thread processing.  If all the data manipulation is kept on the vehicle, the rate 
that the key parameters can be measured and updated will be greatly restricted. 
 

 
 

Figure 5.  LabVIEW™ Graphical User Interface 
 

The new telemetry system will offload more of the processing to the chase vehicle processors, 
where Matlab™ will be used for both numerical manipulation and graphical display.  Part of the 
motivation for this, is that the chase vehicle has essentially unlimited processing power – at least 
when compared to the low-power, low-weight and small size restrictions placed on the solar car 
telemetry processor.  We anticipate the Matlab™ code will be easier to monitor and modify 
during the race, and also it will be easier to export the data in a format that it can be manipulated 
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by spread sheets and other numerical analysis programs.  Finally – and this is not intended to 
insult the solar car driver – there is simply more brain power in the chase vehicle to view, 
manipulate and interpret the data.  The solar car driver has a full work load, keeping up with road 
conditions and monitoring the basic vehicle performance. 
 
 
 

CONCLUSION 
 
The American Solar Challenge provides an opportunity for university teams to develop vehicle 
technology, and alternative energy systems.  To make the most efficient use of these vehicles, a 
wide variety of measurements are collected, and sent to a nearby chase vehicle.  This paper 
described portions of the telemetry system used on the Solar Miner VII vehicle development by 
Missouri S&T, which was used in the ASC 2010 race. 
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ABSTRACT 

 

Design, development, fabrication, and deployment of an austere, deployable telemetry (TM) 

system, in only 3 1/2 weeks, will be discussed.  This austere approach will be compared to a 

standard approach.  TM candidate systems will be discussed along with exigencies and 

limitations (test geometry, link analysis, multiple test areas, schedule, cost, fabrication ...) that 

shaped their selection.   Utilization of existing Radio Frequency (RF) systems in "unintended" 

applications will be discussed.  System setup and BER testing with a simulated 'aircraft' will be 

presented, including observed multipath effects during testing, versus actual performance.  

Finally, benefits and test efficiencies garnered by having vehicle TM, real- time TM acquisition, 

processing and display, while deployed to a test area with no range instrumentation, will be 

presented. 
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INTRODUCTION 

 

This paper describes the very short planning, design, fabrication, integration and testing of an 

austere real-time telemetry receive /re-radiation system (TMR/R to support deployed testing in 

Alaska.  This system provided real-time TM data acquisition to “feed“ a real-time processing and 

display system that enabled safe and efficient testing.  This paper also describes the benefits of 

the broad resources available at a major test center like the Air Force Flight Test Center 

(AFFTC) at Edwards Air Force Base (EAFB) that enabled a very quick response at a low cost.  

The short time period was driven by test planning decisions that altered the plan from doing only 

post-test processing to requiring a full real-time capability only three and one half weeks (24 

calendar days)  prior to equipment deployment!   
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Background:  In early 2007, work was started on planning of testing of an F-22 aircraft on icy 

runways, to determine/validate ground handling qualities and stopping distances on icy runways 

(low Runway Condition Report (RCR), in order to validate Technical Order Data.  Originally 

this was to be a deployment of the test aircraft and support team with an instrumented aircraft 

that was to make the ground test runs and utilize on- board recording and post-mission 

processing only, to review and analyze test results for a subsequent report.  Emphasis was on 

minimizing the test program costs, while finishing the testing prior to that aircraft type being 

deployed to Alaska (See SETP referenced paper).   Eliminating real-time TM capability was 

initially viewed as one of the ways to reduce cost, both for equipment purchase and transport and 

for deployed personnel.  

 

The author’s experience with the high value-added of real-time TM data acquisition processing 

and display, to support safe, efficient and effective testing, led him to strongly recommend that 

real-time TM acquisition, processing and display be employed.  This recommendation was 

driven both by the unique limitations and impacts of operating in a very cold (-10 deg F to -40 

deg F) environment.   While acknowledging the value of this real-time capability, project 

management planned only for onboard acquisition and recording of data, with post test maneuver 

processing.  However instrumentation and data processing personnel were included in the test 

survey team that deployed to the test location in the summer of 2007, to determine if real-time 

TM was feasible, in case it were needed.  Thus candidate locations to do real-time TM support 

were garnered, but no other funds were authorized to pursue an implementation and work on a 

real-time TMR/R system halted.  

 

Exigencies that supported a real-time capability were as follows.  The core Flight Test 

Instrumentation (FTI) package on board the test aircraft was in the main weapons bay.  In order 

to access the solid state recorder data cartridge for post-test processing, one would have to open 

the bay,  remove the cartridge access cover, remove the cartridge, dub the data, process enough 

data to validate the data so that the cartridge could be reused, reload the recorder, close the bay.  

In order to do another test run (especially if the results of the run were required to "clear" the 

next test condition), data would have to be quick-look analyzed prior to clearing the next test.  

However, the cold conditions that were required for icy runway (and taxiway) testing most likely 

would have prohibited opening the weapons bay outside.  Therefore the test aircraft would have 

to taxi roughly a mile into a hangar.  In the same cold conditions, the hangar doors could only 

remain open 10-20 minutes without freezing up and becoming inoperable.  This sequence of 

events could have taken up to several hours.  Having to follow this lengthily sequence, to finish a 

test point and move on to the next, could have severely limited test execution rates.   

 

Additionally test discipline engineers were concerned first about getting actual icing conditions 

that would satisfy test points, and next maintaining these condition long enough to be able to 

conduct multiple test points.  Again, missing out on available weather conditions required for 

testing due to the lengthily post-test sequence could have severely slowed test execution.  As test 

planning proceeded with formal test plans and test cards, technical and safety review boards 

determined real-time TM was required, albeit only 24 days prior to needing an integrated, tested 

TM acquisition system ready for shipping.  The challenge was to meet an aggressive schedule 

while minimizing costs of equipment and implementation, minimizing additional deployed 

personnel and meeting all technical requirements.  Equally paramount was making the system 

flexible enough, after deployment, to meet pop-up requirements, which inevitably occur. 
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SYSTEM DESIGN 

 

When the "green light" was given to proceed with a real-time TM capability, there were only 24 

days to design, procure, fabricate, integrate, test, calibrate and pack the system for shipping on 

the “ice truck” to Alaska!  Additionally while the real-time processing and display system would 

be resident at the test site when the rest of the test team and equipment were deployed on a 

tanker aircraft, the real-time TM receive and distribution system had to be tested and validated at 

the deployed location, prior to the tanker arriving. 

 

The biggest drivers to system design were the slant-ranges and azimuth angle range from the 

TMR/R system to the three candidate test locations (The relative receive location and ranges to 

the test areas on ramps, taxiways and runways, as well as TM distribution (re-rad) to test force 

facilities where the ground station and control room were located.  See Figure 1.  Candidate 

systems were investigated, the first being traditional ground station telemetry receivers/bit 

syncs/tracking antennas for TM acquisition.  However the constraints of locating these system 

either outside in the elements or having to provide a climate controlled enclosure (either a 

container or a TM van) were vetoed as unfeasible given the time remaining and due to the cost of 

deployment.  Similarly a standard range portable microwave link was considered to get the data 

stream from the tower to the Test Force building for processing.  The only suitable location for 

the TM receive antenna was on the catwalk of the base control tower in order to have adequate 

field of view of all the candidate test areas.  An alternative of locating this equipment inside the 

control tower was considered, but thought to be too intrusive to control tower operations. So 

alternatives were investigated.  For the tower location, there were also potential electromagnetic 

compatibility (EMC) concerns regarding interaction of the TM re-rad high power source and 

control tower RF UHF and VHF radio systems.  Conversely there also were concerns about these 

high power UHF and VHF radios interfering with TM reception.  These EMC concerns would 

have to be worked during design integration and testing of the TMR/R system. 

 
Figure 1:  Relative locations of test areas (red shapes), TM receive location (Control Tower) and 

Test Force MCR. 

 

Since using traditional range receive systems were undesirable, test aircraft on-board re-rad 

systems were reviewed.  Many test aircraft with weapons bays require telemetry to be re-radiated 

Runway 32 Runway 14 
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out of the bay through external RF apertures on the test aircraft.  The author had designed and 

worked with many of these.  In general the components comprising these TM Receive/Re-

radiation systems are designed to work in the harsh environments of the test aircraft weapons 

bays, and so were thought to be suitable for working in a minimally sheltered environment on the 

tower catwalk.  Additionally, the components utilize 28 VDC as a power source, which would be 

safer to route from the control tower interior (even if external power receptacles had been 

available. Putting a 110 VAC to 28 VDC supply outside was deemed unwise.  Plans were made 

to assemble the small, airborne environment capable components to make up the TMR/R system, 

placing them outside on the tower catwalk, with the 110 VAC to 28 VDC supply housed inside 

the tower.     

 

The next phase of design was driven by the geometry of the candidate test areas (slant range, 

azimuth to be covered) and the TM antenna pattern and Effective Isotropic Radiated Power 

(EIRP) of the test aircraft.  These geometries had to be analyzed to determine the required 

receive system performance, including the receive system components and the associated 

antenna system.  Dimensioned drawings of the planned test areas, control tower locations and 

Test Force facilities were secured.  Azimuths and elevations were determined for each candidate 

area.    For the stacked antenna receive system, a 38 deg azimuth yielded an antenna plus coupler 

gain of 1.5 dB. Link analyses were performed.  Worst case margins for 1 x 10
-5 

bit error rate was 

1 dB, so the systems would theoretically just meet requirements.  Thus, the required receive 

sensitivity and re-transmit power of the TMR/R system, were determined, and candidate airborne 

re-rad systems could be reviewed.  The bomber re-rad system, that was selected, met the 

requirements and was available (including spare components) for the planned test period and will 

be discussed later. 

 

 

ANTENNA SYSTEM DESIGN 

 

Another big limiting factor was that the extensive sheet metal, welding, and machine shops 

normally available to support instrumentation system fabrication were completely tied up 

supporting higher priority projects. Only very minimal, simple fabrication could be supported for 

the antenna mounting system.  Thus, no complex antenna mounting/pointing system could be 

designed and fabricated in the short time available.  Additionally, size and type of available 

antennae were limited to those available on hand.  Steps were taken to try and eliminate azimuth 

and elevation tracking during test runs, but field of regard of the antenna systems were 

potentially too small to cover the candidate test areas (although repositioning of the antennae was 

allowable between runs, since most testing would be limited to one candidate area for a group of 

test runs).  Omni-directional antenna gains were too low to provide the link margin required.  

There were also concerns about the test areas changing and multipath reflections off of the tower 

was and catwalk fence interfering with the TM reception.  So the receive antenna mounting 

system had to provide a back-up manual “tracking” capability.   The smallest relatively high gain 

antennae on hand were cylindrical stacked-dipole antennae with about a 5 dB gain over ~20 deg 

azimuth angle.  The manufacturer of the antenna was contacted and queried about broadening the 

effective azimuth angle by combining multiple antennae.  Guidance was to space the antennae 

vertically roughly two wavelengths, and to stagger where they were pointed in azimuth.  This 

would minimize azimuth nulling, with the risk of some elevation nulls.  However the relative 

elevation changes during a test run were small and the elevation nulls were not a limiting factor.  
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Plans were made to test the antenna system after the mounts and the coupling/cabling were 

fabricated, if time allowed.  An available 3 dB-90 degree hybrid coupler was used to couple the 

two receive antennae.  Cables to connect the antennae were purchased pre-fabricated, with 

appropriate connectors, to minimize bend radius problems and shorten the build time.   

 

There was still a big hurdle to get a suitable antenna mount.  We again canvassed other test 

forces and organizations at the AFFTC and found that some personnel at Edwards had utilized 

tripod mounted antennae for some relatively static testing.  We looked at available tripods and 

determined that the weight of the antenna system and the precision pointing requirements 

dictated buying new tripods.  A big benefit of the tripods was that they had azimuth and 

elevation protractors and panning capability.  The protractors also aided pointing reconfiguration 

for the different test area.  They were relatively inexpensive (~$500 for tripod and head).  A 

simple method had to be designed to mount the antennae, using minimal fabrication shop 

support.  While looking through the tripod catalogues and after conferring with the CTF 

photographers, a lighting clamp called a "Super Clamp”™ (see Figure 2) was found.  This clamp 

had a 1/4-20 threaded hole for a standard tripod-to-camera mounting screw.  It clamped to rods 

from 1/2" to 2" in diameter.  The heavy duty tripods and heads that were purchased would 

support 27 pound loads and accepted a heavy duty hexagonal quick disconnect mounting plate 

that had a 3/8-16 screw and lock nut.  1/4-20 screw/lock nut mounting plates were also available.  

Both were ordered, with the assumption that in order to hold the rod firmly to the mounting 

plate, the larger 3/8-16 screw might be superior.  The tripod/Super Clamp/rod design did 

minimize fabrication requirements.  One inch diameter rods were fabricated with both sets of 

holes (at opposite ends).  On a lighter note, the Edward's shops only had 3/8 fine taps (3/8-20) so 

a test team member bought a 3/8-16 Helicoil™ kit, drilled tapped and installed the require 

Helicoils™ for the 3/8 end at his home.  The only other fabrication was a small flat plate with a 

few holes for the antennae coupling and individual antenna mount to the Super Clamps.  The 

cylindrical stacked dipole antennae had four mounting holes with the RF type N connector 

mounted on a raised metal block in the center.  Small "hat" sections were designed to pick up 

these holes and clear the connector block and to mount the antenna to the Super Clamp and thus 

to the pole.  Thus the total fabrication took very few man-hours.  The clamps allowed adjusting 

the receive antennae vertical spacing and relative azimuth.  The assembled antennae, couplers 

and cables could be mounted on the quick-disconnect pole, and then onto the tripods.  This 

enabled the system to be broken down for shipping.  The tripods were kept closed.  The flat side 

created by two of the tripod legs were put up against the tower chain link railing and clamped 

with spring clamps, another simple installation.   The re-rad antenna was located on another side 

of the tower railing with another tripod assembly and pointed at the test force building (see 

Figure 3 for antenna locations/installations). There was not time to quantitatively test the antenna 

system at Edwards.  However, functional tests were done with the integrated system as described 

later.  
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Figure 2.  Antenna mounting design 

 

 

 
        

Figure 3.  Antenna Installations. 

 

 

RECEIVE/RE-RAD SYSTEM SELECTION 

With the antenna system selected, the available receive and re-rad systems were sought.  Again, 

the AFFTC organizations were canvassed.   With limited fabrication capacity available, a "pre-

packaged" system was sought that could work in the cold Alaska environment.  The various 

Combined Test Force (CTF) lead flight test instrumentation engineers were canvassed and the 

Global Power Bomber CTF had integrated receive/re-rad systems that were designed to operate 

in bomber weapons bay environments.  These systems contained all the components to tune to 

and receive S-band TM (that was on the test aircraft), process the baseband signal through a bit 

synchronizer and provide data and clock to a Nova multimode digital re-rad transmitter (See 

Figure 4).  Had an analog transmitter been used, a pre-modulation filter would have been 

required.  All components were programmable via RS-232 interfaces.  However, since this 

system was intended to receive data from stores in the weapons bays in close proximity and only 

for a short separation distance in tens of feet, they were normally run with extra attenuation in 

the receive path to prevent saturation of the receiver front end.  These re-rad systems had not 

been calibrated for sensitivity.  In order to have the data required to perform a link analysis and 
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determine suitability of the B-1 receive/re-rad "box" to support the deployed testing, the system 

was taken into the RF lab that supported the Advanced Range Telemetry (ARTM) developments.  

Sophisticated RF signal generation equipment was utilized to model the test aircraft TM data (5 

Mbps), control signal strength and model noise effects.  The system sensitivity was measured at -

95 dBm which was adequate for the Alaska test scenarios.  Note that although the B-1 receive/re-

rad box was meant to be in a weapons bay, it was not sealed.  Ventilation holes were cut into a 

spare foot-locker to keep water/ice from accumulating on the non sealed system. 

 

 

 
 

Figure 4.  B-1 Receive/Re-rad System in Footlocker and Block Diagram. 

 

An additional benefit of this testing was to identify some operational idiosyncrasies of the 

selected re-rad system as well as limitations to monitoring the system intermediate outputs while 

conducting the sensitivity tests.  One should never attempt to use any range instrumentation 

system without testing and calibrating it, especially if it is to be deployed to a remote location 

where telemetry technical support resources may be very limited.  The anomalous operation of 

the system discovered, was a sequence of events that resulted in the system being inoperative.  

One had to power up the system without an input PCM stream.  If an input signal was present, 

the bit synchronizer would lock up and not process the TM stream output by the receiver.  This 

limitation was thoroughly tested for repeatability, and a turn-on sequence was devised.  

Fortunately, there were individual circuit breakers for each component on the bomber re-rad 

system, so one could ensure that the TM receiver was "OFF" by pulling the receiver breaker.  

Then one could power up the rest of the system.  After a few seconds from "power-up" the 

receiver circuit breaker could be pushed “IN” and the system was fully operational.  If this 

problem had not been discovered and a fix had not been developed before deployment, it is 

doubtful that the cause of the problem could have been identified in the field.  While reach-back 

to technical support at Edwards might have solved the problem, the personnel that would have 

had to support the troubleshooting would have had to drop other work, which would have been 

unacceptable.  Start of testing would have been delayed until the system was operational. 

 

While the technical performance of the receive portion of the TM Receive/Re-rad System was 

critical for TM reception, the re-rad performance requirements were very benign.  The slant-

range from the Control Tower to the Test Force building where standard ground TM receivers 
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would be placed was less than 1000 ft.  With a nominal five watt (37 dBm) transmitter, two of 

the 5 dB gain, cylindrical antennae, were used for the re-rad link, one on the tower to transmit 

and one outside the Test force facility to receive.  A two stage step attenuator was included in the 

equipment to provide attenuation if the signal were too strong.  Putting the antennae off bore-

sight would also have reduced signal, but might have caused a multipath problem.  In-line 

attenuators could have also been used. 

 

As stated earlier, the ground TM receivers and processing and display system were not scheduled 

to arrive until one or two days prior to the testing beginning.  Therefore, a way to validate the 

TMR/R system had to be devised.  Bit Error Rate (BER) testing was chosen because it provided 

quantitative data on Bit Error Probability versus energy per bit (Eb/No) and is relatable to signal-

to-noise ratio (SNR).  This SNR can be used to estimate receiver carrier-to-noise ratio and thus 

validate the link analysis and operational suitability at each test location. While standard rack- 

mount BER Test Sets (BERTS) were available at the Combined Test Force, they had not been 

used regularly, and had to be tested for functionality.   Only one of two BERTS was operable.  A 

spare was located an added to the "inventory" to be shipped. 

 

 

TELEMETRY SIMULATOR DETAILS 

 

A data source was now required to provide the pseudo-random code compatible with the 

BERTS.  Again the resources of the RF lab were instrumental in supporting this requirement.  

The lab engineer had integrated a small pallet (~4" by 10") see Figure 5) with a TM transmitter, 

heat sink, ducting and cooling fan.  In previous requirements gathering during the ARTM and 

other flight test efforts, the requirement for TM transmitters to have a test signal generation 

capability had been identified and was subsequently realize in the TM transmitters that ARTM 

developed.  Thus the TM transmitter was capable of generating a 2
11

 -1 pseudo-random sequence 

compatible with the BERTS.  Even better, the transmitter on the pallet generated a native 5 Mbps 

pseudo-random sequence, which exactly matched the test aircraft data rate.  A plan was 

developed to mount the transmitter into a truck, build an antenna mast and drive the truck in the 

candidate test area and measure BER performance along each leg at various intervals.   The 

runways and taxiways have marked distances on signs, so we could repeat the testing accurately.  

Two hurdles had to be overcome to complete the BER test setup for the truck.  One was to secure 

a source of 28 VDC to power the transmitter pallet.  The other was to design/build an antenna 

mast for the truck.  There were several 12 VDC to 28 VDC power supplies that were 

commercially available, but most were open frame and would have had to be integrated into a 

box with cabling.  The time to identify and procure a supply was inadequate, as was fabricating 

an enclosure.  Fortunately, the test team met regularly to discuss challenges problems.  At one 

session, the lead maintenance NCO at the CTF suggested using the power supply for an 

AN/ARC-164 UHF radio used in vehicles.  This unit had a cable that plugged into a standard 

automotive 12 VDC receptacle.  However this power supply was made to mate with the back of 

the radio, so the 7 socket connector was not a standard receptacle that one could find a mate for.  

For expediency, the required cable was made with pins to fit the connector sockets.   The 

exposed back of the pins were insulated and the cable was string-tied to the power supply.  The 

TM simulator antenna mount proved to also be problematical.  We had envisioned using a mast 

with a ground plane and a blade antenna that would fit in the square hole in a pick-up bed.  We 

thought we might scrounge one from a similar mast design for the UHF radio.  However most 
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truck antennae were not mast mounted anymore.  We could not find a commercial source, so we 

borrowed an extant small square plate, from the Instrumentation Division RF Lab, that had a S-

band blade, and decided to work the mounting approach in the field.  Note that attenuation was 

also provided to more accurately simulate the low gain conformal TM antennae on the test 

aircraft (-11 dB gain).  Subsequently we cut slits in the plate, put a nylon strap that had a ratchet 

tensioner through the slits and mounted the antenna onto the top of a truck cab (see figures 5 and 

6 for the mobile TM test source and BER test setup pictures).  Test runs were made on the 

candidate test areas.  Reception was error free in all areas except for one 500 ft stretch in a 

critical braking area.  The test conductor was informed of the issue and alternate test areas were 

devised.  We suspected that multi-path interference was the culprit, caused by reflections off of 

the runway and the relative elevation angles for that area.   However, since this was a small 

program it was relatively easy to have the test aircraft directed to taxi to all candidate test 

locations, when it arrived, so that reception and data quality could be checked to better 

characterize the severity of the problem.  It turned out that there was very adequate signal 

strength in all test areas (the link analysis proved very conservative which was a good thing) and 

no multi-path interference.  Evidently, the top of the truck caused the multi-path problem.  We 

did the tests with a single receive antenna as the worst case, determined that it was very easy to 

use the protractors on the tripods to preposition antenna azimuth and elevation and to hand track 

the test aircraft, keeping the antenna pointed directly at it, maximizing gain.  In retrospect, some 

sighting references should have been developed and mounted on each antenna to aid pointing.  

However drawing lines on the antenna side, front to back, and using a piece of cardboard as a 

template to "drop" the antenna azimuth to the tripod protractor, gave us the cues needed to be 

able to point the antenna effectively.  If the link margin had been lower, precision pointing (via 

manual tracking) may have become critical. 
 

 
 

Figure 5.  Mobile TM Test Source 
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Figure 6.  BER Test Equipment Setup. 

 

 

SPARING AND GENERAL TEST EQUIPMENT 
 

All of the above design and system selection was included consideration of adequate spare 

components to accommodate system failures.  Enough general purpose test equipment 

(oscilloscope, spectrum analyzer, digital voltmeter …) must be secured and available at the 

deployed site to troubleshooting in order to isolate component failures and make use of the 

spares viable.  This test equipment complemented the equipment deployed to do quantitative 

performance testing of the TTR/R system. 

 

 

SYSTEM CHECKOUT/TEST 
 

After all the assemblies and components were received there were only two days left before the 

items had to be inventoried, packed and put on the "ice truck" where they would arrive in time to 

be there for the advance party to arrive.  Initial plans were to take one technician/operator to run 

the post-test processing and analysis station.  Only one additional person was required to set-up 

and test and operate the TMR/R system.  However the entire system had to be set-up and tested 

prior to packing.   On packing day -2, the system was set up in two rooms with windows that 

overlooked the CTF compound.  Across the ramp from these windows were a test aircraft with 

TM and an Instrumentation ground support unit (GSU) Van with steerable antenna, a TM receive 

system and processing/display capability.  The Receive side of the system to be deployed was 

put in one room.  The re-rad tripod/antenna was put in the room next-door.  A open air, closed-

loop test was performed by receiving the aircraft TM, and re-transmitting to the TM van as the 

surrogate Test Force processing and display facility.  However, the slant range was only 250 feet 

and the elevation of the system was only ~20ft compared with over a hundred feet for the Alaska 

tower.  So on packing day – 1, the entire system was set up on the Edwards AFB control tower.  

Technicians that supported the control tower electronics/radios participated in this testing.  A test 

aircraft on the active runway was tracked and the signal re-radiated to an instrumentation van.  

Distances of this test were actually greater than those required for Alaska, but the effective 

azimuth traversed was less than the longest Alaska run.  This testing was done without hand 

tracking the test aircraft.  Data quality was good and the azimuth range tracked, was satisfactory.  
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EMC of the tower electronics and the TMR/R were confirmed to be acceptable, eliminating any 

technical obstacle to placing the system in the tower. 
 

 

SYSTEM FLEXIBILITY 
 

After deployment and setup of the TMR/R system, the test areas were modified.  A new area was 

added that was farther away than any of the original three candidate systems, with some 

potentially obstructive trees between the test aircraft and the TMR/R system.   However, the 

azimuth range for these tests, were very narrow.  The performance of the TMR/R system was 

good enough to support this new area, and the tripod azimuth adjustment capability enabled 

proper pointing to optimize antenna gain.   Additional flexibility of real-time TM monitoring was 

also crucial to the test support.  The real-time processing and display system utilized was one 

already integrated into a ~48 inch high rack on casters.  This was a small instance of the 

MCS/IADS systems, which are also used as core processing/display system in some of the 

AFFTC mission control rooms (MCRs).  While only four work stations were required for four 

discipline flight test engineers to monitor the single PCM data stream data, the MCS/IADS 

system had all the capacity and flexibility required to support larger, more complex 

requirements.  Thus test engineers at Alaska had the same analysis and display capability of the 

new MCRs at the Center.  Part of the pacing items for test point execution rates was having to 

check test aircraft brake temperatures.   After a test run, the tests aircraft would taxi back to the 

start point for another run.  The original planning had included utilizing handheld contact 

pyrometers for monitoring brake temperature and ensuring it was within limits, before beginning 

another run.  The contact units did not function well in the cold.  Since the test aircraft brakes 

were instrumented, the TM already contained accurate brake measurands.  The MCS/IADS 

configuration files were revised in a few minutes to enable display of the brake temperatures, 

thus allowing test runs to begin immediately upon brakes cooling to within limits (ref. SETP 

paper) speeding test execution.  This again demonstrated the value of a flexible real-time TM 

system capability. 

 

Testing was completed in approximately five weeks.  In the paper given on this project at the 

2008 Society of Experimental Test Pilots International Symposium (see reference), real-time TM 

was touted in a lesson learned number nine as, “Telemetry is a vital test efficiency and safety 

multiplier in any brake test program.  Use of telemetry was credited in cutting the testing period 

by a factor of 2!  Given the large cost savings accrued, it is noteworthy that the entire cost of 

designing and assembling the real-time TMR/R system was under 5,000 dollars! The extra TM 

person deployed for only 11 days, after which the technician operating the processing and 

display system was also able to setup and operate the TMR/R system, again saving funds.  Also 

note that upon initial TMR/R testing in the field, there was one failure of an airborne receiver, 

but adequate sparing and test equipment enabled repair of the system. 

 

 

CONCLUSIONS 

 

A low-cost, austere TM Receive and Re-radiate system can be assembled, tested and deployed 

successfully in a very short time if one had broad test range resource to draw from.  Using 

existing Radio Frequency (RF) TM systems in "unintended" applications may be the key to a 
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successful system integration.  One must follow systematic design methods to identify key 

performance parameters in order to provide a viable solution.  One must functionally and 

quantitatively test as much of the system as possible prior to deployment and at the deployed 

location to ensure adequate system performance.  Thus one must also design and implement 

deployable test systems required to stimulate TMR/R system. In retrospect, having limited 

fabrication capacity at the time of design and limited time to deliver the system was a benefit, as 

it drove a “Keep It Simple Stupid” (KISS) approach.  The ripple effect of this KISS approach 

definitely reduced cost of the TMR/R system greatly and also contributed to a supportable 

system once deployed.  Finally the resulting system must provide flexibility to meet new 

requirements after deployment.  
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Abstract: X-Tools is a collection of utilities for validation, translation, editing and 

report generation designed to enable the Flight Test Instrumentation (FTI) community 

to quickly adopt the XidML 3.0 meta-data standard. This paper discusses the 

challenges of developing such software that meets the current and future needs of the 

FTI community, and meets the increasingly high quality standards expected of 

modern software.  The paper first starts by discussing the needs of the FTI community 

and the specific functional requirements of software. These include the ability to fit in 

with legacy systems, the ability to handle many tens of thousands of parameters, 

support for new networked-based technologies and support for hardware from any 

vendor.  The non-functional requirements of FTI orientated software are also 

described and it is suggested that the key non-functional requirements include 

testability, modifiability, extensibility and maintainability. Finally, as a case study, the 

X-Tools from ACRA CONTROL are presented. The paper discusses their design, and 

the tactics used to meet the functional and non-functional requirements of the FTI 

industry. The paper then outlines how the rigorous quality standards were met and 

describes the specific mechanisms used to verify the quality of the software.  

   

Keywords: Software Quality, Functional Requirements, Non-functional 

Requirements, Quality Attributes, Software Product Lines  

   

1. INTRODUCTION  

   

The needs of the FTI community are becoming increasingly sophisticated and 

demanding.  These include the requirement to support new communication and 

packaging protocols, the ability to handle systems with many tens of thousands of 

parameters and the need for intelligent system diagnostic and pre-flight tools.  

Additionally, users sometimes require aircraft to be instrumented using a mixture of 

legacy data acquisition equipment and the latest cutting edge technologies.  

   

FTI projects are also becoming more varied.  FTI vendors need to support a user 

community that includes projects as diverse as the instrumentation of small fixed 

wing aircraft, helicopters, un-manned air vehicles and very large aircraft that acquire 

data using highly sophisticated networking technologies.  

   

As the hardware used in data acquisition becomes ever more sophisticated, so too 

does the demand on software.  The software must not only be able to configure these 

systems, but also provide an interface that is easy to use and intuitive.  Increasingly, 

the user also has greater expectations of software in terms of quality.  

   



2 WHAT IS QUALITY?  

   

In this paper we categorise the quality of software using the following criteria  

  

• Stability and minimal number of bugs?  

• Is the software easy to use? 

• Does the software meet the functional requirements?  

• Does the software meet the non-functional requirements?  

   

The extent to which software meets these criteria determines the quality of the 

software.   

 

In addition to these criteria, developers of any software should be able to use 

objective metrics to measure these quantities.  

 

2.1 STABILITY AND A MINIMAL NUMBER OF BUGS  

   

Modern software users demand that the software they use is stable.  It is not 

acceptable for software to crash regularly and they expect the software to behave in a 

well-known and predictable way.  

 

Similarly, while it is unreasonable to expect truly bug free software, and at the same 

time make the software affordable, users have a very low tolerance of bugs. 

   

2.2 EASY TO USE SOFTWARE  
   

There are several criteria that can be used to determine if software is easy to use.  It is 

suggested that the following apply to software orientated to the FTI user community.  

   

• The software should be intuitive.  It should closely match the users view of the 

FTI domain. 

• The software should be responsive and not degrade markedly as the number of 

parameters in the system under definition increases 

• Other features that make software more usable include undo, auto-save and 

change history 

 

2.3 FUNCTIONAL REQUIREMENTS  

   

Functionality is the ability of the software to do what is required of it.  The functional 

requirements determine the set of functions required of the software by the target user 

community.  Specifically, in the case of the FTI user community, the following is 

expected of software.  

   

• The ability to support tens to many tens of thousands of parameters  

• The ability to support both legacy and the latest cutting edge technologies  

• Support for multiple FTI vendors  



• The software should cover everything in the FTI domain from sensors on aircraft, 

data acquisition units and bus monitors through to ground station equipment and 

displays on a computer screen.   

   

Additonally, FTI users generate their configuration data from many sources.  Some 

store this data in large databases, some use dedicated software to generate this data, 

while others employ a combination of these methods.  Furthermore, individual 

vendors usually use their own proprietary mechanisms for configuring their 

hardware.  With this in mind, it is suggested that the following is also expected of 

software that is aimed at the FTI user community.  

   

• The ability to store user input in a meta-data format that is capable of describing 

the system under test.  Ideally, the meta-data standard should also be vendor 

neutral, be an open standard and be capable of growing to meet future needs.  One 

of the few meta-data standards that meet these criteria is XidML [1] [2] [3][4].  

   

2.4 NON-FUNCTIONAL REQUIREMENTS  

   

In developing quality software, it is not enough to just meet the functional 

requirements, it also necessary to meet other goals such as reliability, scalability, 

dependability and extensibility.  These characteristics, sometimes referred to quality 

attributes [8], are crucial to the design of the underlying software architecture.  Put 

simply, if the functional requirements were the sole criteria used in software design 

then almost any software architecture would suffice.  

   

There are two sets of forces, internal and external, driving the non-functional 

requirements.  External requirements are primarily driven by the functionality 

expected of the software but can also include other influences such as, for example, 

the need for software to meet the standards imposed by a regulatory body.  The 

internal requirements are driven by the concerns of the organisation developing the 

software.  

   

For a given a set of desired quality attributes that the software should posses, it is 

necessary to employ a set of techniques, or tactics [8], to achieve these goals.  

   

2.4.1 EXTERNALLY DERIVED REQUIREMENTS  
   

In the case of the FTI community, given the functional requirements listed above, a 

set of quality attributes can be determined.  

   

• Support for tens to many tens of thousands of parameters:  This requirement 

demands that the software should be scalable.  

• Support for both legacy and the latest cutting edge technologies:  This implies 

that the software should be easily extensible in terms of being able to handle new 

buses, protocols and so on.  For example, by adding new screens customised to a 

new type of bus.  The software should also be modifiable in the sense that any 

changes to one part of the software should not effect the functioning of other 

parts.  



• Support for multiple FTI vendors: This again implies that the software should 

be both modifiable and extensible with an in-built ability to add new hardware, 

extra communication protocols and so on without affecting other parts of the 

system.  

• The software should cover everything in the FTI domain:  This requirement 

further emphasises the previous requirements of scalability, modifiability and 

extensibility. 

   

In addition to the quality attributes derived directly from the functional requirements 

there are also those derived from the non-functional requirements.   

 

• Stable and minimal number of bugs: In the software industry, it is generally 

accepted as best practice to test software as early as possible in the development 

cycle.  In order to achieve this it is necessary to design the software in such a way 

that it is testable. 

• Ease of use:  Among the criteria that can be used to measure usability is that the 

software should be responsive and the responsiveness of the software should not 

degrade significantly, for example, as the number of parameters in the system 

increases.  This suggests that the software should be highly scalable. 

   

2.4.2 INTERNALLY DERIVED REQUIREMENTS  
   

These are the requirements imposed by the organisation developing the software.  

They often  relate to how the software is developed and tested.   

   

Typically, development organisations want software to be developed in the most 

economically efficient manner, in the quickest time possible and be easy to maintain.  

These requirements usually equate to the quality attributes of reusability, 

partitionability and maintainability respectively.  

     

2.5 SUMMARY OF QUALITY ATTRIBUTES OF SOFTWARE FOR FTI 

COMMUNITY  
   

In summary, the following quality attributes are expected of software written for the 

FTI community.  

   

• Scalability:  The ability of the software to handle a greater volume of parameters 

without significantly affecting the responsiveness of the software. 

• Extensibility:  The ability of the software to be extended in terms of functionality 

and so on without affecting the behaviour of other parts of the system. 

• Modifiability:  The ability to modify a portion of the software without affecting 

other parts of the system. 

• Testability: The ability to test the software being developed, especially early in 

the development cycle.  

• Usability:  The software is responsive and matches the users view of the FTI 

domain. 

   

Additionally, there are also the requirements imposed by the developing organisation 

itself.  Typically these include  

   



• Partitionability: The ability to partition the development of software so that 

multiple developers can work on the project at the same time.  

• Maintainability: The ability to adequately document, modularise and construct 

the software so as to make it easier to maintain by the developing organisation. 

• Reusability:  The ability to reuse as much code, architecture and other software 

artefacts as possible in order to save both time and money for the developing 

organisation.  

   

We will now look at the X-Tools as a case study in how these quality attributes are 

achieved.  

 3 CASE STUDY: THE X-TOOLS  

 

3.1 WHAT ARE THE X-TOOLS? 

 

The X-Tools [7] are a collection of freely available tools designed to allow the FTI 

user community to quickly and easily adopt the XidML 3.0 meta-data standard. 

 

3.1.2 X-SETUP 

 

X-Setup is a XidML native application that can be used to define a complete FTI 

system.  It covers everything in the FTI domain from sensor to screen.  Its key 

features include, 

 

• Support for up to 100,000 parameters:  X-Setup is designed to be able to handle 

up to 100,000 parameters. 

• Intuitive System Navigator:  The Navigator provides a natural representation of 

the FTI system that is being configured.   This context sensitive screen allows the 

user to, for example, view all settings on one screen or to filter what is displayed 

to a sub set of the data that is of interest to the user. 

• Global Parameter Lists:  The application allows the user to view all parameters, 

from all sources, that have been defined in the system 

• Component Libraries:  The Palette is a powerful feature that allows the user to 

create libraries of data that facilitates the reuse of data over and over again.  For 

example, a user may reuse IRIG-106-Chapter-4 PCM frame definitions, custom 

measurement units or even the content and configuration of an entire ARINC-429 

bus. 

• Customised Package Builders:  X-Setup has a powerful package builder that 

allows the user to create, for example, IRIG-106-Chapter 4 PCM frames, Network 

packets, MIL-STD-1553 and ARNC-429 messages etc. in an intuitive way.  It also 

includes auto-place functionality that allows to user to place many thousands of 

parameters in all the supported package types. 

• Integration with XdefML:  X-Setup fully supports XdefML.  XdefML is an 

XML schema that allows FTI vendors to fully specify configuration data for their 

hardware.  X-Setup uses this data to auto-generate screens used to setup hardware 

and to automatically validate user input. 

 

Figure 1: A screen shot of X-Setup 

 



 
 

 

3.1.3 X-VALIDATE 

 

This application is used to verify and validate the data contained in a XidML-3.0 file.  

It does this by  

 

• Checking that the file is well formed 

• Checks that the file is valid with respect to the XidML-3.0 schema 

• Uses any XdefML files for instruments defined in the XidML file to validate the 

configuration data for that instrument 

• Produces a report that indicates any failures 

 

The application can be run in full display mode via a user interface or in batch mode 

from the command line. 

 



Figure 2: A screen shot of X-Validate 

 

 
 

Figure 3: Example output from X-Validate 
 

 
 

 

3.1.4 X-TRANSLATE 

 

This application can be used to translate XidML-2.41 files to XidML-3.0 files.  This 

application can also be run in full display mode or in batch mode from a command 

line. 

 

Figure 4: A screen shot of how X-Translate works 

 

 
 



3.1.5 X-REPORT 

 

This application takes a XidML file as input and generates one of a number of HTML 

reports 

 

Figure 5: A screenshot of X-Report 

 

 
 

Figure 6: An example of a report generated by X-Report 
 

 
 

3.1.5 XDEFML ASSISTANT 

 



The XdefML Assistant is an application for creating and editing XdefML files.  It also 

features a common settings dictionary, built in defaults and validation. 

 

Figure 7: A screen shot of the XdefML Assistant 
 

 
 

3.2 HOW THE REQUIREMENTS WERE ACHIEVED 

 

The following sections list how the requirements, both functional and non-functional, 

were achieved. 

 

3.2.1 STABILITY AND A MINIMAL NUMBER OF BUGS 

 

These criteria were met primarily using the following techniques and methods. 

 

• Each component, or module, was unit tested to greater than 95% code coverage.  

These tests were fully automated and integrated directly into the software build 

system.  Results were also verified automatically as part of the build system and 

published on the internal intranet (See Figure 9 below). All of this could be 

achieved because the software was designed to be testable from the start. 

• Component integration tests were also written and run automatically as part of the 

build process.  All regression tests were also verified automatically as part of the 

build system (See Figure 8 below).  All failures are automatically reported by 

email. These tests helped to ensure that all components interact with each other in 

a predictable way.  Again, all this is facilitated by the requirement that the 

software be designed to be both testable and maintainable. 

• The software was also released in a phased manner as a series prototype, alpha 

and beta releases.  This helped to ensure that bugs were found before the final 

release of software.   



 

Figure 8: A screenshot of the Component Catalogue from ACRA Controls 

intranet 

 

 
 

 

Figure 9: A screenshot of auto-generated results of a regression test 
 

 
 



3.3.2 EASE OF USE 

 

As previously mentioned, the software was released in a phased manner as part of a 

series of prototype and beta releases.  This ensured that user feedback was obtained 

early and that, where necessary, adjustments were made to both the look and feel of 

the software and the underlying functionality prior to the final release. 

 

 

3.2.3 FUNCTIONAL REQUIREMENTS 

 

X-Setup, and the X-Tools in general, meet all the functional requirements of software 

designed for the FTI community. 

 

• The ability to support tens to many tens of thousands of parameters.  X-Setup is 

designed out-of-the-box to handle many thousands of parameters.  One of the 

reasons it can do this is because it is designed to take advantage of multiple 

processors. 

• X-Setup is XidML native which makes it possible to support both legacy and new 

emerging technologies. 

• Through the use of XidML, and the associated XdefML schema, it is possible to 

support the configuration of hardware from multiple FTI vendors  

• X-Setup is designed to cover everything in the FTI domain from sensor to screen.  

This is made easier because X-Setup is XidML native. 

 

3.3.4 NON-FUNCTIONAL REQUIREMENTS 

 

Given the set of quality attributes discussed earlier the following briefly outlines how 

they were achieved in the X-Tools collection of tools. 

   

Scalability 
 

• X-Setup employs a multithreaded architecture and is designed to take advantage 

of multiprocessor and multi-core computer architectures 

• The context sensitive user interface in X-Setup has been designed to allow the 

user to view a large number of parameters, hardware settings and so on, or to 

focus on specific sub-sets of this data. 

• X-Setup is designed to allow users to construct large package definitions such as 

IRIG-106 Chapter 4 PCM frames and network-based transport protocols and so 

on, 

• One of the defining features of X-Setup is its ability to work with user-defined 

libraries.  This allows users to define large portions of their system in libraries and 

to re-use them over and over again, for example all messages and other 

characteristics of an ARINC-429 bus.   

 

 

 

 

 

Extensibility 
 



X-Setup is designed to be extensible in a specific number of ways.  For example, 

 

• It is possible to add new screens to the user interface to facilitate the introduction 

of new types of hardware or hardware from different vendors without having to 

alter the underlying architecture. 

• It is possible to add new screens to the user interface to facilitate the introduction 

of user interfaces for new transmission or storage packages without having to alter 

the underlying architecture. 

• The architecture allows for the introduction of plug-in tools without altering the 

underlying architecture. 

• X-Setup is XidML native and XidML itself is designed to be extensible. 

 

 

Modifiability 
 

X-Setup is designed so that modifications can be made to one part of the system 

without affecting either the underlying architecture or other components at make up 

the software.  For example, 

 

• All GUI elements implement a common set of interfaces and employ the same 

communication mechanism, making it possible to replace or modify any of the 

user interfaces that make up the user interface without any other part of the 

software being affected 

• The underlying architecture is modularised with each component being loosely 

coupled to the rest of the application via a common communication mechanism 

making it possible to change the implementation details of key components 

without any other part of the software being affected. 

• All modules are unit tested to greater than 95% unit test coverage.  Any change to 

the expected behaviour caused by modification to individual components is 

flagged almost immediately 

 

 

Testability 

 

The X-Setup software is designed from the start to be testable.  This is achieved by 

 

• Modularising the code into semantically coherent components (See Figure 8 

above). 

• Coding to interfaces.  This allows tests based on behaviour to be written and 

automated using standard unit testing software (See Figure 8 above). 

• Because the software is modular in nature it allows discrete subsets of the final 

design to be written and tested early in the development process. 

 

 

 

Usability 
 

X-Setup is designed with usability to the fore.  In particular, 

 



• The underlying architecture is multithreaded and to take advantage or multi-core 

and multiprocessor computer architectures.  This leads to a greater responsiveness 

in the software, especially in the user interface 

• The underlying architecture allows for the addition of wizards and smart package 

builders. 

 

Partitionability 
 

X-Setup is completely modularised (See Figure 8 above) and thus allowed for 

multiple developers to work on its development in parallel. 

 

Maintainability 
 

X-Setup and the X-Tools in general are designed to be easy to maintain.  Specifically,  

 

• All of the X-Tools are modular (See Figure 8 above) in nature.  This allows 

problems in individual parts of the software to be localised and fixed in isolation. 

• The software is designed to be testable, which facilitated the introduction of 

automated unit tests.  This means that it is less likely for bugs to be introduced 

inadvertently during a bug test or maintenance phase. 

• Because the software is completely modular it is easier to document and thus 

reduces the learning curve for those tasked with fixing bugs or modifying 

individual components. 

• Components are versioned individually which means that when major changes are 

made they are easier to target to specific products. 

 

Reusability 
 

From the very start, X-Setup in particular, was designed with re-use in mind.  

Specifically, X-Setup is just one of a suite of products developed by ACRA Control.  

This product suite includes DAS Studio, Recorder Studio, Network Studio, GS Studio 

and BitSynch Studio. 

 

• All of these products use practically the same set of components. 

• A product line [9] approach was used in the development of these tools.  This 

approach ensured that not only individual components would be re-used but also 

the architecture and other software artefacts such as test plans and user 

documentation 

• This approach effectively meant that the total cost of developing the software was 

up to three times cheaper [10], in terms of man-hours, than developing each 

product individually.  

   



 

Figure 10: A graph of relative costs of product line versus a non-product line 

approach 
 

 
 

 

3.3.5 SUMMARY OF TECHNIQUES AND METRICS 

 

The following table summarise the techniques used to achieve the desired quality 

attributes.  It also lists some of the metrics used to verify that the quality attributes 

were achieved. 

 



Table 1: A summary of the tactics used to meet the desired quality attributes for 

the X-Tools along with some sample metrics used to verify the design. 

 

Quality 

Attribute 
Examples of Tactics Used Example Metrics 

Scalability • Take advantage of multiple 

processors 

• Can load 200,000 in less than 

30 seconds 

• Table control can load 
1,000,000 parameters in 

approximately 15 seconds 

Extensibility • Use of XdefML files 

• XidML native 

• Predefined plug-in points 

• Loosely coupled components 

communicating via a standard 

communication protocol. 

• Standardised interfaces 

• Can add full user interface and 

validation support for new 

analogue to digital modules in 

one hour 

• Can add a plug-in tool in 

seconds 

Modifiability • Modularised architecture 

• Code to interfaces 

• Use of XdefML files 

• Can change a range for an 

instrument setting in seconds 

without the need for 
recompilation 

Testability • Modularised architecture 

• Code to interfaces 

• Use of C# facilitated adoption 

of automated unit tests 

• Each component has its own 

set of automated unit tests 

• Test coverage greater than 95% 

• Published automatically as part 

of the  build process 

Usability • Take advantage of multiple 

processors 

• Full drag and drop support 

• Built in support for undo, redo, 

change history, auto-save and 

wizards 

• Usability verified as part of 

beta program 

• Can auto-place many 

thousands of parameters to an 

IRIG-106-Chapter 4 PCM 
frame in seconds 

Partitionability • Architecture composed of 

semantically coherent modules 

• Components loosely coupled 

from each other 

• At height of development, up 

to ten people worked on project 
at the same time 

Maintainability • Components individually 

versioned 

• Components individually 

documented 

• Sample application per 

component 

• Code level documentation 

auto-generated and published 

after each build 

• All UML automatically 

published on internal intranet 

Reusablity • Modularised architecture 

• Product line approach 

• Greater than 90% of 

components used in six or 

more products 

• Basic test plans and 

frameworks used in six 

different products 

 



CONCLUSIONS  

 

This paper discussed the concept of quality with respect to software.  The paper 

suggested that, in addition to minimising the number of bugs and making sure that the 

software is stable, that both the functional and non-functional requirements must be 

also be met.  The paper then discussed what the functional and non-functional 

requirements are for software written for the FTI community.  It was suggested that 

the key non-functional requirements, or quality attributes, of any software for the FTI 

community are scalability, extensibility, modifiability, usability.  Other typical quality 

attributes include partitionability, testability, maintainability and reusability.   The 

paper then presented the X-Tools and outlined their functionality.  Finally, the paper 

then described how both the functional and non-functional requirements were met and 

verified in the development of the X-Tools. 
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ABSTRACT 

The complexity of modern test and evaluation (T&E) processes has resulted in an explosion of the 

quantity and diversity of metadata used to describe end-to-end T&E processes. Ideally, it would be 

possible to integrate metadata in such a way that disparate systems can seamlessly access the metadata 

and easily interoperate with other systems. Unfortunately, there are several barriers to achieving this 

goal: metadata is often designed for use with specific tools or specific purposes; metadata exists in a 

variety of formats (legacy, non-legacy, structured and unstructured metadata); and the same 

information is represented in multiple ways across different metadata formats.  
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INTRODUCTION 

In its simplest definition, metadata is data about other data.  For the purposes of this paper, we view the 

“T&E data” to be the measurements obtained during a test.  Hence, “T&E metadata” is any information 

that provides additional description or context to the T&E data.  This covers a broad spectrum of 

information, ranging from the initial requirements and motivation for the test, to the test article and 

instrumentation modifications required to perform the test, to the description of the packet format in 

which the data is transported.   

Metadata traceability refers to the process of identifying the relationship between the initial 

requirements (i.e., measurements, test plans, test points, etc.) and the various sets of metadata that 

depend on these requirements. Metadata traceability can be used for forensics (identify missing or 

erroneous, pieces of metadata) and synthesis (constructing metadata). The requirements for a 

measurement defined by one metadata source can constrain information in other metadata sources. For 

example, the requirement for a temperature measurement in one metadata source constrains some 

temperature sensor description in a hardware description metadata source, which implies the existence 

of a temperature measurement in a PCM description metadata source. From a description of the 

requirements of a measurement in one piece of metadata, a placeholder for the sensor that collects that 
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measurement and a placeholder for the PCM format definition for that measurement can be auto-

generated or synthesized in separate pieces of metadata. 

As another example, the “test points” defined in the initial test plan describe the maneuvers the pilot is 

supposed to perform.  After the flight is over, there should be a record, such as a flight log, that 

indicates what maneuvers where actually flown by the pilot.  Obviously, the test points and maneuvers 

that the pilot actually flew need to match, or at least be within a specified tolerance (it may be 

acceptable, for example, for the altitude to be off by a thousand feet). 

This paper presents an approach to metadata traceability that includes the following: 1) a framework 

for transforming metadata (legacy, non-legacy, structured and unstructured) into a common 

representation; 2) example rules for Verification, Validation and Completeness (VVC) of metadata; 

and 3) the use of standards to promote interoperability. Our approach leverages existing technologies 

and standards to shift focus from developing enabling technologies to developing rules for metadata 

VVC traceability. 

The approach in this paper has been used to implement a variety of intra- and inter-metadata rules. 

Specific examples include inter-metadata element verification and validation (V & V) of XML ID / 

IDREF pairs within an XML instance file, and intra-metadata element V & V among metadata 

elements such as iNET Metadata Description Language (MDL) [1], the Integrated Hardware 

Abstraction Language (IHAL) [2,3], and the TeleMetry Attributes standard (TMATS) [4].  

 

METADATA TRACEABILITY 

In this paper, the objective of metadata traceability is twofold: (i) to trace all the relevant metadata for 

a test from a source metadata element to a dependent metadata element, and (ii) to determine where 

each metadata element exists in a Word document, XML file, database or other source. For example, an 

instrumentation engineer might be interested in where the description of a signal conditioning card and 

the requirements of the measurement(s) conditioned by that card are found (answer: in the 

signalConditionerUse element of an IHAL file and the Requirements element of an iNET 

MDL file, respectively) and a test engineer might need to know where to find information about what 

objectives are met by a given test point (answer: in documents stored in a document management 

system).  

Metadata Traceability Motivation 

It is currently difficult to trace metadata elements because the information is distributed across so many 

different types of metadata (Word documents, spreadsheets, XML files, databases, etc.). Even when 

disparate metadata is stored in the same format, it is difficult to trace metadata elements through the 

various metadata formats. Figure 1 and Figure 2 illustrate this for traceability of measurement 

information. 

Figure 1 illustrates the traceability of the requirements of a measurement from an MDL file to a 

TMATS file and an IHAL file. The MDL file specifies a range on the required resolution of a pressure 

measurement. This measurement is realized by some signal conditioning card whose resolution meets 

the requirements. Additionally, a TMATS file contains a definition of the same measurement for the 

purpose of defining the location in a PCM frame for that measurement. 
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Figure 2 illustrates the realization of a measurement requirement in each of the three metadata types. 

The MDL file defines the source node in an iNET network that conditions the measurement. The 

TMATS file defines the location of a telemetered measurement in a PCM frame. The IHAL file defines 

an instance (or use) element that defines the card that collects the measurement. The source node in the 

MDL file must match with an IHAL use element, which must also match with the measurement 

definition in the TMATS file, via an identifier (ID) / identifier reference (IDREF) pair. 

 

Figure 1 - Metadata Traceability Motivation 

 

Figure 2 - TMATS Instance Data for Traceability Example 

Metadata Traceability Solution 

Figure 3 shows the general solution for metadata traceability. Given a collection of metadata that 

describes a test (MDL, TMATS, IHAL, Word document, etc), a set of rules are defined that trace the 

metadata element through each of the relevant metadata sources to collection information about the 

metadata element, or identify missing or incorrect information. 

Figure 4 shows the system-level approach to metadata traceability. The source metadata elements 

(XML files, Word documents, Excel spreadsheets, etc) are converted to an RDF/OWL representation 

using a custom-developed or commercial off-the-shelf (COTS) translator. The Resource Description 

Framework (RDF) [5] and the web ontology language (OWL) [6] are standards, much like eXtensible 
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Markup Language (XML), that represent meaning in a programming language and database 

independent way. Using existing standards such as RDF / OWL does not require the introduction of 

new metadata formats. By the choice of RDF / OWL as the common representation format, we make 

available a wide variety of translators, inference engines, APIs and other tools that are supported by the 

RDF / OWL community. For example, KBSI has developed techniques for translating text documents 

into RDF / OWL format [7] and TopQuadrant's TopBraidComposer product line can translate XML 

files into an RDF / OWL format [8]. 

 

Figure 3 - Metadata Traceability Solution 

 

Figure 4 - Metadata Traceability Approach 

RDF supports representation of graph data structures in the form of RDF triples; OWL, an extension of 

RDF, supports the definitions of concepts and relationships among concepts in such a way that 

applications can reason about meaning or semantics. Rule-based inference is a reasoning technique that 

allows for the creation of new relationships and links between concepts in a domain. Simple Protocol 

and RDF Query Language (SPARQL) [9] is a query language for the RDF triples. RDF / OWL 
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representations and inference methods such as SPARQL provide a powerful way for accessing and 

manipulating rich, network-based data. 

Once the metadata is converted to RDF/OWL format, SPARQL metadata VVC traceability rules are 

applied to the RDF/OWL metadata representation to generate a traceability report. This report includes 

some (or all) of the following: 

 The result of a traceability query (e.g., "provide all information and its metadata source for the 

left front tire pressure"), 

 A validation report (e.g., measurements whose requirements are not satisfied) 

 A verification report (e.g., measurements that do not meet conditions specified by the test 

objectives) 

 A completeness report (i.e., missing metadata elements) 

Figure 5 shows a snippet of an RDF / OWL file translated from an MDL instance document. The 

topmost node
1
 is a measurement node (type MDL:Measurement2) that represents a measurement 

collected by an instrumentation network. The measurement node has relationships to nodes that 

describe the implementation of the measurement (the property MDL:hasImplementation to nodes 

of type MDL:Implementation) and the requirements for collecting that measurement (the property 

MDL:hasRequirements to nodes of type MDL:Requirements).  

 

Figure 5 - RDF / OWL MDL Representation 

                                                 
1
  In RDF / OWL terminology a node is used in the graph-theoretic sense in which nodes are connected to one another 

using properties. This is not to be confused with the MDL concept of a node, which is a piece of hardware on an IP-

based network. 
2
  The syntax namespace:resource-name is used to describe RDF / OWL classes and properties. The namespace 

is used to segment metadata sources (MDL, IHAL, TMATS, etc.) and the resource-name is an RDF / OWL class or 

property for the given metadata elements. 
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The MDL implementation node has a relationship to a node that represents the measurement source 

(the property MDL:hasMeasurementSource to nodes of type MDL:MeasurementSource), 

which in turn has a relationship to a node that represents a reference to the measurement source (the 

property MDL:hasSourceNodeRef to nodes of type MDL:SourceNodeRef). The measurement 

source is fully defined somewhere else in the MDL XML instance document (typically, this is a PIN on 

a signal conditioning card). For the purpose of metadata traceability, the MDL source node reference 

can be used to link similar or identical concepts in other metadata sources, as will be illustrated in the 

following sections. 

The MDL measurement node also has relationships to nodes that define the requirements for the 

measurement. This is shown on the right-hand side of Figure 5. The details of these relationships will 

not be described here, the key point being that the requirements for the resolution of the conditioned 

measurement are defined in this portion of the MDL RDF / OWL graph. 

Figure 6 shows a snippet of an RDF / OWL file translated from an IHAL instance document. The left-

hand side of the figure shows an IHAL card use node, which defines an instance of a signal 

conditioning card in an IHAL instrumentation network. The right-hand side of the figure shows an 

IHAL signal conditioning card node, which defines the characteristics of a signal conditioning card. 

These characteristics include the signal conditioning card analog-to-digital conversion resolution. The 

card use and pool elements in the XML are linked via an ID / IDREF pair: the use refers to the 

corresponding pool element by a reference to the pool element's unique ID. 

 

Figure 6 - RDF / OWL IHAL Representation 

Verification and Validation 

T & E metadata verification and validation are types of metadata traceability and will be used in the 

examples that follow. Verification and validation are defined as: 



7 

 

 Verification:  a quality process that is used to evaluate whether or not a product, service, or 

system (in our case, the instances of the T&E metadata repository) complies with a regulation, 

specification, or conditions imposed at the start of a development phase or that exists in the 

organization.  

 Validation: the process of establishing documented evidence of a high degree of assurance that 

a product, service, or system (in our cases the various metadata artifacts of a T&E program) 

satisfies its defining requirements. While this is often a “judgment call,” involving acceptance 

of suitability by external customers, automation can provide significant assistance to the 

customers. 

 

EXAMPLES 

The examples provided in this section are taken from the domain that is most familiar to 

instrumentation engineers. Examples can easily be constructed for the test engineer or project engineer 

domains using the T & E reference model as a framework [10]. This section provides example V & V 

rules that show intra-metadata element V & V for MDL, IHAL and TMATS metadata elements. 

Navigation Rules 

This section illustrates the use of SPARQL / SPIN [11] rules for navigating across metadata elements. 

These rules are not rules in the sense of performing a verification or validation, but are used to identify 

nodes in the graph with specific relationships to other nodes in the graph. A SPARQL / SPIN rule 

consists of two parts: an ASK / SELECT / CONSTRUCT clause and a WHERE clause. The ASK / 

SELECT / CONSTRUCT clause is the action; the WHERE clause matches RDF / OWL sub-graphs. 

The semantics are such that the action is performed if the WHERE clause matches anything in the RDF 

/ OWL sub-graph.  

 

Figure 7 – Verification and Validation Navigation Rules 

Figure 7 shows two navigation rules that are used to find an IHAL node that corresponds to the source 

node reference of an MDL measurement. This navigation rule is useful to support a validation rule that 

validates that the requirements specified in an MDL measurement description (Figure 5) are realized by 

the card that conditions that measurement (Figure 6). The navigation rule is broken into two parts: (i) 

select the IHAL use node that corresponds to an MDL measurement source node reference (topmost 
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rule in Figure 7), and (ii) use the resulting “use” node to select the IHAL pool node that describes the 

characteristics of that “use” node (bottommost rule in Figure 7). 

In the topmost rule in Figure 7, the first part of the WHERE clause matches the nodes and relationships 

from an MDL measurement node down to the MDL source node reference via the 

MDL:hasImplementation → MDL:hasMeasurementSource → 

MDL:hasSourceNodeRef path (Figure 5). The source node reference is bound to the variable 

?sourceNodeRef. The second part of the WHERE clause matches the MDL source node reference 

ID with a corresponding IHAL use node with that same ID. The IHAL use node reference is bound to 

the variable ?use and is returned in the SELECT clause of the rule. 

ID / IDREF Verification 

One of the shortcomings of XML-based metadata is that the support for semantics is very limited. XML 

schema validation checks an XML instance document against a schema which defines the allowed 

instance types, the structure of the XML instance documents, and the existence of unique identifiers 

(ID) and identifier references (IDREF). The XML ID / IDREF modeling pattern used in IHAL 

illustrates the problem with XML metadata. The IHAL use element has an identifier reference to some 

element in an IHAL pool; the semantics are such that the use IDREF points to the IHAL pool  element 

that defines its characteristics. For example, an IHAL card use element is supposed to point to some 

type of card (signal conditioning card) in the pool. Unfortunately, the ID / IDREF pattern only verifies 

that the IDREF exists, not that it refers to an element of the right type. It is perfectly valid for an IHAL 

card use IDREF to point to a thermocouple, GPS card, or even an instrumentation network. 

 

Figure 8 - IHAL ID / IDREF Verification Rule 

Figure 8 shows rules for verifying that the IDREF of an IHAL use node refers to the right type of IHAL 

pool node (e.g., that an IHAL card use node references an IHAL card pool node). The topmost rule in 

Figure 8 establishes a relationship between the use and pool nodes and the bottommost rule checks for 

the existence of that relationship. The WHERE clause in the topmost rule matches the use node to the 

pool node if and only if the pool node is of the right type, where the expected pool node type is passed 

to the rule as the argument ?poolClass. The CONSTRUCT clause establishes a link between the 

use and pool nodes via the argument ?usePoolRelationship. Note that if the pool node is not of 

the expected type, then the CONSTRUCT action is not performed. The bottommost rule checks for the 

existence of the relationship that was created in the topmost rule; if this relationship does not exist, then 

the pool node is not the right type. 



9 

 

MDL / IHAL Validation 

Figure 9 shows two rules that implement the validation of an IHAL use element against an MDL 

measurement requirement. Specifically, this rule checks that the maximum required conditioning 

resolution, as defined in MDL, is satisfied by the signal conditioning card that is selected to condition 

the measurement. This rule relies on several navigation rules (not shown) and is an ASK clause action 

rule that is satisfied if the selected card meets the requirements. The WHERE clause of this rule can be 

divided into three parts, as shown in the figure: 

 The maximum required resolution as defined by the MDL is bound to the variable 

?maxRequiredResolution; this is achieved via the 

:mdlMaxResolutionRequirement navigation property (a special type of navigation 

function) 

 The maximum resolution provided by the signal conditioning card that corresponds to the MDL 

measurement description is bound to the variable ?maxResolution; this is achieved via the 

navigation function GetIHALOutputPortFromMDLMeasurement, which returns the 

signal conditioning card port or channel, defined in IHAL, and the navigation function 

GetIHALMaxResolution, which returns the maximum resolution provided by the signal 

conditioning card 

 The maximum required resolution is compared against the maximum provided resolution as the 

key condition imposed by the constraint 

 

Figure 9 - MDL / IHAL Validation Rule 

 

SUMMARY 

The work presented in this paper is an extension of the work presented at a previous ITC conference 

[12]. We have motivated the reason that verification, validation and completeness is necessary for 

metadata traceability and the need to employ standards-based representations and technologies to 

achieve the goal of intra- and inter-metadata traceability. We have proposed RDF / OWL as the 

representation format and SPARQL / SPIN a the inference rule representation. 

Future work includes the identification or development of tools for translating source metadata into 

RDF format, the development of rule libraries for metadata traceability (navigation functions, 

constraints, etc.) and the identification and documentation of design patterns, best practices and lessons 

learned in order to make these techniques accessible and usable within the T & E community. 
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ABSTRACT 
 
The RCC IRIG Chapter 10 standard requires that Chapter 10 recorders use the STANAG-
4575 (NATO Advanced Data Storage Interface) file system to store data files.  The 
STANAG-4575 standard defines a linear file system in which each file is stored in a 
single contiguous block of disk space.  There is a small directory listing at the beginning 
of the disk.  This listing stores the starting position and length for each file.  It also stores 
the file’s name and its creation date and time.  This file system is very efficient for 
storing files that are recorded sequentially because it does not require the disk to 
constantly update a file allocation table on each write.   
 
Unfortunately, the STANAG-4575 file system is not directly supported by Microsoft 
Windows.  This means that it is not possible to simply attach a recorder’s disk to a PC 
and copy the files directly using Windows Explorer.  This paper will discuss an approach 
that allows the contents of a STANAG formatted disk to be read from a standard 
Windows PC.  In addition to copying files from the disk, this approach allows several 
other useful operations to be performed on the disk.  These operations include advanced 
copy options such as partial file copies and splitting files into multiple pieces.  It can also 
provide a mechanism for deleting files, reformatting the disk and performing a 
sanitization procedure on a disk to declassify it. 

KEYWORDS 
 
Chapter 10, STANAG-4575, Data Recorders 

INTRODUCTION 
 
Flight test data recorders have several unique requirements that standard PC file systems 
are not optimized for.  The file system on a data recorder must be capable of continuously 
writing files at a high speed.  It also needs to have relatively low overhead and it must be 
tolerant of sudden power loses.  The STANAG-4575 file system is ideally suited for use 
with flight test data recorders.  This file system is designed to make it simple and easy to 
write a series of files to a disk in a linear fashion.  For these reasons, the STANAG-4575 
file system must be used on RCC IRIG compliant Chapter 10 data recorders.    



While the STANAG-4575 file system is ideal for use in flight test data recorders, it is not 
a widely known standard outside of the telemetry community.  Thus it is not supported by 
common PC operating systems like Microsoft Windows and Linux. This causes a 
problem after a test flight because the flight test engineers need to copy the data files 
from the recorder to a standard PC so that the data can be analyzed.  The data must be 
copied relatively quickly so that the removable memory cartridges can be reused on a 
subsequent test flight.  Typically the memory cartridges will also need to be reformatted 
before the next test flight.   Depending on the security level of the flight test program, it 
may also be necessary to perform a sanitization procedure on the disk before it can be 
reused. 

CHAPTER 10 BACKGROUND 
 
One of the principle goals of the RCC IRIG Chapter 10 standard is to define a mechanism 
for recording different types of data from multiple sources in a single recording.  The 
standard defines a file format that achieves this goal.  Chapter 10 files are comprised of 
data packets.  Each packet stores data from a particular source in a data type specific 
format.  Each packet contains a header and a body.  The packet header identifies the data 
source and its type.  The body of the packet contains actual flight test data that is 
collected from the source.   
 
The Chapter 10 format has several well defined features that are designed to ensure that 
data is promptly written to disk.  In particular, no packet can contain data that was 
collected more than 100 ms ago.  This guarantees that data is committed to the disk 
promptly.  The standard also defines a special time packet format.  Time packets must be 
written to the file every second in order to provide an easy time reference.   
 
In addition, Chapter 10 files must start with a computer generated data packet that 
contains an RCC IRIG Chapter 9 Telemetry Attributes Transfer Standard (TMATS) 
entry.  The TMATS entry describes all of the data sources that are recorded in the file.  
This makes it possible for each Chapter 10 file to be self-describing.  The main advantage 
of this is that there is no need to store the original telemetry system vendor’s setup with 
the data.  If the data needs to be viewed in the future all that will be needed is data 
playback software that understands Chapter 10 data and Chapter 9 setup packets.   

STANAG-4575 BACKGROUND 
 
The STANAG-4575 file system is a NATO standard for data storage on removable 
memory modules.  The RCC IRIG Chapter 10 standard uses a subset of the STANAG-
4575 file system.  This file system was selected because it is optimized for rapidly 
writing sequential data to a disk.  The other advantage of selecting a standardized file 
system for Chapter 10 is that it guarantees both forward and backwards compatibility for 
Chapter 10 disks for the lifetime of the standard.  In addition, the STANAG-4575 file 
system has very low overhead and supports extremely large files.  These two properties 
are crucial for flight test data recorders which can create recordings that contain over 100 
GB of data on a single test flight. 



 
A STANAG-4575 formatted disk contains two main sections.  The first section contains a 
series of directory blocks that describe the files that are written on the disk.  The second 
section contains the actual file data.  Each block is typically one sector on the underlying 
media.  Each directory block contains a header that consists of the following items: 
 

 Magic Number 
 Version Number 
 Shutdown Byte 
 Number of File Entries in the Block 
 Volume Name 
 Forward Link 
 Reverse Link 
 Entries For Several Files 

 
The magic number is the ASCII string “FORTYtwo”.  The revision number records the 
version of the RCC IRIG 106 standard.  The shutdown byte indicates whether or not the 
disk was powered down safely.  If the shutdown byte indicates an error then the file 
entries may not be correct.  The next item in the header is the number of file entries that 
follow.  For a typical 512 byte sector, there will be four file entries.  The forward and 
reverse links tell the system the block number of the next and previous directory block.  
This would theoretically allow for the directory blocks to be scattered across the disk.  In 
practice all of the blocks are written consecutively at the start of the disk.   
 
Each file entry describes a file that resides on the disk.  The file entries are 112 bytes 
long.  A file entry includes the following items: 
 

 File Name  
 Starting Block Number 
 Block Count 
 Actual File Size in Bytes 
 File Create Date and Time 
 File Close Time 
 Time Source Byte 

 
Since files are written to disk sequentially, all that a user needs to know about a file in 
order to read it is its starting block number and its actual size in bytes. 

ACCESSING STANAG-4575 FORMATTED DISKS FROM WINDOWS 
 
One of the problems that end-users have with STANAG-4575 disks is the need to access 
them from standard PC Operating Systems like Microsoft Windows.  There are two main 
solutions to this problem.  One solution is for the hardware on the Chapter 10 recorder to 
provide a mechanism that exposes the contents of the STANAG formatted disk to 



Windows in a standard way.  For example, a Chapter 10 recorder could provide an 
Ethernet connection and allow the user to login to the disk via FTP. 
 
The other solution is to use a software application that runs on a standard PC to read the 
contents of the removable disk drive over a standard interface like 1394 Firewire, USB or 
Fibre Channel.  The user will only need to provide power and data connections to the 
removable drive.  The software solution will allow a user of any version of Windows 
from Windows 2000 to Window 7 to access the disk.  The remainder of this paper will 
discuss the software based method that TTC has developed for accessing STANAG-4575 
formatted disks from Microsoft Windows without any special ground hardware.  

MEDIA MANAGER SOFTWARE 
 
TTC has solved the problem of accessing a STANAG-4575 formatted disk by creating a 
Windows application that bypasses the Windows file system drivers and reads directly 
from the disk.  This application is called the Media Manager.  It understands the 
STANAG-4575 file system so it is able to read and interpret the directory blocks on the 
disk.  This allows the application to provide all of the standard file manipulation 
functions that users need to perform on a disk. 

Figure 1: Viewing a STANAG-4575 Disk in the Media Manager Application 
 



When the Media Manager is started, it scans all of the storage devices that Windows 
detects in the PC.  If it determines that a storage device is formatted with STANAG-4575 
then it adds it to the list of drives that Media Manager can access.   When the user selects 
one of the STANAG-4575 formatted disks, the Media Manager will then read the 
directory blocks from the selected STANAG-4575 disk and display a file listing similar 
to the way that Windows Explorer displays files on a standard hard drive.   
 
To interpret the directory listing on a STANAG-4575 disk, the Media Manager starts by 
reading the first directory block.  It then follows the forward links in each directory block 
until it reaches the last directory block.  On a typical STANAG-4575 disk, there will be 
128 directory blocks.  Since each 512 byte block can contain four files, this means that a 
maximum of 512 files can be stored on the STANAG-4575 disk.   
 
As the Media Manager is reading the directory blocks, it looks at each file entry.  A file 
entry can either be empty or it can contain a file.   If a file entry contains an actual file 
then the Media Manager will read the file name, the file start block, the file size and the 
start and end time stamps for the file.  This allows the application to display a list of the 
files for the user.  The user can then select the files that they want to manipulate.  The 
starting block number and the number of blocks used by the file are not displayed to the 
user.  Instead the user is simply shown the total size of the file in megabytes.   
 
One possible issue that complicates reading the directory structure from STANAG-4575 
disks is endianness.  The directory block’s structure is defined by the IRIG-106-09 
standard to be “Big Endian”.  This means that the most-significant bit of each number in 
the directory entry comes first.  However, some early Chapter 10 recorders used “Little 
Endian” directory blocks where the least-significant bit of each number came first.  An 
easy way to detect this issue is to look at the reverse link in the first directory block.  The 
reverse link in the first block must point to the first block.  If the reverse link appears to 
be in “Little Endian” format then the Media Manager can compensate by reversing the 
bits in all of the numbers in the directory entry. 
 
The most common operation that users need to perform on a STANAG-4575 disk is to 
copy the files from the disk onto their PC’s hard drive or a network drive.  The Media 
Manager allows the user to select one or more files and copy them from the STANAG-
4575 disk to the PC.  The copy process works by locating the first block on the disk that 
belongs to a file and then copying all of the data from the file.  Due to the design of the 
STANAG-4575 file system this is very simple because the file is guaranteed to be stored 
in contiguous blocks on the disk.   
 
The Media Manager also supports several advanced copy operations.  These operations 
allow files to be manipulated as they are copied off of the recorder drive.  One option is 
the ability to split files into multiple pieces.  This allows very large files to be broken up 
into multiple smaller pieces for storage or easy data exchange purposes.  Another option 
is the ability to copy part of a file.  This is done by specifying a starting position and a 
length for the copy operation.  These advanced options increase the flexibility of the file 



copy process and allow the user to perform some simple reprocessing of the data while 
copying it from a recorder memory cartridge to a PC. 
 

 
Figure 2: Copying Files 

 
Another feature of the Media Manager is the ability to delete files from a STANAG-4575 
disk.  The STANAG-4575 file system does not support file deletion in the same manner 
as most file systems.  When a file is deleted from a STANAG-4575 disk, the file entry in 
the directory block is cleared.  This is similar to the way that most file systems delete 
files.  The unusual aspect of file deletion is that the data blocks that are allocated to the 
file are not freed when a file is deleted.  The reason for this limitation is the fact that each 
file on the STANAG-4575 disk is recorded as a single contiguous block of data.  
STANAG-4575 does not support fragmented files like most other file systems.  Thus the 
only place that new files can be recorded is at the end of the disk after all of the existing 
files.  This means that the only way to free space by deleting files is to delete the last 
(most recently recorded) file on the disk.   
 
In order to recover disk space after deleting a file, the disk needs to be defragmented.  
The defragmentation process involves two steps.  In the first step the directory blocks are 
rewritten so that all of the files are in consecutive file entries.  The second step is more 
time consuming.  It involved moving the files on the disk so that they are contiguous and 
there is no wasted space between files.  In some cases, this can require rewriting all of the 
files on the disk.  For example, this would happen if the user deleted the first file on the 
disk but kept all of the other files.   
 



After the recorded flight test data is copied from a STANAG-4575 drive to a PC, the 
drive must be prepared for reuse.  At minimum, the drive should be reformatted with an 
empty STANAG-4575 directory structure.  The Media Manager provides two formatting 
options.  The first option is a quick format that simply rewrites the 128 blocks that 
comprise the directory structure.  This is an extremely quick operation.  The second 
option is a full format.  The full format involves rewriting the directory structure and then 
zeroing out the entire contents of the disk.  This allows the user to start with a clean disk 
and guarantees that no old data will get mixed in with the new data from the next test 
flight.  However, the full format process does not qualify as a declassification procedure 
because the drive is only written once.   

 

 
Figure 3: Performing a Full Format 

 
For recorder disk drives that support a declassification or sanitization feature, the media 
manager has the ability to invoke this procedure.  A declassification procedure involves 
running a multi-step process where various data patterns are repeatedly written to and 
erased from the disk.  The goal of the declassification procedure is to completely destroy 
any remnants of the original data that was recorded on the disk.  In order to do this 
properly, the drive manufacturer must provide a procedure built-in to the drive’s 
firmware that performs the actual process.  During a declassification procedure, the 
media manager monitors the progress of the operation.  When the procedure finishes, the 
disk drive must be reformatted with STANAG-4575 so that it can be reused.   
 



The Chapter 10 standard also provides a unique method of programming a Chapter 10 
recorder by placing a specially named Chapter 9 TMATS file on an otherwise empty 
removable disk drive.  If a removable disk drive with a TMATS file is inserted into a 
Chapter 10 recorder then the recorder will configure itself from the TMATS file on 
power-up.  The Media Manager has the ability to copy a TMATS file from a user’s PC to 
a recorder disk drive.  This provides an easy way for users to program their Chapter 10 
recorders. 

FUTURE WORK 
 
There are several additional features that could be added to the Media Manager to help 
users work with STANAG-4575 disks that contain Chapter 10 data files.  One of the most 
useful features would be a data recovery option.  This feature would make it possible to 
restore the directory structure on a STANAG-4575 disk in the event that the directory 
structure was damaged or lost.  The most common cause of an error in the STANAG-
4575 directory structure is a sudden, unexpected power failure.  If the power fails while 
the disk is writing to the directory blocks then there is a possibility that the directory will 
be damaged.  The reason for this is that solid state flash memory writes data by first 
erasing the current data and then writing the new data.  If power fails in the middle of this 
operation then the old and new contents of the data block can be lost.   
 
The data recovery feature could take advantage of the structure of Chapter 10 data files to 
easily determine the boundaries of each file.  Since every Chapter 10 file begins with a 
TMATS record and each file starts at the beginning of a disk block, it is relatively easy to 
determine the starting blocks for each file on the disk.  If all of the files are contiguous 
and none of them have been deleted then all of the files except for the last file can be 
restored simply by locating all of the TMATS packets on the disk.  The starting position 
for the last file on the disk can be easily detected but it is harder to determine where the 
file ends.  In order to determine the end of the last file, all of the packets need to be 
followed until the end of the file.  Once the starting position and length for all of the files 
on the disk has been determined it is simple to reconstruct the directory listing for the 
drive.  The file names, creation date and time and close time cannot be restored but the 
actual file data will be accessible. 
 
Another potential future improvement would be the creation of a Windows file system 
driver for the STANAG-4575 file system.  The principle advantage of a file system driver 
is that it would make it possible for Windows Explorer and any other Windows program 
to directly access the files on a STANAG-4575 disk.  Even if a file system driver is 
written, a utility like the Media Manager would still be required to format and declassify 
the STANAG-4575 disks.   

CONCLUSION 
 
The STANAG-4575 file system is an excellent file system for flight test data recorders.  
By creating the Media Manager application, TTC has addressed one of the problems that 
users typically encounter when they want to use Chapter 10 recorders with standard PCs.  



The Media Manager application provides all of the essential features that a user needs to 
transfer data files from a Chapter 10 recorder to their PC.  This allows the data to be 
analyzed after a test flight and it allows the removable memory cartridge to be quickly 
reused on subsequent flights. 
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Abstract: A few years ago XidML was introduced as an open XML standard for 

capturing the meta-data associated with flight test instrumentation (FTI). This meta-data 

schema was broken down into elements for Parameter (name, range, units, offset-binary), 

Instrument (name, serial number, misses-to loss), Package (bits per word, words per 

minor-frame, rate) and Link (name, type) and so on. XidML remains one of the only 

published schema for FTI meta-data and with XidML 3.0 many simplifications have been 

introduced along with support for nested tree structures and a single instrument schema 

allowing anyone to define the validation for instruments from any vendor. This paper 

introduces the XidML schema and describers the benefits of XidML 3.0 in particular. It 

begins by giving a brief description of what XidML is and describes its history and 

motivation. The paper then outlines the main differences between XidML-3.0 and earlier 

versions, and how the XidML schema has been further refined to meet the challenges 

faced by the FTI community. As an example of usage the FTIManager software 

developed at Eurocopter will be briefly presented in order to illustrate the XidML ability 

to describe a multi-vendor FTI configuration 
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1 WHAT IS XIDML? 

 

XidML the Extensible Instrumentation Meta-data Mark-up Language is an XML 

schema [6] first released in 2005.  It is an open, vendor-neutral meta-data standard that is 

designed to meet the needs of the FTI community [1] [2] [3] [4].  The XidML schema 

encompasses everything in the FTI domain from sensors on aircraft, to data displays on a 

computer screen, and everything in between.   

 

The XidML schema has been designed to be future proof with extensibility inherent in 

the schemas structure.  For example, in addition to supporting traditional data acquisition 

protocols such IRIG-106 Chapter 4 PCM frames, MIL-STD1553, and so on, it also 

supports newer networked-based protocols.  Any new protocols that emerge in the future 

can also be easily accommodated in the schema without affecting the basic schema 

structure.  

 

The data model behind the XidML schema is built around the five key concepts of 

instruments, parameters, packages, links and algorithms.  In the XidML schema, these 

concepts are mapped directly to the five key elements of instruments, parameters, 

packages, links and algorithms.   



2 THE FIVE MAIN COMPONENTS IN XIDML 

 

2.1 INSTRUMENTS  
 

Instruments are the physical hardware used in data acquisition.  They describe how FTI 

devices such as data acquisition modules and sensors are configured.  Examples of the 

meta-data associated with an instrument include, misses-to-loss, filter cut-off, excitation 

voltage and so on.  All instruments have a globally unique name. 

 

2.2 PARAMETERS  
 

Parameters describe all there is to know about sampled data.  This information can 

include, the number of bits used to encode the data, value ranges, whether the data is 

encoded as Offset Binary or Binary Coded Decimal etc., measurement units and so on.  

All parameters have a globally unique name.    

 

2.3 PACKAGES 

 

Packages describe how data is either packaged for transmission, or for storage on a 

physical medium. Examples of transmission packages would be IRIG-106 Chapter 4 

PCM frame definitions, MIL-STD-1553 message definitions and IRIG Chapter 10 

storage descriptions.  All packages have a globally unique name. 

 

2.4 LINKS 

 

Links describe the physical connections between two instruments.  Examples would be 

an Ethernet connection between two networked devices or an RF link between an aircraft 

and a ground-station card in a PC.  All links have a globally unique name. 

 

2.5 ALGORITHMS 

 

Algorithms describe how data is processed.  Examples include a polynomial algorithm 

used to linearize data or an algorithm used to extract the twelve most significant bits of a 

sixteen bit parameter before being transmitted in an IRIG-106 Chapter 4 PCM frame.  All 

algorithms have a globally unique name. 

 

 

3 MAIN CHANGES TO XIDML 3.0 

 

XidML 3.0 is the latest version of the XidML schema.  It incorporates the lessons 

learned from five years of continuous use on scores of flight test projects.  In particular, 

the number of schemas has been reduced and the flexibility of those remaining has been 

increased.  The following outlines the key changes to the schema. 

 

3.1 NESTING OF INSTRUMENTS 

 

In earlier versions of the XidML schema, instruments were classified as either platform 

instruments or standard instruments.  Platform instruments could contain standard 

instruments while standard instruments could not. For example, a DAU was typically 

defined using a platform instrument while function specific child modules were typically 



defined using standard instruments.  It was not possible to nest platform instruments in 

other platform instruments.  In version 3.0 there is no longer a distinction made between 

platform and standard instruments and it is now possible to nest instruments to any 

arbitrary depth.  This allows the XidML file to more naturally reflect the system under 

test. 

 

3.2 A SINGLE INSTRUMENT SCHEMA 

 

The biggest change to the XidML schema is the replacement of the 40 or so instrument 

schemas that existed in earlier versions with one single instrument schema. Specifically, 

instrument settings, those values that affect the behaviour of an FTI device, are now 

specified using name-value pairs.  This means that individual FTI vendors no longer need 

to wait for changes to particular instrument schemas to incorporate a custom setting that 

they need to configure their hardware. Also, all inputs or outputs from a device are 

defined using channels.  Example input channels would be the signal from a sensor or an 

RS-422 data stream.  An example output channel would be an IRIG-106 Chapter 4 PCM 

frame. 

 

 
Figure 1: An example of nested instruments 

 

3.3 XDEFML 
 

In earlier versions of the XidML schema a lot of the logic required for validation of 

user data was incorporated into the individual instrument schemas.  However, in version 

3.0, there is only one generic instrument schema and only generic validation is now 

provided.  To address this issue, a new complementary optional schema called XdefML 

was created for vendors.  This optional schema allows vendors to fully specify all 

validation criteria and data input constraints for their equipment.  For example, it may 

specify the allowed ranges for specific hardware settings, or the number of channels on 

an instrument.  Vendors can supply an XdefML instance file for each class of device they 

sell.  Some FTI vendors, such as ACRA Control, and users of FTI equipment also use 

XdefML files in order to auto-generate user interfaces in software applications.  As an 

example, see below for a description of the FTI Manager software produced by 

Eurocopter France. 

 

3.4 INSTANTIATION AND REFERENCING OF COMPONENTS 

 

It is now possible to either instantiate or reference a parameter, package, link or 

algorithm from anywhere within the XidML file.  This allows users, for example, to 

define a parameter under a channel on an instrument or within the content section of an 

IRIG-106 PCM frame. The option of defining parameters and so on in a global list, 



however, is still supported and is preferred by a lot of FTI users that share system 

definition across groups and thus incrementally define XidML files. 

 

 
 

Figure 2: An example of parameters and packages defined in the XML tree 

 

3.5 SIMPLIFIED PARAMETER SCHEMA  
 

In earlier versions of XidML it was necessary to specify the source and destination(s) 

of a parameter in the parameter definition itself.  These have been removed from the 

parameter schema in XidML 3.0.  The source and destination(s) of a parameter can now 

be inferred from where it is defined in the XidML file.  Balance and shunt settings have 

also been removed from the Parameter element.  These are now defined as settings on the 

channel(s) of an instrument. 

 

3.6 PARAMETERS WITHIN PARAMETERS  
 

XidML 3.0 allows parameters to be defined within parameters.  For example, a single 

IRIG-106 time parameter could have high, low and micro time parameters contained 

within it.  Now, depending on how the instrumentation from a particular FTI vendor 

behaves, parameters that are contained within other parameters may also be treated as 

stand alone entities in a XidML file. 

 

 

 

 

 

 

 

 

 

 

 

 
 

 

Figure 3: An example of parameters contained within other parameters. 

 

MyTime 

MyHiTime MyLoTime MyMicroTime 
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0 16 32 

0 

15 31 47 
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3.7 SIMPLIFIED LINK SCHEMA  
 

The link schema has been greatly simplified.  Most settings that were in the link 

schema in earlier versions of XidML now appear as settings on instrument channels. 

Settings that are common to both sides of a link can be indicated using XdefML.  In most 

cases it is only necessary to specify the link’s type (e.g. Ethernet, MIL-STD-1553 and so 

on) but it is also possible to specify how data is transmitted over a link (e.g. describe the 

messages on a MIL-STD-1553 bus). 

 

3.8 AUXILIARY FILE REUSE  
 

It is now possible to reuse entire bus definitions using auxiliary files.  XidML file 

authors achieve this by using standard XPath [5] syntax to either add a prefix or suffix to 

the names of XidML components or to replace specific values.  A practical example of 

this would be two engines on an aircraft having the same ARINC-429 bus defintion. 

 

 

4 A CASE STUDY IN USING XIDML & XDEFML: FTI MANAGER 

 

4.1 WHAT IS FTI MANAGER? 

 

FTIManager [7] is an integrated and modular tool, developed by Eurocopter in Java for 

defining the setup and configuration of FTI hardware.  It is also used to track the history 

of individual items of hardware and calibration information, and acts as a hardware 

inventory for all equipment used in flight test projects.  

 

The FTI Manager under development uses the latest XidML schema to store the FTI 

configuration and equipment setup and not only for the ACRA Control acquisition 

system but also for the other components such as sensors, recorders, remote control units, 

telemetry and video systems 

 
Figure 4: FTI Manager overview 

 

 



 

 

4.2 AUTO-GENERATION OF USER INTERFACES 

 

In order to minimize the effort required to adopt a new hardware, FTI Manager uses 

XdefML to auto-generate setup screens and the definition of storage formats.  It does this 

by reading the XdefML associated with specific devices and generating a user interface 

based on the restrictions and constraints that apply to that device.  

 

For example, an XdefML file may specify that a particular channel setting value must 

be within a particular range and be an integer value.  In this case, the generated UI would 

prevent the user from entering in values outside the specified range and only allow 

integer values to be entered.   

 

Simply by using an XdefML file it is to support new equipment from multiple vendors 

without recompiling a line of Java code 

 

 
Figure 5: A screen shot some screens generated using XdefML 

 

5 CONCLUSIONS 

 

This paper outlined the benefits of XidML and XidML-3.0 in particular.  It described 

the origins of the XidML schema and how it was developed to meet the needs of the FTI 

community.  In particular, XidML has been designed to be future proof, extensible and 

vendor neutral.  The paper then described the key changes to XidML 3.0.  These changes 

incorporate the many years of experience of users across many FTI projects.  In simple 

terms, the new XidML schema has been simplified greatly and many sub-schemas have 

been removed.  XidML 3.0 also sees the introduction of a complementary optional 

schema called XdefML that provides a powerful mechanism for vendors to completely 

specify and validate meta-data for their equipment.  Finally, a practical example in the 

benefits of XidML and XdefML was given with the description of the FTI Manager 

application from Eurocopter.  
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ABSTRACT 
The Joint Mission Environment Test Capability (JMETC) is a distributed live, virtual, and 
constructive (LVC) testing capability developed to support the acquisition community and to 
demonstrate Net-Ready Key Performance Parameters (KPP) requirements in a customer-specific 
Joint Mission Environment (JME).  JMETC, using the Test and Training Enabling Architecture 
(TENA), provides connectivity to the Services’ distributed test capabilities and simulations, and 
Industry test resources.  TENA is well-designed for supporting JMETC events through its 
architecture and software capabilities which enable interoperability among range instrumentation 
systems, facilities, and simulations.  TENA, used in major exercises and distributed test events, 
is also interfacing with other emerging range systems. 

KEY WORDS 
TENA, JMETC, interoperability, resource reuse 

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 via small-unit maneuvering, to large-scale 
Joint Services exercises spread across numerous ranges where 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.  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, such as 
the Joint Strike Fighter (JSF), in a more cost-effective manner.   

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 with an LVC testing capability, and 
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 
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aligned with and complemented by the Joint National Training Capability (JNTC) integration 
solutions to foster test, training, and experimental collaboration.  The JMETC program employs 
the Test and Training Enabling Architecture (TENA) to prototype new testing support 
infrastructure.  TENA provides JMETC a technology already deployed in DoD by making real-
time software system interoperability available via interfaces to existing range assets, 
simulations, and Command Control, Communications, Computers, Intelligence, Surveillance, 
and Reconnaissance (C4ISR) systems. 

TENA provides the middleware software component while the JMETC connectivity provides 
hardware connectivity through utilization of the existing Secure Defense Research and 
Engineering Network (SDREN) infrastructure.  Based on the customer’s needs and the potential 
for reuse, dedicated and trusted connectivity is provided on the SDREN, which is part of the 
Global Information Grid (GIG).  The sites on the JMETC network, encrypted for Secret, also 
include numerous sites at Defense industrial facilities.   This infrastructure can be connected to 
the JNTC-sponsored Network Aggregator to further increase JMETC’s capability by bridging to 
sites on other classified networks; to include the JNTC Joint Training and Experimentation 
Network (JTEN), Defense Information System Network (DISN) networks, the Air Force 
Integrated Collaborative Environment (AF-ICE) enclave, and potentially other classified 
enclaves.  Together, TENA and JMETC enable and enhance distributed testing and training, as 
well as range integration.  Upgrading an existing range system to TENA is achieved within a few 
days, drastically shorter than traditional software integration efforts.   Additional benefits include 
cost-effective replacement of unique range protocols, enhanced exchange of mission data, and 
organic TENA-compliant capabilities at test sites, which can be leveraged for future events. 

JMETC connectivity operational testing uses the Interface Verification Tool (IVT) and TENA.  
Operational testing is performed by the User Support Team to verify the network can 
operationally support TENA and/or other data protocols.  The testing is conducted after the 
network infrastructure test have been successfully performed by the JMETC network system 
control and will ensure the backbone JMETC VPN network (Service Delivery Point to Service 
Delivery Point) and the end-user site network infrastructures are configured for proper and 
efficient TENA operations.  The operational testing is executed in two phases:  Phase 1: one-on-
one with each new or updated JMETC VPN site, Phase 2: full mesh with all sites to participate in 
a particular event/exercise. 

The JMETC Team’s network goal is to complete a VPN infrastructure of over 50 connected 
nodes during 2010. See Figure 1.   
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Figure 1.  FY10 JMETC VPN 
Together, the TENA and JMETC complement enables and enhances distributed testing and 
training. JMETC is a relatively new presence for the test and training community.  Its “stand-up” 
event was Integral Fire 07 (IF07), an AF-ICE event, which was a distributed test event involving 
all the military services and the United States (US) Joint Forces Command (JFCOM).  TENA has 
evolved since the late 1990s when it was brought into play to solve an old problem that restricted 
range effectiveness, allowing for taking advantage of the growth in modeling and simulation and 
its revolutionary application to training.  These concepts were being 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).   

TENA has been field-proven in numerous major field exercises and distributed test events since 
2002.  The Pacific Alaska Range Complex (PARC), the largest instrumented air, ground, and 
electronic combat training range in the world, has integrated its systems to include TENA 
Middleware in order to support its operational mission and requirements.  Utilizing TENA, 
JMETC enabled several initial prototype demonstrations: an Air Combat example (a Data Link 
Messages Test Environment), Technical Alignment with JNTC events (test and training 
collaboration), a Land Combat example (FCS test environment), and an Information Operations 
(IO) example (IO Range integration). JMETC has supported the Joint C4ISR Interoperability 
Test and Evaluation Capability (InterTEC) project spirals, the goal of which is to present an 
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integrated test solution for scalable, extensible, and operationally relevant interoperability test 
and evaluation.  

The LVC infrastructure provided by JMETC in the US Army’s FCS Joint Battlespace Dynamic 
Deconfliction (JBD2) Event allowed for the successful execution of mission tasks supported by 
the US Army (USA), Air Force (USAF), Marine Corps (USMC), Navy (USN) and JFCOM.  
Persistent Fire (PF) 09-01 was conducted over the JMETC VPN using TENA, as was the recent 
Joint Expeditionary Force Experiment (JEFX)10-2/3. 

Integral Fire 07 (IF07) 
IF07, an AF-ICE event, was a distributed test event involving all the military services to include 
JFCOM.   JMETC supported the event by providing test infrastructure and technical support. 

Administered by the Simulation and Analysis Facility (SIMAF) at Wright-Patterson Air Force 
Base, Ohio, IF07 had three distinct customers: JFCOM’s Joint Systems Interoperability 
Command (JSIC), the DoD Joint Test and Evaluation Methodology (JTEM) Joint Test & 
Evaluation (JT&E) program, and the Warplan-Warfighter Forwarder (WWF) initiative, 
sponsored by the USAF Command and Control Intelligence, Surveillance and Reconnaissance 
(C2ISR) Battle-lab. 

For IF07, JMETC created a single infrastructure that served these three distinct customers with 
different requirements who were able to test independently in the same time frame, thereby 
making multiple use of the same infrastructure. 

JFCOM’s JSIC conducted a technical assessment of the digital capability and interoperability to 
conduct Joint Close Air Support (JCAS) in response to immediate requests. 

The JTEM JT&E led a test activity exercising their methods and processes while also providing 
insight to the Army’s Non-line of Sight Launch System/Precision Attack Missile (NLOS/PAM) 
and Air Force’s Network Enabled Weapon (NEW) emerging weapons concepts. 

The USAF WWF initiative tested NEW Command and Control concepts leveraging the Joint 
Air-to-Surface Standoff Missile-Extended Range (JASSM-ER) weapons system.  Specifically, 
WWF assessed machine-to-machine data transfer from the Air Operations Center (AOC) to an 
airborne platform and then direct to NEW. 

TENA was successfully used to exchange simulation or instrumentation data between sites.  
Specifically within their laboratories, nine sites used the Distributed Interactive Simulation (DIS) 
Protocol.  At each of these local DIS sites, data was converted to TENA using the TENA-DIS 
Gateway device prior to the data being sent to another site, mitigating configuration challenges 
of using DIS over wide-area networks.  These TENA-DIS Gateways operated satisfactory and all 
test objectives were met during the Integral Fire 07 test event. 

Interoperability Test and Evaluation Capability (InterTEC) 
The Joint C4ISR InterTEC Project 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 and service interoperability and 
net readiness assessments of C4ISR networks-of-systems. 
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The first spiral focused on developing and fielding an accredited, integrated C4ISR 
interoperability test capability for the tactical data link protocols of the Joint Data Network 
(Variable Message Format--VMF, Link 11, and Link 16).  In the JMETC prototype event, 
InterTEC demonstrated extensibility and reuse through the rapid integration of an additional live 
range environment including live aircraft from the Air Force Flight Test Center at Edwards AFB, 
California, a virtual F-15E from Eglin AFB, Florida, and additional constructive entities 
generated from the Air Combat Environment Test & Evaluation Facility (ACETEF) at Patuxent 
River, Maryland.  These sites were combined with existing Spiral 1 sites to perform a joint air 
combat event in July 2006, and constituted the InterTEC Initial Operational Capability (IOC).  
Using InterTEC in the JMETC event provided a significant capability addition to InterTEC.  
Both the Navy Sea Range and Air Force Flight Test Center were able to perform Joint 
Interoperability testing between Navy and Air Force live entities in a distributed Joint LVC 
battlespace environment.  TENA acted as the key enabler of the reuse demonstration. 

Spiral 2, completed in mid-September 2008, extended the capability of Spiral 1 to include an 
integrated test capability for the Joint Planning Network protocols, to include United States 
Message Text Formatting (USMTF) and Over The Horizon Targeting-Gold (OTH-G).   Spiral 3 
is underway and will focus on intelligence, surveillance, and reconnaissance systems/protocols, 
as well as supporting the test processes associated with the Net-Ready KPP.  

Pacific Alaska Range Complex (PARC) 
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 Red Flag – Alaska (RF-A).  PARC is conditionally Accredited and Certified 
(A&C) as a JNTC venue and is the first live training range within USAF 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: 

 RF-A exercises; 

 Northern Edge (NE) – Pacific Command (PACOM)-sponsored, theater-wide; 

 JEFX; as well as 

 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 (A2A), Air-to-Ground (ATG), Offensive Counter 
Air (OCA), Defensive Counter Air (DCA), Close Air Support (CAS), and Electronic Warfare 
(EW), as well as Personnel Recovery/Combat Search and Rescue (PR/CSAR), 
insertion/extraction, special ops, and tactical airlift. 

Essentially PARC has created a black TENA network and red TENA network.  Systems on 
either side publish and subscribe TENA objects and messages as needed/required; SimShield 
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provides multi-level security as a cross domain solution by allowing these two networks to 
communicate seamlessly at near real time. 

Joint Battlespace Dynamic Deconfliction (JBD2) 
In August 2008, JMETC provided LVC infrastructure support to the US Army’s FCS JBD2 
Event.  This was a complex distributed Joint test using the JMETC infrastructure and technical 
support which successfully connected 16 sites and 40 unique LVC systems in four time zones. 

The complexity and success of the LVC infrastructure provided by JMETC in JBD2 allowed for 
the execution and free play of 6 unique Joint Fires and JCAS key mission tasks supported by the 
US Army, Air Force, Marine Corps, Navy, and JFCOM.   

With multiple customers, JBD2 was designed to establish a rigorous test context to examine 
Army FCS test technology requirements needed for testing in a Joint environment.  Using the 
test tools supplied by InterTEC, as well as TENA-transported data, the JMETC VPN was able to 
provide gateways so other architectures could communicate and provide data into the JBD2 
scenario.  Supported by JMETC, the JBD2 Test Event provided a valuable risk reduction for 
critical FCS test technology areas, critical network test technologies and distributed test 
infrastructure technologies.  JBD2 also allowed the JMETC network infrastructure to further 
develop the baseline capability needed to support system of systems level of testing across the 
Services.   

The JMETC VPN performed superbly in this high profile and high data density event.  The use 
of the JMETC and InterTEC tools and JMETC infrastructure, as well as the JMETC on-site and 
Help Desk customer support, were instrumental in allowing the very complex JBD2 Test Event 
to meet or exceed all test objectives. 

Persistent Fire 09-01 (PF09-01) 
JMETC also participated in the planning and execution of Persistent Fire 09-01 (PF09-01) which 
was a distributed LVC event stressing interoperability among systems and was intended to assess 
initiatives in support of immediate Digital Close Air Support (DCAS) and NEW.  The event was 
conducted over the JMETC VPN and used TENA.   

The main sites were SIMAF Wright Paterson Air Force Base (AFB), Global Cyberspace 
Integration Center (GCIC) Langley AFB, and Command Control Test Facility – Datalink Test 
Facility (C2TF–DTF) Eglin AFB.  Supporting sites were Systems Control (SYSCON) Pax River, 
Distributed Test Control Center (DTCC) Huntsville, and Guided Weapons Evaluation Facility 
(GWEF) Eglin AFB.  TENA gateways were employed at the sites to convert DIS data from the 
facilities to TENA.  Reuse of TENA-DIS gateways from the JBD2 event was very successful 
with no changes required to the gateways.  Training of event personnel in TENA operations and 
other infrastructure tasks was successful. The event was conducted with essentially minimal 
assistance from the TENA/JMETC team. 

Joint Expeditionary Force Experiment (JEFX) 09-01/2/3 and  10-2/3 
Most recently, JMETC was involved in JEFX 09-01/2/3 and 10-2/3, a series of experiments that 
combined LVC forces to assess the ability of selected initiatives to provide needed capabilities to 
warfighters.  The focus was on live fly communication and airborne data links.  The events were 
scheduled for Feb 2009-April 2010 and was conducted over the JMETC VPN.  The JFCOM 
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JNTC Aggregation Router was used for connection to the VIP briefing facility in the Pentagon, 
the Warfighter Capability Demonstration Center (WARCAP) through the AF-ICE network.  The 
main sites were the Combined Air Operations Center (CAOC-N) Nellis AFB, 505th Command 
and Control Wing (CCW) Hurlburt Field (also a training venue), both of which were recently 
funded by the users to install the JMETC connectivity.  Also included were Electronic Systems 
Command (ESC) Hanscom AFB, SIMAF Wright-Patterson AFB, GCIC Langley AFB, GWEF 
Eglin AFB, and C2TF – DTF Eglin AFB.  Supporting sites were JMETC SYSCON Pax River 
and DTCC Huntsville.  The TENA Team provided TENA-DIS gateways to sites for simulation 
data and live fly data. 

 

TENA OFFERS INTEROPERABILITY AND RESOURCE REUSE 
Interoperability is the characteristic of an independently developed software element that enables 
it to work together with other elements toward a common goal.  Interoperability focuses on what 
is common among software elements.  Reuse is the ability to use a software element in a context 
for which it was not originally designed, so reuse focuses on the multiple uses of a single 
element and requires well-documented interfaces.  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). 

Figure 2.  TENA Architecture Overview 
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 
resources—some live, some simulated—that can be rapidly combined to meet new testing and 
training missions in a realistic manner.  Please refer to Figure 2. TENA is made up of several 
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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, US Government owned and available 
for free download at the TENA SDA web site https://www.tena-sda.com, is currently at Release 
5.2.2.  Beta versions of Release 6 are available for download. 

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 XML Metadata Interchange standard and can be represented by Universal 
Markup Language.  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 high-
level 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 strongly-
type-checked framework interface that is much less error-prone than the existing CORBA 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 
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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 
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.  

EMERGING RANGE SYSTEMS AND THE USE OF TENA 
TENA’s field proven capabilities are being used by other emerging range systems, including the 
Integrated Network Enhanced Telemetry (iNET) program which provides a solution to capture 
greater efficiencies in the use of spectrum through revolutionary changes in how flight tests are 
conducted.  TENA is enabling a demonstration prototype to investigate the use of TENA across a 
constrained environment simulating iNET capabilities.  In the process of creating this 
demonstration, key resource requirements imposed by pairing TENA with iNET for current and 
anticipated future flight hardware (e.g. size, power, memory, bandwidth) can be measured and/or 
predicted.  Further, creating the demonstration will provide an environment for experimenting 
with the use of TENA for meeting iNET Metadata requirements. It is expected that performing 
and documenting this effort will provide guidance to future science and technology topics for 
iNET and TENA.  Other systems or events using or planning to use JMETC/TENA include the 
Technology for Tactical Video (TTV), and Unmanned Aerial Systems in National Airspace 
(UAS in NAS), Live-Virtual-Constructive-Development Distributed Environment for the Broad 
Area Maritime Surveillance (LVC-DE BAMS). 

TENA SUPPORT FOR TENA USERS 
TENA SDA has developed a highly utilitarian website that provides a wide range of support for 
the TENA user, including an easy process to download the middleware which is free.  The 
website also offers a help desk and user forums that will address any problems with the 
middleware download and implementation.  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 
to TENA 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, meets every six or eight weeks to be updated on 
TENA usage, problems, and advancements.  The agenda involves briefings and open and wide 
ranging discussions, and it ensures the users’ concerns and inputs are understood, recorded, and 
made action items, if necessary.  Of no less importance, TENA developers and management has 
had a long and mutually beneficial relationship with the Range Commanders Council. 

 



 10

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 US Military evaluates the 
warfighting equipment, personnel, and concepts that are deployed in support of the ongoing 
missions around the globe.  Exercises, experiments, and demonstrations are the stages for the 
evaluation, but it is the data collection and analysis that determines the war worthiness of the 
equipment or concept under test. Now paired with JMETC to prove connectivity as well as 
interoperability and reuse, TENA is being accepted as an important part of the equation. 

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 under test; it can 
quickly and definitively illuminate any necessary improvements needed to ensure effective and 
safe weapon system operation and training.  JMETC and TENA reduce the cost and time to plan 
and prepare for distributed joint events by providing a readily-available, persistent connectivity, 
common integration software for linking sites, and test tools; putting the focus back on the event 
itself, invariably affecting almost every aspect of range operation and management, including 
budget definition and approval. 

For more information, please visit the JMETC or TENA web sites: https://www.jmetc.org or 
https://www.tena-sda.org. 
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USING TELEMETRY TO MEASURE EQUIPMENT 

RELIABILITY AND UPGRADING THE SATELLITE AND 

LAUNCH VEHICLE FACTORY ATP  
 

 

LEN LOSIK, PHD 

FAILURE ANALYSIS 

 

ABSTRACT 
 

Satellite and launch vehicles continues to suffer from catastrophic infant mortality failures. NASA now requires 

satellite suppliers to provide on-orbit satellite delivery and a free satellite and launch vehicle in the event of a 

catastrophic infant mortality failure. The infant mortality failure rate remains high demonstrating that the factory 

acceptance test program alone is inadequate for producing 100% reliability space vehicle equipment. This 

inadequacy is caused from personnel only measuring equipment performance during ATP and performance is 

unrelated to reliability. Prognostic technology uses pro-active diagnostics, active reasoning and proprietary 

algorithms that illustrate deterministic data for prognosticians to identify piece-parts, components and assemblies 

that will fail within the first year of use allowing this equipment to be repaired or replaced while still on the ground. 

Prognostic technology prevents equipment failures and so is pro-active. Adding prognostic technology will identify 

all unreliable equipment prior to shipment to the launch pad producing 100% reliable equipment and will eliminate 

launch failures, launch pad delays, on-orbit infant mortalities, surprise in-orbit failures. Moving to the 100% reliable 

equipment extends on-orbit equipment usable life. 

INTRODUCTION 

Prognostics is a new area in reliability analysis which simply acknowledges that electrical and mechanical parts and 

assemblies do not fail instantaneously, but degrade in functional performance over a period of time and the behavior 

is identifiable using prognostic analysis and telemetry. This means that space equipment failures may occur 

randomly, but not instantaneously and so do not have the Markov property. The Markov property is a fundamental 

assumption in reliability analysis engineering so that stochastic processes can be used quantify parts, equipment, 

systems, processes and software reliability. Due to the wide spread use of reliability analysis engineering in the 

aerospace industry, engineers have come to believe that equipment failures are instantaneous and random and thus 

cannot be predicted or prevented. 

 

Space vehicle factory testing includes exhaustive vibration, thermal, vacuum, shock and acoustic testing and records 

telemetry to measure equipment performance. Testing equipment before use is believed to somehow increase the 

overall reliability of electronic and electro-mechanical equipment. Engineers use diagnostic tools (e.g. data analysis, 

data trending, troubleshooting, failure analysis, root cause analysis etc.) to identify equipment that has failed so the 

equipment can be repaired or replaced. To increase equipment reliability for equipment used in space, the space 

vehicle dynamic environmental factory acceptance testing (ATP) was added and includes subjecting equipment used 

in launch vehicles, satellites and spacecraft to be the extreme the space environment the equipment will be exposed 

to on its journey to space and during it mission lifetime while in space. The existing high infant mortality rate 

demonstrates that space vehicle factory acceptance testing alone is inadequate for producing 100% reliable 

equipment. 

 

Telemetry is embedded in equipment as part of the unit and is used to measure internal equipment performance, i.e. 

how well something in operating. Telemetry is also used as status information, helping to confirm equipment 

selection and configuration. Space vehicle builders will often minimize equipment telemetry because it adds mass, 

requires more electrical power, more equipment, much more wiring, increases complexity, slows testing and finally-

increases cost. Minimizing telemetry has become commonplace. A failure analysis will often include engineers 

having to use speculation to generate a list of potential causes of a failure. Since the results of failure analysis are 

used to improve future equipment and vehicle reliability, when inadequate telemetry forces speculation, it 

undermines the credibility of the results.  
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Telemetry prognostics encourage having telemetry from all active and passive equipment as well as operating 

equipment continuously at the factory to spot accelerated aging. 

 

 
 

FIGURE 1 CATASTROPHIC SPACE VEHICLE INFANT MORTALITY FAILURE RATE FROM 1970 

TO PRESENT 

 

By considering infant mortality failures as a symptom of unreliable equipment rather than the problem, we identified 

the problem as relying on reliability analysis engineering for producing results that are probability of failures and 

ATP, which only measures equipment performance and status.  

 

 
 

FIGURE 2 COMPARISON BETWEEN DIAGNOSTIC RANDOM AND INSTANTANEOUS BEHAVIOR 

AND PROGNOSTIC RANDOM AND DETERMINISTIC BEHAVIOR FOR AN EQUIPMENT FAILURE 

 

Because equipment failures are assumed to be instantaneous and random (having the Markov property) so that 

reliability analysis can be used to quantify reliability, equipment failures are assumed by engineers to be random and 

instantaneous. To quantify reliability analysis, stochastic processes are used. Stochastic processes needs random and 

instantaneous behavior, thus our industry assumes equipment failures are random and instantaneous.  
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Currently failure analysis is accomplished by using data immediately around the time the failure occurs (se Figure 

2). This is done because failures are believed to be instantaneous and random (Markov property) and thus there is no 

information of importance prior to the catastrophic failure. For vehicles and equipment in space, this is done to help 

provide important data that can be used to corroborate the results of a failure analysis with the part(s) suspected of 

failing.  

 

After completing failure analysis activities over many years on different and similar equipment and having access to 

both the equipment that failed functional and performance data before, during and after the failure, we were able to 

identify that equipment failures were not instantaneous. We were able to identify the presence of accelerated aging 

in equipment telemetry prior to the failure indicating that the failure occurred at the conclusion of a single or a series 

of transients induced by piece-parts/components whose performance degradation was aging prematurely. This 

means that equipment failures do not have the Markov property, being both instantaneous and random but consists 

of both random and deterministic behavior.  

 

In our prognostic analysis of equipment failures, we found that the first transient occurs randomly, but that the 

complete unit failure occurs with deterministic behavior, which is fully predictable and quantifiable.  

 

(TELEMETRY) PROGNOSTIC TECHNOLOGY 

 

Prognostic technology simply recognizes that equipment failures do not occur instantaneously but can occur over a 

very long period. Prognostics teaches that the source of the information from electronic circuits used to predict a 

catastrophic failure is created by the piece-part(s) or assembly that have an accelerated functional performance 

degradation and the information that prognostic algorithms illustrates is generated by circuits transient response 

caused by the increased change in piece-part functional performance. Often as piece-parts degrade in functional 

performance, the circuit they are in will experience several transients, which are illustrated by prognostic algorithms. 

Often, the piece-part that fails in a unit/circuit is the piece-part that is most susceptible to the circuit transients. The 

circuit behavior once the piece-part change in functional performance is large enough to cause a circuit transient, the 

prognostic algorithm will illustrate the circuit response and is the source of prognostic information. 

 

Prognostics includes the use of model-based and data-driven algorithms for illustrating the accelerated aging 

occurring in normal appearing data from fully functional equipment that fails quickly when used. The Markov 

property requires both instantaneous and random behavior and is the foundation of reliability analysis since 

reliability analysis assumes random and instantaneous behavior to quantify reliability using stochastic processes. 

Individuals trained in prognostics, anticipates states/conditions before they occur. 

 

This new property is a combination of random and deterministic behavior because we can use algorithms to 

illustrate the information prognosticians use to predict equipment failures and once this information is identified, the 

same conclusion results. The widespread use of prognostic algorithms corrects the inadequacy that allows so many 

complex space systems to fail within the first year of use after production and launch. 

 

Prognostics include the identification of the data used to predict equipment that is going to fail
. 

Prognostic 

technology is necessary because current diagnostic technology is inadequate to identify all equipment that will fail 

from an infant mortality failure. Prognostic technology is the next logical step in advancing electronic and electro-

mechanical equipment reliability. Prognostics and prognostic health management as part of equipment operations 

and maintenance is a critical technology for accurately predicting impending failures and providing a mechanism for 

replacing equipment and parts safely before failure for ground-based equipment and preparing for and executing 

recovery plans for space-based equipment.  

Using telemetry prognostics in the space flight equipment and at vehicle factories, upgrades space equipment 

processes by identifying more unreliable piece-parts and assemblies during equipment and vehicle factory 

acceptance test, reducing the time to test equipment, identifying equipment that has failed, is failing and will fail, 

increasing reliability and eliminating infant mortalities. The shorter equipment and vehicle test time reduces cost.  
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MEASURING EQUIPMENT RELIABILITY  AND ADOPTING A 100% RELIABILITY MEANS 

EXTENDING EQUIPMENT USABLE LIFE 

 

The remaining-usable-life for equipment once a catastrophic failure has been predicted can be determined by 

understanding the piece-part failure characteristics determined under test in an operating circuit. This information is 

considered proprietary by the piece-part manufacturer since it is an indication of the quality of their products and not 

available in the popular domain.  

 

Electrical and electro-mechanical piece-part and assembly failures occur over a very long period of operational life. 

This period can be as long as 1 year. We use a technique shared by companies that build spacecraft to agree on 

mission life of the spacecraft they sell. Spacecraft usable life, called the mission life is determined by quantifying 

the expected life of all piece-parts and mechanical systems on a vehicle. Mission life will not exceed the shortest life 

of any non-redundant circuits or mechanical systems. If there are no life-limiting piece-parts or mechanical systems, 

mission life is derived by quantifying the risk to the company of meeting a mission life based on past vehicle 

mission life actually reached.  

 

Since there is not a financial penalty other than loss of in-orbit incentives for suppliers of space vehicles if the 

mission life isn’t achieved, companies can claim very long mission life, some over 20 years. This is confirmed with 

the actual life of many in-orbit satellites, some of which have operated for over 40 years.  

 

To accurately predict remaining-usable-life for equipment that has been predicted to fail, Failure Analysis maintains 

a database of flight equipment failures that were analyzed. This information is used to determine the probability of 

success (Ps) of a circuit with a failure precursor identified reaching its predicted remaining-usable-life. This same 

technique is used by spacecraft building companies to decide their satellite mission life. Satellite mission life that a 

company will agree to is based on a history of the mission life of their past satellites in-orbit lifetimes. 

 

 

FIGURE 3 WEIBULL DISTRIBUTION FOR COMPLEX SYSTEM’S INFANT MORTALITY FAILURES 

(DOTS) AND NORMAL LIFETIME FAILURES (TRIANGLES) FOR 10 YEARS 

We maintains a historical database of flight equipment failures researched over the past 32 years consisting of 

several hundred years of telemetry and uses a probability of success (Ps) to determine the day of failure and 

remaining-usable-life based on actual satellite equipment failures. 
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In reliability analysis, large quantities of parts and equipment are used. When individual performance of parts and 

equipment is not measured, the stochastic process in reliability analysis provides probabilities of events occurring 

based on commonly acceptable distribution curves. These distribution curves model many behaviors. 

 

FIGURE 4: WEIBULL HAZARD DISTRIBUTION FUNCTIONS THAT MODEL THE 3 SEGMENTS OF 

THE RELIABILITY FAILURE-IN-TIME BATH TUB CURVE (BOL, N and EOL) 
 

Several Weibull distributions are used to model the shape of the standard bathtub reliability curve in Figure 4. The 

infant mortality failure rates are modeled accurately for a 10-year period in Figure 3. The failures in time (FITS) 

reflect real world behavior/ due to the minor differences of parts, their failure rate behavior is never repeated.  In 

probability theory and statistics, the Weibull distribution is a continuous probability distribution named after 

Waloddi Weibull, who described it in detail in 1951, although it was first identified by Fréchet (1927) and first 

applied by Rosin & Rammler (1933) to describe the size distribution of particles. The probability density function of 

a Weibull random variable x is: 

 

 
 

Where k > 0 is the shape parameter and λ > 0 is the scale parameter of the distribution. Its complementary 

cumulative distribution function is a stretched exponential function. The Weibull distribution is related to a number 

of other probability distributions; in particular, it interpolates between the exponential distribution (k = 1) and the 

Rayleigh distribution (k = 2). 

 
 

FIGURE 5 THE IMPROVEMENT TO COMPLEX SYSTEMS RELIABILITY AND USABLE LIFE BY 

ELIMINATING INFANT MORTALITY FAILURES CALCULATING TIME-TO-FAILURE 

 

A B C 

http://en.wikipedia.org/wiki/Probability_theory
http://en.wikipedia.org/wiki/Statistics
http://en.wikipedia.org/wiki/Probability_distribution
http://en.wikipedia.org/wiki/Waloddi_Weibull
http://en.wikipedia.org/wiki/Weibull_distribution#CITEREFFr.C3.A9chet1927
http://en.wikipedia.org/wiki/Weibull_distribution#CITEREFRosinRammler1933
http://en.wikipedia.org/wiki/Granular_material
http://en.wikipedia.org/wiki/Probability_density_function
http://en.wikipedia.org/wiki/Shape_parameter
http://en.wikipedia.org/wiki/Scale_parameter
http://en.wikipedia.org/wiki/Cumulative_distribution_function#Complementary_cumulative_distribution_function
http://en.wikipedia.org/wiki/Cumulative_distribution_function#Complementary_cumulative_distribution_function
http://en.wikipedia.org/wiki/Stretched_exponential_function
http://en.wikipedia.org/wiki/Exponential_distribution
http://en.wikipedia.org/wiki/Rayleigh_distribution
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To predict an accurate remaining-usable-life after the early signs of failure are detected, we use the cumulative 

distribution curve developed from our proprietary database of high-reliability aerospace/vehicle equipment failures 

we have analyzed over 30-years. Distribution curves model normal occurring behavior and are tools used to before 

understand and quantify the failure rates at a complex system such as an aircraft the beginning-of-life, normal 

lifetime and end-of-lifetime failure rate. In the equipment failures we analyzed, we measured the duration of time 

between the failure precursor and the actual failure to generate the cumulative distribution. We have used this 

cumulative distribution to predict the duration of remaining usable life achieving 100% accuracy. 

 

To understand why our cumulative distribution is an accurate method for measuring the equipment with the early 

signs of premature aging/failure present remaining usable life, understanding the use of normal (random) 

distributions will help. Figure 6 is a Weibull distribution illustrating the infant mortality failures (dots) for a complex 

system such as an aircraft continue to occur as parts and equipment are replaced due to failure and normal lifetime 

failures (triangles) are occurring simultaneously. Weibull distributions are accepted in many industries as modeling 

the failure rate behavior of complex system/aircraft failure rates at all stages life/use. Figure 3 also illustrate an 8-

month to 1 year burn-in duration would decrease most infant mortality failures (dots).  

 

The cumulative distribution curve in Figure 7 is also known as the Fermi-Dirac distribution in nuclear physics. The 

Fermi-Dirac describes the probability that one can expect particles to occupy the available energy levels in a given 

system. Each curve in Figure 6 is the normal distribution curve such as the exponential distribution in Figure 6.  

 

 

 
 

FIGURE 6 EXAMPLES OF DISTRIBUTION FUNCTION PROBABILITY DISTRIBUTION FUNCTIONS 

WITH VARIOUS SHAPE CONSTANTS 

The integral of a normal distribution function is it cumulative distribution. The integral of all the probability 

functions in Figure 7 are the cumulative distribution functions for the normal distribution functions in Figure 6. 

Figure 7 cumulative distributions illustrate the likelihood that a piece-part failure in a population of piece-parts 

duration will occur. Knowing that piece-parts should have a Gaussian distribution, piece-part manufacturers test a 

sample of piece-parts from a population and determine if their failure rate matches a Gaussian distribution to find if 

manufacturing flaws or design flaws are in the population of piece-parts. 

 

The Weibull hazard distributions in Figure 4A, Figure 4B and Figure 4C are often used due to their flexibility—they 

mimic the behavior of other well-defined natural occurring distributions like those in Figure 4. Figure 4A is the 

Weibull hazard distribution model for infant mortality failure rates for complex systems. Figure 4B is the Weibull 

hazard distribution model for the failures in time during normal usable lifetime of a complex system such as the 

“normal” or Bell distribution in Figure 6 and the exponential distributions. Figure 4C is the Weibull hazard 

distribution model for the end-of-life failures for complex systems. 

 

Bell Curve 

Normal Distribution 

Exponential 

Distribution 

Other 

Common 

Distributions 
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FIGURE 7 EXAMPLES OF CUMULATIVE DISTRIBUTION FUNCTIONS (INTEGRAL OF THE 

NORMAL DISTRIBUTIONS) FOR PROBABILITY DISTRIBUTION FUNCTIONS IN FIGURE 6 

In the relationship below used to define the normal distributions, if equipment/piece-part failure rate decreases over 

time, then k is < 1. If the failure rate is constant over time, then k is = 1. If the failure rate increases over time, then k 

is >1. An understanding of the failure rate may provide insight as to what is causing the failures: 

 

 A decreasing failure rate (gamma = 0.5 in Figure 4A) would suggest "infant mortality" failures. That is, 

defective items fail early and the failure rate decreases over time as they fall out of the population.  

 A constant failure rate (gamma = 1 in Figure 4B) suggests that items are failing from random events.  

 An increasing failure rate (gamma = 5 in Figure 4C) suggests "wear out" - this means that parts are more 

likely to fail as time goes on.  

 

Where k > 0 is the shape parameter and λ > 0 is the scale parameter of the distribution. The Weibull distribution is 

related to a number of other probability distributions; in particular, it interpolates between the exponential 

distribution (k = 1) and the Rayleigh distribution (k = 2). The cumulative distribution function for the Weibull 

distribution in Figure 4 for x ≥ 0, and F(x; k; λ) = 0 for x < 0 is: 

 

 
 

The failure rate h (or hazard rate) is given by: 

 
 

Our proprietary cumulative distribution (a.k.a Fermi-Dirac distribution) curve in Figure 6 is generated from 30 years 

of measuring the remaining-usable-life of high-reliability aerospace/vehicle equipment failures we put into our 

database of failures. The results are not random because they are based on actual equipment failures and so are a 

probability (Ps) of occurring based on many past failures and real durations of remaining usable life. We have been 

100% accurate in predicting the remaining usable life for all our equipment failures we have used prognostic 

analysis on (please see Table 15). 

 

Bell Curve (also Fermi-
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FIGURE 8 OUR CUMULATIVE DISTRIBUTION CURVE  

 

The early signs of aging/failure/cannot duplicates/failure precursors/prognostic markers/prognostic indicators are 

caused from the degradation in the functional performance of parts/piece-parts used in electrical and mechanical 

equipment and products and their effect of their degraded performance on the other parts in the circuits. If a part’s, 

functional performance degrades much faster than other parts in the circuit/assembly, it will eventually affect the 

circuit/assembly behavior it is in by causing transient behavior in equipment telemetry. When a part's performance 

has degraded so that the circuit/assembly it is in can no longer function as designed, transients will occur and these 

transients will expose the other parts to unpredictable operating condition stresses not designed to operate. The 

effect of the transient(s) on any other part is unpredictable. The transients may increase the degradation in part 

performance or may not. If the relationship between failure precursors and piece-part degradation provided in 20 

were known in 1986 and 2004, neither the Space Shuttle Challenger nor the Columbia tragedies killing 14 astronauts 

would have occurred.  

 

Since all electrical/mechanical parts in a circuit/assembly degrade at different rate, there will be one part that will 

degrade the quickest. This part initiates the early signs of aging/failure but is usually not the part that fails. These 

parts with the accelerated aging behavior are the source of cannot-duplicates/early signs of aging/failure etc. One 

part will degrade in functional performance until its performance causes transients to occur. The transients effect on 

other parts are unpredictable but the part that eventually fails as a consequence of the exposure to the transients will 

generally not be the part that started the transients. If the part that fails is replaced, other parts that were not replaced 

that have been exposed to the transients previously may fail and need to be replaced. Eventually parts can continue 

to fail so often that the circuit/unit will be scrapped because its reliability will be so low that personnel are 

uncomfortable using it.  

 

RESULTS OF USING TELEMETRY PROGNOSTIC ALGORITHMS OF THE NASA EXTREME 

ULTRA-VIOLET EXPLORER ASTROPHYSICS SATELLITE EQUIPMENT TELEMETRY 

 

Between 1994 and 1995, the NASA/U.C. Berkeley Space Sciences Laboratory EUVE low earth orbiting 

astrophysics satellite was utilized to demonstrate the ability predict spacecraft equipment failures using prognostic 

algorithms. The results of this effort were sent to the NASA GSFC Space Sciences Directorate and published at 

several technical conferences between 1995 and 1997. The EUVE satellite payload was controlled from the Center 

for EUV Astrophysics at the University of California, Berkeley. The EUVE satellite bus was built by Fairchild 

Aerospace (now Orbital) as 1 in a group of 10 common-core, multi-mission bus’ for GSFC science missions. The 

self-contained and multi-payload, modular bus consisted of an attitude determination and control which included 

highly accurate reaction wheels and gyroscopes, electrical power, STDN/TDRSS telemetry, tracking, command and 

data storage, thermal control and structure subsystems.  
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TABLE 1 SUMMARY OF RESULTS FROM COMPLETING A PROGNOSTIC ANALYSIS ON THE 

NASA/U.C. BERKELEY EUVE SATELLITE EQUIPMENT TELEMETRY 

 

In 1994, reliability analysis engineers at Lockheed Missiles and Space Company Advanced Technology Center 

began an internally funded program to validate the use of prognostic algorithms to illustrate the information used to 

predict equipment failures. Their results were documented in an interim and final report published by Lockheed 

martin in 1995 and 1996. 

 

TABLE 2A RESULTS FROM PROGNOSTIC ANALYSIS COMPLETED ON THE NASA EUVE 

SATELLITE TELESCOPE EUV DETECTOR TELEMETRY 

The NASA EUVE satellite three-scanner telescopes and the deep survey/spectrometer telescope are mounted in the 

payload module, which is installed as a unit on the Explorer Platform spacecraft. Each of the EUVE scanner 

telescopes weighed 260 pounds. In addition, a deep survey telescope/spectrometer weighed 710 pounds.   

 

The NASA EUVE satellite was launched into a low earth orbit in 1992, one of many orbiting telescopes funded by 

NASA Space Science Directorate. The EUVE mission was extended twice, but cost and scientific merit issues led 

NASA to terminate the mission in 2000. EUVE satellite operations ended on January 31, 2001 when the spacecraft 

was placed in a safe hold, both telemetry transmitters were commanded off on January 2, 2001 and EUVE re-

entered the Earth's atmosphere over central Egypt at approximately in 2002. Telemetry from all satellite bus and 

payload equipment was analyzed. Five equipment failures were accurately predicted and all other equipment were 

accurately predicted to operate for another 6 months without failure. Satellite  

 



10 

 

 
 

TABLE 2B RESULTS FROM PROGNOSTIC ANALYSIS COMPLETED ON THE NASA EUVE 

TELESCOPE EUV DETECTOR TELEMETRY 

Conclusion 

Prognostic technology includes proactive diagnostics, active reasoning and data-driven algorithms that illustrate the 

information in equipment telemetry that prognosticians use to identify equipment that will fail within 1 year of use 

and thus preventing equipment failures. Telemetry is embedded in electrical and mechanical equipment and provides 

unique visibility into equipment performance. A prognostic analysis converts performance information into a 

reliability measurement by identifying accelerated aging and calculating the Time-to-Fail. If prognostic technology 

is used in the design and test process, it upgrades the space vehicle factory testing process, eliminating equipment 

that will suffer from an infant mortality failure allowing the production of equipment with 100% reliability. Our 

prognostic algorithms have been flight proven on Air Force, NASA and commercial satellite, missiles and launch 

vehicles to identify the equipment that was going to fail prematurely.  
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AT RF WITHOUT FLIGHTS 
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ABSTRACT 
 

Flight and weapons test ranges typically include multiple Telemetry Sites (TM Sites) that receive 
telemetry from platforms being flown on the range.  Received telemetry is processed and forwarded 
by them to a Range Control Center (RCC) which is responsible for flight safety, and for delivering 
captured best source telemetry to those responsible for the platform being flown.  When range 
equipment or operations are impaired in their ability to receive telemetry or process it correctly, 
expensive and/or one-of-a-kind platforms may have to be destroyed in flight to maintain safety 
margins, resulting in substantial monetary loss, valuable data loss, schedule disruption and potential 
safety concerns.  Less severe telemetry disruptions can also result in missing or garbled telemetry 
data, negatively impacting platform test, analysis and design modification cycles.  

This paper provides a high level overview of a physics-compliant Range Test System (RTS) built 
upon Radio Frequency (RF) Channel Simulator technology.  The system is useful in verifying range 
operation with most range equipment configured to function as in an actual mission.   The system 
generates RF signals with appropriate RF link effects associated with range and range rate between 
the flight platform and multiple telemetry tracking stations.  It also emulates flight and RF 
characteristics of the platform, to include signal parameters, antenna modeling, body shielding and 
accurate flight parameters.  The system is useful for hardware, software, firmware and process 
testing, regression testing, and fault detection test, as well as range customer assurance, and range 
personnel training against nominal and worst-case conditions. 
 
 

NOTE 
 
This paper is a placeholder in a sense, since it describes the general functions of an RF Channel 
Simulator-based RTS.  By October, 2010, a substantial update to this paper will be available, 
including specific test results from a major U.S. test range.  A summary of the expanded paper will 
be presented at the 2010 International Telemetering Conference in San Diego, CA, October 25-28, 
2010.  Copies of the final paper will be available from the author after the conference. 
 
 

KEYWORDS 
 
Range Test System, Channel Simulation, Telemetry Site Test, Range Control Center Test, Range 
Testing at RF. 
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TYPICAL RF CHANNEL SIMULATOR USES 
 

RF Channel Simulators are experiencing increased utilization in R&D, test and training activities due 
to their ability to produce accurate RF signals that precisely match those that will be encountered 
when receivers and transmitters are at distance, and in motion with respect to one another.  At 
distance and in motion, RF links are impacted by carrier and signal Doppler shift, path delay, path 
loss and noise.  Such links can also encounter disruption due to interference, both accidental and 
intentional, terrain, weather, antenna boresight misalignment, body shielding, insufficient transmitter 
power, and improper selection of data rate, frequency or modulation type, to name several.  The RF 
Channel Simulator reproduces such effects with extremely high fidelity, rendering such instruments 
vital test tools that accurately substitute at RF, for distance and motion.   
 
Typically, RF Channel Simulators are used in a laboratory environment for hardware-in-the-loop 
testing of transmitter systems and receiver systems as shown in figures 1, 2 and 3 below.  Such 
setups are useful for hardware (RF, analog and digital), software and firmware testing, to include 
automated regression testing. 
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Figure 1.  Use of Channel Simulators to test Receiver Systems. 
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Figure 2.  Use of Channel Simulators to test Transmitter Systems. 
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Figure 3.  Use of Channel Simulators to test Receivers and Transmitters as a system. 
 
 
A typical example application is in Adaptive Coding and Modulation (ACM) Satellite Modem test as 
shown in Figure 4.  With ACM modems, link behavior encountered in real time results in 
communications between the modems to dynamically adjust parameters such as their transmit power 
level, modulation scheme, data rate, error correction code utilization, and others.   
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Figure 4.  Typical Channel Simulator application to test Satellite ACM Modems. 
 
 
By providing “Flight and RF Link Profile” scenarios that control the Channel Simulator 
appropriately, RF link performance between the two modems can mimic intended missions, both 
nominal and worst case.  Additionally, the channel simulator can create link conditions that would 
not appear in nature, but that are needed to stress the limits of modem hardware and/or firmware 
algorithm response.  The test setup of Figure 4 simulates the planned operational scheme of Figure 5. 
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Figure 5.  Example operational scheme for Satellite ACM Modems. 
 

 
RF CHANNEL SIMULATOR FUNCTIONS 

 
The most important attribute of a Channel Simulator is its strict adherence to the laws of physics.  
Failing that, the Channel Simulator cannot produce realistic RF effects.  In the worst case, this may 
result in data errors introduced by the instrument.  Or, instrument output signals may be stepped, 
rather than smooth and spectrally clean, leading to false conclusions regarding the device under test. 
 
To input signals, Channel Simulators add flight path-related and frequency-related Doppler shift 
(both carrier and signal Doppler shift), path loss, delay, noise (additive white Gaussian noise, 
AWGN in most cases) and interference (intentional and accidental).  The output signal from the 
Channel Simulator is the same as the input, but with these perturbations added.  Most RF link effects 
can be simulated by controlling one or more of these parameters in time. 
 
 

RANGE TEST APPLICATION 
 

When a Channel Simulator is programmed with the flight path of a missile flying on a test range, 
for example, it can generate signals that precisely replicate those that would be received from the 
missile at any specific TM Site.  The Channel Simulator output signal will include the same terrain 
dropouts, link budget dropouts, Doppler shift, path loss, delay and noise as will be received by the 
TM Site on the actual signal from an in-flight platform.  The use of a channel simulator provides 
these signals without flights being required. 
 
Figure 6 is a simplified block diagram of an RTS that stimulates a single TM Site. 
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Figure 6.  RTS for Single TM Site Stimulation. 
 
 
In Figure 6, Channel Simulator inputs include a Telemetry Data file representing the data that will be 
sent from the vehicle flying on the test range.  This data should be as close to the data that will 
actually be transmitted as possible, perhaps even data from a prior flight of the same vehicle, since 
representative data within the Telemetry Data stream enables proper displays and other functions at 
the TM Site and/or the Range Control Center.   

 
The Telemetry Data should contain accurate flight vehicle position and time information as well, 
since this will be used by the RTS to generate the flight profiles that eventually control the Channel 
Simulator’s application of Doppler shift, path loss, delay and noise.  Position information generally 
includes latitude, longitude, altitude, yaw, pitch and roll.   
 
When position and time information is provided, a flight path scenario can be developed for the 
Channel Simulator.  This time-oriented, three dimensional flight path mimics an actual prior flight, 
or a planned future one as shown in figure 7 below. 
 

   
Figure 7.  Channel Simulator Flight Path Setup. 
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Yaw, pitch and roll, are combined with antenna pattern information, antenna mounting location(s), 
and overall surface shape so that the Channel Simulator can generate output that includes antenna 
pointing and body shielding factors. 
 
When TM Site locations are added, along with their antenna patterns, range terrain information and 
additional RF link characteristics, the Channel Simulator can create signals that match those that 
would be received at each TM Site from the in-flight vehicle. 
 
Plotting range vs. time for three TM Sites, for example, results in the plot of Figure 8.  Each site is a 
different color on this plot.  Interruptions in the traces are dropouts associated with terrain, link-
budget, body shielding or antenna patterns.    
 

 
 

Figure 8.  Elapsed flight time vs. range between flight vehicle and 3 TM Sites. 
 
 
The RTS uses this range vs. time information to generate a separate signal delay profile between the 
in-flight vehicle and each TM Site as shown in Figure 9. 
 

 
 

Figure 9.  Elapsed flight time vs. range delay between the flight vehicle and 3 TM Sites. 
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Similarly, the RTS creates path loss and Doppler shift profiles between the flight vehicle and the 
modeled TM Sites as shown in Figures 10 and 11 below. 
 

 
 

Figure 10.  Elapsed flight time vs. path loss between the flight vehicle and 3 TM Sites. 
 

 

 
 

Figure 11.  Elapsed flight time vs. Doppler shift between the flight vehicle and 3 TM Sites. 
 
 
Expanding Figure 6 to stimulate multiple TM Sites simultaneously results in the RTS shown in 
Figure 12.     
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Figure 12.  RTS configured to stimulate 3 TM Sites simultaneously. 
 
Common telemetry data is provided to each channel simulator, so that all three synchronously output 
the same base signal to each TM Site as would occur with a test vehicle flying on a range.  Based on 
the flight scenario inputs however, this common base signal will be modified with different Doppler 
shift, delay and path loss based on the dynamic spatial and RF relationship between the in-flight 
vehicle and each TM Site as shown in figures 8-10. 
 
The resulting signal is amplified, the transmitted to distant TM Sites from dedicated RTS antennas.  
TM Sites receive these RTS signals, and perform all other processing, including transmission to the 
RCC without knowledge that the received signals are from the RTS instead of an actual in-flight 
vehicle.  The only significant difference in TM Site operation under the RTS vs. an actual flight, is 
that the TM Site antennas do not follow the in-flight vehicle, because there is none.  Instead, the TM 
Site’s antenna remains trained on the RTS transmission antenna associated with that TM Site. 
 
Similarly, the Range Control Center performs its functions fully as if an actual test was being flown. 
 
 

DEPLOYMENT 
 
Centrally located Range Test Systems can transmit high-power RF signals across range distances to 
multiple TM Sites, simultaneously or sequentially, with each TM Site receiving signals with 
appropriate RF perturbations as described above.  
 
Mobile Range Test Systems can transmit to several TM sites at RF, and then be repositioned to 
transmit to others.   
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Alternatively, Range Test Systems can be temporarily or permanently installed at each TM Site, and 
connected at IF, or low-power RF into TM Site antenna calibration lines or directly into TM Site 
receiver systems.   
 
Time synchronization, if necessary, can be accomplished post-acquisition, or by the simultaneous 
trigger of multiple RF Channel Simulators within the RTS.  Range Test Systems can be controlled 
locally or remotely via hard wire, fiber or wireless Ethernet. 
 
 

CONCLUSION 
 

Based on RF Channel Simulator technology, sophisticated Range Test Systems can be constructed 
for the purpose of range test, verification and training.  RTS systems ensure range and range asset 
functionality, performance, and mission readiness.  RTS systems can typically verify; 
 

• TM Site operation as a whole, 
• TM site hardware, software, and/or firmware component operation, 
• The path from TM site to the RCC, 
• RCC functions, including best source TM selection, and 
• Range-customer output generation. 

 
Range Test Systems enhance range personnel and customer confidence in the success of a mission to 
be flown, reducing associated time, cost and risk.  They also provide significant regression test and 
compatibility test opportunity, assuring continued range functionality when range equipment, 
software, firmware or processing algorithms are modified. 
 
Range Test Systems can assist with range training missions, as they provide full range functionality 
without actual flights being required.  Such training “flights” can be conducted under nominal 
conditions, or with injected mission impairments. 
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ABSTRACT 
 

Equipment reliability is driven by infant mortality failures, which can be eliminated using a prognostic analysis 

prior, during and/or after the exhaustive and comprehensive dynamic environmental factory acceptance testing 

which conducted to increase equipment reliability by identifying equipment that fails during test for 

repair/replacement. To move to the 100% reliability domain, equipment dynamic environmental factory testing 

should be followed by a prognostic analysis to identify the equipment that will fail within the first year of use. 

During all equipment testing, only equipment functional performance is measured and equipment performance is 

unrelated to short-term or long-term equipment reliability making testing alone inadequate to produce equipment 

with 100% reliability. A prognostic analysis converts performance measurements to reliability measurements 

invasively by sharing test data used to measure equipment performance. Performance data that is converted to 

reliability data provides a time-to-failure (TTF) in minutes/hours/days/months for equipment that will fail within the 

first year of use, allowing the production of equipment with 100% reliability, decreasing risk and making getting to 

space safe and reliable. 

 

INTRODUCTION 

 
Some equipment production process such as those in the aerospace industry uses dynamic environmental acceptance 

testing, hoping to increase equipment reliability. The measurements are performance related, e.g. how well 

something is working. These performance measurements are used during test, to identify the equipment that fails 

performance measurements but performance is unrelated to reliability. The equipment that fails (during test) is then 

repaired/replaced/salvaged or scrapped
2
. It is hoped by all that testing equipment and measuring performance will 

(somehow) improve equipment reliability, but based on the high rate of infant mortality failures that occur in most 

industries that produce electrical and electro-mechanical equipment, it does not. A prognostic analysis uses 

equipment telemetry to measure equipment reliability invasively using data-driven, prognostic algorithms that 

illustrate accelerated aging present in equipment operational data (telemetry) that will fail within one year of use 

with 100% certainty
3
. 

FIGURE 1 FORTY-EIGHT YEARS OF RELIABILITY OF U.S. LAUNCH VEHICLES USING TESTING 

TO INCREASE RELIABILITY (AEROSPACE CORPORATION) 

Year of Launch 
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Figure 1 illustrates the reliability (successes/number of attempts) of most U.S. launch vehicles beginning in 1956 

through 2004, when launch vehicles were first under development as an ICBM and then modified for use as a launch 

vehicle.  

 

According the Aerospace Corporation report published in 1989 titled “The Effectiveness of Satellite Environmental 

Acceptance Tests” by Otto Hamberg and William Tosney, space vehicle systems equipment that passes full factory 

acceptance testing will suffer from at least 4 major equipment failures during vehicle equipment integration and test 

(I&T) with equipment that already passed equipment-level dynamic environmental acceptance  testing. Then, after 

passing vehicle-level I&T, there is a 70% likelihood of another major equipment failure within 45 days of use.  

 

Launch vehicle equipment failures occur frequently and are the causes of all failures in both Figure 1 and Figure 2. 

These equipment failures occur during launch because during dynamic environmental test, only equipment 

functional performance is measured, which should be measured at some point during production, however, 

measuring equipment performance is used to increase equipment reliability yet, there is no relationship between 

equipment performance measured during test and either short-term or long-term launch vehicle equipment reliability 

 

Measuring launch vehicle equipment performance during test, and then hoping testing increase launch vehicle 

equipment reliability has been done since the ICBM/launch vehicle inception in the 1950’s and the extremely low 

reliability of launch vehicles as a result of measuring equipment performance during test and the high rate of infant 

mortality failures is well documented. The proven unreliability of launch vehicles in Figures 1 and Figure 2 

illustrates that testing equipment alone is inadequate for producing equipment with 100% reliability.  

 

A prognostic analysis shares the same test data (telemetry) collected during I&T used to measure equipment 

performance to also measure equipment first year reliability by providing a time-to-failure (TTF) for the equipment 

that will be failing from an infant mortality failure. A prognostic analysis illustrates accelerated aging, often present 

in normal appearing test data from fully functional equipment. The presence of accelerated aging in test data 

identifies the equipment that will fail during launch for replacement. Launch vehicle equipment reliability is 

dominated by infant mortality failures. A prognostic analysis completed after dynamic environmental acceptance 

and replacing the equipment with accelerated aging increases launch vehicle equipment reliability to near-perfect.  

 

Figure 2 illustrates the success (black) and failure rates (black-green) for U.S. and international launch vehicles by 

country illustrating catastrophic failures occur on almost all launch vehicles at very high rates. The majority of the 

FIGURE 2 U.S. AND INTERNATIONAL LAUNCH VEHICLE SUCCESSFUL (GREEN) AND 

UNSUCCESSFUL (BLACK MINUS GREEN) LAUNCHES FROM 1985 TO 1999 (AEROSPACE 

CORPORATION, 2001) 

 U.S.                  Europe                Japan                 Israel               N. Korea                U.K. 
            Russia                 China                   India                  Brazil                France            Australia 
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failures occur in the launch vehicle propulsion subsystem. The launch vehicle propulsion subsystem is also the least 

instrumented subsystem on a launch vehicle.  

 

The dynamic environmental acceptance test program (ATP) was added to the aerospace/launch vehicle/ICBM 

production process in early 1960 because launch vehicle reliability was low. With no other actions available to be 

taken to increase launch vehicle equipment reliability, government and military organizations agreed to add the 

requirement to measure equipment performance during ATP hoping that measuring equipment performance during 

the test program would increase equipment reliability. Reliability analysis engineering used for calculating the 

likelihood of equipment failures was also added in the early 1960’s. During dynamic environmental testing 

completed at both the equipment and vehicle factory, only the equipment that fails during test is repaired or 

replaced. Testing successfully identifies 100% of the equipment that fails during test. If this equipment was not 

repaired or replaced, the same failures would likely occur during launch. 

 

During the production, integration and test, launch vehicle equipment reliability is dominated by infant mortality 

failures. Equipment failures occur on equipment that has successfully passed equipment-level testing demonstrating 

the testing alone is inadequate for producing equipment with near perfect reliability. Sometimes, launch vehicle 

equipment will fail several times and be repaired several times during the production and test process in violation of 

the Markov property. To increase launch vehicle reliability, launch vehicle equipment is exhaustively and 

comprehensive tested prior to use and yet most launch vehicles will suffer a failure at about 15% of the time.  

 

In 2005, the Aerospace Corporation published a report of equipment that fails prematurely stating that all launch 

vehicle contractors are responsible for equipment infant mortality failures for a variety of reasons
4
. We used a 

different strategy for eliminating infant mortality failures. We the launch vehicle test data for the early signs of 

premature aging/failure (a.k.a. accelerated aging). Its presence in satellite and launch vehicle equipment was 

documented in almost 40 issues of the Boeing GPS Monthly and Quarterly Orbital Test Report, CDRL Item A004 

published between 1978 through 1988 to the Air Force Space and Missile Center (AFSMC). 

 

FIGURE 3. INITIAL INFANT MORTALITY FAILURES (OVAL) FOR A COMPLEX SYSTEM OVER A 

10 YEAR LIFE ELIMINATED USING PROGNOSTIC ANALYSIS 

Accelerated aging is also known by a variety of names in different industries including deterministic behavior 

(mathematics), prognostic markers (medicine), prognostic identifiers (medicine), cannot duplicates (CND – aircraft 
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maintenance)), no failure found (NFF – aircraft maintenance)) and no failure identified (NFI – aircraft 

maintenance)) and failure precursors. These are sometimes found in test data and documented in production 

paperwork/documentation.  

 

Figure 3 is a 10-year Weibull distribution for a complex system such as a launch vehicle used in reliability analysis 

engineering for illustrating the high rate of piece-part failure within the first few years of use. A Weibull distribution 

models the infant mortality, normal wear out and end of life failures for complex systems and large population of 

electrical and mechanical parts assuming that equipment and parts failures are instantaneous and random (Markov 

property). For aerospace equipment, infant mortality failures occur after dynamic environmental acceptance testing 

is completed demonstrating that equipment testing alone is inadequate for producing equipment with 100% 

reliability. Dynamic environmental testing is used to reduce the number of infant mortality failures from occurring 

because no one has been able to develop any other means of improving equipment reliability. Infant mortality 

failures continue to occur long after the first year of life because they continue to occur in the equipment that 

replaced the equipment that failed initially. 

 

To identify the equipment with piece-parts that are suffering from accelerated aging, we then developed and used 

data-driven prognostic algorithms. Data-driven algorithms illustrate accelerated aging, often in normal appearing 

data from fully functional equipment by personnel trained to discriminate them from other normal occurring 

transient behavior. Using the origin of accelerated aging, we explain why equipment that has passed dynamic 

environmental acceptance testing, will fail immediately when used. Dynamic environmental testing was added to 

space vehicle production to eliminate unreliable equipment and does eliminate some of the unreliable equipment; a 

prognostic analysis identifies the rest of the equipment that will fail when used.  

PROGNOSTIC ANALYSIS 

 

The analysis used to illustrate accelerated aging includes the tools and education that is not normally acquired in the 

industry and the training to identify the early signs of premature aging/failure and discriminate them from other 

normal occurring transient behavior is a prognostic analysis. Prognostic technology simply accepts that equipment 

failures do not have the Markov property and that the early signs of premature aging/failure exist and if found will 

identify the equipment that will fail within one year of use. A prognostic analysis is also forensic analysis, which 

includes the illustration of accelerated aging that is often available in plain sight but misdiagnosed as noise or 

transient behavior of no consequence and any other forms of documenting the presence of transient behavior such as 

production paper work.  

 

FIGURE 4 DEFINITION OF THE DURATION BEGINNING-OF-LIFE AND END-OF-LIFE BASED ON 

DIAGNOSTIC ANALYSIS AND PROGNOSTIC ANALYSIS 
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Prognostic technology was developed by companies who produce large quantities of like units and recognized that 

there were failure models that could be used to identify when other units were going to fail. The thrust of prognostic 

technology is the production of near perfect products that will not suffer infant mortality failures by identifying the 

units that will fail within one year of use while they are still at the factory for replacement. 

 

Figure 4 identifies the definition of the time between equipment beginning-of-life (BOL) and end-of- life (EOL). 

Using just diagnostic analysis, the duration is defined as being random and a failure occurs instantaneously. When 

behavior is random and instantaneous, no information prior is related to any behavior and the result is neither 

predictable nor preventable. From prognostic analysis, the time between the beginning of life and the first transient 

observed in the data caused from accelerated aging is random, but the time between the first transient and the 

equipment’s end-of-life is deterministic. Deterministic behavior is 100% predictable and thus equipment failures 

from accelerated aging illustrated using prognostic analysis and prognostic algorithms are predictable and 

preventable.  

 

A prognostic analysis is a forensic analysis, which includes, but is not limited to using all operating equipment 

analog data and proprietary, data-driven or model-based algorithms to illustrate accelerated aging in test data or data 

of any kind. Accelerated aging is observable as latent, transient behavior often present among other normal 

occurring transient behavior. Personnel must receive special training (prognostician) to discriminate transient, 

deterministic (predictable) behavior from other expected non-deterministic transient behavior. In complex systems 

such as a launch vehicle or satellite, the operational environment of the on-board equipment is very dynamic. 

Transients may occur from equipment cycling or set to cycle or a failed sensor and thus the behavior of the 

equipment telemetry may include transient behavior as a result that is not deterministic behavior. Prognosticians can 

discriminate between normal occurring transient behavior and accelerated aging.  

 

Launch vehicle equipment that will fail during launch will have deterministic behavior present in telemetry usually 

many weeks/months prior to the actual failure, when telemetry is available, the accelerated aging can be illustrated 

using data-driven prognostic algorithms and identified by personnel trained to discriminate the transient behavior 

from other normal occurring transient behavior (prognosticians) in a prognostic analysis. Telemetry is not always 

available from all equipment and so a prognostic analysis may be done on equipment that does not have telemetry 

available during I&T while the equipment remains on the ground prior to launch. Analog test (performance) data 

from test equipment may be used if it has been archived. Generally, test equipment data is not archived during 

equipment trouble shooting activities.  

 

 

WHAT ARE THE EARLY SIGNS OF PREMATURE AGING/FAILURE/ACCELERATED AGING? 

 

The early signs of premature aging/failure a.k.a failure precursors/deterministic behavior are latent, extremely hard 

to identify, transient behavior often present in normal telemetry from fully functional equipment, and any analog test 

data. No two failure precursors or deterministic behavior behave alike, thus the behavior observed preceding one 

failure will not be repeated and may be the reason for previously never having been identified and not leveraged to 

measure and increase equipment reliability 

 

FIGURE 5 EXAMPLE OF ACCELERATED AGING PRESENT IN ALL TYPES OF EQUIPMENT 
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Figure 5 illustrates an example of deterministic, transient behavior caused by parts suffering from accelerated aging 

relative to the other parts in the unit inducing a transient in the circuit. Deterministic behavior is present only when 

piece-parts (electrical and/or mechanical) begin to change functional performance in the circuit/assembly and 

instantaneously affects the steady-state behavior of the unit. Changes in internal behavior observable in telemetry 

require embedded interface such as telemetry provides. Deterministic behavior has not been identified until 

prognostic technology because it mimics signal noise and other normal transient behavior from equipment cycling 

and sensor failure. 

 

CALCULATING REMAINING USABLE LIFE (RUL)/TIME TO FAILURE (TTF) 
 

The remaining-usable-life or the time-to-failure (TTF) for equipment can be calculated once accelerated aging has 

been identified by using the piece-part failure characteristics in equipment telemetry generated under test. Unlike 

calculations such as MTBF and MTTF are statistical results, the equipment that has accelerated aging identified will 

fail prematurely with 100% certainty. The calculation of the TTF is probabilistic result based on a proprietary 

database of equipment failures analyzed over a 30-year period. 

 

 

 

FIGURE 6 EXAMPLES OF PROBABILITY DISTRIBUTION FUNCTIONS WITH VARIOUS SHAPE 

CONSTANTS 

To accurately predict a remaining-usable-life for equipment that has been predicted to fail, Failure Analysis 

maintains a database of previous flight equipment failures that were analyzed over a 30-year period. This 

information is used to determine the probability of success (Ps) of a circuit with a failure precursor identified 

reaching its predicted remaining-usable-life. This information is in the form of a cumulative distribution derived 

from the actual remaining life that occurred on the many failures analyzed over a 30-year period.  

 

Predicting an accurate time-to-failure (TTF) after the early signs of premature aging/failure are identified, we use the 

cumulative distribution curve in Figure 8 developed from our proprietary database of equipment failures we have 

analyzed over 30-years on launch vehicles and satellites
7
. Distribution curves model normal occurring behavior and 

are tools used to before understand and quantify the failure rates at a complex system such as an aircraft the 

beginning-of-life, normal lifetime and end-of-lifetime failure rate. In the equipment failures we analyzed, we 

measured the duration of time between the failure precursor and the actual failure to generate the cumulative 

distribution. We have used this cumulative distribution to predict the duration of remaining usable with 100% 

accuracy. 

 

Failures in electrical and electro-mechanical equipment occur over a very long period of equipment operational life, 

as long as 1 year.  To understand why our cumulative distribution in Figure 8 is an accurate method for measuring 
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the equipment with the early signs of premature aging/failure present remaining usable life, understanding the use of 

normal (random) distributions in Figure 6 will help.  

 
FIGURE 7 EXAMPLES OF CUMULATIVE DISTRIBUTION FUNCTIONS (INTEGRAL OF THE 

NORMAL DISTRIBUTIONS) FOR COMMON PROBABILITY DISTRIBUTION FUNCTIONS 

Our proprietary cumulative distribution curve in Figure 8 is generated from a collection of equipment failures 

analyzed using a prognostic analysis over 30 years and measuring the actual remaining-usable-life of high-reliability 

aerospace/vehicle equipment failures. The results are not random because they are based on actual equipment 

failures and so are a probability (Ps) of occurring based on many past failures and real durations of remaining usable 

life.  

 

FIGURE 8 PROPRIETARY CUMULATIVE DISTRIBUTION USED TO DETERMINE TIME-TO-

FAILURE/REMAINING-USABLE-LIFE FOR EQUIPMENT WITH THE EARLY SIGNS OF 

PREMATURE AGING/FAILURE/ACCELERATED AGING IDENTIFIED 
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The integral of a normal distribution function is its cumulative distribution. The integral of all the probability 

functions in Figure 7 are the cumulative distribution functions for the normal distribution functions. The cumulative 

distributions illustrate the likelihood that a piece-part failure in a population of piece-parts duration will occur. 

Knowing that piece-part failure rates should have a Gaussian distribution, piece-part manufacturers test a sample of 

piece-parts from a population and determine if their failure rate matches a Gaussian distribution. 

 

RESULTS OF PROGNOSTIC ANALYSIS CONDUCTED ON THE NASA/U.C. BERKELEY 

EXTREME ULTRA-VIOLET EXPLORER ASTROPHYSICS SATELLITE 
 

Between 1994 and 1995, the NASA/U.C. Berkeley EUVE low earth orbiting astrophysics satellite was utilized to 

demonstrate the capability of predicting on-orbit spacecraft equipment failures using data-driven prognostic 

algorithms
8
. The NASA EUVE satellite bus was built by Fairchild Aerospace (now Orbital) as one in a group of 10 

common-core, multi-mission spacecraft bus for many GSFC science missions.  

 

FIGURE 9 RESULTS OF A PROGNOSTIC ANALYSIS CONDUCTED ON THE NASA EUVE/HUBBLE 

TELESCOPE RATE GYRO UNIT ILLUSTRTAING ACCELERATED AGING AND TIME-TO-

FAILURE/REMAINING-UABLE-LIFE 

 

CONCLUSION 
 

Equipment manufacturers only measure equipment performance testing, but there is no relationship between 

equipment performance and short-term or long-term equipment reliability. Using a prognostic analysis to convert 

performance measurements before, during and/or after equipment factory test allows the identification of any 

equipment that will fail prematurely after test. Expanding factory production activities to include equipment and 

vehicle reliability measurements using a prognostic analysis allows the production of equipment with near 100% 

reliability eliminating infant mortality failures of all kinds. The equipment reliability measurements results include 

the calculation of the equipment with accelerated aging time-to-failure (TTF)/remaining usable life (RUL). 
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Abstract

Synchronized video is crucial for data acquisition and telecommunication applications. 
For real-time applications, out-of-sync video may cause jitter, choppiness and latency. 
For data analysis, it is important to synchronize multiple video channels and data that are 
acquired from PCM, MIL-STD-1553 and other sources. Nowadays, video codecs can be 
easily obtained to  play most  types  of  video.   However,  a great  deal  of effort  is  still  
required  to  develop  the  synchronization  methods  that  are  used  in  a  data  acquisition 
system. This paper will describe several methods that TTC has adopted in our system to 
improve the synchronization of multiple data sources.

Keywords

Video Compression,  Codec,  Time  Synchronization,  Data  Analysis,  Real-Time Video, 
MPEG-2, MPEG-4, H.264, JPEG-2000

Introduction

MPEG-2 Transport  Stream is  a well-defined technology for transmitting or recording 
video data.  It  can  be used  with  many different  video compression  standards  such as 
MPEG-2, MPEG-4, and H.264.  Multiple video and audio streams are allowed in a single 
transport stream.  However, most applications use only one video stream and one audio 
stream.  Several  types  of time stamps are also defined in  the standard.  Although it  is 
optional to include time stamps in the stream, most implementations will include at least 
one or two time stamps in order to provide for synchronization between the audio and the 
video.

One  of  the  most  important  data  analysis  tasks  that  must  be  performed  on  a  data 
acquisition system is the correlation of video frames with events, sensor data, avionics 
bus data  or other  video frames that  occur at  the same time.   Unfortunately,  the time 
stamps provided by MPEG-2 Transport Streams are insufficient for synchronizing most 
data  acquisition  systems  unless  additional  information  is  provided.   In  some 
implementations,  a  sync  marker  is  simultaneously  inserted  into  all  data  and  video 
channels.   TTC’s  method  works  a  different  way;  it  takes  advantage  of  accurate 
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synchronized time information, which can be obtained from IEEE-1588 or IRIG time. 
Since a time synchronization mechanism already exists in the data acquisition system, we 
do not need to insert a sync event into the data.

JPEG-2000 video stream is another approach that TTC implemented. IRIG time stamps 
are inserted into a private header. It is a simpler and direct way to make each frame have 
the time stamp which share a common base time with the other channels.  Therefore, 
synchronization will not be an issue.

The next section of this paper will explain how time stamps can be used to synchronize 
video with other  data  channels  that  occur  on a  time line.  After  that,  we will  discuss 
several  issues  related  to  time  synchronization  and  the  results  from  testing  that  we 
performed  with  our  time  synchronization  method.  Finally,  we  will  describe  three 
complete time synchronized video systems.

Video Synchronization Challenges

Speed Control

In some simple implementations, there might be no need to control the speed that video 
plays.  These simple implementations rely on the video source to send video frames at a 
constant rate.  The video frames are displayed as soon as they arrive. An example of this 
is  a  traditional  television  broadcast.  In  a  TV  broadcast  uncompressed  video  data  is 
transmitted at a constant bit rate.  This has very little delay but requires a large amount of 
bandwidth.

The story is  different  for compressed video. Speed control is  usually required on the 
playback side. One reason for this is that the size of each frame is very different for 
MPEG-2, MPEG-4, and H.264. The three most commonly used frame types are: I-frame, 
P-frame and B-frame.  Usually they are interleaved into the video stream. Among the 
three, the I-frames are the largest. They require more bandwidth and a longer time to 
transmit.  The B-frames are the smallest.  For constant  bit  rate transmission,  the video 
decoder will spend more time waiting for I-frames then it spends waiting for P-frames or 
B-frames.  As the result, the time when each frame is received is not the correct time for 
displaying the frame.  Even if  we use 100 Megabit  Ethernet  or higher bandwidth,  the 
nature of  Ethernet  and TCP/IP is  non-deterministic  with regard to  transmission time. 
This means that the arrival time will be highly variable depending on the network status.

Moreover,  if  B-frames  are  used  in  the  compression  algorithm,  then  the  transmission 
frame order is different than the order that the frames were captured. For example, a B1 
frame is captured earlier than a P2 frame, but it will be transmitted after the P2 frame. 
This reordering of the video data means that speed control is required in order to show 
each picture at the right time with the right duration. 
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To implement speed control, we will require time information in the video stream. The 
implementation of speed control will be discussed in the next section.

Jitter and Choppy Video

Jitter and choppy video is a symptom that a video picture is not being displayed at the 
right time and for the right duration.  It can also indicate that a significant number of 
frames are being dropped and that the movement in the video will not be smooth. These 
symptoms also imply that the frame rate is not constant. There are many possible causes 
of this problem. For example, when the system is overloaded, the CPU or DSP cannot 
encode or decode a frame in time.  This can cause transmission delay or it can cause the 
pictures to show up late on the display. This will result in slow playback.  Later when the 
system is trying to catch up, it will play faster than normal.  Another possible cause of 
this  problem  is  internal  buffer  underrun  or  overflow.  Temporary  lack  of  sufficient 
bandwidth is yet another reason.

There is always latency between the video encoder and decoder. The latency is a sum of 
the  encoding  delay,  the  decoding  delay,  the  transmission  delay,  and  the  propagation 
delay. The result of the delays will result in jitter and choppy video. We can statistically 
get deviation values, such the average deviation and the maximum deviation, from the 
time stamp information provided in the video stream. 

The deviation value can also be used to adjust the presentation time of each frame.  This 
will result in smoother video, assuming that there are no dropped frames.  If choppiness 
is caused by dropped frames, it cannot be fixed. Although delaying the presentation of the 
video will also smooth the video, a long delay is generally undesirable for real-time video 
playback. The software must balance a longer delay versus less jitter and choppiness. In 
any case,  the  system implementation  needs  to  minimize  the  deviation.  Otherwise the 
deviation might be too large which would make it impossible to compensate for.  This 
would lead to unavoidable jitter and choppy video playback.

Utilizing Time Information

Timestamp and Reference Clock

The concept of a speed control is simple: if there is a time stamp for each video frame 
and there is a reference clock then the video player just needs to read the time stamps and 
wait  until  the right  time to put  each frame on the display.  However,  there are  many 
variables involved in implementing this feature.

If there is no timestamp in the MPEG video stream but we are provided with a frame rate 
then a time stamp can be calculated for each video frame based on the frame rate. For the 
reference clock, the player can use a local timer. This example is simple, but there are 
several  issues.   The  playback  speed of  each  video or  audio  channel  will  be  correct.  
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However, there is no way to synchronize between the video, audio and other channels of 
data. The time stamp that is derived from the frame rate is essentially a private time.  It 
does  not  share  a  common base  time  with  the  other  channels.   This  means  that  it  is 
vulnerable to lost data or dropped frames. The frequency drift in the crystal oscillators 
will result in that the speed of encoder side being slightly different than the decoder side. 
This will cause a problem for real-time video applications after they have been running 
for a while. 

In the MPEG video system, there are several types of timestamp information that can be 
used to overcome these problems:

1. PTS in the PES syntax 
2. DTS in the PES syntax 
3. PCR in the transport stream syntax 
4. OPCR in the transport stream syntax
5. SCR in the program stream syntax 
6. ESCR in the PES syntax 

 
PCR, SCR and ESCR are reference time stamps. They provide information for adjusting 
the reference clock.  In some circumstances, they can be used as a reference clock. 

The PTS (Presentation Time Stamp) is the exact time that a frame needs to display.  Most 
MPEG-2,  MPEG-4  or  H.264 streams  have  PTS.  Video,  audio  and  data  in  the  same 
program stream must use the same base time. Therefore, the synchronization between 
channels in the same program stream can be achieved by using this time stamp. DTS 
stands  for  Decoding  Time  Stamp,  which  indicates  the  time  that  a  frame  should  be 
decoded. 

PCR (Program Clock Reference)  represents a system time clock on the encoder  side. 
Depending  on  the  codec  implementation,  this  piece  of  information  can  be  used  for 
determining the initial value for a reference clock or to estimate the jitter.  If it is used to 
estimate the jitter then it can be used to determine the buffer size and the delay in the  
decoder side. For a real-time application, those parameters will decide the smoothness of 
playback and the latency.

GPS Time

The standard only requires using the same base time when the video, audio and data 
streams  are  in  the  same  program  stream.  A  GPS  time  stamp  can  be  used  for 
synchronization of data in different program streams.  It can also be used to synchronize 
data that is encoded or recorded by different units. 

In most of data acquisition systems, there is a time source.  The time source is usually 
synchronized with GPS time. Different units in the data acquisition system can use IEEE-
1588 or IRIG time input to accurately synchronize with the time source. This provides 
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the video units a way to include extra time information.  The extra time information can 
be used later to convert the time stamp from PTS format to GPS time. 

This implementation is very similar to Chapter 10 time packets. The time packet provides 
information so that the time stamp for each video picture will have the same base time. 
This will make it easy to synchronize the video pictures, MIL-STD-1553 bus data, events 
and sensor data from a PCM stream. This can be very accurate  for correlating video 
images with data.

The frequency drift in the crystal oscillator can also be resolved by using GPS time on 
both the encoder  and the decoder  side.  Instead of using the counter  from the crystal 
oscillator,  the  GPS  time  stamp  of  each  frame  can  be  used  for  speed  control.  The 
difference between the frame rate on the decoder side and the encoder side will be very 
small. This will eliminate the delay that occurs when the decoder runs slower than the 
encoder.  It also eliminates choppy playback and buffer underruns that could occur when 
the encoder runs too fast.

Examples

Camera NTSC

DVC-201M

DMX-100EMARM

MVID-401M

MARM-2000

DVC-401M

PCM

Monitor

Monitor

NTSC

NTSC
MVID-201M

DVC-101H
Monitor

VGA

MPCI

MIRG-220B SOC

PCM /
Data & Clock

Camera

RMOR RackMARM Stack

Figure 1: Video and Data Telemetry Using MARM-2000 / RMOR-2000

In this example, video and PCM data are acquired by a MARM-2000 unit. A composite 
PCM stream will be created and sent to the RMOR-2000 Rack Mounted Reproducer. 
The RMOR-2000 decodes the video and regenerates the PCM data in real-time. 

The MIRG-220B is the time module,  which is able to accept IRIG time. The MVID-
401M and MVID-201M are video encoder modules that accept standard video signals 
and compress  the  data  into  MPEG-4 and MPEG-2 video  streams  respectively.  Time 
information from the MIRG-220B will be included in the video streams. The MPCI-102 
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modules can accept any standard PCM stream.  This PCM stream could include time 
information inside. All of the PCM input and video streams are multiplexed together into 
a composite PCM stream and transmitted.

On the RMOR-2000 side (the ground demultiplexer side), the DMX-100E card accepts 
the  composite  PCM  stream  and  dispatches  each  embedded  data  channel  to  the 
corresponding decoder board in the rack mounted unit. The DVC-401M, DVC-201M and 
DVC-101 cards are able to extract the video streams from the composite PCM, decode it 
and output it to a monitor in real-time.

Time information in the video stream will be utilized by the DVC boards. This helps to 
ensure that there is accurate synchronization between the video and audio data. It also 
helps to select a buffer size for each DVC board so that the video output is smooth.

JPEG-2000 Video

MCVC-501J  and  MVID-501J  are  JPEG-2000  video  encoders.  They  insert  a  private 
header, in which there is an IRIG time stamp. Unlike MPEG video, there is not extra step  
needed to convert the time stamp. The frame order is same during transmission and when 
frames capturing. DVC-101J can be used as the decoder. JPEG-2000 has only one type of 
frame. The deviation of delay is small. It does not require information to estimate the 
deviation of delay, such as PCR used in MPEG-2 transport stream.

Video and Data Recording

Camera NTSC

MSSR-110C-1
(Solid State Recorder)

MVID-121M

MSSR-2010-SA

MIRG-220M-2

MBIM-553M-1

MPCM-102M-1

Figure 2:  Video and Data Recording In Chapter 10

The MSSR-2010-SA unit has a solid state recorder that can record multiple channels in 
Chapter 10 format. The MIRG-220M-2 module provides time information for all of the 
data acquisition modules in the unit.  The MVID-121M module accepts a standard video 
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input and encodes the video data. The MBIM-553M-1 is a MIL-STD-1553 bus monitor 
and the MPCM-102M-1 accepts two PCM input streams.

The MVID-121M is able to generate an MPEG-2 stream with extra time information. 
This extra information can be used to convert PTS time to match the system time that is 
obtained from the MIRG-220M-2. The MSSR-110C-1 recorder will insert time packets 
based on the time stamps from the MIRG-220M-2 module.   The time stamp for each 
video image and the time stamp in the Chapter 10 header use the same base time. In data 
acquisition systems, each MIL-STD-1553 bus can have a time stamp. The PCM streams 
also have their own time stamps. Since all of the data channels receive their time stamps 
from the same source, it is possible to correlate 1553 events, PCM data and video images 
with the main Chapter 10 time stamp.
 

Camera NTSC

DVC-201M

DMX-100EMARM

MVID-401M

MARM-2000

DVC-401M

PCM

Monitor

Monitor
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NTSC
MVID-201M

DVC-101H
Monitor

VGA

MPCI

MIRG-220B SOC

PCM /
Data & Clock

Camera

RMOR RackMARM Stack

Figure 3: JPEG-2000 Using MARM-2000 / RMOR-2000

Conclusion

Time stamps are essential information for synchronization between video pictures, events 
and sensor data. PTS (Presentation Time Stamp) and PCR (Program Clock Reference) 
are usually used for synchronized between video and audio in MPEG-2, MPEG-4 and 
H.264. Extra time information is included into the video stream in TTC’s solutions. This 
extra time information describes the relationship to IRIG time or GPS time. With the 
extra time information, all data channels and video channels can share the same common 
base time.  This means that we can correlate all of the time stamps together. 

JPEG-2000 provides a simpler but robust way to synchronize with other data channels. 
Each picture header has a private header that contains an IRIG time. No extra step is 
required to convert the time stamp in order to synchronize with other channels. There is 
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no inter-frame compression and frame order is not re-ordered. All these can significantly 
simplifier the data analysis process if compression efficiency is not a major concern.

The PCR and PTS are also used to control the delay and they result in smoother video 
playback for real-time video applications.  In the TTC solution, the PCR and PTS are set 
to compensate for the deviation of the delay value.  This helps to create smoother video. 
The playback  delay  is  controlled  as  a  constant  value.  This  is  different  then  in  other 
implementations where the delay is constantly accumulating and growing.  A constant 
delay is more suitable for real-time monitoring.
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ABSTRACT

Aerial image collections have experienced exponential growth in size in recent years. These
high resolution images are often viewed at a variety of scales. When an image is displayed at
reduced scale, maximum quantization step sizes for visually lossless quality become larger.
However, previous visually lossless coding algorithms quantize the image with a single set
of quantization step sizes, optimized for display at the full resolution level. This implies
that if the image is rendered at reduced resolution, there are significant amounts of ex-
traneous information in the codestream. Thus, in this paper, we propose a method which
effectively incorporates multiple quantization step sizes, for various display resolutions, into
the JPEG2000 framework. If images are browsed from a remote location, this method can
significantly reduce bandwidth usage by only transmitting the portion of the codestream
required for visually lossless reconstruction at the desired resolution. Experimental results
for high resolution color aerial images are presented.

Keywords: JPEG2000, visually lossless coding, JPIP, human visual system.

1. INTRODUCTION

With recent advances in sensing and imaging technology, the sizes of aerial image collections
are exponentially growing. Generally, since a great deal of effort is expended in acquiring
these images, lossless image compression is preferred. However, typical numerically lossless
compression methods, those offering perfect reconstruction fidelity, offer only limited com-
pression performance. Therefore, visually lossless methods, which increase performance by
removing information which does not contribute to visual quality, are gaining interest [1].

JPEG2000, a wavelet-based image compression standard, has several advantages in com-
pressing and transmitting high-resolution aerial images [2]. First of all, the codestream for
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a single image encoded using JPEG2000 is inherently structured to support many types of
scalability. Without the need for re-encoding the image, it allows the end user to obtain
image products from arbitrary components having various resolutions, qualities and spatial
extents, all from a single compressed file. Furthermore, when browsing images from a remote
location, the JPEG2000 Interactive Protocol (JPIP), described in Part-9 of the JPEG2000
standard, may be used to transmit only the portion of the codestream required to reconstruct
the region of interest [3–5].

This paper presents an efficient visually lossless coding algorithm based on JPEG2000, fully
preserving the aforementioned features. Visually lossless coding is achieved by keeping the
quantization step sizes of the subbands smaller than the visibility thresholds obtained from
our previous psychophysical experiments [6]. Since high resolution images are often dis-
played at various scales and the visibility thresholds tend to increase as the scale decreases,
we propose a method of applying multiple visibility thresholds within a subband for high
resolution color images, extending our previous work on monochrome images [7]. By selec-
tively truncating the codestream according to the optimal visibility threshold, as determined
by the current display resolution, the proposed method, along with JPIP, can significantly
reduce the transmitted bitrate, while preserving visually lossless quality.

2. INTERACTIVE TRANSMISSION OF IMAGES USING JPIP

JPIP is a connection-oriented network communication protocol which facilitates efficient
transmission of images using the characteristics of scalable JPEG2000 codestreams. A user
can interactively browse spatial regions of interest, at desired resolutions, by retrieving only
the corresponding minimum required portions of codestreams.

Selection of a desired resolution is based on the dyadic tree-structured wavelet transform
embedded in JPEG2000. A K level dyadic wavelet decomposition yields K + 1 display
resolutions. Figure 1 shows the reconstruction procedure of multi-resolution images from a
wavelet transformed image for K = 2. The lowest resolution level R0 corresponds to the
lowest resolution image LL2. The next lowest resolution level R1 together with LL2 can be
used to render the next to lowest resolution image LL1. FinallyR2, together with LL1, yields
the original image LL0. In general, resolution level Rr together with the image LLK−(r−1)

can be used to synthesize the image LLK−r.

To facilitate spatial random access, JPEG2000 defines precincts, which are collections of
codeblocks belonging to a spatial supporting region. Figure 2 illustrates the relationship
between precincts and codeblocks. A subband is partitioned into codeblocks, which are the
smallest geometric structure in JPEG2000, and a precinct for LLK−r consists of codeblocks
from Rr corresponding to a spatial region in LLK−r. Each precinct for every quality layer
(quality layer is described in the following section) constructs one packet, the basic unit of
codestream formation, together with header information.

Figure 3 shows a block diagram of the JPIP remote image browsing system. First, the client
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Figure 1. Reconstruction procedure of multi-resolution images from a wavelet transformed image
for K = 2.

Precinct for 2LL Precinct for 1LL

Precinct for 0LL

codeblock

Figure 2. Precincts and codeblocks (K = 2).

requests a spatial region, resolution, image components of interest using a simple descriptive
syntax to the server. In response to the client’s request, the server collects the necessary
packets from the JPEG2000 codestream and sends them to the client. The client decodes
the received packets and renders the image. Through a graphic user interface (GUI) on the
client-side, a user can request different regions, resolutions, components, and qualities at any
time.

Among multiple client requests, a considerable portion of packets may be duplicated. To
avoid retransmission of those packets, the client may employ a cache. Received packets are
stored in the cache and then decoded, and the server maintains a cache model which keeps
track of the client’s cache. If a request is found to contain a duplicated part, the server does
not send the duplicated part and the client decodes it from the cache. This can dramatically
reduce transmitted bits per request.
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Figure 3. Client-server interaction in a JPIP remote image browsing system.

3. MULTI-RESOLUTION VISUALLY LOSSLESS COLOR IMAGE CODING

3.1. MULTI-RESOLUTION VISIBILITY THRESHOLDS

In irreversible compression in Part I of the JPEG2000 standard, the RGB color space is
converted, by the irreversible color transform (ICT), to the YCbCr color space, which is a
more efficient representation for compression. Compression is mainly achieved via quanti-
zation of each color component, independently transformed by the 9/7 wavelet transform.
However, numerical losses caused by the quantization produce compression artifacts in the
reconstructed image. In [6], to obtain the maximum compression performance without intro-
ducing visible compression artifacts, the maximum quantization level was measured through
psychophysical experiments for the YCbCr color space. This maximum quantization level is
referred to as the visibility threshold, and depends significantly on the subband. In particu-
lar, the thresholds for the luminance component are affected by the distribution of wavelet
coefficients within the subband, defined by

tθ,k = aθ,k · σ2
θ,k + bθ,k (1)

where θ and k are the orientation and decomposition level of the subband, respectively. σ2
θ,k

is the variance of wavelet coefficients within the subband. The linear parameters aθ,k and
bθ,k, measured for five decomposition levels (K = 5), are listed in Table 1. For the LL
subband, we use a fixed threshold value 0.63 since the variance of the subband is usually
much larger than that of other subbands and the distortion is less affected by the variance
change.

subband aθ,k bθ,k subband aθ,k bθ,k

HH,1 105.67× 10−4 4.85 HH,4 10.16× 10−4 0.47
HL/LH,1 46.03× 10−4 1.98 HL/LH,4 7.75× 10−4 0.36

HH,2 19.94× 10−4 0.92 HH,5 7.91× 10−4 0.36
HL/LH,2 13.84× 10−4 0.64 HL/LH,5 7.16× 10−4 0.33

HH,3 11.04× 10−4 0.51
HL/LH,3 10.83× 10−4 0.50

Table 1. Linear parameters aθ,k and bθ,k.
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Compared to the thresholds for the luminance components, the visibility thresholds for the
chrominance components are generally larger. This is because the human visual system
(HVS) is less sensitive to color change than to luminance change. Also, the variance in the
chrominance components is much less than that in the luminance, so the variance change
is not significant. Thus, we use fixed threshold values, determined based on the average
statistics, as the visibility thresholds for the chrominance components. The chrominance
thresholds are shown in Table 2. These visibility thresholds were measured at a viewing
distance of 60 cm and a display visual resolution of 35.62 pixels/degree, which is a typical
office environment. Under these viewing conditions, an image quantized with these visibility
thresholds exhibits visually lossless quality.

subband Cb Cr subband Cb Cr

HH,1 24.72 15.49 HH,4 4.95 1.25
HL/LH,1 14.50 6.35 HL/LH,4 3.26 0.69

HH,2 14.77 7.40 HH,5 1.05 0.56
HL/LH,2 6.36 2.60 HL/LH,5 1.05 0.58

HH,3 11.55 2.57 LL, 5 1.32 0.66
HL/LH,3 4.03 1.23

Table 2. Visibility thresholds for chrominance components.

The visibility threshold is a function of spatial frequency. When an image is displayed at a
different resolution level, the spatial frequency of each subband is also changed. Therefore,
the visibility threshold should be applied depending on the display resolution [8]. When a
reduced resolution image, LLK−r, 0 ≤ r < K, is displayed on the monitor, the subbands
of resolution Rr are playing the role of the highest frequency subbands, normally played
by RK . Similarly, the subbands of resolution Rr−1 are playing the role normally played by
those from resolution RK−1, and so on. In general, resolutions Rj, 0 < j ≤ r are behaving as
resolutionsRj, K−r < j ≤ K, respectively. Finally, R0 = LLK is playing the role of LLK−r.
Therefore, to have visually lossless quality of the displayed image LLK−r, the quantization
step sizes used for Rj, 0 < j ≤ r should be those normally used for Rj, K − r < j ≤ K for
displaying a visually lossless LL0. In other words, the visibility thresholds for subband (θ, k)
when reduced resolution image LLK−r is displayed are given by

t̂θ,k(r) =

{
tθ,k−(K−r) if k > (K − r)
∞ otherwise

(2)

where tθ,k is the threshold of subband (θ, k) required to have visually lossless quality when
the full resolution image LL0 is displayed. Since the subbands of resolution Rj, j > r are
not needed to display LLK−r, their thresholds are infinite. As mentioned above LLK plays
the role of LLK−r, necessitating an LLK threshold for each r. These additional thresholds
for the YCbCr components are measured using the same method described previously and
are listed in Table 3. Figure 4 illustrates the discussion above for K = 2.
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k Y Cb Cr k Y Cb Cr
0 2.82 12.30 8.83 3 0.96 2.31 2.00
1 2.22 6.35 3.70 4 0.77 1.63 1.00
2 1.11 2.69 2.10 5 0.66 1.32 0.66

Table 3. Visibility thresholds for LL subbands.
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Figure 4. Visibility thresholds t̂θ,k(r) at three display resolutions (K = 2).

3.2. VISUALLY LOSSLESS QUALITY LAYERS

An image is normally quantized with a single set of thresholds, which have been optimized
for the full display resolution. However, within the same subband the visibility threshold in-
creases with spatial frequency (i.e., lower resolution images have higher visibility thresholds).
This means that if the image is displayed at a reduced resolution, there will be unneeded
information transmitted in the codestream. By exploiting the (quality) layer functionality of
JPEG2000 to include multiple visibility thresholds for each subband, we are able to overcome
this inefficiency.

In JPEG2000, a layer contains a collection of consecutive coding passes from each codeblock
in a precinct. Beginning with the lowest (quality) layer Q0, image quality is successively im-
proved by the incremental contributions of subsequent quality layers. In typical JPEG2000
encoder implementations, each quality layer is constructed to have near-optimal quality at
full resolution for a given bitrate, with the aid of post-compression rate-distortion optimiza-
tion (PCRD-opt) [9].

In the work described here, the quality layers are tied to resolutions, so that Q0 provides
“just” visually lossless reconstruction of LLK . The addition of Q1 enables just visually
lossless reconstruction of LLK−1, and so on. In this multi-resolution visually lossless cod-
ing scheme, quality layer Qr is defined such that the maximum quantization distortion for
subband (θ, k) is just smaller than the visibility threshold t̂θ,k(r), which is the optimal thresh-
old value when reduced resolution image LLK−r is displayed. Thus, when image LLK−r is
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displayed, only quality layers Qj, 0 ≤ j ≤ r need be decoded.∗

1
2

0

2LL 2HL 2LH 2HH 1HL 1LH 1HH

Figure 5. Quality layers for three display resolutions (K = 2).

Figure 5 shows an example of quality layers generated for three display resolutions (K = 2).
The smallest display resolution LL2 needs only quality layer Q0 for visually lossless quality.
At the next resolution, an additional quality layer Q1 is decoded. At full resolution, the
information from the final quality layer Q2 is incorporated. The advantages of the proposed
scheme are clear from this figure. For example, when displaying LL2, a straightforward
treatment would discard HL2 through HH1 for considerable savings. However, it would
retain the unneeded portions (Q1 and Q2) of LL2. The savings of our scheme can be
significant as demonstrated below.

4. EXPERIMENTAL RESULTS

The proposed multi-resolution visually lossless coding algorithm is implemented in Kakadu
v.6.2.1 [10]. Experimental results are presented for four high resolution 24-bit color aerial
images, provided by the Cartographic Institute of Catalonia (ICC) [11], as shown in Figure 6.
The image dimensions are listed in Table 4. Images are encoded in the position-component-
resolution-layer (PCRL) progression order with precinct dimension 128 × 128. This spatial
progression is particularly useful for streaming using JPIP in low memory systems. A 5-
level 9/7 wavelet transform (K = 5) is used and six quality layers are generated for multi-
resolution visually lossless coding.

Figure 6. High resolution 24-bit color aerial images used in the experiment.

∗Of course, these quality layers can be subdivided to provide quality progressivity at each
resolution.
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Image
Dimension

(H×W)
Numerically

Lossless
Visually
Lossless

Gain

1 4954× 7149 14.5610 3.3272 77.15%
2 4900× 7000 14.7256 3.4032 76.89%
3 4800× 7200 12.9205 2.8316 78.08%
4 5000× 7200 13.0459 2.8107 78.46%

Average 13.8133 3.0932 77.64%

Table 4. Bitrates comparison between numerically lossless coding and visually lossless coding for
24-bit color images.

Table 4 demonstrates the compression performance of our visually lossless coding scheme,
compared with numerically lossless coding. Without any perceivable quality degradation at
full resolution, our visually lossless coding scheme achieves an average bitrate of 3.09 bits-
per-pixel (bpp) resulting in a compression ratio of 7.76:1, which is approximately 20% of the
bitrate required for numerically lossless coding scheme.

Table 5 shows the bitrates of decoded data for our two visually lossless coding methods. The
first method, used as benchmark, employs the methods from [6] to yield a visually lossless
image optimized for display at full resolution. The resulting codestream contains a single
quality layer. Such a codestream can be decoded (visually losslessly) at lower resolutions,
achieving significant bitrate savings. This benchmark is referred to below as the single-
layer method. The second method, proposed in this paper, is referred to as the multi-layer
method. It should be noted that multiple layers could be included in the first method, having
arbitrarily chosen bitrates as is common in conventional JPEG2000 encoding. However, there
would generally be no way of knowing which layers to decode in order to achieve visually
lossless performance.

Image method LL5 LL4 LL3 LL2 LL1 LL0

1
single 0.0120 0.0391 0.1264 0.4217 1.3427 3.3272
multi 0.0057 0.0192 0.0716 0.2673 1.0231 3.3405
gain 52.46% 50.82% 43.32% 36.61% 23.80% −0.40%

2
single 0.0123 0.0411 0.1328 0.4404 1.3870 3.4032
multi 0.0059 0.0198 0.0737 0.2782 1.0500 3.4166
gain 51.96% 51.93% 44.51% 36.84% 24.30% −0.40%

3
single 0.0125 0.0404 0.1263 0.4057 1.2780 2.8316
multi 0.0058 0.0189 0.0693 0.2529 0.9920 2.8448
gain 54.12% 53.20% 45.11% 37.65% 22.38% −0.46%

4
single 0.0117 0.0399 0.1286 0.4213 1.2979 2.8107
multi 0.0053 0.0190 0.0705 0.2640 1.0038 2.8239
gain 55.18% 52.51% 45.17% 37.32% 22.66% −0.47%

Average gain 53.43% 52.11% 44.53% 37.11% 23.29% −0.43%

Table 5. Bitrates of the single-resolution and multi-resolution visually lossless coding methods.

The rates shown in Table 5 are in bpp calculated for the dimension of the full resolution
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image. For display of the reduced resolution image LL5−r, 0 ≤ r < 5, the single-resolution
method requires decoding all subband data in R0,R1,...,Rr−1, while the multi-resolution
method need only decode up to quality layer Qr of the same subbands. The multi-resolution
method requires a slightly higher bitrate at full resolution than does the single-resolution
method (due to the overhead associated with the layer information). However, visually
lossless quality is achieved at lower resolutions with much smaller bitrates. As can be seen
from the table, improvements in effective compression ratio are more than 2:1 at lower
resolutions.

Table 6 shows total data transferred via the JPIP server, while remotely browsing the com-
pressed images. For a fair comparison between the two coding methods, each image is
browsed with the same sequence of browsing operations and the same display window. The
sequence of browsing operations consists of zoom-in, zoom-in, pan, pan, zoom-in, pan, pan,
zoom-in, pan and pan. The displayed image locations are the same for both methods. The
viewing application shows the lowest resolution level when the image is first opened in order
to overview the entire image. In the case of the multi-resolution method, the viewing appli-
cation selects the quality layer appropriate to the resolution level. The results suggest that
the multi-resolution method can achieve significant reductions in bandwidth, as compared
to the single-resolution method. In particular, more pan operations at lower resolution levels
is expected to provide much improved performance, as indicated in Table 5.

Image Single Multi Gain

1 1119.7 KB 921.8 KB 17.67%
2 1128.0 KB 945.4 KB 16.19%
3 1081.9 KB 881.8 KB 18.50%
4 1057.7 KB 861.2 KB 18.58%

Average 1096.8 KB 902.6 KB 17.71%

Table 6. JPIP data transfer statistics collected while remotely browsing the compressed images.

5. CONCLUSIONS

We have presented a visually lossless coding method for high resolution color aerial images,
with additional visibility thresholds for LL subbands of Cb and Cr components. Considering
that a high resolution image is typically displayed at various resolutions, multiple visibility
thresholds are applied within a subband via the quality layer functionality of JPEG2000.
This method allows for visually lossless decoding at a variety of resolutions, using only a
portion of the full resolution codestream. In the remote image browsing experiment using
JPIP, images encoded by the proposed method provide a significant reduction in transmitted
data without any degradation of image quality, compared to visually lossless encoded images
only at full resolution. Furthermore, since the proposed method is implemented within Part-
1 of the JPEG2000 standard, the codestream is decodable by any JPEG2000 decoder and
the various other functionalities of JPEG2000 are preserved.
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ABSTRACT 
 
The deployment of network-based airborne instrumentation systems is leading to cost-efficient 
replacement of legacy instrumentation systems.  One application of airborne data acquisition that 
has been developed and maintained separately from traditional avionics and orange-wire data 
acquisition systems is high-speed camera packages.  The development of network-based 
instrumentation systems has led to an opportunity to unify these two previously distinct airborne 
data acquisition activities.  This paper describes the range-video network-based instrumentation 
system (rNET) being implemented by the  46th Test Wing, 846th Test Support Squadron at Eglin 
Air Force Base, FL to replace the existing Airborne Separation Video System (ASVS). 
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INTRODUCTION 

In the late 90's the Central Test and Evaluation Investment Program (CTEIP) funded the 
Airborne Separation Video System (ASVS) and its goal was to utilize digital imaging cameras as 
a replacement for the existing 400 frames per second (fps) film cameras used in an airborne 
environment.  Although there were many different Major Range Test Base Facilities (MRTFB) 
requirements, a specification was written and funding was allocated for the development and 
procurement of an ASVS system.  The goal of this CTEIP task was to standardize digital image 
collection, storage, and evaluation.  The ASVS was comprised of electronically-shuttered, high-
speed, high-resolution digital imaging cameras, a high-density digital data storage device and 
associated electronics.  Although the ASVS program yielded components that are in use today, 
the hardware components were built to a specification that was proprietary to the manufacturer.  
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Hardware in use today cannot be replaced with commercial equivalent products since the 
interfaces, command and control are proprietary.  Even if the specification and intellectual 
property was made available, an outdated defacto standard would be created with outdated 
technology.  
 
The existing ASVS is the only airborne-qualified high-speed digital imaging system used for 
weapons separation testing.  The ASVS architecture provides for control, timing, and 
synchronization of up to 32 cameras.  Each camera contains up to 5 seconds of volatile storage 
and the data is sequentially transferred from the camera to a local storage unit.  The ASVS uses 
HOTLink™ PHY chips manufactured by Cypress Semiconductor.  The HOTLink transmitters 
use IBM 8b/10b bit encoding which is DC-balanced and run-length-limited to permit clock 
reconstruction at the receiver.  The ASVS system transmits video data at 160 Mb/s.  The 8b/10b 
encoding produces a binary symbol rate of 200 M code-bits per second, which is the maximum 
rate specified for the Cypress HOTLink transceiver chips (CY7C924ADX) and has proven to be 
one of the limiting performance factors of the system.  By necessity, aircraft installations require 
multiple disconnects as wiring is routed through many different compartment bays.  Since ASVS 
cameras are daisy-chained, data is sequentially retrieved utilizing the same HOTLink wiring 
which often leads to loss of data collected due to wiring and/or impedance mismatch. 
 
A more significant limitation with the existing system is the lack of utilization of standards 
leading to a proprietary solution and barrier to entry for camera manufacturers.  The ASVS is 
disk-based and its data format and command and control does not adhere to any known standard.  
The files generated are non-standard Tagged Image File Format (TIFF) images as metadata is 
inserted in the TIFF headers providing for auxiliary data such as timing information.  The 
original ASVS provided hard drives for storage; however these drives have recently been 
replaced with solid-state drives in order to improve performance. 
 
 

A NEW APPROACH TO AN OLD REQUIREMENT 
 
Using experience gained from over ten different aircraft installations (F15, A-10, F16, PODS), a 
new system is being implemented by the 846th Test Support Squadron that is based on 
commercial and RCC standards.  The key objective of the approach is to implement component 
interoperability for airborne video systems driven by open standards.  For example, one 
requirement is that high-speed cameras from different manufacturers be utilized in the same 
network and use the existing IRIG 106 Chapter 10 Recording Standard.  The result is expected to 
create procurement leverage for the customer, based on multiple vendor support and DOD-wide 
data interoperability.  The infrastructure of range-video network would be based on existing 
airborne network hardware that is already in use in various commercial and DOD programs.  
Within the 846th TSS/TSI, our approach would leverage existing Joint Range Instrumentation 
Pod (JRIP) technologies for a generic non-intrusive instrumentation package.  The goal is to 
adopt a system such that it can provide for network-based cameras that can still be backwards-
compatible (in form and fit) with the existing legacy ASVS. 
 
Existing F15E 846 TSS camera instrumentation consists of ten cameras (Figure 1).  Three 
cameras each are installed in wing tip pylons (Stations 1 and Station 9), one camera each on 
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weapon pylons 2 and 8, and two cameras installed on engine bay mounts.  Data is sequentially 
downloaded from each camera to the ASVS Mission System Controller hard drive. 

 

 

Figure 1: F-15 Camera Installation 

 
 The Airborne Separation Video System (ASVS) will be replaced with the high-speed camera 
component (rNET) of the Eglin Network Instrumentation System (eNET).  The RANGE-VIDEO 
NETWORK (rNET) establishes and promotes implementation of network-aware devices (i.e. 
switches, cameras, recorders) in an airborne platform.  The same wiring that is utilized for ASV 
cameras will be utilized for rNET.  Equivalent to the existing ASVS system, ten (10) cameras 
will be installed.  A total of three network switches will be utilized to create a local eNET video 
network on the aircraft.  A high-level network diagram of the rNET system is shown in Figure 2. 
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Figure 2: rNET Architecture 

 
The existing wing tip pylons are modified internally with a 5-port Ethernet switch (P/N: NSW-
5FT-TG-1) from Teletronics Inc.  The first three ports of the switch are dedicated to external 
cameras, the fourth port is used to interface to the adjacent pylon and the fifth port provides 
connectivity back to an 8-port switch (P/N: NSW-8GT-TG-D-1).  A cable disconnect allows for 
the ASVS cameras to be installed and the network switch to be bypassed.  Critical to the design 
is maintaining backwards compatibility with mechanical mounts of legacy ASV installations 
(Figure 3).  
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Figure 3: ASV Installation 

 

Inside the aircraft, a pallet will replace the existing ASVS controller and will contain the 
installed network components.  Since the same Gigabit Ethernet (GigE) wiring is utilized, the 
ASV system can be quickly replaced.  Installed in the ASVS replacement pallet is an IP 
transceiver, camera manager, IRIG 106 Chapter 10 solid-state recorder, and an 8-port switch.  
The IP transceiver provides IEEE 1588 time to all the network components and provides 
command and control from the ground over an 802.11a link.  The use of bi-directional 
connectivity allows for real-time mission configuration and data analysis, a capability never 
realized by ASVS.  Additionally, aircraft interface and camera management is provided by the 
camera manager.  The camera manager interfaces to the instrumentation control system, provides 
NTSC real-time video preview from any camera, and monitors the weapons release and manual 
run inputs.  Data from the cameras is stored IAW IRIG 106 Chapter 10 on either the local or 
remote media storage.  
 
Vital to the design is the physical layer that provides connectivity for either the legacy ASVS 
system or a new network-based camera system.  Connectivity between cameras and network 
switches is accomplished utilizing Gigabit Ethernet (GigE), 8 conductor cable from Thermax 
(MaxFlight Gigabit Plus).  The Thermax MaxFlight Gigabit Plus cable inner conductor pairs are 
utilized as illustrated in Figure 4 to allow for implementation of both ASVS and rNET 
components. 
 

  
 

Figure 4: rNET Cable Wiring 

CONDUCTOR 
PAIR ASV SYSTEM 

P1 HL VIDEO 
P2 SYNC 
P3 TRIGGER 
P4 RS-485 
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Two different types of cameras are utilized in the same system.  One camera (nHSC-20 series) is 
a smaller reduced function device while the second camera (nHSC-30 series) is a larger variant 
with built-in 1588 support and an on-board recorder.  One requirement is for the rNET camera 
enclosure to be a form fit and functional mechanical replacement for existing 846 TSS ASVS 
cameras.  The approach taken by Mr. Mathew Cooper, lead 846th TSS mechanical engineer, was 
to create a design for an adapter plate allowing for backwards compatibility with existing 846 
TSS cameras.  The existing design by Mr. Cooper, henceforth known as "The Cooper Shell", is 
currently being standardized allowing for any standard camera to be installed as illustrated in 
Figure 5.  

 
Figure 5: The Cooper Shell 

 

 
REAL-TIME FULL DUPLEX COMMAND, CONTROL AND DATA 

 
The flexibility and capability achieved in creating a network-based range video system is truly 
realized through the incorporation of the IP transceiver to interconnect the airborne 
instrumentation system with the ground network. The nXCVR-2130A transceiver is designed to 
act as a wireless router for communicating IP packets between the airborne high-speed camera 
system and the ground network infrastructure. The transceiver uses a Time Division Multiple 
Access (TDMA) based Media Access Control (MAC) address layer to provide guaranteed 
bandwidth and Quality of Service (QOS) assignments (that can be dynamically allocated when 
multiple aircraft are in the air) to control and status protocols flowing to and from the ground. 
The transmitter power and modulation is automatically controlled based on measurements 
received from remote transceivers regarding Received Signal Strength Indicator (RSSI) and Link 
Quality Indicator (LQI). Supported bit rates range from 6 to 36 megabits/sec depending upon 
received signal strength and interference. 
 
Communicating with the camera manager from the ground, individual cameras can be managed, 
allowing for preview of the current image, adjustments to exposure, color, and illumination, and 
field of view can all be made in real-time during the actual flight plan. Status from the airborne 
system can be accessed using commercial network standardized Simple Network Management 
Protocol (SNMP) queries, and real-time displays used to convey this information to the operators 
on the ground. Once a triggered event has been captured by the camera system, individual 
cameras can be queried and frames downloaded to the ground for review and analysis. Events 
can be repeated if feasible, or changes to operating parameters can be made if environmental 
conditions change. 
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rNET GROUND SOFTWARE SUPPORT 
 

As with all airborne instrumentation systems rNET requires ground support software.  This 
software will be operated by technicians, engineers, systems operators, and analysts.  Therefore, 
the critical architectural requirements are disciplined implementations, tight integration of the 
main requirements and ease of use by all different levels of operators. The main requirement 
areas consist of: 

1. Configuration Management of rNET Devices: 
 Network Topologies (test articles, network devices, data parameters) 
 Recorder Configurations and Settings 

 Camera Configurations and Settings 

2. Pre-Flight Checkout of rNET ASVS: 
 Field of View/Region of Interest and Bore Sighting 
 Triggering and Capture 

 Image Capture Quality 
 End-to-End Systems Go/No-Go 

3. In-Flight Command & Control of rNET ASVS Components and Real-Time Data 
Display: 
 Camera Command and Control 
 Image Sampling and Real-Time Video Displays 

 Test Platform Mission and Instrumentation Data Displays (2D/3D Flight-TSPI, 
Time History, CVT, Discrete’s) 

 Test Point Objectives Go/No-Go’s 

4. Post-Flight Playback and Processing of Recorded rNET Data: 
 Raw Data Archrivals and Management 
 Time and Event-Based Exports 

 Data, Image and Video Conversions 
 Export and Conversion Data Management 

 
As a networked-based system all of these software functions can take place on different host 
computers on the network, each having its own function and operator, or one or two host 
computers that combine functions under a single operator.  The same software components and 
functions that a pre-flight technician used on the flight line can be used by an engineer during the 
test to make adjustments to the system.  The same software components and functions that a test 
engineer or analyst uses to view the data can be used by the pre-flight technician during systems 
setup. 
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Configuration Management of rNET Devices: 
One of the key ground support elements of the rNET software is standards-based configuration 
management and network device setup.  Multiple network topologies must be assembled and 
verified by operators.  This includes linking in avionics bus and telemetry parameters from other 
network instrumentation systems, providing a single integrated configuration management 
environment for the highest level of fidelity of test documentation, data playback and processing.  
These network topology configurations and settings are then used in pre-flight checkouts, real-
time command, control and display, and post-flight playback and processing across the network. 
 

Pre-Flight Checkout of rNET ASVS: 
Once network topologies have been produced and verified for the test articles, network devices 
and data parameters lab and pre-flight checkouts of the systems must be accomplished.  Because 
these are Ethernet-based systems, flight line checkout is as simple as taking a laptop to the test 
article(s) and connecting a network cable to the laptop network adapter and an rNET switch.  No 
special or proprietary interfaces or cards are required. Checkout of other Ethernet-based 
instrumentation systems such as avionics buses and telemetry will be conducted along with 
checkout of the ASVS.  Ensuring camera image capture and camera alignments with regions of 
interest (ROI) are critical.  In real practice, settings made on the ground often change due to 
environmental or flight dynamics during the test.  Key to the rNET software is the ability to fine 
tune camera systems and data systems in-flight, using the same software functions as ground 
setup/checkout. This ensures no or minimal loss of data and also ensures the quality of that data. 
 

In-Flight Command and Control of rNET ASVS Components and Real-Time Data Display: 
Aside from the full duplex command and control capabilities that rNET now provides, another 
area that will gain new capability with rNET is the merging of test platform data (aircraft and 
armament parameters) with separation video and imagery. 

 
 
 
 
 
 
 
 
 
 
 

 
 
 

Figure 6: Software Control System 
 

This will provide a single integrated environment for in-test and post-test displays and analysis. 
Time aligned and synchronized aircraft 2D and 3D situational awareness displays, avionics bus 
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data, telemetry parameters, ASVS video snapshots and frame imagery will now be available on 
the range network at multiple PC stations (Figure 6). 
 

Post-Flight Playback and Processing of Recorded rNET Data: 
The last function of rNET integrated ground support software is post-test data playback and 
processing.  Based on the leveraging of IRIG 106 Chapter 10 digital recorded standard for the 
capture of rNET data, integrated high-fidelity playback will now be possible.  With embedded 
setup records, indexing and events automated playback configuration without any external meta-
data files can be accomplished.  All test article and test platform data will be automatically time 
aligned and synchronized to ASVS imagery.  Ground telemetry site-recorded data in Chapter 10 
format can also be played back simultaneously, or data from chase aircraft can provide complete 
test environment visualization, with all data 100% time aligned to 1/10 of a microsecond. 
 
With the use of open data format standards, post-test archival to preserve the original data and 
the following subsequent export product extraction can take place in the very same data display 
environment that was used during the test.  Also, with test data parameter information embedded 
within the Chapter 10 setup records, an analyst can select the data to be displayed along with the 
ASVS imagery.  Many new digital imagery manipulation technologies can be applied or format 
conversation to legacy display software requirements can be made. 
 
 

rNET GROUND SUPPORT SOFTWARE ARCHITECTURE 
 
The main approach of rNET ground support software is to keep required functions scoped and 
focused, and to use integrated communications and service-based end-point transport 
architectures for data movement, which ensures maximum stability in a flexible environment.  
The old adage that “software that tries to do everything never does anything very well” can prove 
to be true, so disciplined adherence to core functionality is paramount.  “Nice to haves” or out-
of-scope features are not implemented. 
 
The main architectural component of rNET ground support software is SMARTS - Services for 
Multiple-Access and Real-Time Software.  This provides a reusable software framework for the 
access, transport, processing, presentation and distribution of test and mission data that is 
compliant with Inter Range Instrumentation Group (IRIG) and industry standards (see Figure 7). 
 
Using SMARTS, the rNET ground support software is packaged as interoperable services and 
exposed to service consumers within the application and its utilities.  The use of a Federated 
Data Structure (FDS) transparently integrates multiple autonomous raw data measurements 
(MIL-STD-1553, PCM, imagery, analog, etc) into a single (virtual) data structure.  SMARTS 
uses the FDS internally to assemble products or externally as a data producer service.  This 
service provides common time-tagged data from multiple sources and formats to the consumer as 
a single source and format. 
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Figure 7: SMARTS Architecture 
 

 
CONCLUSION 

 
The 846 TSS mission is to provide airborne instrumentation and mission support for test and 
evaluation.  In support of that mission the rNET implementation offers a unique opportunity to 
validate network implementation and replace proprietary systems with the use of industry and 
RCC standards. 
 
Along with many new hardware and technology innovations, as well as the move to an 
interoperable standards-based system, totally new software architectures and bottom-up 
development are being implemented.  This removes the inefficiencies normally encountered 
when new approaches and requirements are added to older software programs which end up in 
layered and disjointed code base.  The result is less than ideal software execution that causes 
problems in overall operations for the life of the system.  The rNET program is providing an 
environment of new innovation in software development which will provide dividends to end 
users and make implementations of future requirements faster and most cost effective. 
 
Several aircraft modifications are planned to replace failing legacy ASVS systems in the fall of 
2010 and ground support software development has been underway since January of 2010.  
Initial rNET system demonstration is planned for the fall of 2010 with an overall goal to modify 
all legacy ASVS systems and to use new non-intrusive “pod based” ASV or instrumentation 
solutions for non test-coded aircraft. 
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Rauch Best Standard's Paper winners: 

Best Standards Paper 

2009: 
KEY COMPONENTS OF THE INET TEST ARTICLE STANDARD 
Thomas B. Grace (Naval Air Systems Command (NAVAIR)Patuxent River, Maryland) 
, Joshua D. Kenney, Myron L. Moodie, Ben A. Abbott 
(Kenney, Moodie and Abbott are from Southwest Research Institute® San 
Antonio, Texas) 
 
2008: 
CONSIDERATIONS FOR DEPLOYING IEEE 1588 V2 IN NETWORK-CENTRIC DATA 
ACQUISITION AND TELEMETRY SYSTEMS 
Todd Newton, Evan Grim, Myron Moodie 
All from:  Southwest Research Institute 
Automation and Data Systems Division 
San Antonio, TX USA 
 
2007: 
“Range Commander's Council (RCC) Telecommunications and Timing 
Group (TTG) Update on TM Over IP Standard Development” 
Brian Eslinger, Bob Kovach, TYBRIN Corporation 
 
 2006: 
CHAPTER 10 RECORDING STANDARD UPDATE 
Michael T. Lockard, James A. Garling 
EMC Corporation, Solutions Engineering Group 
Irvine, CA 



 

 

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 Arthur Sullivan  
2006 Dr. Jim Means  
2007 No Award  
2008 No Award  
2009 Dr. Gerhard Mayer  

 



ITC Student Paper Winners 
 
 
Year Awardee 
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 

 
Undergraduate Paper Award - 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, David V. Arnold, 
Michael A. Jensen, Advisor: 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 Soccer-Playing 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, The 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, - Joseph Dagher,  The 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 -Erik Perrins, Advisor: Michael Rice, Brigham Young University, 
An Alternate Proposal for ARTM CPM. 

 
Second Place Graduate - 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 - Chad DeConink, Sarah DeConink, James Dean, Brad Martin, 
Advisor: Kurt Kosbar, Univerfsity of Missouri – Rolla,  
EMI and Software Improvements to the Solar Miner IV Telemetry Processor. 

 
Second Place Undergraduate - Daniel Doonan, Mei-Su Wu, 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, 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. 
 
Undergraduate Student – Martin Hinterseer, 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, 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, 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 

 
Undergraduate Student Paper Winners - NONE in 2007  

 
 
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, Wei-Ren Ng, 
Advisors: William Ryan, Michael Marcellin, and Ali Bilgin, Univefrsity of Arizona, 
Joint JPEG2000/LDPC Code System Design for Image Telemetry. 

 
Second Place Undergraduate Student  - Andrea Chaves, Bruno Mayoral, Hyun-Jin Park, 
Mark Tsang, Sean Tunell, Advisors: Michael Marcellin and Hao Xin, 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, 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, Adam 
Poettgen, Advisor: Kurt Kosbar, Missouri University of Science and Technology, A 
Programmable Dual Modulator Testbed for MIMO Applications. 

 



Annual Best Paper Award 
 

Year 
 
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, 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 (1.6:1)” 
 
 
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, from Air Force Flight Test Center, Edwards AFB, “Adjacent 
 Channel interference criteria for aeronautical telemetry operations with the 
 tactical targeting network technology system 
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COME JOIN US AT ITC 2010 

Reynaldo Garza
2010 General Chairman

JT3
Edwards AFB, CA

Robert Selbrede
2010 Technical Chairman

JT3
Edwards AFB, CA
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ACRA CONTROL

Wyle

Symvionics

Th
an
k
Yo

u
to All ITC Volunteers!

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 46 years.

On behalf of the ITC Committee, we invite you to attend the 2010 International
Telemetering Conference. This year’s conference is being held in sunny San Diego,
California at the beautiful Town and Country Resort.  Our conference theme is
“Overcoming Telemetry Obstacles with Technology”.

Staying current with technology is no simple task. In today’s environment, techni-
cal professionals are constantly challenged to work smarter while keeping cost to
a minimum. ITC will provide you direct access to the world’s most current prod-
ucts and technically advanced minds. You will meet professionals that are working
to solve the same type of challenges that you are facing. 

The 2010 conference will be informative and fun. The agenda will be filled with
technical sessions related to the most recent technological breakthroughs in the
field of telemetry. Academia will have the largest representation of student papers
to date. The opening session will include a Blue Ribbon Panel discussion chaired by
Mr. Derrick Hinton. The panel members will discuss overcoming telemetry obsta-
cles and technology solutions. Major areas of discussion will cover bandwidth,
weapons evolution, range encroachment and technology solutions and adoption
lag time. 

Be sure not to miss the keynote luncheon. ITC is very fortunate to have Mr.
Michael Rinn from the Boeing Corporation. Michael will present an overview of
the very successful airborne laser live-fire engagement that made history earlier
this year over the western test ranges.

The technical program features 12 one-day short courses and 24 technical sessions
which include three special sessions covering a wide variety of technical topics.

Our social events will include a Mexican fiesta-themed Icebreaker, exhibitor
receptions, and raffles to help you unwind from the technical events. So please
register soon to join our community in attending the world’s premiere
telemetering conference.

Rey, Bob and the entire ITC volunteer committee look forward to seeing you in San Diego.
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EVENT GUIDE DATE TIME

Registration Sunday, October 24 4:00pm–6:30pm

Monday, October 25 7:00am–6:00pm

Tuesday, October 26 7:00am–5:45pm

Wednesday, October 27 7:30am–11:45am / 2:00pm–5:00pm

Thursday, October 28 8:00am–10:00am

Short Courses Monday, October 25 9:00am–5:00pm
(See page 6 for complete short course information.) 

Exhibition Hours Tuesday, October 26 11:00am–6:00pm

Wednesday, October 27 8:00am–11:45am / 2:00pm–6:00pm

Thursday, October 28 8:00am–12:00pm

Technical Sessions Tuesday, October 26 1:30pm–4:30pm

Wednesday, October 27 8:30am–11:30am / 2:30pm–5:30pm

Thursday, October 28 8:30am–11:30am

Special Events
Golf Tournament Monday, October 25 8:00am–3:00pm

ITC Icebreaker – Fiesta Monday, October 25 6:30pm–8:30pm

Opening Ceremony &
Blue Ribbon Panel Tuesday, October 26 8:00am–11:00am

Exhibit Hall Reception Tuesday, October 26 5:00pm–6:00pm

Conference Luncheon Wednesday, October 27 12:00pm–2:00pm

Spouse & Guest Activities 
Shopping at Westfield Mall (free transportation) Monday, October 25 12:00pm–5:00pm

Cedros Design Center (free transportation) Tuesday, October 26 10:00am–5:00pm

Jewelry Craft Class Wednesday, October 27 9:00am–11:30am

Aubrey Rose Tea Room Wednesday, October 27 1:30pm–5:00pm

Walk with Lindy Thursday, October 28 9:00am–11:30am

For more information on our spouse & guest activities please visit our website at www.telemetry.org

No other venue provides the depth of coverage on the telemetry
industry that you’ll get from ITC.  With a focus on Overcoming
Telemetry Obstacles with Technology, ITC/USA 2010 will provide
telemetry professionals with an excellent forum to present
examples of how technology advancements have helped them solve tough telemetry challenges.
We’re kicking the conference off with the Icebreaker on Monday night.  We continue the fun with an
Exhibit Hall Reception held on Tuesday night.  The conference caps off our special events with a
conference luncheon on Wednesday that offers an interesting and entertaining presentation.

CONFERENCE
PLANNER

Calendar subject to slight modifications.  Consult on-site program for latest information.

Free!

All
Welcome

Free!

Free!

Free!

This year, spa services will be offered all day Wednesday and Thursday by appointment only.
Call the spa directly at 866-917-3529 to set up your spa appointment.  Hurry, space is limited!

Free!

Free!
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Short Courses Halls

TIME

9:00 AM
to

5:00 PM

Adv.
Modulation
Techniques

Basic
Signals &
Modulation

Intermediate 
Concepts

Principles of
TM Ground
Station
Antennas 

iNET
Telemetric
Networks

Onboard
Solid State
Recording
Standard

Basic
Systems

Engineering

Theory of
Constraints
Project

Management

Basics of
Aircraft

Instrumen-
tation

Image
Compression
with JPEG

2000

Introduction
to GPS

Funda-
mentals of
Microwaves

& RF

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2010 Icebreaker:  “Fiesta!!!!”
>Location: Terrace Pavilion (by the pool)

CLOSED

TU
ES

DA
Y, 

OC
T. 

26

8:00 AM
to

11:00
AM

Opening Ceremony & Blue Ribbon Panel  >Location:  Golden Pacific Ballroom

Overcoming Telemetry Obstacles with Technology: Where Are We Going with Technology?
Chair: Derrick Hinton – Principal Deputy Director, Test Resources Management Center

Panelists: Thomas Berard–Exec. Director, Air Force Flight Test Center, Edwards AFB; Terrence Clark–Director, Range Dept., Naval Air Systems Command; 
Robert Carter–Exec. Director, U.S. Army Developmental Test Command, Army Test & Eval. Command, White Sands Missile Range;

Simon Aspinall–Sr. Director, SP Data Center and Mobility Solutions, Cissco Systems

CLOSED

11:00 AM Exhibits Are Open from 11:00 AM to 6:00 PM

OPEN
11:00
AM
to

6:00 
PM

1:30 PM
to 

4:30 PM

Technical 
Sessions:

1.
iNET
Topics
1

2.
Airborne

Instrumentation
Systems &
Concepts 1

3.
Networked
Telemetry

1

4.
Transmitters,
Receivers &

Demodulators 1

5.
Ground &
Airborne

Antenna Systems
1

6.
Space

Applications

5:00 PM Reception  >Location:  Exhibit Halls  (5:00 PM – 6:00 PM)
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8:00 AM Exhibits Are Open from 8:00 AM to 11:45 AM OPEN
8:00
AM
to

11:45 
AM

8:30 AM
to

11:30 AM

Technical
Sessions:

7.
iNET
Topics
2

8.
Airborne

Instrumentation
Systems &
Concepts 2

9.
Networked
Telemetry

2

10.
Transmitters,
Receivers &

Demodulators 2

11.
Ground &
Airborne

Antenna Systems
2

12.
Data Processing &
Display Systems

12:00 PM
to

2:00 PM

Conference Luncheon & Keynote Speaker  >Location:  Golden Pacific Ballroom

Airborne Laser Test Bed and Future Testing of Directed Energy Weapons
Speaker: Michael Rinn, Vice President & Program Director Airborne Laser Test Bed, Boeing

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Esquire Room
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

5:30 PM

Technical
Sessions:

13.
RCC TG
& TSCC

14.
Airborne

Instrumentation
Systems &
Concepts 3

15.
Networked
Telemetry

3

16.
Modulation and

Coding
Techniques

17.
Spectrally
Efficient

Communication
Links

18.
Multiple-Input
Multiple-Output

Systems

Exhibits Are Open until 6:00 PM 
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8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM
OPEN
8:00 
AM
to

12:00
PM

8:30 AM 
to 

11:30 AM

Technical
Sessions:

19.
ICTS

20.
Special Telemetry

Applications

21.
Data

Management &
Data Archiving
Technology

22.
Range
Systems

23.
Video, Timing &
Synchronization

24.
JAMI

Users Group

Exhibits Are Open Until 12:00 PM

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

Session Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!

Fun!

Food!

Prizes!
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The Blue Ribbon Panel will be moderated by Derrick Hinton, and will feature panelists speaking on various
technical challenges facing the telemetry community and the technology development efforts going on,
intended to address those challenges. 

Chairman:
Derrick Hinton – Principal Deputy Director, Test Resource
Management Center (TRMC)

G. Derrick Hinton is a member of the Senior Executive Service with a 20-year civilian
career in the Department of Defense. In his current role as the principal deputy,
Defense Test Resource Management Center (TRMC) within the Office of the Under

Secretary of Defense for Acquisition, Technology and Logistics (OUSD [AT&L]), Mr. Hinton is the prin-
cipal staff assistant and advisor to the director, TRMC for all matters pertaining to assessment of
and strategic planning for the Major Range and Test Facility Base (MRTFB), including annual cer-
tification of the Military Department and Defense Agency Test and Evaluation (T&E) budgets and
development of the congressionally-directed biennial Strategic Plan for DoD Test & Evaluation
Resources. In addition, Mr. Hinton serves as deputy director for the Joint Investment Programs and
Policy Division of TRMC. With an annual budget totaling over $250M, he is responsible for man-
agement of the Central Test and Evaluation Investment Program (CTEIP), the Test and
Evaluation/Science and Technology (T&E/S&T) Program, and the Joint Mission Environment Test
Capability Program, as well as for development and implementation of MRTFB policy.

Mr. Hinton began his career serving in the United States Marine Corps Reserve from 1985 to 1991,
joining the DoD civilian workforce in 1989 as a test engineer responsible for munitions T&E with
the 46th Test Wing at Eglin Air Force Base, Florida. In 1996, Mr. Hinton joined the AT&L team,
initially in the Office of the Director, Test, Systems Engineering and Evaluation, transitioning to the
Office of the Director, Operational Test and Evaluation in 2001, and finally joining the Test Resource
Management Center in 2005. During his tenure with AT&L, Mr. Hinton has made significant contri-
butions to MRTFB policy and T&E investment programs, most recently while “dual-hatted” as pro-
gram manager for both CTEIP and T&E/S&T. In this capacity, he executed a combined annual budg-
et of approximately $200M, led management of all instrumentation development efforts sponsored
by TRMC, and was responsible for maturing and transitioning technology to enhance the overall
DoD T&E capability. Mr. Hinton successfully ensured the use of a corporate investment approach
to combine Service and Defense Agency T&E needs, thereby maximizing opportunities for Joint and
multi-service efforts and eliminating unwarranted duplication of test capabilities across the MRTFB.

Thomas R. Berard – Executive Director, Air Force Flight Test
Center, Edwards AFB

As a member of the Senior Executive Service, Mr. Berard is the Executive Director, Air
Force Flight Test Center, Edwards Air Force Base. He serves as principal deputy to the
center’s commander with extensive authority for broad management, policy development,
decision-making and effective program execution of the center’s development, test and

evaluation mission. His role as an executive manager involves long- and short-range planning, poli-
cy development, the determination of program and center goals, including scientific and technical
matters, and overall management of the base complex. Over 25 years at the AFFTC, he has worked
on projects including the first flight of the B-1B, and development and acquisition of all of the tech-
nical support equipment for testing the B-2. He served as Chief of the Development Engineering
Division responsible for the Improvement and Modernization Program for the AFFTC, and Director of
Developmental Test and Evaluation for the 445th Flight Test Squadron where he was responsible for
the DT&E of the F-15, T-38 and RU-38. He later became Division Chief of the Range Division, 412th
Test Wing, responsible for the operation and maintenance of the Edwards Flight Test Range, includ-
ing the acquisition, transmission, processing and display of flight test data for AFFTC customers.

Terrence K. Clark – Director, Range Department, Naval Air
Systems Command
Mr. Clark serves as the Director, Range Department, for the Naval Air Systems
Command. The NAVAIR Ranges operate, manage and sustain interoperable air, land
and sea test and training ranges, range instrumentation and associated facilities; pro-
vide air vehicle and weapons systems modification and instrumentation; schedule and

control air, land and sea space and associated range operating areas.

Mr. Clark began his civil service career in 1977 at the Sacramento Air Logistics Center, McClellan
Air Force Base, Calif. He has remained with the Department of Defense for his entire 29-year career.

In 1980, he transferred to the then Pacific Missile Test Center at Point Mugu, Calif., and was
involved in developing instrumentation test capability. In 1983, he transferred to work in the
Electronic Warfare arena, performing various technical and line leadership functions at increasing
levels of responsibility for the next five years in support of the EA-6B program. Mr. Clark was

OPENING CEREMONY & BLUE RIBBON PANEL
>Tuesday, October 26, 2010 8:00am – 11:00am | Golden Pacific Ballroom

selected to head the Missile Systems Evaluation Branch in 1988 at the GS-14 level, responsible for
the leadership of all SPARROW technical tasks. In 1990, he was selected to lead all of the EA-6B
efforts at Point Mugu in support of the NAVAIR Program Manager and promoted to GS-15.

In 1992, Mr. Clark was selected as the Deputy Director for Electronic Warfare. He continued in
this role through the creation of the Naval Air Warfare Center Weapons Division, and was select-
ed to be the Associate Director for the new Systems Engineering Department, where he was respon-
sible for all aspects of senior systems engineering support to the major NAVAIR programs support-
ed at the Division.  In May 1996, he was selected to lead Test Operations for the Pacific Ranges
and Facilities.

Selected for promotion to the Senior Executive Service in November 1998, Mr. Clark was appoint-
ed as Head, Avionics Department at the Naval Air Warfare Center Weapons Division. In this posi-
tion, he was responsible for providing full spectrum avionics support to all program efforts at the
Division.

In May 2005, Mr. Clark was assigned as the Director, Software Engineering for the Naval Air Systems
Command where he was responsible for directing the software efforts on all Naval Aviation war
fighting systems within the Command and served as the principal advisor to NAVAIR leadership on
software matters. He continued in that position until selected for his current assignment.

Robert S. Carter — Executive Director, U.S. Army
Developmental Test Command, Army Test and Evaluation
Command, White Sands Missile Range

Mr. Robert S. Carter was selected to the Senior Executive Service in May 2009.
As Deputy to the Commander/Technical Director of the U.S. Army White Sands
Missile Range, he is responsible for the successful operation of the largest over-
land missile test range within the Department of Defense. White Sands Missile

Range conducts over 500 tests annually with a test mission workforce of approximately 1,800 per-
sonnel. Mr. Carter is responsible for all scientific and technical policies and procedures as well as
resource management plans and programs for the range.

Mr. Carter began his career as Test Director, Combat Systems Test Activity at Aberdeen Proving
Ground, MD in Dec. 1983. Then from 1988 to 1996, he was served as Independent Assessor, Ground
Warfare Assessment Division, U.S. Army Test and Evaluation Command, Aberdeen Proving Ground,
MD. He became Supervisory Operations Research Analyst, U.S. Army Developmental Test Command
at Aberdeen until the end of 2000.

After 6 months as Acting Deputy Director, Plans, Programs and Resources, Office of the Deputy
Assistant Secretary of the Army (Acquisition, Logistics, & Technology), Headquarters, Department
of the Army in Washington, DC, he became a student at the U.S. Army War College, Carlisle
Barracks, PA.

From June 2002 through May 2003, Mr. Carter held the position of Chief, Test Business Management
Division, U.S. Army Developmental Test Command at Aberdeen Proving Ground, then Deputy Director
for Organizational Establishment, Interim Test Resource Management Center, Office of the Secretary
Defense, Arlington, VA. In March 2004, he was promoted to Director of Plans and Operations, U.S.
Army Developmental Test Command at Aberdeen Proving Ground.

Mr. Carter served as Interim Executive Director, White Sands Missile Range between Oct. 2008 and
Apr. 2009. He has achieved such awards and honors as Superior Civilian Service Award, 2006, 2008,
2009; Office of the Secretary Defense Award for Excellence, 2004; Silver Medal for Outstanding
Supervisor, Baltimore Federal Executive Board, 1999. And is a member of International Test and
Evaluation Association and Association of the United States Army.

Simon Aspinall – Senior Director, SP Data Center and
Mobility Solutions, Cisco Systems

As Senior Director, Cisco SP Marketing organization, Simon Aspinall leads teams
that are responsible for marketing of Cisco’s mobility and data center solutions
to telecoms, cable, media and broadcast customers worldwide. The team is respon-
sible for developing, launching and driving successful marketing campaigns across
the entire product range for Mobility and SP data-centers (including the evolu-

tion towards SP cloud computing). Mr. Aspinall is a frequent speaker at industry events and a com-
mentator on the IT, telecoms, and networking sectors.  

Before Cisco, Mr. Aspinall spent eight years at Mercer Management Consulting, a firm providing man-
agement and financial consultancy to the worldwide telecoms sector. He was also the founder and
non-executive director of an Internet incubator with operations in five countries. He holds an MBA
(Insead) and a master’s degree in Engineering & Computer Science (Oxford University)
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ITC/USA 2010 TECHNICAL SESSIONS AND SESSION CHAIRS

>Tuesday, October 26
Session 1. iNET Topics 1
Bruce Lipe, AFFTC

Session 2. Airborne
Instrumentation Systems 
& Concepts 1
Mike Golackson, AFFTC

Session 3. Networked
Telemetry 1
James Yates, L-3 Telemetry & RF
Products

Session 4. Transmitters,
Receivers & Demodulators 1
Ronald Pozmantier, AFFTC

Session 5. Ground & Airborne
Antenna Systems 1
Greg Washburn, KRS Telemetry
Engineering 

Session 6. Space Applications
Lance Self, Air Force Research
Laboratory

>Thursday, October 28
Session 19. ICTS Special
Session *
Jean-Claude Ghnassia, ICTS Chair

Session 20. Special Telemetry
Applications
Ed Bukowski, US Army Research
Laboratory

Session 21. Data Management &
Data Archiving Technology
Jaime Reyes, White Sands Missile Range

Session 22. Range Systems
Kevin Crawford, NASA Marshall Space
Flight Center

Session 23. Video, Timing and
Synchronization
Jesus Benitez, White Sands Missile Range

Session 24. JAMI Users Group *
Steven Meyer, Naval Air Warfare
Center, Weapons Division

Session 7. iNET Topics 2
Thomas Grace, NAVAIR

Session 8. Airborne Instrumen-
tation Systems & Concepts 2
Lee Eccles, Boeing 

Session 9. Networked 
Telemetry 2
Archie Moore, Spiral Technology Inc.

Session 10. Transmitters,
Receivers & Demodulators 2
Darryl Burkes, NASA Dryden Flight
Research Center

Session 11. Ground & Airborne
Antenna Systems 2
Robert Sakahara, NASA Dryden Flight
Research Center

Session 12. Data Processing &
Display Systems
Tim Gatton, Wyle Telemetry & Data
Systems

Session 13. RCC TG & TSCC *
Robert Given, Chair, RCC Telemetry Group
and Dr. Shelia Horan, Chair, Telemetering
Standards Coordination Committee

Session 14. Airborne Instrumen-
tation Systems & Concepts 3
Brian Keating, NAVAIR

Session 15. Networked Telemetry 3
Victor Martinez, AFTTC

Session 16. Modulation & Coding
Techniques
Dr. Gerhard Mayer, GVM Consultants

Session 17. Spectrally Efficient
Communication Links
Terry Hill, Quasonix

Session 18. Multiple-Input
Multiple-Output Systems
Gene Law, CSC Range & Engineering
Services

>Wednesday, October 27

* Special Session  

CONFERENCE LUNCHEON GUEST SPEAKER

CONFERENCE LUNCHEON
>Wednesday, October 27, 2010
12:00pm – 2:00pm | Golden Pacific Ballroom

On February 3 and 11, 2010 the Airborne Laser Test Bed, flying out of Edwards AFB, destroyed two missiles
in the boost phase with a directed energy weapon system. This historic achievement opens the way for future
testing of directed energy weapons in a variety of applications and theaters. Relax during lunch as Mr. Rinn
describes the tests and the events leading up to this breakthrough in technology applications. He also will
describe the future for directed energy technologies.

Airborne Laser Test Bed and the Future Testing 
of Directed Energy Weapons

Luncheon Speaker:  Michael Rinn
Vice President & Program Director, Airborne Laser Test Bed, The Boeing Company, Missile Defense Systems Division
Michael Rinn was named Vice President for Boeing Directed Energy Systems (DES) in Albuquerque, New Mexico in May 2010. DES brings
the best of Boeing together to provide cost-effective solutions to complex directed energy and electro-optics customers.  DES operates
large optical telescopes sites at Starfire Optical Range, New Mexico and on Maui. Major programs include the Army’s High Energy Laser
Technology Demonstrator, the Navy’s Free Electron Laser, and the Missile Defense Agency’s Airborne Laser Test Bed.  Other breakthrough
technologies include 3D LADARs, Tactical Relay Mirror Systems, and specialized tracking and beam control systems. 

Previously, Mr. Rinn served as the Vice President for the Airborne Laser Program, successfully demonstrating the nation’s only boost phase
ballistic missile shootdown. The Airborne Laser Testbed provides speed-of-light capability to destroy ballistic missiles in their boost phase of
flight and is at the forefront of directed energy weapons.

In his twenty-three years with Boeing, Mr. Rinn has served in various technological and program management roles. He has extensive expe-
rience in the integration and testing of aircraft and complex electro-optic and high-energy laser systems. He acted as deputy program man-
ager for advanced programs at Boeing Laser and Electro-Optical Systems (LEOS) for more than ten years and subsequently served as the
director for the Maui Space Surveillance System and the Maui High Performance Computing Center. 

Before joining Boeing, Mr. Rinn served in the U.S. Navy as a Lieutenant and F-14 pilot. He flew over 1,700 hours and completed more than
200 carrier landings. 

Michael Rinn holds a Bachelor of Science in Geology from Northern Arizona University and a Master of Business Administration from
University of La Verne in La Verne, California.
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Short Course Who Should Attend? Description Instructor

Advanced Modulation
& Demodulation

Techniques

Technical personnel
with some teleme-

try background

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

Terry Hill, 
Quasonix, LLC

Basic Signals
& Modulation

Beginning technical
personnel with

limited experience
in communication &
modulation systems

This course will cover basic concepts necessary to understanding the data communications process within the telemetry sys-
tem. This will include signal descriptions, the Pulse Code Modulation (PCM) process, concepts of analog and digital modula-
tion and demodulation, and signal bandwidth representations. Emphasis will be on graphical representations with minimal
mathematical requirements.

Dr. Stephen
Horan, 

NASA Langley
Research Center

Intermediate 
Concepts

Experienced
telemetry users
wanting system

knowledge

This course includes a discussion of technology topics covering the entire system from Nyquist through computers, RAID,
and Chapter 10 airborne and ground recorders — from signal conditioners to recorders, workstations, and software. Specific
topics include systemic implementations of Nyquist and its hidden impacts, recorder architectures (both hardware & soft-
ware), 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, 
Wyle Telemetry &

Data Systems

Principles of
Telemetry Ground
Station Antennas,

Positioners &
Controllers

Experienced in
telemetry & satellite

communications

The full-day objective of the class provides insight into various major components of a tracking system for operators, elec-
tronic technician and engineering level personnel. The course covers some basic RF of various antennas and propagation, then
specific relevance to how tracking RF feeds and optics operate. The course then progresses to the design of positioners, con-
trollers, servo control loops and, finally, how a tracking receiver is utilized to control the entire system. This course does not
cover receiver design, modulation techniques or data reduction/storage.

George R. Blake,
Orbit

Communications
Systems, Inc.

iNET Telemetric
Networks

Technical
personnel with

basic knowledge of
networking 
concepts

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 technolo-
gies, 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 vehicle network, radio access net-
work, range network, network management, and telemetric applications. This course is intended for anyone who needs an
introduction to iNET technologies and system capabilities. This short course is particularly beneficial for persons responsible
for or involved in flight test instrumentation and telemetry systems.

Thomas Grace,
NAVAIR &

Myron Moodie &
Ben Abbott, SwRI

Onboard Solid State
Recording Standard

Technical 
personnel

This course offers an in-depth tutorial presentation of the new IRIG 106-09 Chapter 10 standard for airborne flight test
recorders, with recording and playback systems available for students to use and operate. The instructors wrote the standard
and played key roles in its development.

Al Berard,
Eglin AFB &

Mark Buckley,
JDA Systems

Basic Systems 
Engineering

Beginning 
telemetry 

professionals

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 require-
ments 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.  Bring your scientific calculators and
learn dB/dBm concepts better. Course relies on the basic mathematical principals of the system.

Halil Altan,
Honeywell
Aerospace

Introduction to GPS

Technical personnel
with knowledge of
the basic concepts

of signals and
systems

This short course will present the fundamental communications theory that makes GPS possible as well as the common digi-
tal signal processing algorithms that are used to make it practical and effective.  Based on this fundamental background, the
course will then carefully catalog the limitations of GPS, separating out those which are due to fundamental theoretical con-
straints from those which are due to processing limitations inherent in the current technological implementations of the sys-
tem components.  In addition, there will be a discussion of some of the many current applications of GPS technology in both
the military and commercial worlds.

Chuck Creusure, 
New Mexico State

University

Image
Compression

with
JPEG 2000

Technical 
personnel

Provides a half-day overview of image compression fundamentals, followed by a half-day overview of JPEG 2000. Compression
fundamentals to be covered include: entropy, Huffman coding, context coding, adaptive coding, discrete cosine transform (DCT),
and wavelet transform. JPEG 2000 is the latest ISO standard for image compression. It is being adopted in many applications
including medical imaging, wide-area persistent surveillance, and digital cinema, to name a few. The overview of JPEG 2000 will
focus on features and functionality, as well as the underlying algorithms. Numerous examples and demos will be included.

Dr. Michael W.
Marcellin, 

University of
Arizona

Fundamentals
of Microwaves

and RF

Technical 
personnel

This course begins with a brief review of the history of microwaves, an overview of the microwave spectrum, basic physics of
microwave propagation and reflection theory, standing waves, power density, phase and polarity. Section 2 of the course dis-
cusses various microwave component design and their applications. Consideration of antennas, transmissions lines, cou-
plers/splitters, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc is given. The use of the Smith Chart and
microwave test instrumentation is briefly discussed. The final section of the course discusses the general design and applica-
tion of a complete digital TLM transceiving system, from airborne component to ground station including trade-offs impacting
performance such as bit error performance, noise and consideration of multipath fading effects.

Mark McWhorter,
Lumistar, Inc.

Basics of Aircraft
Instrumentation

Technical
personnel

This course is an introduction to the full measurement chain, from sensor to graphic display. 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,

AFFTC/Edwards

Theory of Constraints
Project Management and

its Application in the
Instrumentation Division

at Edwards AFB

Project managers
and systems
engineers

Theory of Constraints Project Management (TOC PM) is utilized by many government and industry organizations to manage
Flight Test, Acquisition, and Aircraft Modification projects. Part 1 of this briefing will describe the systemic problems related to
managing projects, and the TOC PM solution designed to overcome those problems; planning, scheduling, synchronizing, project
visibility and control, and resource behaviors. Part 2 of the briefing will provide insight on how the TOC PM methodology is
being used on aircraft modifications and will include discussions on the benefits and results.

Eileen Owens
& Joe Dale,

AFFTC/Edwards
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SPECIAL EVENTS

>WEDNESDAY, OCTOBER 27, 2010
Conference Luncheon 12:00pm–2:00pm
“Airborne Laser Test Bed and the >Golden Pacific Ballroom
Future Testing of Directed Energy Weapons”
Relax during lunch as Michael Rinn describes the Airborne Laser Test Bed that
flew out of Edwards, AFB and destroyed two missiles in the boost phase with a
Directed Energy weapon system.  This historic achievement opens the way for
future testing of Directed Energy weapons in a variety of applications and 
theaters.  

Tickets: $20.00/person*

>TUESDAY, OCTOBER 26, 2010
Opening Ceremony & Blue Ribbon Panel 8:00am–11:00am

>Golden Pacific Ballroom

The Blue Ribbon Panel will be moderated by Derrick Hinton, and will feature
panelists speaking on various technical challenges facing the telemetry communi-
ty and the technology development efforts going on intended to address those
challenges.  A light continental breakfast will be served at 7:30am and the 
program will begin promptly at 8:00am.

Reception & Prizes 5:00pm–6:00pm

Sample appetizers & technology together! >Exhibit Halls

This not-to-be-missed reception allows you to sample great
food while enjoying a taste of the industry’s very latest inno-
vations.  This year’s reception will include a raffle with many
must-have premium prizes.  The raffle will begin promptly at
5:30pm.  Must be present during drawing to win.
All conference attendees are welcome!! 

>MONDAY, OCTOBER 25, 2010
Annual Golf Tournament 8:00am–3:00pm >Riverwalk Golf Course

This year’s ITC annual Golf tournament returns to the beautiful Riverwalk
Golf Course on Monday, October 25, 2010. Located just across from the
Town and Country Resort & Convention Center in San Diego, CA the
Riverwalk Golf Course provides our players an enjoyable but challenging

event with plenty of fun for all! Visit www.telemetry.org to download the
registration form, or call Mike Gaines at 949.689.0731 or 877.867.9783,
ext. 634, for additional information. 

ITC Icebreaker 6:30pm–8:30pm
>Terrace Pavilion (by the pool)

This year ITC hosts a Fiesta!! Come join us for complimentary hors
d’oeuvres and drinks!  Everyone is welcome to this event — 
a great way to renew old acquaintances and make new contacts.

>Monday, October 25, 2010
Shopping at Westfield  12:00pm–5:00pm
Mall (Free transportation)
This mall has 130 shops, large department
stores, shoes, gifts, health and beauty, and lots
of places to eat!  FREE!!

>Tuesday, October 26, 2010

Cedros Design Center 10:00am–5:00pm

Transportation will run
all day approximately
every hour. (Free)
Come exp lore  th i s
enchanting 2½-block
stretch of more than 85
unique shops, galleries, boutiques and
restaurants.

SPECIAL EVENTS
TE C H N I C A L CO N F E R E N C E EV E N T S SPOUSES & GUEST ACTIVITIES

Come relax and get pampered or just simply enjoy
some fun in the sun!

>Wednesday, October 27, 2010 
Jewelry Craft Class 9:00am–11:30am 

Join us in the Spouse/Guest
lounge to make your own
bracelet. ITC will supply
instruction and supplies to
create your own custom bracelet.  FREE!! 

Aubrey Rose Tea Room 1:30pm–5:00pm 

Join us for a unique experi-
ence at the Aubrey Rose
Tea Room.  Cost: $15

Both of these excursions are 
limited.  Please sign up at the
Spouse/Guest desk, located
in the registration area.

Visit www.telemetry.org and click on ITC 2010 for
more information on the Spouse & Guest program.

Free!
All Welcome!

Free!
All Welcome!

* Seating for Wednesday’s luncheon is limited, so buy your
ticket(s) early.  Online purchase is available through October 15, 2010
— just go to www.telemetry.org.  Or you can buy your tickets on-site

at the registration desk starting Sunday, October 24th at 4:00pm.

Bella Tosca Spa
All day Wednesday and Thursday:
Spa services available by appoint-
ment only. ( l imited number) 

Call the Spa directly
to make an appt. 
at 866-917-3529.

Be sure to mention ITC
for special rates!

>Thursday, October 28, 2010 
Walk with Lindy 9:00am–11:30am 

Let’s walk! Take a morning walk with Lindy.
Meet at 9:00am at the Spouse/Guest desk,
located in the registration area.
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ABOUT ITC/USA 2010

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.

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
2010.  This premier forum brings together customers, suppliers, academics, and the
engineering community to discuss how technology is revolutionizing the field.

Why Attend?
> Unprecedented opportunity to network with the industry’s leading experts

and innovators
> Robust technical program covering the latest policies, trends, constraints, and

breakthroughs shaping the industry
> Expert commentary from keynote speakers
>Wide selection of short courses to keep you on top of technology

developments

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

An acclaimed international technical symposium for 46 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 world-
class speakers and cutting-edge exhibits, this show has
something for everyone in the industry.  Don’t miss out!
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ITC/USA 2010 EXHIBITOR LIST (AS OF JULY 1, 2010)

ACRA CONTROL  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1109,

Acroamatics, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .811, 813, 815

Advanced Test Equipment Rentals  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .317

AMPEX Data Systems  . . . . . . . . . . . . . . . . . . . . . . . . . . .209, 211, 213, 215, 217

Apogee Labs, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1301

Apollotek Ltd . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1008

Argon St . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .806

Astro-Med, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .205

Brandywine Communications  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .308, 310, 312

CALCULEX  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1009

Cobham  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .218, 220

Compunetix . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .809
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HOTEL INFORMATION

Event Location
ITC/USA 2010 will be hosted at the Town and Country Resort &
Convention Center located in the heart of San Diego, just minutes
from Lindbergh Field.  With first-class spa facilities, fine dining, and
gracious accommodations, the Town and Country is ideal for vaca-
tioners 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 prop-
erty.  Other events, including the opening ceremony and confer-
ence luncheon, will be clearly marked with signs.  The Town and
Country is located at 500 Hotel Circle North, San Diego,
California 92108.  There will be a $5 charge for parking for ITC
attendees and exhibitors.

Hotel Reservations
ITC/USA 2010 encourages all attendees and exhibitors to stay at
the Town and Country during the conference.  Doing so justifies
our free use of convention space during the conference, which in
turn allows us to offer free “exhibits only” admittance and a “reg-
ular” 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 con-
ference when booking your reservation.  The cut-off date to
reserve under the room block is October 2, 2010.  After that,
rooms will be sold on a space-available basis.

Room block cut-off: October 2, 2010

Reservations via Web: www.telemetry.org (click on ITC
2010 to be directed to the hotel information page)

Reservations via phone: 1.800.772.8527 / please cite
“International Telemetering Conference” when making reserva-
tions.

Cancellations: The Town and Country requires a 48-hour can-
cellation notice prior to the reservation date.  Late cancellations
will result in the first night’s stay being billed to your credit card.

If you need to reserve more than one room, establish master
billing, or have any questions, please contact Town and Country
Room Reservations at 1.800.772.8527. 

Town an
d Countr

y Resort

& Convent
ion Cente

r

eINTERNET CAFÉ

Internet access will be available

in the Lion Fountain Courtyard,

compliments of ITC.  For your

convenience, the Town and

Country offers wireless access

from its guest rooms at a fee of

$9.95 per 24-hour period.

Reserve now to 

ensure the bes
t selection!
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ITC/USA 2010 REGISTRATION INFORMATION

ITC’10 Exhibitors:  Please register your show personnel, guests, and sales representatives on the web!

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. $300

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.

$10

Author/
Session Chair

For those individuals whose technical paper has been published in ITC 2010
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.

No Charge

Exhibits Only 
Provides access to all exhibit areas and includes a DVD of the Technical
Proceedings.

No Charge 

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.

No Charge 

Spouse &
Guest

Provides access to all exhibit areas. No Charge

Conference
Luncheon

Ticket allows admittance to Conference Luncheon. $20

ITC/USA 2010 
REGISTRATION POLICIES

Online Registration Deadline
Don’t wait… 
go to www.telemetry.org.
Online registration ends
October 15, 2010.
Substitutions
Substitutions are allowed.  Please
e-mail requests to: 
telemetry@comcast.net
Cancellations
Refunds will be accepted for can-
cellations received before
October 15, 2010.
Badging Info
Badges for anyone that registers
online will be available for pickup
at the ITC registration desk
beginning Sunday, October 24,
2010 at 4:00pm.

2 Easy Ways 
to Register!

Online: G o  t o  
w w w . t e l e m e t r y . o r g
a n d  c l i c k  o n  t h e
registration link.  This is
your quickest and easiest
option!

In Person: If you don’t
register by October 15,
2010, you’ll need to register
at the conference.  On-site
registration begins Sunday,
October 24th at 4:00 p.m.

1

2

CONFERENCE REGISTRATIONTYPES

>

www.telemetry.org

To Register, Go Online

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

2

1
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WHOWE 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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WHATWE 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 stan-
dards affecting the teleme-
tering community.  The
ICTS is an international
committee that serves to
keep its members and the
appropriate members of
the international communi-
ty aware of potential
impacts on the telemetry
spectrum.
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Gone... but not forgotten.
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Judd Strock, a telemetry pioneer



BENEFITS TOYOU, 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.

SOWHYWAIT? 
VISIT WWW.TELEMETRY.ORG

TO FIND OUT MORE ON

ATTENDING/EXHIBITING AT ITC!
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International Foundation
for Telemetering
5665 Oberlin Dr. Suite 200

San Diego, CA 92121
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