
ITC/USA 2009
CONFERENCE

PROCEEDINGS

Sponsored by the
International Foundation

for Telemetering

I
T

C
/U

S
A

 2
0
0
9

R i v i e r a  Ho t e l  & Conv en t i o n  C en t e r | La s  Veg a s , NV | USA

October 26-29, 2009



ITC/USA 2009 

 
45th ANNUAL INTERNATIONAL TELEMETERING CONFERENCE 

 

 

 

THEME: “Disruptive Technologies  
& Their Impact on Telemetry" 

 
 
 

OCTOBER 26-29, 2009 
 
 
 
 
 
 
 

SPONSORED BY 

INTERNATIONAL FOUNDATION FOR TELEMETERING 

 

 

 

 

 
 Riviera Hotel & Convention Center 

Las Vegas, NV 

 

 

 

 

 

2009 

VOLUME XXXXIII 

 



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Copyright © INTERNATIONAL FOUNDATION FOR TELEMETERING, 2009 
 

All rights reserved with exception of note below: 
 
NOTE: "U.S. Government-All rights Reserved" indicated on the front page of individual papers 
indicates that no copyright may be claimed on these papers. For policy questions contact the 
Copyright Manager, International Foundation for Telemetering, 5665 Oberlin Drive, Suite 200, 
San Diego, California  92121. 
 

Proceedings of the International Telemetering Conference ISSN 1546-2188 
 

Printed in U.S.A 



 

Foreword 
 
 
Thank-you everyone for attending this, the forty-fifth year of the International Telemetering Conference. 
 
This year the theme of the conference is:  Disruptive Technologies & Their Impact on Telemetry.   
 
Borrowing from Wikipedia, Disruptive Technology is a term first brought into the popular mainstream by Professor Clayton Christensen 
of the Harvard Business School.  In a series of articles and books, Professor Christensen advances the concept of disruptive 
technology as an explanation for how new technologies can often improve the acquisition cost or even just the perceived value of a 
product or service in ways that the market does not expect.  Often this is affected through lower pricing as an offset for a reduced 
capability set which can often promote a value condition that attracts non-traditional customers. 
 
Popular examples of this concept being applied in our everyday work life include digital photography displacing film cameras and small 
missiles replacing artillery systems. 
 
On the technology side of the test range community, the conversion to an IP data transport in the place of an existing legacy 
mux/demux solutions clearly stands as an example of how a developing technology can overtake and replace a system that has been 
in use for many years.  Network enabling the telemetry capture and processing capabilities of the test ranges has created 
unprecedented opportunities for the sharing of test information in real time. 
 
The goal of this year’s conference is, as it has been in past years, to create an environment that fosters cooperation and extends the 
conversation.  As a topic of conversation, Disruptive Technology takes excellent advantage of this opportunity through the technical 
presentations of the conference and the multitude of ad-hoc conversations that occur when so many people sharing common interests 
gather together for a week of meetings and activities. 
 
As many of you reading this are already aware, the conference, by way of the contributions of the International Foundation for 
Telemetering, plays a very important role in the development of the range engineers of the future.  Your attendance supports both the 
Foundation and the All-Volunteer Organizing Committee in meeting the annual goals of putting on a quality conference that advances 
the study of the telemetry sciences. 
 
Speaking for the Foundation and the volunteer members of our organizing committee, we hope that all of you will leave with more 
knowledge, more understanding, and more appreciation for the sciences that support your endeavors. 
 
 
Steve Proudlock 
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Welcome to the 2009 International Telemetry Conference.  The International
Foundation for Telemetering (IFT) is pleased to sponsor this one-and-only such event
in the US, now in its 45th year. 

We are proud of that tradition and expect that ITC will provide you an even greater
experience this year.  General Chairman Jim Tedeschi and Technical Program Chairman
Joe McMorrow have organized a program with outstanding papers as well as hardware
and software exhibits to dazzle the most jaded technology buffs.  They are supported
by a volunteer staff second to none.  The volunteer staff (and the companies and
organizations supporting them) are the core of continuity at ITC.  Dedicated and
effective hard work by this staff literally makes your experience here at ITC possible.

Learning is really the central concept of ITC — learning from short courses, technical
papers, equipment exhibits and especially learning from interaction with experts in the

field.  Keep in mind that proceeds from ITC support telemetry education at five institutions — New Mexico
State University, the University of Arizona, Brigham Young University, Missouri University of Science &
Technology, and the University of California at Santa Barbara.  We also sponsor the Telemetry Standards
Coordinating Council and the International Consortium for Telemetry Spectrum.  We are the only nation-
al organization exclusively devoted to telemetry education and advancement of the telemetry profession.
Your participation in ITC benefits not only your work today but that of coming generations of telemetry
experts for their customers. 

Once a minor part of ITC, Short Courses have become the go-to source for the best Continuing Education
anywhere in the field of telemetry.  These 12 courses are well-attended and offer a spectrum of topics from
entry level to advanced material.  The list of courses has expanded to cover the newest techniques as well
as traditional technology.  Skilled instructors noted for their specialties provide a valuable block of educa-
tion available nowhere else. 

Nothing quite equals the excitement, touch and feel of 100 or more companies exhibiting the latest tech-
nology and innovations.  Most new product announcements in telemetry are made at ITC.  There are so
many opportunities here to see “what is available these days” from the entire telemetry industry.  I look for-
ward every year to watching people in front of exhibits in varying degrees of amazement saying “I didn’t
know we could get those.”  “One box does all that?”  “Gee, I wish I had thought of that.”  … and quietly
making pocket notes and gathering literature for the dream facility back home.  Nowhere do the needs and
solutions of telemetry business meet in one place like they do at ITC. 

It could be said that while the latest equipment is demonstrated on the Exhibit Floor, the technology and
ideas you will see implemented years from now are being presented in ITC Technical Papers.
By far the most significant compendium of technical papers in telemetry (for every ITC
back to 1964!) appear every year in the ITC Proceedings DVD.  Part of our proud tra-
dition is that virtually every important tool in the telemetry business was once a
Technical Paper at ITC and became hardware or software on the exhibit floor.  Those
tools and techniques were then put to work on our Test Ranges, our corporate test
vehicles, and a myriad of industry labs and facilities worldwide.

For that fascinating transition to take place we need live interaction between academia,
manufacturers, government personnel, test ranges and standards organizations.  That live
interaction is ITC in a nutshell. Please make the most of it and enjoy all that you can absorb! 

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

~ Bill Rymer, 

President, IFT

Bill Rymer
Board President

International Foundation
for Telemetering

I
T

C
/U

S
A

 2
0
0
9

A MESSAGE FROM THE
IFT BOARD PRESIDENT



I
T

C
/U

S
A

 2
0
0
9

WELCOME

COME JOIN US FOR “DISRUPTIVE TECHNOLOGIES
AND THEIR IMPACT ON TELEMETRY”

Jim Tedeschi
2009 General Chairman

Center for Countermeasures
White Sands Missile Range, NM

Joe McMorrow
2009 Technical Chairman

CSC
Viera, Florida

Herley Industries

Symvionics, Inc.

CALCULEX

ACRA CONTROL

L-3

Wyle Telemetry & Data Systems

Quasonix

Silver Sponsors:

CSC

Gold Sponsors:

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 45 years.

On behalf of the entire ITC organizing committee, we cordially invite you to attend the
45th International Telemetering Conference being held in Las Vegas, NV.  This year’s
program is focused on disruptive technologies, or disruptive innovations, and their
impact on telemetry.  A few examples of past disruptive technologies would include
digital media, digital synthesizers, light-emitting diodes, and voice over mobile IP.

For those of you who have attended the ITC before, you will notice some exciting
changes in 2009.  The most significant of these changes is the multi-million dollar room
upgrades in the Riviera Hotel.  Also, if you stay at the Riviera, you will be eligible to win
up to $1,000. Please see page 14 for details.

The opening session features a Blue Ribbon Panel presentation and discussion on
disruptive technologies in the functional areas of Science and Technology, Research and
Development, and Test and Evaluation.  The panel will be moderated by the Honorable
Dr. Charles E. McQueary, the former Director of Operational Test and Evaluation,
Office of the Secretary of Defense.  The panel members’ backgrounds include expertise
in Department of Defense (DoD) and Department of Homeland Security (DHS)
technology developments, weapon systems testing and executive leadership.

As expected of our conference, this year’s technical program is an exciting one.  Our
technical program will provide over 22 diverse sessions, including two special sessions.
Additionally, there will be 12 one-day short courses, including a new course on Theory
of Constraints Project Management. 

As an added bonus, we are honored to have Major General Dave Eichhorn, Commander
of the Air Force Flight Test Center, as our conference luncheon keynote speaker. He will
provide an entertaining and exciting presentation on “Telemetry in the Modern Age.”

Of course, this conference would not be possible without the commitment and
generosity of our event sponsors and volunteers. Thank you for helping us make the
ITC/USA 2009 another successful event.

— Jim, Joe, Lena & Bill

ITC/USA 2009 CONFERENCE SPONSORS

Tha
nk
You

to Al
l ITC Volunteers!

Lena Peña
2009 Executive Coordinator

CSC
El Paso, Texas

Bill Wargo
2009 Exhibits Chairman

L-3 Telemetry & RF Products
Bristol, PA
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Short Courses Halls

TIME

9:00 AM
to

5:00 PM

Adv. Modula-
tion Tech-
niques

Basics of
Signals &
Modulation

Intermediate 
Concepts

Principles of
TM Ground
Station An-

tennas 

Telemetric
Networks

IRIG 106-09
Chapter 10,
Recording
Standard 

Basic Sys-
tems Engi-
neering

Basics of
Aircraft In-
strumen-
tation

Perform-
ance-Based
Sensors

Image Com-
pression
with JPEG

2000

Test Project
Management
Using The-
ory of Con-
straints

Funda-
mentals of
Microwaves

& RF

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2009 Icebreaker:  “The Major Leagues”
>Location: Top of the Riv

CLOSED

TU
ES

DA
Y, 

OC
T. 

27

8:00 AM
to

10:00
AM 

Opening Ceremony & Blue Ribbon Panel  >Location:  Grande Ballroom C & D

Disruptive Technologies and Their Impact on Telemetry
Moderator: Chuck McQueary, Director of Operational Test & Evaluation (ret.) | Panel Members: Dr. John Foulkes, Director, Test Resources Management Center;
Thomas Berard, Exec. Director, Air Force Flight Test Center, Edwards AFB; Jim Tuttle, Director of S&T’s Explosive Division, U.S. Dept. of Homeland Security; 

Dr. Ernest A. Seglie, Science Advisor, Operational Test and Evaluation, Office of the Secretary of Defense

CLOSED

10:00 AM Exhibits Are Open from 10:00 AM to 7:00 PM

OPEN
10:00
AM
to

7:00 
PM

12:00 PM
to

1:00 PM

Disruptive TM Technologies: A Historical Perspective Luncheon >Location: Top of the Riv
Moderator: Eddie Burroughs, Strategic Planning Division, Test Resource Management Center

Panel Members: Bill Rymer, Telemetry Operations, NAWCAD (ret.); Charlie Van Norman, Technical Advisor, AFFTC (ret.);
Mark Kerzie, Lockheed Martin Fellow; Daniel Dawson, Vice President, Wyle Telemetry & Data Systems

1:30 PM
to 

4:30 PM

Technical 
Sessions:

1.
iNET Standards

2.
Multiple Inputs
Multiple Outputs

(MIMO)

3.
Network Teleme-

try 1 

4.
Security

5.
RCC TG
& TSCC

6.
Telemetry and

Range Systems 1

5:00 PM Reception  >Location:  Exhibit Halls  (5:00 PM – 7:00 PM)

W
ED
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SD
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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 Ses-
sions:

7.
Imaging
and Video

8.
Metadata Applications

9.
Network

Telemetry 2

10.
Recording

11.
RF Design Re-
ceivers and
Transmitters

12.
User Applications

12:00 PM
to

2:00 PM

Conference Luncheon & Keynote Speaker  >Location:  Top of the Riv

Telemetry in the Modern Age
Major General David J. Eichhorn, Commander, Air Force Flight Test Center, Edwards Air Force Base

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Capri 107
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

5:30 PM

Technical
Sessions:

13.
Data Acquisition

14.
Data Processing /

Management

15.
Error Control

Coding

16.
Modulation and

Coding 1

17.
Telemetry and
Range Systems

2

18.
Telemetry in

Extreme Environ-
ments

Exhibits Are Open until 6:00 PM 
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9 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 Ses-
sions:

19.
Antennas

20.
JAMI

Users Group

21.
Modulation and

Coding
2

22.
ICTS

23.
System Manage-

ment

24.
Telemetry Systems
and Architectures

Exhibits Are Open Until 12:00 PM

Special

Session
Special

Session

Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!
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Food!

Prizes!
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Short Course Who Should
Attend? Description Instructor

Advanced
Modulation &
Demodulation
Techniques

Technical 
personnel with
some telemetry 

background

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

Mr. Terry Hill, 
Quasonix, LLC

Basics of Signals
& Modulation

Beginning technical
personnel with

limited experience
in communication

& modulation
systems

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

Dr. Stephen Horan, 
NASA

Intermediate 
Concepts

Experienced
telemetry 

users

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 condition-
ers to recorders, workstations, and software.  Specific topics include systemic implementations of
Nyquist and its hidden impacts, recorder architectures (both hardware & software), RAID imple-
mentations (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.

Mr. Tim Gatton, 
Wyle Telemetry &

Data Systems

Principles of TM
Ground Station

Antennas

Experienced in
telemetry &

satellite
communications

The full-day objective of the class provides insight into various major components of a tracking sys-
tem. The course starts out with a “Microwave 101” overview of various antennas and propagation,
then specific relevance to how tracking RF feeds and optics operate. The course then progresses on
to the design of positioners, controllers, servo control loops and, finally, how a tracking receiver is
utilized to control the entire system. This course does not cover receiver design or modulation
techniques.

Mr. George R. Blake,
Orbit

Communications,
Inc.

Telemetric
Networks

Technical 
personnel

This course introduces participants to telemetric inter-networks.  Participants will gain an under-
standing of networking principles, applicable networking technologies, design issues associated with
building networks that contain telemetric links, and end-to-end telemetric applications.  Specifically,
the iNET (integrated Network Enhanced Telemetry) standards will be introduced and the applicabil-
ity of Telemetry Network Systems discussed.

Mr. Thomas Grace,
NAVAIR,

Mr. John Roach,
TTC & Mr. Myron

Moodie, SwRI

IRIG 106-09
Chapter 10,

Onboard Solid State
Recording Standard

Technical 
personnel

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.

Mr. Al Berard,
Eglin AFB &

Mr. 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 con-
centrates on analysis of data streams for efficient transfers over the communication link. Sampling,
filtering, commutation, and RF link characteristics are studied. Line Coding (NRZ-L, BIΦ-L, etc.) with
their spectral (Fourier) characteristics, bandwidth and filtering requirements are analyzed.  Benefits
of using source coding for data transmission is explained (randomization, Forward Error Correction
(FEC), Block coding, Convolutional coding, Turbo Coding concepts are explained).  Modulation tech-
niques such as AM, PCM/FM (CFSK), BPSK and QPSK are analyzed; their Eb/N0 and BER perform-
ance characteristics are compared.

Mr. Hal Altan,
Honeywell
Aerospace

Performance-Based
Sensor Selection

Telemetry 
test engineers

Is intended for engineers, program managers and technicians who want a better understanding of
transducer characteristics and specifications. It is presented from the viewpoint of a user who also
has experience marketing transducers, rather than from that of a manufacturer.  Participants will
learn how to interpret transducer specifications, define necessary performance characteristics for
specific applications, and how to select the best transducer for their applications.

Mr. Jon Wilson, 
Jon S. Wilson

Consulting, LLC

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 med-
ical 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

SHORT COURSES

Short course certificates provided upon request.  

SHORT COURSES
>MONDAY, OCTOBER 26, 2009 | 9:00AM–5:00PM
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SHORT COURSES &
TECHNICAL SESSIONS

Short Course Who Should
Attend? Description Instructor

Fundamentals
of Microwaves

and RF

Technical 
personnel

The 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. The second section of the course discusses various microwave component design
and their applications. Consideration of antennas, transmissions lines, couplers/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 gener-
al design and application 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.

Mr. Mark
McWhorter,
Lumistar, Inc.

Basics of Aircraft
Instrumentation

Technical 
personnel 

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

Test Project
Management

Using Theory of
Constraints

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 one 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.

Carl Dane
& Joe Dale,

AFFTC/Edwards

>Tuesday, October 27
Session 1.  iNET Standards
Raymond Faulstich, CSC Range and
Engineering Services

Session 2.  Multiple-Inputs
Multiple-Outputs
Kevin Crawford, NASA Marshall Space
Flight Center

Session 3.  Network 
Telemetry 1
Darryl Burkes, NASA Dryden Flight
Research Center 

Session 4.  Security
Rodger Charroux, The Aerospace
Corporation

Session 5.* RCC TG & TSCC
Robert Given, Chair, RCC Telemetry Group
and Dr. Sheila Horan, Chair, Telemetering
Standards Coordination Committee

Session 6.  Telemetry & Range
Systems I
Victor Martinez, Air Force Flight Test Center

>Thursday, October 29
Session 19.  Antennas
Archie Moore, Spiral Technology, Inc.

Session 20.  JAMI Users
Group
Steven Meyer, Naval Air Warfare Center,
Weapons Division

Session 21.  Modulation &
Coding 2
Dr. Gerhard Mayer, Dept. of Computer
Science, University of Salzburg, Austria

Session 22.* ICTS
Jean-Claude Ghnassia, Chair, ICTS

Session 23.  System
Management
Lee Eccles, Boeing Corp.

Session 24.  Telemetry
Systems & Architectures
Jaime Reyes, White Sands Missile Range

Session 7.  Imaging and
Video
Jesus Benitez, White Sands Missile
Range

Session 8.  Metadata
Applications
Thomas Grace, Naval Air Warfare
Center, Aircraft Division

Session 9.  Network
Telemetry 2
Michael Golackson, Air Force Flight
Test Center

Session 10.  Recording
Tim Gatton, Wyle Telemetry & Data
Systems

Session 11.  RF Design
Receivers & Transmitters
Gene Law, CSC Range & Engineering
Services

Session 12.  User
Applications
Lance Self, Air Force Research Lab

Session 13.  Data
Acquisition
Brian Keating, Naval Air Warfare
Center, Aircraft Division

Session 14.  Data
Processing / Management
James Yates, L-3 Telemetry & RF
Products

Session 15. Error Control
Coding 
Terry Hill, Quasonix

Session 16.  Modulation &
Coding 1
Rich Hansen, Air Force Flight Test
Center (ret.)

Session 17. Telemetry &
Range Systems 2
Chris Paust, OUSD (AT&L), TRMC

Session 18.  Telemetry in
Extreme Environments
Robert Sakahara, NASA Dryden
Flight Research Center

>Wednesday, October 28

ITC/USA 2009 TECHNICAL SESSIONS AND SESSION CHAIRS

Continue your education
and stay on top of
technology by attending
ITC short courses and
technical sessions,
presented by experienced
members of the industry.

NEW!

NEW!

* Special Session  

SHORT COURSES, CONT’D.
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OPENING CEREMONY

BLUE RIBBON PANEL

>Tuesday, October 27, 2009  
8:00am – 10:00am | Grande Ballroom C & D

DISRUPTIVE TECHNOLOGIES AND
THEIR IMPACT ON TELEMETRY
Join us for a discussion of the Department of Defense and the
Department of Homeland Security Science and Technology,
Research and Development, and Test and Evaluation technolo-
gy advancements.  From the Congreve Rocket to network
enabled precision guided weapons, the panel of executive
experts will discuss the application of disruptive technologies
as applied to telemetry, weapon system development and test,
test range infrastructure and explosives detection.

Moderator:

Dr. Charles E. McQueary – Director of Operational
Test and Evaluation, Office of the Secretary of Defense (ret.)

As Director of Operational Test and Evaluation from 2006 to 2009, Dr. Mc-
Queary served as a Presidential appointee, confirmed by the U.S. Senate, in
the role of senior advisor to the Secretary of Defense on testing of DoD
weapon systems, prescribing policies and procedures for the conduct of op-

erational and live fire test and evaluation. Prior to that appointment, Dr. McQueary
was confirmed by the U.S. Senate in 2003 as the first Under Secretary for Science
and Technology at the Dept. of Homeland Security. In this position, he led the re-
search and development arm of the Department, utilizing our nation’s scientific and
technological resources to provide federal, state and local officials with the technol-
ogy and capabilities to protect the homeland.

Panel:

Dr. John B. Foulkes – Director, Test Resource
Management Center (TRMC)

As Director of the TRMC, Dr. Foulkes serves as the principal advisor to the
Secretary of Defense, the Deputy Secretary of Defense, and the USD (AT&L)
on strategic planning and assessment of the DoD’s Major Range and Test
Facility Base, the nation’s critical range infrastructure for conducting effec-

tive test and evaluation (T&E) of major weapon systems. Dr. Foulkes is required by
law to develop and submit to Congress a biennial Strategic Plan for Defense T&E Re-
sources, and an annual report certifying the adequacy of the Military Departments’
and Defense Agencies’ T&E budgets. As Director of the Army Test and Evaluation Man-
agement Agency (TEMA), Office of the Chief of Staff, Dr. Foulkes’ accomplishments in
consolidating testing organizations into a single Army Test and Evaluation Command,
instituting better business practices, and preserving critical civilian personnel have had
significant positive impacts in the execution of the Army’s critical T&E mission.

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 pro-

gram execution of the center’s development, test and evaluation mission. His role as
an executive manager involves long- and short-range planning, policy 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 ac-
quisition of all of the technical 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 Eval-
uation 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, including the acquisition, transmission, processing and display of flight test
data for AFFTC customers. 

Jim Tuttle – Director of Science and Technology (S&T)
Directorate Explosives Division, U.S. Dept. of Homeland
Security

As Head of S&T’s Explosives Division, Mr. Tuttle is responsible for all
stages of scientific research and technology development for explosives
detection, blast mitigation, and response to non-nuclear explosives and

other energetic threats, including shoulder-fired missiles aimed at commercial aircraft.
Prior to this assignment, Mr. Tuttle served as Program Manager for S&T’s Counter MAN-
PADS (Man-Portable Air Defense Systems) program, managing a budget of $272M and
a team of 55 contractors and Federal employees. In this role, he coordinated com-
munications with stakeholders such as airlines, aircraft manufacturers, the DoD, the
Dept. of State, the Federal Aviation Administration, and the National Transportation
Safety Board.

Ernest A. Seglie, Ph.D. – Science Advisor, Operational
Test and Evaluation, Office of the Secretary of Defense

As Science Advisor of Operational Test and Evaluation, Dr. Seglie provides
scientific and technical guidance on the overall approach to DoD eval-
uation of operational effectiveness and suitability. He also provides tech-
nical review of test reports and briefings to high level DoD officials to

ensure that the results of high visibility test programs are technically correct.  Dr.
Seglie serves as Chief Technical Advisor to the Director, Operational Test and Evalua-
tion (DOT&E) and represents the DOT&E as the scientific expert on high-level tech-
nical groups and committees comprised of personnel from DoD and industry. As
scientific liaison, he provides primary DOT&E technical and scientific interface with in-
dustry and advanced technology groups. At the direction of the Director, he performs
special studies in highly complex technology areas to resolve especially difficult or con-
troversial issues.

ITC/USA 2009
OPENING CEREMONY & BLUE RIBBON PANEL
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GUEST SPEAKERS

HISTORICAL PERSPECTIVE LUNCHEON & PANEL DISCUSSION
>Tuesday, October 27, 2009
12:00pm – 1:00pm | Top of the Riv

DISRUPTIVE TELEMETRY TECHNOLOGIES:  A HISTORICAL PERSPECTIVE

Moderator: Mr. Eddie Burroughs, Strategic Planning Division, Test Resource Management Center

Panel Members: Bill Rymer, Telemetry Operations, NAWCAD (ret.); Charlie Van Norman, Technical Advisor, AFFTC (ret.); Mark Kerzie, Lockheed Martin Fellow;
Daniel Dawson, Vice President, Wyle Telemetry & Data Systems

Join us at Tuesday’s luncheon for a historical look back at some disruptive technologies in the telemetry community. Our
diverse panel will include representatives from the premier government aeronautical Test & Evaluation Ranges, a major aircraft
platform developer, and the vendor community. They will explore various aspects of the impact these disruptive technologies
have had in range telemetry development and operations, flight test engineering, and telemetry vendor product development.

Bill Rymer – NAWCAD, Telemetry Operations (retired)

Mr. Rymer began work with naval aviation as a student trainee at Patux-
ent River, MD in 1962. He worked in Purdue’s Lab for Applications of Re-
mote Sensing while in graduate school and did acceptance testing on
Grumman’s Automated Telemetry System in 1969. He specified, procured and
managed the first Real-time Telemetry Processing System (RTPS) at Pax. He

worked a specialty in spectral analysis and vibration for most of his career. He was
in the RCC IRIG Telemetry Group (TG) from 1981–2001, chaired the Data Multiplex
Committee for many years, and was Chairman of the TG in ’90–’91. He chaired the
Telemetry Standards Coordinating Committee, was a charter member of the Range
Spectrum Requirements Working Group for OSD and was Tech Chair for ITC ’95. He
was awarded the Pioneer Award in Telemetry by the IFT in 1997. He was head of
Telemetry from 1982–2000 and retired Jan. 2001 as Head of Range Instrumenta-
tion in Atlantic Ranges & Facilities at Patuxent. He currently works part-time for
Spiral Technology Corp. and OSD on Network Enhanced Telemetry. Bill is a Rotarian
and Life Member of IEEE.  He has served on the Board of Directors since 2004 and
is the current President of the IFT.

Charlie Van Norman – AFFTC, Technical Advisor (retired)

Mr. Van Norman has over 45 years of experience in T&E. He began his ca-
reer at the Air Force Flight Test Center, Edwards Air Force Base, CA as a
flight test engineer. During his time at Edwards, he was directly involved
in the testing of over 30 different fighter, bomber, transport and utility air-
craft. At the time of his retirement from civil service, Mr. Van Norman was

the Senior Technical Advisor to the 412th Test Wing Commander. In addition to his
technical duties, Mr. Van Norman also served as a principal adviser to the Air Force
Flight Test Center commander concerning resource allocation, downsizing, organiza-
tional re-engineering issues, and contractor award fee determination. He was a mem-
ber of various Air Force and Tri-Service committees and boards who provided policy,
direction and oversight of the test infrastructure investment accounts for the De-
partment of Defense. Mr. Van Norman is currently the Senior Technical Advisor and
Business Manager for the Systems Engineering Group of the TYBRIN Corporation. Mr.
Van Norman holds a BS Aerospace Engineering from California State Polytechnic
University and an MS in Mechanical Engineering from the University of Southern Cal-
ifornia.

Mark Kerzie – Lockheed Martin Fellow

Mr. Kerzie is the Lockheed Martin Aeronautics Flight Test Data Center
Senior Lead. He is a Lockheed Martin Fellow with over 25 years of ex-
perience in the test instrumentation and data processing field. His re-
sponsibilities include ensuring that all Aeronautics Flight Test Data
Centers meet current and emerging program test data processing re-

quirements. His expertise is focused on the flight test planning, real-time and post-
test data processing, data mining, and related tools. Mark currently manages the
development and integration of the LM Aeronautics Common Data Processing capa-
bilities that are now the standard for all LM Aero test programs and deployed at
all major LM Aero test facilities. He also leads the horizontal integration of the toolset
to support other LM Corporation test initiatives.

Throughout his career at Lockheed Martin, Mark has supported many of the cur-
rent and past Lockheed Martin airframe and avionics development/certification pro-
grams. His work includes supporting the instrumentation, tool development, and
operational data processing for the P-3, S-3, L-1011, YF-22, F-22, C-130, X-35, F-16,
C-5, F-35, VH-71, and several ADP flight test programs.

Daniel Dawson – Wyle Telemetry & Data Systems, Vice President

Mr. Dawson has been continuously involved in the telemetry market
since 1984. In 1987, Mr. Dawson helped establish Veda Systems Incor-
porated or VSYS and began a 20-year history developing telemetry
ground acquisition, processing, archiving and display systems. Since
1987, VSYS has operated unchanged under Veridian Incorporated, Gen-

eral Dynamics and most recently Wyle, Inc. Today,  Mr. Dawson is Vice President of
Wyle Telemetry and Data Systems and continues to lead development of next-gen-
eration telemetry hardware and software products and services. Mr. Dawson holds
a B.S.E.E. degree from the University of Maryland and resides in Hollywood, MD.

SPECIAL EVENT:  HISTORICAL PERSPECTIVE
LUNCHEON & PANEL DISCUSSION
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GUEST SPEAKERS

CONFERENCE LUNCHEON & KEYNOTE SPEAKER

CONFERENCE LUNCHEON
>Wednesday, October 28, 2009
12:00pm – 2:00pm | Top of the Riv

Relax during lunch as you enjoy Major General Dave Eichhorn’s speech on flight
test telemetry.  Major General Eichhorn is a United States Air Force Command
Pilot and has more than 5,700 flight hours in more than 40 different aircraft
types, including the F-15C/E, T-38, B-1B, B-52D/H, C-135, C-18, F-111 and T-37.
In addition, General Eichhorn completed the Air Force Test Pilot School and spent
several years as a B-1B experimental test pilot at Edwards AFB, CA. 

TELEMETRY IN THE MODERN AGE

KEYNOTE SPEAKER:

Major General David J. Eichhorn
Commander, Air Force Flight Test Center, Edwards Air Force Base

Maj. Gen. David J. Eichhorn is the Commander, Air Force Flight Test Center, Edwards Air Force Base,
Calif.  His area of responsibility includes the development, test, and evaluation of manned and
unmanned aircraft systems in both experimental and proven aerospace vehicles. He supports the con-
duct of test and evaluation programs for the Department of Defense, the Defense Advanced Research
Project Agency, the National Aeronautics and Space Administration, and the U.S. Air Force, Army, Navy
and Marine Corps.

General Eichhorn entered the Air Force as a distinguished graduate through the Reserve Officer
Training Corps in 1976. In earlier assignments he served as an experimental test pilot, and his com-
mands include two flight test squadrons, a test group, a test wing, and the Arnold Engineering
Development Center overseeing developmental flight tests on a wide variety of weapon systems.  A
certified acquisition professional, he served at the Electronic Systems Center as the Vice Commander,
where he was previously assigned as Director of Advanced Command, Control and Communications
Systems as well as Director of Advanced Aircraft Systems. He has also served as Director of the
Aeronautical Enterprise Program Office, Deputy Director of Plans and Programs at Headquarters Air
Force Materiel Command, and Deputy Program Executive Officer for Aircraft at Aeronautical Systems
Center. Prior to his current assignment, General Eichhorn was the Director of Air, Space and
Information Operations, Headquarters Air Force Materiel Command.

General Eichhorn has flown the B-52D/H, B-1B, F-111 and T-38, serving as an instructor pilot and air-
craft commander. He has accumulated more than 5,700 hours in more than 40 aircraft types. General
Eichhorn is highly decorated, with major awards and decorations including: Legion of Merit with oak
leaf cluster, Meritorious Service Medal with four oak leaf clusters, Air Medal, Aerial Achievement
Medal with oak leaf cluster, and Air Force Commendation Medal with three oak leaf clusters.



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. 
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Telemetry Learning Center 

Missouri S&T

May 21, 2009
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Goals
• Introduce students to telemetry and 

system level design problems early, 
throughout program of study

• Provide off-campus education and 
educational resources

• Support a variety of projects which use 
telemetry systems, especially ones in 
non-traditional (non-aerospace) areas

• Support Promising Students
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ITC 2008
• Chris Strhel, Craig Clarke, Matt Gegg, Sean Byland, Ryan Schumacher and K. 

Kosbar, A Cost Effective Residential Telemetry Network

• Chris Potter, K. Kosbar and Chad DeConink, Real-Time Implementation of a MIMO 
Wireless Communication System with Orthogonal Space Time Block Codes

• James Jolly, Joe Bishop, Emilio Nanni, Scott Lively Eddie Shaw, Eddie Kotowski 
and K. Kosbar, Tracking the Human Body via a Wireless Network of Pyroelectric 
Sensor Arrays

• Chris Potter and K. Kosbar, MIMO Channel Prediction Using Recurrent Neural 
networks with Applications to Adaptive Modulation

• Adam Panagos and K. Kosbar, New Results in Unitary Space-Time Code 
Construction and Comparison to Upper Bounds

• Gaurav Sharma and K. Kosbar, Game Theory and Adaptive Modulation for 
Cognitive Radios
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ITC 2009
• John Seaber, Jacob Barkley, Tony Ngo, Adam Poettgen and Kurt 

Kosbar, A Programmable Dual Modulator Testbed for Multiple 
Input Multiple Output Applications

• John Gupte and Kurt Kosbar, Iterative Channel Estimation for 
Multiple Input Multiple Output Channels

• Christopher Potter, Adam Panagos and Kurt Kosbar, Impact of 
Synchronization and Channel Estimation Errors on MIMO 
Receivers

• Abhishek Gupte and Kurt Kosbar, Robust Symbol Synchronization 
Algorithms for Rich Multipath Channels
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DART
The Team

John Seaber
Jacob Barkley
Tony Ngo
Adam Poettgen
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DART
Dual Antenna Radio Transmitter
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DART
The Design
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DART
Assembled
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DART 
Debugged
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DART
Died
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DART
The Avengers

Zachary Bourque, Colin Frentzel, Aaron Williams
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DART
Spin Off 

(Bringing Deafness to a Biker Near You)
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Ad-Hoc Sensor Networks

Chris Daniels

Brian Kennedy
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Ad-Hoc Sensor Networks

8 Mote Network
Sense and Relay Audio Signals 

for Security Applications
# ======================================================================
# Define options
# ======================================================================
set val(chan)           Channel/WirelessChannel    ;# channel type
set val(prop)           Propagation/TwoRayGround   ;# radio-propagation model
set val(netif)          Phy/WirelessPhy            ;# network interface type
set val(mac)            Mac/802_11                 ;# MAC type
set val(ifq)            Queue/DropTail/PriQueue    ;# interface queue type
set val(ll)             LL                         ;# link layer type
set val(ant)            Antenna/OmniAntenna        ;# antenna model
set val(ifqlen)         50                         ;# max packet in ifq
set val(nn)             3                          ;# number of mobilenodes
set val(rp)             DSDV                       ;# routing protocol
set ns_ [new Simulator]
set tracefd     [open projecttrace3.tr w]
$ns_ trace-all $tracefd
set topo       [new Topography]
$topo load_flatgrid 650 350
create-god $val(nn)

$ns_ node-config -adhocRouting $val(rp) \
-llType $val(ll) \

;# disable random motion
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Ad-Hoc Sensor Networks
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Ad-Hoc Sensor Networks
Next Team

Chris Baker, Mike Nizolak,
Nickolas McFowland, Mike Gott
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Assisted Navigation

Tim Brown, Brian Edwards, Ryan Henning 
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Assisted Navigation
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Multiple-Input, Multiple-Output 
Communication Systems for Aerospace 

Applications

Chris Potter, Kurt Kosbar, 
Chad DeConink, T. Kaeb 

and E. Ramsey
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MIMO Communication Systems 
A Better Channel Model
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MIMO Communication Systems 
Real World
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Test Bed for 2 x 2 MIMO System
Transmitter
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Test Bed for 2 x 2 MIMO System
Downconverter

Receiving Antennas

LNA

Mixers

IF Amplifiers

Power Supply
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Test Bed for 2 x 2 MIMO System
Receiver

DownconverterLocal Oscillator

Streaming Disk Array

Embeded Controller

Digitizerers
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Test Bed for 2 x 2 MIMO System
Test Bed

Missile Mock-Up

Transmitter

Transmitting AntennasReceiving Antennas
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Test Bed for 2 x 2 MIMO System
Test Bed – Reverse Angle

Transmitters

Power Supply 
for Transmitter

Graduate Student
Good Ideas

Ideas That 
Didn’t Work

Wrenches

EMC
Nightmare
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Telemetry Students
PhD 
Cha, K. Automotive Telemetry Applications 
Dusitsin, K. Efficient Simulation of Comm Systems 
Fonda, J. Ad-Hoc Sensor Networks 
Gunawardana, U. DLL in Spread Spectrum Sync 
Lord, D. Autonomous Navigation 
Mitchell, K. Structural Health Monitoring 
Panagos, A. MIMO Channel Modeling 
Potter, C. Air-to-Ground MIMO Channels 
Taqieddin, E. Ad-Hoc Network Protocols 
Uchil, V. Bluetooth Devices in Structural Health Monitoring 
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Telemetry Students
MS
Annamraju, V. Local Positioning Systems 
Ayers, J. LZ Encoder for Telemetry 
Bridges, J. Inverse Multiplexing 
Bryce, R. LZ Encoder for Telemetry 
Burns, T. High Temperature  
Dusitsin, K. Efficient Simulation of Comm Systems 
Gunawardana, U. DLL in Spread Spectrum Sync 
Gupte, A. Sync. In MIMO Systems
Hogrebe, L. Wireless Ad-Hoc Network Processor 
Jacobs, J. Sensor Networks, Mr/Mrs Sat 
Jasper, J.  Ad-Hoc Sensor Networks 
Jenshak, J. MIMO Channel Simulator 
Koehler, T. Beamforming Antenna 
Krishnan, A. DSP Filter Design 
Mehta, P LZ Encoder for Telemetry 
Nepal, N. Breadboard for MIMO Applications 
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Telemetry Students
MS
Nepal, N. Breadboard for MIMO Applications 

Osterloh, Chris Widely Spaced Beamforming Antenna Systems 

Osterwise, C. Sync. In MIMO Systems

Panagos, Adam MIMO Channel Modeling 

Periyapatna, V. Bandwidth Efficient Spread Spectrum 

Potter, C. ISI and MIMO Applications 

Pratt, Jason MIMO Breadboard, Solar Car Telemetry Processor 

Praveen, S. Adaptive reflection cancellation 

Regatte, N. LZ Encoder for Telemetry 

Saidu, P. Local Positioning Systems 

Sharma, G Cognitive Ad-Hoc Networks, Robotics 

Simms, D. Automatic Modulation Recognition 

Snodgrass, A. Ad-Hoc Network Processor Design 

Spencer, J. Ad-Hoc Sensor Networks 

Steffen, Michael Autonomous Robotic Testbed 
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Telemetry Students
MS 
Uchil, V. Bluetooth Devices in Structural Health Monitoring 

VanHouten, J LZ Encoder for Telemetry 

Verma, S. Breadboard for MIMO Applications 

Ward, R. MIMO Channel Modeling 

Yadati, U. PN Code Synchronization 

Yerrabommanahalli, V. SHM Telemetry Networks 

BS
Allen, Jared Remote Monitoring of consumer power systems 

Aparicio, E. Well Pump Telemetry 

AuBuchon, C. Soccer Playing Robot 

Bakai, L. Soccer Playing Robot 

Baker, C. Ad-Hoc Sensor Networks 

Banes, B. Autonomous Well Operations 

Banuelos, J. Soccer Playing Robot 

Barkley, J. Dual Antenna Radio
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Telemetry Students
BS
Bax, M Soccer Playing Robot 

Bell, L. Soccer Playing Robot 

Block, Zachary Solar House 

Bloomquist, S. RFID 

Bohachick, D. Solar Car Telemetry 

Booth, Charles Solar Car Telemetry Processor 

Bourque, Z. Dual Antenna Radio

Braden, K. Soccer Playing Robot 

Brown, T. Assisted Navigation

Buffa, S. Soccer Playing Robot 

Canady, D. RFID 

Carroll, B. Automotive Telemetry 

Chen, J. Soccer Playing Robot 

Clement, Clifford Solar Car Telemetry Processor 

Coats, R. Ambulatory Telemetry  
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Telemetry Students
BS
Cocos, A. Ad-Hoc Infrared Network 

Daniels, C. Ad-Hoc Audio Sensor Network

Dean, J.  Solar Car Telemetry 

DeConink, Chad Solar Car Telemetry 

DeConink, Sarah Solar Car Telemetry 

Diekemper, R. Soccer Playing Robot 

Edwards, B. Assisted Navigation

Egger, M. Well Pump Telemetry 

Eppenberger, D. Ad-Hoc Infrared Network 

Epps, Reginald Solar Servallaince Plane 

Fletcher, J.  Soccer Playing Robot 

Frazee, David Solar House 

Frentzel, C. Dual Antenna Radio

Fu, Qian Cognitive Radio Networks 

Gott, M. Ad-Hoc Sensor Networks 
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Telemetry Students
BS
Goughnour, K. Soccer Playing Robot 

Gray, D. Well Pump Telemetry 

Hancock, Aaron Remote Monitoring of consumer power systems 

Henning, R. Assisted Navigation

Henry, Robert Solar Servallaince Plane 

Hientzleman, M. Soccer Playing Robot 

Hogrebe, Luke Autonomous Robotics 

Huser, A. Telemetry, Paging and SHM 

Jacob, Josh Mr. and Mrs. Sat 

Kaeb, T. MIMO for Aerospace Applications

Keller, J. DSP, Robotic Car 

Kennedy, B. Ad-Hoc Audio Sensor Network

Krupinski, Tim Autonomous Robotics 

Kuykendal, M. Well Pump Telemetry 

Laird, T. Ambulatory Telemetry  
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Telemetry Students
BS
Lavallee, Adam Cognitive Radio Networks 

Lawrence, J. Robotic Telemetry 

Liu, S. Soccer Playing Robot 

Lopez, H. Solar Car Telemetry 

Maloney, S. DSP, Robotic Car 

Mauss, M. Remote Diagnostic Systems 

Mayer, Michael DSP, Robotic Car 

Mayes, Mark Soccer Playing Robot 

McFowland, N. Ad-Hoc Sensor Networks 

McQueary, J Well Pump Telemetry 

Meuth, R. Remote Diagnostic Systems 

Moore, K. Robotic Telemetry 

Moser, J. Soccer Playing Robot 

Murphy, S. Formula Car Telemetry 

Ngo, T. Dual Antenna Radio



35 of 44

Telemetry Students
BS
Nguyen, N. Soccer Playing Robot 

Nguyen, V. Soccer Playing Robot 

Nizolak, M. Ad-Hoc Sensor Networks 

Olejniczak, J. Fiber Optic Telemetry / SHM 

Osterwise, C. Segmented robotic arm 

Parihar, R. Well Pump Telemetry 

Patel, J. Soccer Playing Robot 

Peleate, D. Emergency Vehicle Detection 

Perry, Eric Solar Servallaince Plane 

Pieper, J. Solar Car Mission Planning 

Poettgen, A. Dual Antenna Radio

Ponder, B. Cellular Based Remote Monitoring 

Porter, J.  Well Pump Telemetry 

Potter, C. Digital Signal Processing

Pratt, Frances Solar Car Telemetry Processor 
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Telemetry Students
BS
Pratt, Jason Solar Car Telemetry Processor 

Quiqley, A. Soccer Playing Robot 

Raley, C.  Soccer Playing Robot 

Ramsey, E. MIMO for Aerospace Applications

Ratnaraj Soccer Playing Robot 

Ray, N. Automotive Telemetry 

Redington, S. Soccer Playing Robot 

Reid, T. Solar Car Mission Planning 

Rhodes, T. Ambulatory Telemetry  

Rich, M. Fiber Optic Telemetry / SHM 

Richardson, E. Emergency Vehicle Detection 

Robbins, J. Ambulatory Telemetry  

Sandeep, S. Autonomous Well Operations 

Schuchman, C. Autonomous Well Operations 

Schwieshow, Michael Solar House 
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Telemetry Students
BS
Seaber , J. Dual Antenna Radio

Shelor, K. Emergency Vehicle Detection 

Shishani, Mohammed Solar Servallaince Plane 

Simms, M. Autonomous Well Operations 

Speck, B. Soccer Playing Robot 

Stallard, Bill Autonomous Robotics 

Stewart, R. Soccer Playing Robot 

Stica, Z. Soccer Playing Robot 

Stidham, E. Soccer Playing Robot 

Tan, S. Robotic Telemetry 

Thielker, M. Automotive Telemetry 

Thompson, Katie Remote Monitoring of consumer power systems 

Tonga, A. Formula Car Telemetry 

Underwood, J. Soccer Playing Robot 

Walker, J. Well Pump Telemetry 
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Telemetry Students
BS
Washington, C. Soccer Playing Robot 
Waters, L. Emergency Vehicle Detection 
Williams, A. Dual Antenna Radio
Williams, J. Fiber Optic Telemetry / SHM 
Winker, N. Remote Diagnostic Systems 
Wu, R Fiber Optic Telemetry / SHM 
Zetterlind, V. Telemetry for Propeller Testing 



Freshmen Infinity Project Course

Working with Adam Panagos and SMU
to develop signal processing / 
communications / DSP 
course for Freshmen (and Freshwomen).

39 of 44
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Projects include:
Image Compression
Feature Extraction (Coin Sorter)
Communications (Air Modem)
Filtering

Students design, debug, debug, debug

Freshmen Infinity Project Course
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Infinity Project Course

• Strengths
– Teamwork, System-Level Design, Iterative 

Design, Competition, “real engineering”
• Weaknesses

– Narrowly Focused on Comm/DSP
– No Hardware Design
– Highly Customized Software
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Proposed Course

• Robotics Based
– Team with UNL and/or OSU
– Allow both hardware and software design
– Integrate into upper level courses
– Use TLC lab
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Annual ReportAnnual Report
University of California, Santa BarbaraUniversity of California, Santa Barbara



Center for Advanced Center for Advanced 
Sensing and Imaging ResearchSensing and Imaging Research

(CASIR)(CASIR)

Hua LeeHua Lee
College of EngineeringCollege of Engineering

University of California, Santa BarbaraUniversity of California, Santa Barbara



Technical CoverageTechnical Coverage

Imaging and image processingImaging and image processing
Communications and signal processingCommunications and signal processing
Microwave, acoustic, and THz systemsMicrowave, acoustic, and THz systems
Optics and electroOptics and electro--opticsoptics
Biomedical devices and instrumentationBiomedical devices and instrumentation
BiometricsBiometrics
Hardware, software, and embedded systemsHardware, software, and embedded systems
PhysicalPhysical--layer electronicslayer electronics



CASIR Faculty TeamCASIR Faculty Team

Ron IltisRon Iltis
Ryan KastnerRyan Kastner
Steve ButnerSteve Butner
Forrest BrewerForrest Brewer
Tim SherwoodTim Sherwood
Steve LongSteve Long

Nadir DagliNadir Dagli
Hua LeeHua Lee
Y. F. WangY. F. Wang
Elliott BrownElliott Brown
Rahul SinghRahul Singh
Martin CuljatMartin Culjat



Technical CoverageTechnical Coverage

Core basic research programsCore basic research programs
Radar, sonar, optical, and infrared imagingRadar, sonar, optical, and infrared imaging
Biomedical sensor and imaging applicationsBiomedical sensor and imaging applications
Underwater sensors and communicationsUnderwater sensors and communications
Industry affiliation and tech transferIndustry affiliation and tech transfer



Current CASIR CollaborationCurrent CASIR Collaboration

Marine Science Institute Marine Science Institute (UCSB, UCSD)(UCSB, UCSD)

underwater communication networkunderwater communication network

CASIT CASIT (UCLA School of Medicine)(UCLA School of Medicine)

biomedical imaging and sensorsbiomedical imaging and sensors

National Security Institute National Security Institute (NPS and LLNL)(NPS and LLNL)

radar, sonar, optical, and infrared imagingradar, sonar, optical, and infrared imaging



Advanced Medical Ultrasound ImagingAdvanced Medical Ultrasound Imaging

Elliot BrownElliot Brown
Hua Lee Hua Lee 
Warren Grundfest Warren Grundfest (UCLA)(UCLA)
Rahul SinghRahul Singh
Martin CuljatMartin Culjat



UAV Survey SystemsUAV Survey Systems

Hua LeeHua Lee
Alex Bordetsky Alex Bordetsky (NPS)(NPS)
Steve ButnerSteve Butner
Y. F. WangY. F. Wang



Infrared Imaging SystemsInfrared Imaging Systems

Nadir DagliNadir Dagli
Hua LeeHua Lee
Phil Pace Phil Pace (NPS)(NPS)
Nancy Nancy HaegelHaegel (NPS)(NPS)



Underwater Sensing NetworkUnderwater Sensing Network

Ron IltisRon Iltis
Hua LeeHua Lee
Ryan Kastner Ryan Kastner (UC San Diego)(UC San Diego)
Russell Schmitt Russell Schmitt (MSI, USCB)(MSI, USCB)



Industry Affiliation and Tech TransferIndustry Affiliation and Tech Transfer

Joint research programsJoint research programs
System integration and field testsSystem integration and field tests
Faculty liaison programFaculty liaison program
Joint annual workshopsJoint annual workshops
Industrial research residency programIndustrial research residency program
Shared equipment/infrastructure supportShared equipment/infrastructure support



Planned participation at ITCPlanned participation at ITC

TelemedicineTelemedicine
UAV Network Field ExperimentsUAV Network Field Experiments
Underwater Acoustic TelemetryUnderwater Acoustic Telemetry



Recent ActivitiesRecent Activities

ONRONR--Army TATRC Workshop (August 2008)Army TATRC Workshop (August 2008)
IFT visit (December 2008)IFT visit (December 2008)
Course on Advanced Medical Technology (Fall 2008)Course on Advanced Medical Technology (Fall 2008)
Book project (Wiley, December 2009)Book project (Wiley, December 2009)
Acoustical Imaging Symposium (March 2009)Acoustical Imaging Symposium (March 2009)



20092009--10 Requests10 Requests

IFT liaison to UC Santa BarbaraIFT liaison to UC Santa Barbara
IFT liaison to CASIR technical functionsIFT liaison to CASIR technical functions
ITC industry participation in CASIR workshopsITC industry participation in CASIR workshops
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TELEMETERING ACTIVITIES FOR 2008-09 
 

Michael W. Marcellin 
Department of Electrical and Computer Engineering 

The University of Arizona 
Tucson, AZ 85721 

 
 
 

ABSTRACT 
 

The most recent academic year at the University of Arizona has seen a dramatic increase in 
telemetering related activities. Three undergraduate capstone projects have resulted in 
undergraduate papers being submitted for ITC 2009. Additionally, three graduate student papers 
have been submitted for ITC 2009. The telemetering course will be taught in Fall semester of 
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 
2008-09 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 environmental monitoring system for fire fighters, a wireless record management 
system for hospitals, and a camera design for the Orion spacecraft. These projects are discussed 
briefly below. 
 
The environmental monitoring system was sponsored by the International Foundation for 
Telemetering. This system employs temperature, oxygen, and carbon monoxide sensors. Data 
from these sensors are transmitted wirelessly to a base station using Berkeley motes. 
Environmental conditions are monitored from a computer base station. Alarms are generated 
when environmental parameters approach unsafe levels. The team members for this project are: 
Jae Hyok Goh, Chi Hou Chio, Joseph Caglio, Sandip Uprety, Michelle Ho, and Stephanie 
Mckeefery. They will be presenting their work at ITC 2009. 
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n The medical records project focused on the creation of an automated records management 
system for hospitals. Doctors and patients are given badges and/or wristbands containing 
RFID tags. RFID readers automatically determine the identity of doctors and patients. 
Subject to permissions and security settings, patient records are automatically provided to 
the doctor upon nearing the patient. Skytech RFID readers and Berkeley motes are 
employed for the acquisition and transmission of data. The team members for this project 
are: Thurston Hane, Michael Moore, Kevin Wood, and Michael Z. Stephens. They will 
be presenting their work at ITC 2009.  

 
 

 
Network hardware and RFID reader 
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RFID tags 

 
Computer interface 
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iPhone application 

 
n The remote imaging system acquisition (RISA) space camera project focused on 

designing a camera suitable for the Orion spacecraft. The camera design features a novel 
liquid lens. The team members for this project are Adam Myrick, Evan McKelvy, Wade 
Litchsinn, Jamie Willamson, and Dominic Quihuis. They will be presenting their work at 
ITC 2009.  
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INTERNATIONAL FOUNDATION FOR TELEMETERING FELLOW 
 
The International Foundation for Telemetering has graciously sponsored a graduate fellowship at 
the University of Arizona. The 2008-09 IFT Fellow is Kristin Jagiello. Kristin is an MS student 
in Electrical and Computer Engineering at the University of Arizona. She is doing her thesis on 
LDPC codes for fading channels. She will present her work at ITC 2009.  
 

 
Kristin Jagiello 

 
Through a combination of endowment funds and National Science Foundation support, two 
additional IFT Fellows were named for 2008-09. Shiva Planjery and Anantha Krishnan are PhD 
students in Electrical and Computer Engineering at the University of Arizona. They are doing 
their research on graphical code design. They will present their work at ITC 2009. 
 

 
Shiva Planjery and Anantha Krishnan 
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ITC 2008 ACTIVITIES 
 
The University of Arizona was well represented at the 2008 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, 
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. Additionally, Professor Marcellin gave the keynote lecture at the 
Wednesday luncheon.  
 
Ten students and two faculty members from the University of Arizona attended ITC 2008. We 
had two graduate student papers and two undergraduate student papers. Our undergraduate 
student papers won first and second prize in the undergraduate student paper contest.  
 

 
University of Arizona students and faculty at ITC 2008 

Dzung Nguyen, Kevin Wood, Thurston Hane, Wei-Ren Ng, Kristin Jagiello, 
Dr. Michael Marcellin, Andrea Chaves, Hyun-Jin Park, Han Oh, Mike Moore. 

Not pictured – Sean Tunnel, and Dr. Hao Xin. 
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 – 2009
Dr. Stephen Horan
Klipsch School of Electrical and Computer 
Engineering
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Topics

• Topics
– Staff
– Educational Programs
– Research Programs
– ITC Plans
– Proposal for Support
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Staff

• Faculty
– Dr. Stephen Horan continues as the acting 

Telemetering Chair
– Drs. Phillip Deleon, Deva Borah, and Charles 

Creusere, and Joerg Kliewer continue on the 
faculty

– Dr. Charles Creusere was awarded the IFT 
Professorship in Telemetering and 
Telecommunications in October 2008.
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Staff

• TSCC
– Dr. Sheila Horan is the Chair of the TSCC and 

continues as the Coding and Data Compression 
subcommittee chair



5

Educational Programs

• NMSU BalloonSat
• Capstone Classes

– Parakeet Tracking
– CanSat
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Educational Programs

• BalloonSat
– IFT Sponsorship enabled 

taking our nanosatellite 
design for a ride on a high-
altitude balloon (120 kft 
altitude) last May

– We were able to perform 
many tests of the 
nanosatellite subsystems
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Educational Programs
• BalloonSat

– NASA Columbia Scientific Balloon Facility gave 
NMSU a ride along on a test flight.

– Launch date: 31 May 2008 from Fort Sumner, 
NM; Duration: > 36 hrs.

– Demonstrated real-time control via radio and 
over the Internet to the groundstations at Ft. 
Sumner, NM and Holbrook, AZ

– Major Problem: preparing sensors for vacuum



Educational Programs
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EDU on the carrier

Inflated 
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Educational Programs – Parakeet 
Tracking

• Working with the NMSU 
Biology Department to 
develop a prototype Monk 
Parakeet tracking system
– RF ID tags to identify birds
– Antenna system to be placed 

at nest entry places
– RFID tag reader and antenna 

tuner in base unit
– Bluetooth data link to laptop 

to download data

9



Educational Programs -- CanSat
• Developed a micro-

controller-based sensor 
package to fly on an 
educational rocket 
launch from Spaceport 
America on 5/2/2009
– Sensors for acceleration, 

pressure, temperature
– Geiger counter

• Rocket crashed so no 
data

10

Payload in 
the launch 
can with high 
school 
sensors
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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 
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ITC Plans

• Short Course
– Stephen Horan will offer a short course on basic 

modulation for ITC 2009
• Scholarship Winners

– Electrical Engineering and Computer Science scholarship 
winners will be picked over the summer after spring 
semester grades are “official”

– Scholarship winners will be invited to attend ITC
• NMSU booth at ITC
• Hosting ITC server
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Proposal for Support

• NASA has offered to fly the BalloonSat payload 
again in fall 2009.
– NMSU would like to accept this offer to improve sensors 

for the nanosat design (make them vacuum ready)
– NMSU is also preparing for cubesat/nanosat proposals for 

next year; would like to perform proof-of-concept testing 
for these programs

– NMSU is submitting a proposal to the IFT to help 
refurbish and improve the payload and support the 
launch/flight operations



BYU Report 

Michael Rice 



Outline of Ac6vi6es 

•  BYU Telemetry Lab Hos6ng RCC‐TG 120 in July 
•  New Telemetry‐Related Grants at BYU 

•  ITC 2008 
•  Edwards AFB Project 
•  Quadrotor Project 



New Telemetry‐Related Contracts 

•  NSF Center for High‐Performance Reconfigurable 
Compu6ng (CHReC) 
–  FPGA implementa6ons of PCM/FM and SOQPSK 
– Module Reuse 

•  Test Resource Management Center (TRMC – OSD) 
–  Propaga6on from mul6ple antennas mounted on 
helicopters and on the flight line. 

– Mul6ple‐antenna mul6path mi6ga6on techniques. 

•  Complements 2 exis6ng conracts 
–  Space‐6me coding for aeronau6cal telemetry (CTEIP) 
–  Turbo‐coded APSK for aeronau6cal telemetry (S&T/T&E) 



ITC 2008 

•  Papers 
–  "Space‐Time Shaped Offset QPSK" Xiaoyu Dang and 
Michael Rice, Brigham Young University  

–  "Itera6ve Equaliza6on for SOQPSK in Mul6path 
Fading" Qiang Lei and Michael Rice, Brigham Young 
University 

–  "Adjacent Channel Interference for Turbo‐Coded 
APSK" Christopher Shaw and Michael Rice, Brigham 
Young University 

•  10 students 
–  4 graduate students (3 presenters) 
–  6 students interested in the EAFB project. 



EAFB Senior Project 

•  EAFB Tour 
– flight instrumenta6on center (where the telmetry 
signals originate and transmifed) 

– Building 5790 (where the telemetry signals are 
received) 

– Ridley control center (where the telemetry is 
displayed) 

– “ARTM Lab” (PCM/FM, SOQPSK, CCSDS frame 
structure, the data) 



EAFB Senior Project 

•  The data 

TM 
Receiver 

70 MHz IF 

Wideband 
Sampler 

Hard 
Drive 

100 Msamples/s 

PCM/FM 
and SOQPSK 



EAFB Senior Project 

•  Student tasks 
– design a sonware demodulator 

•  downconversion, resampling, filtering, synchroniza6on, 
bit decisions 

–  frame synchronizer 
– extract data words and display the telemetry 

•  Two teams 
– PCM/FM 
– SOQPSK 



Road trip! 



At the airport 



Taking care of important business in LA 



Breakfast in Lancaster 



Lancaster to Edwards … 



At the intrumenta6on division with 
Mike Golakson 





At Building 5790 







At the Ridley Control Center with Tim 
Chalfant and Diana Bladen 



At the “ARTM Lab” with Bob Jefferis 
and the gang … 



Back at BYU, it’s work and design 
reviewiews … 



The Finished Product 







Quadrotor Senior Project 



 
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 - 48th Annual 

Report 
 

To: Directors of the International Foundation for Telemetering 

 
Subject: 2009 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 conjunction 

with the 2008 International Telemetering Conference in San Diego, California and the second in the 

spring in San Antonio, Texas in conjuction with the 119th RCC-TG conferrence hosted by the 

integrated Network Enchanced Telemetry project (iNET).  Additionally the TSCC was represented at 

the European Telemetry Conference in Toulouse France this year. 

 

This year also saw addition of two new members and a chnge in chair and vice chair positions.  There 

are still two open slots which should be filled by the Fall 2009 meeting.   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, 4 members from government agencies, and 2 from the 

academic area.  We intend to fill the remaining two slots with people from government agencies. 

 

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

 

The TSCC presented the third annual “Best Paper for Telemetry Standards” award at ITC 2008 in San 

Diego this past year.   The paper was: “Considerations for Deploying IEEE-1588v2 in DAS and 

Telemetry Systems”  by Newton, Grim, Moodie) 

 

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 in the telemetry field 

by each group.  The TSCC and the RCC-TG are currently planning another joint session for the fall 

ITC in Las Vegas. 

 

The TSCC has once again requested $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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Telemetering Standards Coordination Committee - 48th Annual 

Report 
 
To: Directors of the International Foundation for Telemetering 

 

Subject: 2009 Annual report continued 

 

Summary of Reviews: 

 

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

following standards:  

CCSCS – Various – link layer security 

IEEE1451 

IRIG 106-09 

XML TMATS schema, and more display schema, chapters 6, 7, 9 & 10 changes 

IRIG-118 

ECMA holographic storage standards 

Reviewed Pink Sheets for IRIG 106-09: 

Chapter 9 Changes: The entire Chapter 9 including most of the changes  

Message Data Attributes New: A new TMATS group, describing message formats 

DDML 3.1 Changes: Proposed changes to the data display standard 

Appendix O Changes: Includes an additional floating point format 

Derived Parameter English New: A new appendix, describing the format for derived 

parameters 

Other IRIG 106-09 topics: 

 Chapter 9 and XML Scheme 

 TMATS Handbook 

Explore possible related INET activities 

AEDP-3 Sanitization Guidance Update 
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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. 
 
 
 
 
 



 
 

INTERNATIONAL CONSORTIUM  
FOR TELEMETRY SPECTRUM 

 
 
 
 
 
 
 
 
 
 

 
 

2009 ICTS Annual Report 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Submitted by the ICTS Officers: 
 

JC Ghnassia (France), Chairman 
Mr Mikel R. Ryan (USA), Vice Chairman 

Mr. Darryl Holtmeyer (USA), Secretary/Treasurer 
 

Regional Coordinators: 
 

Mr. Jean Isnard (France), Region 1 Coordinator 
Mr. Ray Faulstich (USA), Region 2 Coordinator 

Dr. Viv Crouch (Australia), Region 3 Coordinator 
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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     
http://www.telemetryspectrum.org/docs/ictsbylaws.pdf and 
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 21st meeting on 30 October 
2008 (ITC2008 , SAN DIEGO) and its 22th meeting on 23 June , 2009 (ETTC 2009 , 
TOULOUSE , FRANCE). 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 
 

• 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). 
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Mr. Jean Isnard of the SEE is now the focal point for the continuing edition of 
the ICTS e-Newsletter;    

  
 

• maintains the ICTS pages of the www.telemetryspectrum.org web site .Icts 
thanks and congratulates Lidia SABATINI (MITRE Corp.) for her continuous 
support of our website 

 
• Region 3 Coordinator publishes and circulates ICTS news as a component of 

the regular newsletters that are produced by the Southern Cross Chapter of 
the International Test and Evaluation Association (ITEA). Courtesy of the 
Systems Engineering and Evaluation Centre at the University of South 
Australia – these newsletters are web-published at:  
http://www.unisa.edu.au/seec/news/newsletters.asp ; 

 
• 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)and 1.4 (frequency 
attribution to Airport Network and Location Equipment (ANLE) system) , where 
some administrations want to propose the new globally harmonized flight tests 
telemetry band as a candidate band 

 
 
International Awareness Generation (Outreach) 
 
Whilst the ITC/ETTC sessions remain the focus for ICTS business it was apparent 
that a more pro-active approach was necessary in order to engage with the wider 
Test & Evaluation community and radio regulatory bodies.  
The outreach initiative has been the continuing success story of ICTS, largely due to 
the dedication of Mr. Tim Chalfant, ICTS liaison and Mr. Darrell Ernst, Mitre Corp. 
in identifying “target audiences” and developing a strategy for taking the message to 
that audience.  
 
In that post-WRC period we concentrate on the future use of the new bands and on 
key  issues for the coming WRC 2011. 

• In October 2008 , ICTS attended the ITEA annual meeting in Atlantic 
City to get their support to the European conferences where ICTS 
meetings take place.  

• In January 2009 an important outreach mission was conducted by Mr 
ERNST, Mr MAYER and Mr CHALFANT in India and Indonesia to 
explain the importance of using the new bands [ref 1 and 2] 

• This mission was followed by a meeting in Israel with all the key 
persons in the telemetry field , from Army, Air force , Navy, Government 
and industry. We thank Mr Aaron Leshem for his efforts to organize 
this meeting.  

• In Region 1 two invited papers will be  presented in a flight test session 
of the South African Aerospace Symposium, SAIAS 2009 .  

• In Region 3 Mr RYAN attended the Pacific Command Spectrum 
Management Conference, 20-23 July, in Honolulu Hawaii/USA .He met 
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there the Heads of delegations from Australia , New Zealand , Canada , 
Kingdom of Thailand , Republic of the Philippines , Republic of 
Indonesia , Papua New Guinea , Republic of Nepal , People's Republic 
of Bangladesh , Mongolia , Republic of Korea , Government of Malaysia 
, Government of Taiwan to present the ICTS objectives for use of the 
new telemetry bands. 

• ICTS attended 2 CEPT meetings of CPG-PTC , in March in Bucharest 
(Romania) and in September in Geneva , in support of the European 
delegations for protection of the international telemetry band 

 
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 (2011 and 2015) the new attribution of a globally harmonized 
flight test 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. A further augmentation for wideband telemetry needs will 
only be able to be realised in this upper range.      
  
Planned future ICTS meetings: 

ITC 2009, Las Vegas Nevada/USA , October 2009 
ETC 2010 , Germany 

 
Planned future ICTS participations / outreach :  

Aerospace Conference, LIMA ´09, Langkawi/ Malaysia, December 2009 
FTSSA , Pretoria , South Africa , November 2009 

 ITU Working Party 5B Meetings ( two per year), Geneva /Swiss, 2009 / 2010 
 CEPT PTC meetings (TBC) 
 Other  target countries (TBD) 
 
 
 
Reference 
 
 
[1] http://www.telemetryspectrum.org/2009_documents/AeroIndia_2009_Trends.pdf 
  
[2] http://www.telemetryspectrum.org/2009_documents/Ernst-AERO-INDIA-09.doc 
 
 
 
JC Ghnassia , ICTS chairman      September 09 
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ANNEX 1 
 
 
 

 
 

 
ANNEX 2 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Session 17 “Special Session ”

Thursday, 30 October, 2008, 08:30 to 11:30 am 

ITCS: Future Direction of International Telemetry 

“ Enroute to the New Spectrum ” 

1. Welcome of the ICTS Chairman & Introduction 
Dr. Gerhard Mayer, University of Salzburg, Germany 

2. The ICTS:10 Years of Intensive Work Towards the WRC 2007 
Mr. Darrell Ernst, The Mitre Corporation, USA

1. WRC 2007 Decisions on Aeronautical Mobile Telemetry Spectrum 
Mr. Brian Ramsay, The  Mitre Corporation, USA

4. Regional Impacts and Status of WRC 2007 C -Bands Implementation 
- Region 1 (Europe + Africa) Mr. Jean -Claude Ghnassia , France 
- Region 2 (the Americas) Mr. Mikel Ryan, USA
- Region 3 (Asia + Pacific) N.N., Australia

5. Agenda for the WRC 2011: Requesting Spectrum for UAV -Payload 
Telemetry 
Mr. Tim Chalfant , Edwards AFB, USA

44th Annual International 
Telemetering Conference

21st Meeting of the International
Consortium for Telemetry Spectrum 
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ANNEX 2 
 
 

Wednesday, 24 June 2009, 1:00 to 5:00 pm in the Ariane 1 Room 

Session 11: “ Implementing the New Spectrum” 

1. Welcome of the ICTS Chairman & Introduction 
Mr. Jean - Claude Ghnassia, France

2. Regional Reports & Status of WRC 2007 C -Bands Implementation 
- Region 1 (Europe + Africa) Mr. J. Isnard, France
- Region 2 (the Americas) Mr. Ray Faulstich, USA
- Region 3 (Asia + Pacific) Mr. Darrell Ernst, USA (acting) 

3. WRC Success – We Need to Take Advantage NOW
Dr. Gerhard Mayer, University of Salzburg/Austria, Germany

4. C- Band & the Integrated Network Enhanced Telemetry System ( iNET ) 
Mr. Darrell Ernst, The Mitre Corporation, USA

5. 16 GHz Technical Readiness Studies
Mr. Tim Chalfant, Edwards AFB, USA

6. Current Developments Affecting Telemetry Spectrum
Mr. Ken Keane, Duane Morris, USA

7. ICTS Outreach Update
Mr. Tim Chalfant, Edwards AFB, USA

8. Global Positioning System Re -Radiators
Mr. Mikel Ryan, NAWCAD Patuxent River, USA

9. Meeting Conclusion 
Mr. Jean - Claude Ghnassia, France

2009 European Test &
Telemetry Conference

22nd Meeting of the International 
Consortium for Telemetry Spectrum 



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m. Capri 106/107 
 
Session 1: iNET Standards 
 
Chair: Raymond Faulstich, Computer Sciences Corporation 
 
1:30 p.m. 
09-01-01 

“Metadata Description Language: The iNET Metadata Standard 
Language”   
Michael S. Moore, Jeremy C. Price and Andrew R. Cormier, Southwest 
Research Institute, and William A. Malatesta, Naval Air Systems 
Command 
 
This paper will provide the community with an overview of the iNET 
Metadata Description Language (MDL), and describe how MDL can 
support the description of the requirements, design choices, and the 
configuration of devices that make up the Telemetry Network System 
(TmNS). 

 
2:00 p.m. 
09-01-02 

“Applying the iNET System Management Standard” 
Thomas B. Grace, , Naval Air Systems Command, and Allison R. 
Bertrand and Todd A. Newton, Southwest Research Institute 
 
This paper will discuss how to apply the iNET System Management 
Standard to best take advantage of the new networking paradigm – 
including discussion on the ability to monitor or change resource 
allocations, detect fault conditions, or change configuration during any 
phase of a test. 

 
2:30 p.m. 
09-01-03 

“iNET Networking Standards Test Bed”  
Todd A. Newton, Joshua D. Kenney and Myron L. Moodie, Southwest 
Research Institute, and Thomas B. Grace, Naval Air Systems 
Command 
 
This paper discusses the common network test bed developed and used 
by the iNET project working groups to simulate, evaluate, and validate 
the various Telemetry Network System standards. 

 
3:00 p.m. 
09-01-04 

“Key Components of the iNET Test Article Standard” 
Thomas B. Grace, Naval Air Systems Command, and Joshua D. 
Kenney, Myron L. Moodie, and Ben. A. Abbott, Southwest Research 
Institute 
 
This paper discusses the rationale for particular decisions concerning 
key components of the iNET Test Article Segment as mandated by the 
associated iNET standards and the related performance implications. 



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m.                                                  Capri 108 
 
Session 2: Multiple Inputs Multiple Outputs 
 
Chair: Kevin Crawford, NASA Marshall Space Flight Center 
 
1:30 p.m. 
09-02-01 

“A Programmable Dual Modulator Test Bed for MIMO 
Applications” 
John Seaber, Jacob Barkley, Tony Ngo, Adam Poettgen, and Kurt 
Kosbar, Telemetry Learning Center, Missouri University of Science and 
Technology, Rolla, Missouri 
 
This paper describes a recently designed hardware test bed that can be 
used as a modulator and transmitter for MIMO systems using two 
transmitters which have programmable carrier frequencies from 1,025 
to 2,450 MHz.  

 
2:00 p.m. 
09-02-02 

“Symbol Synchronization of GFSK Modulated Signals in a 
Multipath Environment” 
Abhishek Gupte and Kurt Kosbar, Telemetry Learning Center, Missouri 
University of Science and Technology, Rolla, Missouri 
 
This paper investigates the performance of a symbol synchronization 
technique when used for band-limited modulation formats in multipath 
environments as measured through simulations run at various signal-
to-noise ratios over a range of single-reflection multipath channels. 

 
2:30 p.m. 
09-02-03 

“Effects of Synchronization Error on Space Time Block Codes 
Equipped with FSK Waveforms” 
Chris Potter and Adam Panagos, Dynetics, Inc., and Kurt Kosbar, 
Missouri University of Science and Technology, Rolla, Missouri 
 
This paper investigates the degradation in system performance when 
synchronization errors between the transmitter and receiver are 
present using FSK waveforms and the improvement obtained using 
MIMO. 

 
3:00 p.m. 
09-02-04 

“A Method for Tracking the Accuracy of Channel Estimates in 
MIMO Receivers” 
Abhishek Gupte and Kurt Kosbar, Telemetry Learning Center, Missouri 
University of Science and Technology, Rolla, Missouri 
 
This paper presents a method which allows the receiver to track the 
accuracy of its Channel State Information (CSI) estimate resulting in 
improved system performance by reducing transmission disruptions for 
training sequence requests. 



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m. Capri 109/110 
 
Session 3: Network Telemetry 1 
 
Chair: Darryl Burkes, NASA Dryden Flight Research Center 
 
1:30 p.m. 
09-03-01 

“Augmenting Serial Streaming Telemetry with iNET Data 
Delivery” 
Carl Reinwald, CSC  
 
This paper briefly introduces the network protocols referenced in the 
iNET Standard and then identifies the various data flows generated by 
network-based components which comply with the iNET Standard and 
the resulting enhanced telemetry capabilities. 

 
2:00 p.m. 
09-03-02 

“Frequency Agile Transceiver for Advanced Vehicle Data Links”  
Lawrence C. Freudinger, NASA Dryden Flight Research Center, 
Filiberto Macias, U.S. Army White Sands Missile Range, and Harold 
Cornelius, Hi-Val-U Consulting 
 
This paper provides an overview of an ongoing project to validate a 
promising chipset which may deliver the benefits of frequency agility 
for wireless network communications in support of advanced systems 
testing. 

 
2:30 p.m. 
09-03-03 

“AeroRP: A Geolocation Assisted Aeronautical Routing Protocol 
for Highly Dynamic Telemetry Environments” 
Abdul Jabbar and James P.G. Sterbenz, Department of Electrical 
Engineering and Computer Science, University of Kansas 
 
This paper presents a cross layered routing protocol specifically 
designed for the challenging network environment of aeronautical 
telemetry applications known as AeroTP.  

 
3:00 p.m. 
09-03-04 

“Performance and Disruption Tolerance of Transport Protocols for 
Airborne Telemetry Networks” 
Justin P. Rohrer and James P.G. Sterbenz, Department of Electrical 
Engineering and Computer Science, University of Kansas 
 
This paper presents operational modes of the AeroTP in greater detail 
including comparison of its performance with traditional TCP for 
aeronautical telemetry applications. 
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3:30 p.m. 
09-03-05 

“Aeronautical Gateways: Supporting TCP/IP-based Devices and 
Applications over Modern Telemetry Networks ” 
Egemen K. Cetinkaya and James P.G. Sterbenz, Department of 
Electrical Engineering and Computer Science, University of Kansas 
 
This paper discusses the use of gateways for translation between legacy 
and aeronautical protocol at the telemetry network edges. 

 
 
 
 



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m.                                            Skybox 211 
 
Session 4:  Security 
 
Chair:        Rodger Charroux, The Aerospace Corporation 
 
1:30 p.m. 
09-04-01 

" Proposed iNET Network Security Architecture” 
Renata Dukes and Dr. Richard Dean, Morgan State University 
 
This paper presents an enhanced security architecture for the iNET 
project which addresses the key security components of confidentiality, 
integrity and authentication within the demanding wireless network 
environment of aeronautical telemetry applications.    

 
2:00 p.m. 
09-04-02 

"Traceable Enterprise Information Security” 
Charlotte A. Brown-Moorer and Dr. Richard Dean, Morgan State 
University  
 
In this paper a methodology is proposed that bridges the gap between 
security requirements and architecture design at the enterprise level. 

 
2:30 p.m. 
09-04-03 

"Virtualization Security Issues in Telemetry Post-Processing 
Environments” 
Jeff Kalibjian, Hewlett Packard Corporation 
 
This paper discusses the significant efficiency gains that can be 
achieved through the use of virtual computing platforms for TM post-
processing and the related security challenges to be overcome. 

 
3:00 p.m. 
09-04-04 

“Secure Remote Access To Telemetry: A Study in How to Allow 
Remote Access to Satellite Telemetry Data” 
Arthur T. McClinton Jr., Noblis, Inc. 
 
This paper provides an overview of the systems and lessons learned in 
the development of one-way fiber systems at NOAA, known as the 
Secure Remote Access Server (SRAS), to enable secure transfer of 
satellite telemetry to a remote, external user. 

 
3:30 p.m. 
09-04-05 

“iNET – Information Security in a Multi-Service Program ” 
Steve O’Neal, TYBRIN Corporation, Jeff Lukins, Dynetics, Inc., and 
David Hodack, Patuxent River Naval Air Station 
 
This paper presents the strategy for addressing the Certification and 
Accreditation (C&A) requirements of the multi-Service implementation 
of the Initial Operational Capability (IOC) of iNET.  



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m. Skybox 207/208 
 
Session 5: Joint Range Commanders Council – Telemetry Group (RCC-TG) 

and Telemetry Standards Coordinating Committee (TSCC) 
Special Session 

 
Chairs:       Robert Given, Chair, RCC Telemetry Group 
          Dr. Sheila Horan, Chair, Telemetering Standards Coordination                                        
          Committee 
 
This session has been created to allow a panel of experts to share 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. Input from the audience is expected. 
 
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. 

 
 



ITC 2009 Technical Program 

Tuesday, Oct. 27th, 1:30 - 4:30 p.m. Skybox 209/210 
 
Session 6: Telemetry and Range Systems 1 
 
Chair: Victor Martinez, Air Force Flight Test Center 
 
1:30 p.m. 
09-06-01 

"Adjacent Channel Interference Criteria for Aeronautical 
Telemetry Operations with the Tactical Targeting Network 
Technology System” 
Kip Temple, Air Force Flight Test Center 
 
This paper presents recommended channel spacing requirements when 
the Tactical Targeting Network Technology (TTNT) system is utilized 
in conjunction with airborne telemetry systems at test ranges.  

 
2:00 p.m. 
09-06-02 

"Common Display System (CDS) at the NAVAIRWD Ranges” 
Bill Karr, Matt Maxel, and Errol Watson, NAVAIRWD 
 
This paper discusses the Common Display System to be deployed at all 
NAVAIRWD sites, its common core engine, and its extensible 
framework for unique plug-ins to support future requirements. 

 
2:30 p.m. 
09-06-03 

"Standardize your Internet Protocol Traffic with TM over IP” 
Andy Grebe, Apogee Labs, Inc. 
 
This paper discusses the Range Commanders Council (RCC) Telemetry 
over IP standard (TMoIP 218-07) and its applicability to Ranges who 
are contemplating transitioning from Asynchronous Transfer Mode 
(ATM) to Ethernet network backbones.  

 
3:00 p.m. 
09-06-04 

"Look Ma, No Hardware!” 
Juan Guadiana, New Mexico Technology Group 
 
This paper discusses the emergence of software-based decommutators, 
their impact on the specialized telemetry hardware product market, and 
bold predictions about how disruptive they may be to current products 
and standards. 

 
3:30 p.m. 
09-06-05 

"Design and Implementation of an Inertial Measurement Unit 
(IMU) For Small Diameter Ballistic Applications “ 
Edward F. Bukowski and T. Gordon Brown, US Army Research 
Laboratory 
 
This paper presents the design of an inertial measurement unit (IMU) 
for small diameter projectiles and related sensor data in support of 
testing at the U.S. Army Research Laboratory. 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m. Capri 106/107 
 
Session 7: Imaging and Video 
 
Chair: Jesus Benitez, White Sands Missle Range 
 
8:30 a.m. 
09-07-01 

"Visually Lossless Coding for Color Aerial Images using 
JPEG2000” 
Han Oh, Yookyung Kim, and Dr. Michael W. Marcellin, Department of 
Electrical and Computer Engineering, and Ali Bilgin, Department of 
Electrical and Computer Engineering and Department of Biomedical 
Engineering, University of Arizona 
 
This paper describes a psychophysical experiment to measure visibility 
thresholds (VT) for quantization distortion in JPEG2000 and an 
associated quantization algorithm for visually lossless coding of color 
aerial images that approaches a 70% reduction over lossless coding.  
 

  
9:00 a.m. 
09-07-02 

"Remote Imaging System Acquisition (RISA)” 
Wade Lichtsinn, Evan McKelvy, Adam Myrick, Dominic Quihuis, 
Jamie Williamson, Dr. Elmer Grubbs, and Dr. Michael W. Marcellin, 
Department of Electrical and Computer Engineering, University of 
Arizona 
 
This paper presents the progress of the NASA sponsored Remote 
Imaging System Acquisition (RISA) project iteration, tasked with 
implementing a Inter-Integrated Circuit (I2C) communications 
controller on a radiation hardened Field Programmable Gate Array 
(FPGA), characterizing a liquid lens optical system, and adding a 
radiation hardened temperature sensor.  
 

 
9:30 a.m. 
09-07-03 

“Terahertz Spectroscopy for Medical Instrumentation 
Development”  
W. Li, R.S. Singh, J.Y. Suen, Z.D. Taylor, E.R. Brown, and H. Lee, 
Department of Electrical and Computer Engineering, UCSB, and M.O. 
Culjat and W.S. Grundfest, Center for Advanced Surgical and 
Interventional Technology, UCLA 
 
This paper presents an overview of a Terahertz Spectroscopy system 
and its promising future in medical imaging applications.  
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10:00 a.m. 
09-07-04 

"The Design of a Video Acquisition System for Joint Strike 
Fighter” 
 Doug Vu, Lockheed Martin Aeronautics, and John Roach, Teletronics 
Technology Corporation 
 
This paper describes the architecture of video data acquisition system 
being employed on the Joint Strike Fighter test program along with the 
techniques used to reduce the 5 MBps Fibre Channel digital video to a 
bandwidth acceptable for the spectrum constrained, telemetry 
transmission. 
 

 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m.                                             Capri 108 
 
Session 8: Metadata Applications 
 
Chair: Thomas Grace, Naval Air Warfare Center, Aircraft Division 
 
8:30 a.m. 
09-08-01 

“Excel Application Leverages XML to Configure Both Airborne 
Data Acquisition System and Ground Based Data Processing 
System”  
Ted Dunnaville, and Mark Lindsey, Lockheed Martin Aeronautics 
Company 
 
This paper describes the successful implementation of a single 
Microsoft Excel-based tool to program the instrumentation data 
acquisition hardware, the real-time telemetry system, and the post test 
data processing system on an active test program leveraging the XML 
interfaces provided by telemetry equipment vendors. 

 
9:00 a.m. 
09-08-02 

“A Model-Based Methodology for Managing T&E Metadata” 
John Hamilton, Ronald Fernandes, Timothy Darr, and Michael Graul, 
Knowledge Based Systems, Inc., and Charles Jones and Annette 
Weisenseel, Air Force Flight Test Center 
 
This paper presents a methodology for managing diverse sources of 
T&E metadata, based upon a T&E Metadata Reference Model that can 
be mapped to T&E data and process models of individual Range 
followed by discussion of an architecture to support cross-system 
metadata management tasks. 

 
9:30 a.m. 
09-08-03 

“Semantic Web Technologies for T&E Metadata Verification and 
Validation” 
Timothy Darr, Ronald Fernandes, and John Hamilton, Knowledge 
Based Systems, Inc., and Charles Jones and Annette Weisenseel, the 
Air Force Flight Test Center 
 
This paper explains semantic web technologies and describes its use 
for Test and Evaluation (T&E) metadata verification and validation. 

 
 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m.           Capri 109/110 
 
Session 9: Network Telemetry 2 
 
Chair: Michael Golackson, Air Force Flight Test Center 
 
9:00 a.m. 
09-09-01 

“iNET Deployment Process: A Case Study” 
Raymond Faulstich,  Computer Sciences Corporation, and Daniel 
Skelley and Brian Anderson, NAVAIR Patuxent River, MD 
 
 This paper discusses the process, defined and launched by an extensive 
continuous improvement project at the Naval Air Warfare Division 
Aircraft (NAWCAD), to assure a smooth and safe deployment of iNET 
capabilities. 

 
 
8:30 a.m. 
09-09-02 

“Network Telemetry Link Throughput Maximization Approaches” 
Myron L. Moodie, Todd A. Newton, and Ben A. Abbott, Southwest 
Research Institute 
 
This paper presents empirical data from current network-based flight 
test instrumentation systems, discusses several approaches to using a 
network telemetry link and predicts throughput based upon the 
empirical data, and presents recommendations to achieve maximum 
throughput. 

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

“TENA Performance in a Telemetry Network System”  
Kase J. Saylor, Paul B. Wood, and Ben A. Abbott, Southwest Research 
Institute, and William A. Malatesta, Naval Air Systems Command 
 
This paper presents the results and recommendations of an assessment 
conducted by the iNET project on how best to integrate TENA and 
iNET capabilities -  particularly across constrained environments on a 
resource constrained platform.  

 
 
10:00 a.m. 
09-09-04 

“Obtaining an Authority to Operate for an iNET Operational 
Demonstration ” 
David Hodack, Naval Air Systems Command 
 
This paper discusses the operational demonstration of iNET 
capabilities to be conducted on a Navy helicopter at Patuxent River, 
MD, with emphasis on the process of obtaining the Authority to 
Operate network telemetry instrumentation. 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m. Skybox 207/208 
 
Session 10:  Recording 
 
Chair: Tim Gatton, Wyle Telemetry and Data Systems 
 
8:30 a.m. 
09-10-01 

“Networked Flight Test Instrumentation Data Recording 
Solutions” 
Nikki Cranley and Diarmuid Corry, ACRA CONTROL, Inc. 
 
This paper presents analysis and comparison of IRIG Chapter 10 and 
the Packet CAPture (PCAP) formats used for networked 
instrumentation recorder read and write operations.  
 

 
9:00 a.m. 
09-10-02 

“Telemetry Recorders and Disruptive Technologies” 
David Kortick, Astro-Med, Inc. 
 
This paper will explore the effects of disruptive technologies on the 
latest telemetry recorders in terms of the benefits to the users, cost of 
implementation, obsolescence management, and integration 
considerations.  The implications of early adoption of disruptive 
technologies will also be reviewed.       
 

 
 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m. Skybox 209/210 
 
Session 11:  RF Design Receivers and Transmitters 
 
Chair:  Gene Law, CSC Range and Engineering Services 
 
 
8:30 a.m. 
09-11-01 

“Implementation of the Viterbi Algorithm Using Functional 
Programming Languages” 
Tristan Bull, Erik Perrins, and Andy Gill, Department of Electrical 
Engineering and Computer Science, University of Kansas 
 
This paper presents an implementation of the Viterbi algorithm using 
the functional programming language Haskell including properties of 
Haskell used to simplify and optimize development along with 
performance results. 
 

 
9:00 a.m. 
09-11-02 

“The Performance Evaluation of an OFDM-Based INET 
Transceiver” 
Cheng Lu and John Roach, Teletronics Technology Corporation 
 
This paper presents results of performance studies on an 802.11a, 
OFDM-based transceiver that used both simulation and laboratory 
testing.  
 

 
9:30 a.m. 
09-11-03 

“Towards a Low Complexity Implementation of a Multi-H CPM 
Demodulator” 
Arnaud Guéguen and David Auvray, Zodiac Data Systems 
 
This paper reviews a set of techniques intended to reduce the 
complexity of implementing a Multi-h Continuous Phase Modulation 
(CPM) Demodulator in producing an ARTM Tier II waveform and their 
implementation using middle range FPGAs. 
 

 
10:00 a.m. 
09-11-04 

“Upgrade of RCB Receivers for C-Band Reception” 
Terry Hamilton, L-3 Communications, Telemetry East & Global 
Network Solutions 
 
This paper presents an innovative approach to upgrading existing 
range receivers to operate in C-Bands that preserves their operation 
within existing bands. 
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10:30 a.m. 
09-11-05 

“Analysis and Suppression of Power Supply Noise for Airborne 
Telemetering Transmitter” 
WU Qing, YANG Lu-yu, and SONG Peng, North China University of 
Technology, Beijing 
 
This paper analyzes the cause of telemetry transmitter power supply 
noise, its affect on system performance, and methods to improve signal 
modulation.   
 

 
 
 
 



ITC 2009 Technical Program 

Wednesday, Oct. 28th, 8:30 - 11:30 a.m. Skybox 211/212 
 
Session 12:  User Applications 
 
Chair: Lance Self, Air Force Research Lab 
 
 
8:30 a.m. 
09-12-01 

“ Expanding the Role of Telemetry in the Aircraft and Space 
Vehicle Factory Acceptance Test” 
 Len Losik, PhD, Failure Analysis 
 
This paper discusses the use of embedded telemetry in production 
aircraft and space vehicles to reduce infant mortality failures and 
lower program costs.  

 
9:00 a.m. 
09-12-02 

" Temporal, Spectral and Spatial Threat Simulation Using a 
Towed Airborne Plume Simulator (TAPS) “ 
Rick Taylor and Neal Redmond, Scientific Applications International 
Corporation, and Jeff Balding, Center for Countermeasures 
 
 This paper presents an overview of TAPS, a capability being 
developed to test next generation aircraft missile warning and 
countermeasure systems which is controlled in flight via a bi-
directional telemetry link to a witness aircraft. 
 

 
9:30 a.m. 
09-12-03 

“Using Generic Telemetry Prognostic Algorithms for Launch 
Vehicle and Spacecraft Independent Failure Analysis” 
Len Losik, PhD, Failure Analysis 
 
This paper discusses the value of normal telemetry behavior 
predictions, both pre- and post launch, in reducing the risk of 
catastrophic satellite and spacecraft equipment failures. 
 

 
10:00 a.m. 
09-12-04 

“A Wireless Telemetry System to Monitor Gait in Patients with 
Lower-Limb Amputation “ 
Richard E. Fan and Christopher R. Wottawa, Center for Advanced 
Surgical and Interventional Technology and UCLA Department of 
Bioengineering; Martin O. Culjat, and Warren S. Grundfest, UCLA 
Department of Surgery; Marilynn P. Wyatt, Naval Medical Center San 
Diego; and Todd C. Sander, Naval Health Research Center 
 
This paper presents information on a telemetry system used to support 
prosthetic rehabilitation of patients following lower-limb amputation.  
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10:30 a.m. 
09-12-05 

“Sensing with Terahertz Radiation: Applications and Challenges“ 
J. Y. Suen, R.S. Singh, W. Li, D. Taylor, M.O. Culjat, P. Tewari, W.S. 
Grundfest, E.R. Brown, and H. Lee, Department of Electrical and 
Computer Engineering, UCSB and Center for Advanced Surgical and 
Interventional Technology, UCLA 
 
This paper discusses key features of Terahertz radiation, major 
challenges in building THz radiation-based systems, and its 
implementation in biomedical burn imaging and skin hydration.  
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m.             Capri 106/107 
 
Session 13:  Data Acquisition 
 
Chair: Brian Keating, Naval Air Warfare Center, Aircraft Division 
 
2:30 p.m. 
09-13-01 

"Identification and Tracking Application of Self-Configuring 
Sensor Networks from Off-the-Shelf Parts” 
Kevin Wood, Michael Zack Stephens, Michael Moore, Thurston Hane, 
Dr. Michael W. Marcellin, and Dr. Hao Xin, Department of Electrical 
and Computer Engineering, University of Arizona 
 
This paper explores the feasibility of implementing a self-configuring 
sensor network with commercial off-the-shelf (COTS) parts for a real 
world application - a system for managing documents and records in a 
medical triage center.  

 
3:00 p.m. 
09-13-02 

“A Telemetry System For Firefighters” 
Sandip Uprety, Joseph Caglio, Michelle Ho, Chi Hou Chio, Stephanie 
McKeefery, Jae Hyok Goh, Dr. Michael W. Marcellin, and Dr. 
Kathleen Melde, University of Arizona 
 
This paper discusses the design and implementation of a telemetry 
system intended to improve firefighter safety by enabling a fire chief to 
remotely monitor the environment of individual firefighters while 
engaged in a fire response activity.  
 

 
3:30 p.m. 
09-13-03 

“The F-22 Radar Instrumentation System” 
Louis Natale, Lockheed Martin Aeronautics, and John Roach, 
Teletronics Technology Corporation 
 
This paper describes the design requirements of an instrumentation 
package to collect and record mission critical, complex, and high-rate 
radar data off an F-22 and how those requirements were met using a 
networked data acquisition system. 

 
4:00 p.m. 
09-13-04 

“Commonality of Programming Protocols” 
Dave Powell, Telemetry Technology Consultants Inc., and Paul Cook, 
Teletronics Technology Corporation 
 
This paper discusses the importance of programming protocol 
commonality in the setup, control and status monitoring of network 
interfaced telemetry products, presents possible control interfaces to 
achieving that commonality, and raises the need for the Range 
Commanders Council to address the topic. 
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4:30 p.m. 
09-13-05 

“Automatic Format Generation Techniques For Network Data 
Acquisition Systems ” 
Benjamin Kupferschmidt and Eric Pesciotta, Teletronics Technology 
Corporation 
 
This paper discusses several techniques that can be employed for 
automatic format generation of the data stream for network data 
acquisition systems.  
 

 
5:00 p.m. 
09-13-06 

“IntelliBus: Network Solution for Distributed High-Performance 
Data Acquisition Systems ” 
Philip J. Ellerbrock and Christian H. Winkelmann, The Boeing 
Company 
 
This paper explores the development of the Intellibus data acquisition 
system, the technical challenges it addresses, the benefits the 
technology brings, and its current applications. 
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m. Capri 109/110 
 
Session 14:  Data Processing / Management 
 
Chair: James Yates, L-3 Telemetry and RF Products 
 
2:30 p.m. 
09-14-01 

“The Development and Evaluation of a Quasi-Real Time Decision 
Aid Tool”  
Nelson Paiva Oliveira Leite, PhD, Leonardo Mauricio de Faria Lopes, 
and Fernando Walter, PhD, Instituto Technologico de Aeronautica, Pça 
Marechal Eduardo Gomes nº50, São José dos Campos, SP, Brazil 
 
This paper presents the development and evaluation of a tool used to 
conduct quasi-real time data reduction and analysis using lossless 
telemetry transmission techniques instead of post test processing of on-
board recorded data. 
 

 
3:00 p.m. 
09-14-02 

“Collaborative Environment Learning: The Key to Localization of 
Soldiers in Urban Environments” 
Shahram Moafipoor, Dr. Lydia Bock, Dr. Jeffrey A. Fayman, Dr. Gerry 
Mader, Michael Strong, Geodetics Inc. 
 
This paper presents an overview of the various current techniques used 
to generate localization information in urban environments followed by 
an alternative approach based on environment learning and 
collaborative navigation that is fused to form a multi-sensor system. 
 

 
3:30 p.m. 
09-14-03 

“Post Processing Data Analysis Data” 
Nancy Irick, Raytheon Missile Systems 
 
This paper discusses post-test data processing, comparison of data 
from different and sources, and various methods of presentation of this 
data.   
 

 
4:00 p.m. 
09-14-04 

“The Design of Web-oriented, Distributed Post-flight Data 
Processing Networked System” 
Huaiyi Dang, Junmin Zhang, and Jianjun Wang, Chinese Flight Test 
Establishment, YanLiang, Xi’an, China 
 
This paper presents the design and implementation of a distributed, 
Web-based post-flight data processing system that supports many 
concurrent users.   
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m.                                            Skybox 206 
 
Session 15:  Error Control Coding 
 
Chair: Terry Hill, Quasonix 
 
2:30 p.m. 
09-15-01 

“Measuring and Evaluating Best Source Selection” 
Diarmuid Corry, ACRA CONTROL, Inc. 
 
This paper discusses how parameters such as noise, offset, gain, phase, 
and drift are measured when evaluating best source selectors and the 
performance improvements to be gained through their use.  
 

 
3:00 p.m. 
09-15-02 

“Implementation of an LDPC Decoder Using Functional 
Programming Languages” 
Brett W. Werling, Erik Perrins, and Andy Gill, Department of 
Electrical Engineering and Computer Science, University of Kansas 
 
This paper presents an implementation of a low density parity check 
(LDPC) decoder using Haskell including a general overview of the 
software design, advantages of using a functional programming 
language, and an evaluation of the implemented model in terms of 
accuracy.  
 

 
3:30 p.m. 
09-15-03 

“Convolutional versus LDPC and Turbo codes on the Rayleigh 
Fading Channel” 
Kristin Jagiello, Charlie Cooper, William E. Ryan, and Dr. Michael W. 
Marcellin, ECE Department, University of Arizona 
 
This paper discusses the models, simulations, and results of comparing 
the performance of low-density parity-check (LDPC) codes, turbo 
codes and convolutional codes over the binary-input AWGN channel 
with flat Rayleigh fading.  
 

 
4:00 p.m. 
09-15-04 

“Low-density Parity-check Codes which can correct Three Errors 
under Iterative Decoding” 
Anantha Raman Krishnan, Shashi Kiran Chilappagari, Bane Vasic, and 
Dr. Michael W. Marcellin, Department of Electrical and Computer 
Engineering, University of Arizona 
 
This paper discusses a technique for implementation of low-density 
parity-check (LDPC) codes which can correct up to three errors and 
present the supporting simulation results. 
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m. Skybox 207/208 
 
Session 16:  Modulation and Coding 1 
 
Chair: Dr. Rich Hansen, Air Force Flight Test Center (ret.) 
 
2:30 p.m. 
09-16-01 

“Preamble Design for Symbol Timing Estimation from SOQPSK-
TG Waveforms” 
Baris I. Erkmen, Andre Tkacenko, and Clayton M. Okino, Jet 
Propulsion Laboratory, California Institute of Technology 
 
This paper presents results of analysis and simulation of preambles for 
shaped offset quadrature phase-shift keying (SOQPSK) waveforms and 
compares the performance of several preambles by deriving the 
Cramer-Rao bound (CRB) - identifying a desirable one for the 
Telemetry Group. 

 
3:00 p.m. 
09-16-02 

“Synchronization for Burst-mode APSK” 
Christopher Shaw and Michael Rice, Brigham Young University 
 
This paper presents the derivation of the bounds on the performance of 
data-aided joint estimators for timing offset, carrier phase offset, and 
carrier frequency offset for use in an APSK packet-based 
communication link.  

 
3:30 p.m. 
09-16-03 

“Performance Comparison of OFDM and DSSS over an 
Aeronautical Channel” 
Daniel Ehichioya, Arya Golriz, Dr Arlene Cole-Rhodes, and Dr 
Richard Dean, Morgan State University 
 
This paper presents a performance framework for OFDM and 
supporting simulation results by contrasting its performance with 
Direct Sequence Spread Spectrum (DSSS) over aeronautical channels. 
 

 
4:00 p.m. 
09-16-04 

“Coded SOQPSK-TG Using The Soft Output Viterbi Algorithm” 
Daniel Alam and Erik Perrins, Department of Electrical Engineering 
and Computer Science, University of Kansas 
 
This paper presents a system-level description of a serially 
concatenated convolutional coding scheme for Shaped Offset 
Quadrature Phase Shift Keying, Telemetry Group (SOQPSK-TG) 
which shows strong performance and low complexity through the a 
modified Soft Output Viterbi Algorithm (SOVA). 
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4:30 p.m. 
09-16-05 

“The Technology of DBPSK Modulation-Demodulation For 
Telecommand in Remote Control” 
Chi-Heng Mao, Kun Huang, Peng Song, Yu-long Han, College of 
Information Engineering, North China University of Technology, 
Beijing, China 
 
This paper presents the use of software radio and Differential Binary 
Phase Shift Keying (DBPSK) technologies in the design of a remote 
controlled test system for guided missile systems.  
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m. Skybox 209/210 
 
Session 17:  Telemetry and Range Systems 2 
 
Chair: Chris Paust, OUSD (AT&L), TRMC 
 
2:30 p.m. 
09-17-01 

“Advantages of Using a Modular Architecture to Extenuate the 
Effects of Disruptive Technologies” 
Yason Khaburzaniya, L-3 Communications 
 
This paper discusses the advantages of the Modular Architecture 
methodology for telemetry software implementation as a means to 
combat the typically high adoption costs of disruptive technologies. 

 
3:00 p.m. 
09-17-02 

“A COTS and Standards Based Solution to Weapons Systems 
Integration” 
Michael A. Scardello, Spiral Technology, Inc., William R. Packham, 
TRAX International, Inc., and Michael Diehl, U.S. Army Yuma 
Proving Ground 
 
This paper presents an overview of the Weapons System Test and 
Integration Laboratory (WSTIL) at the U.S. Army Yuma Proving 
Ground  - an automated mechanism for ground testing weapon systems 
and sensors to focus and optimize subsequent open air flight testing. 

 
3:30 p.m. 
09-17-03 

“The Test and Training Enabling Architecture (TENA) Enabling 
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 
 
This paper presents an overview of TENA and JMETC and their 
extensive use across the DoD in the conduct of distributed live, virtual, 
and constructive (LVC) testing to support major acquisition programs 
in verifying compliance with Net-Ready Key Performance Parameters. 

 
4:00 p.m. 
09-17-04 

“Adding Flight Termination Capability to a Missile Telemetry 
Section ” 
Scott Kujiraoka, NAVAIR Pt. Mugu, and Russell G. Fielder and Alvia 
D. Sandberg, NAVAIR China Lake 
 
This paper presents current efforts to incorporate Flight Termination 
System (FTS) capabilities into a flight qualified missile telemetry 
subsystem developed under the Joint Advanced Missile Instrumentation 
(JAMI) program and related efforts to upgrade Navy and Air Force 
Test Ranges to use this capability. 
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4:30 p.m. 
09-17-05 

“Performance Analysis of Reentry TDOA Positioning System” 
Xie Nan and Zhang Futang, Institute of Electronic Engineering, China 
Academy of Engineering Physics, Mianyang, Sichuan, China 
 
This paper discusses a Time Difference of Arrival (TDOA) positioning 
system for acquiring and tracking re-entry vehicles, the key 
technologies used, and potential methods for improving precision over 
this initial approach.   
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Wednesday, Oct. 28th, 2:30 - 5:30 p.m. Skybox 211/212 
 
Session 18:  Telemetry in Extreme Environments 
 
Chair:  Robert Sakahara, NASA Dryden Flight Research Center 
 
 
2:30 p.m. 
09-18-01 

“Potential Solutions to Communications During Plasmasonic 
Flight” 
Charles H. Jones, PhD, Air Force Flight Test Center 
 
This paper reviews expert supported solutions from the ‘Workshop on 
Communications through Plasma during Hypersonic Flight’, their pros 
and cons, and a recommended way forward to solving this challenging 
problem. 
 

 
3:00 p.m. 
09-18-02 

“Data Acquisition Blasts Off – Space Flight Testing” 
Diarmuid Corry, ACRA CONTROL, Inc. 
 
This paper discusses the challenges of using commercial off-the-shelf 
equipment as a cost effective approach for flight test data acquisition 
systems in the space testing domain.  
 

 
3:30 p.m. 
09-18-03 

“Using Oracol for Predicting Long-Term Spacecraft Telemetry 
Behavior” 
Len Losik, PhD, Failure Analysis 
 
This paper discusses the use of Oracol as an automated tool which can 
predict spacecraft systems failures and mitigate impacts through 
understanding and analysis of normal telemetry systems behavior. 
 

 
4:00 p.m. 
09-18-04 

“Electrostatic Approach for Mitigation of Communication 
Attenuation during Directed Energy Testing ” 
Madhusudhan Kundrapu and Michael Keidar, George Washington 
University, and Charles Jones, Air Force Flight Test Center 
 
This paper discusses an electrostatic approach for mitigation of 
telemetry communication attenuation during testing of a laser powered 
directed energy weapon. 
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Thursday, Oct. 29th, 8:30 - 11:30 a.m.                                              Capri 110 
 
Session 19:  Antennas 
 
Chair: Archie Moore, Spiral Technology, Inc. 
 
8:30 a.m. 
09-19-01 

“Multipath Mitigation for Aeronautical Telemetry with Multiple 
Antennas” 
Ian E. Williams and M. Saquib, Department of Electrical Engineering, 
University of Texas at Dallas 
  
This paper discusses research that explores multipath mitigation 
techniques with ARTM Tier-1 waveforms using linear adaptive filters, 
multiple receive antennas and error-based best source selection.  

 
9:00 a.m. 
09-19-02 

“Development of a Synthetic Beamforming Antenna – From 
Drawing Board to Reality” 
Anand Kelkar, Norm Lamarra, and Thomas Vaughn, Creative Digital 
Systems 
 
This paper discusses the development and fielding of a Digital 
Beamforming (DBF) Antenna built for an airborne telemetry 
application including the Model-based Design Approach used to 
incrementally and rapidly develop its capabilities. 
 

 
9:30 a.m. 
09-19-03 

“Direct Spatial Antenna Modulation for Phased-Array 
Applications” 
Brecken Uhl, Invertix Corporation 
 
This paper discusses Direct Spatial Antenna Modulation (DSAM) 
technology in support of a smart antenna approach to meet evolving 
network telemetry capabilities such as on-the-fly Quality of Service 
(QoS) management and transition to new operating bands.  
 

 
10:00 a.m. 
09-19-04 

“Antenna Tracking and Command Destruct Capabilities Based On 
Angular Velocity and Acceleration” 
Hal Altan, Honeywell International 
 
This paper presents an analysis of how well typical range safety 
telemetry tracking and command destruct system antennas will perform 
under the high dynamics of a satellite launch condition – particularly 
the high angular velocity (w) and acceleration (α ) rates.  
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10:30 a.m. 
09-19-05 

“Low Noise Amplifiers with High Dynamic Range ” 
Robert Ridgeway, Digi International 
 
This paper discusses the potential benefits of advances in Low Noise 
Amplifier components to achieve signal to noise improvements of up to 
15dB (six times more link distance) for a skyward looking antenna. 
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Thursday, Oct. 29th, 8:30 - 11:30 a.m.            Capri 108/109 
 
Session 20:  Joint Advanced Missile Instrumentation (JAMI) Users Group 

Special Session 
 
Chair: Steven Meyer, Naval Air Warfare Center, Weapons Division 
 
JAMI is a Central Test and Evaluation Investment Program (CTEIP) sponsored project 
that has developed a Global Positioning System (GPS) Time Space Position Information 
(TSPI) solution for telemetry applications. The purpose of the users group is to provide a 
forum for users to share their experience and application of the technology, discuss 
issues with the current system, and develop recommendations for future enhancements. 
 
Additional Presenters: 
 
Sara Hussong, Utah Test and Training Range, JAMI Ground Station installation and 
operations 
 
Dwight Kelly, Eglin Air Force Base, JAMI AMRAAM live fire testing and multipath 
issues over water 
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Thursday, Oct. 29th, 8:30 - 11:30 a.m. Skybox 207/208 
 
Session 21:  Modulation and Coding 2 
 
Chair:         Dr. Gerhard Mayer, University of Salzburg, Austria 
 
8:30 a.m. 
09-21-01 

“OFDM Performance on Aeronautical Channel” 
Daniel K. Kamirah and Dr. Richard Dean, Department of Electrical and 
Computer Engineering, Morgan State University 
 
This paper provides an introduction to OFDM, demonstrates how 
orthogonality is maintained over multipath channels by the 
introduction of a guard band and inclusion of a cyclic prefix, and 
presents simulation results of signal degradation with and without the 
guard band and cyclic prefix. 

 
9:00 a.m. 
09-21-02 

“A System-Level Description of a SOQPSK-TG Demodulator for 
FEC Applications” 
Gino Rea and Erik Perrins, Department of Electrical Engineering & 
Computer Science, University of Kansas 
 
This paper presents a system-level description of a demodulator for 
Shaped Offset Quadrature Phase Shift Keying, Telemetry Group 
version (SOQPSK-TG) for use in forward error correction (FEC) 
applications and its performance in the additive white Gaussian noise 
channel based on the observed bit error rate at different signal-to-noise 
ratio levels. 

 
9:30 a.m. 
09-21-03 

“Performance of an OFDM-based DVB-T System and its FPGA 
Implementation” 
Luyu Yang, Peng Song, and Qingping Song, Department of Electronic 
Information Engineering, North China University of Technology, 
Beijing, China 
 
This paper discusses the performance simulation of OFDM in 
MATLAB using Simulink and its implementation using Field 
Programmable Gate Array technology. 

 
10:00 a.m. 
09-21-04 

“Improved Error Performance on SOQPSK Modulation Using a 
Ternary Symbol Encoder” 
David T. Counsil and Ratish J. Punnoose, Sandia National Laboratories 
 
This paper discusses a new ternary symbol encoder to replace the 
existing differential encoder and pre-coder for SOQPSK which 
improves error performance while effectively maintaining the spectral 
properties. 
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Thursday, Oct. 29th, 8:30 - 11:30 a.m.          Skybox 211/212 
 
Session 22:  International Consortium of Telemetry Spectrum (ICTS) Special 

Session: “Use to Protect the New Spectrum” 
 
Chair: Jean Claude Ghnassia, ICTS Chair 

 
Welcome / Introduction                            Jean Claude Ghnassia, France  

 
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 
 
Current Challenges to TM Spectrum   Mr. Ken Keane, USA 
 
Illegal long range cordless phones update  Mr. Mikel Ryan, USA 
 
After a successful WRC 2007: Implementing C-band Flight Test TM NOW!  
       Mr. Gerhard Mayer, Germany 
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Thursday, Oct. 29th, 8:30 - 11:30 a.m.                                           Skybox 206 
 
Session 23:  System Management 
 
Chair:         Lee Eccles, Boeing Company 
 
8:30 a.m. 
09-23-01 

“Design Considerations for Networked Data Acquisition Systems” 
Nikki Cranley, PhD, and Diarmuid Corry, ACRA CONTROL, Inc. 
 
This paper discusses the necessary planning and design phases to 
investigate, analyze, fine-tune and optimize performance of a 
networked data acquisition system. 

 
9:00 a.m. 
09-23-02 

“Strategies for Optimized Spectrum Allocation and Management” 
Michael K. Painter, Ronald Fernandes, PhD, Satheesh Ramachandran, 
PhD, Ajay Verma, PhD, Knowledge Based Systems, Inc., and Charles 
H. Jones, PhD, Edwards AFB 
 
This paper describes research aimed at investigating how to help 
decision makers devise optimized frequency scheduling and 
management strategies, both for advanced planning and real-time 
metrics adjustment.   
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Thursday, Oct. 29th, 8:30 - 11:30 a.m.                                           Capri 112 
 
Session 24:  Telemetry Systems and Architectures 
 
Chair:         Jaime Reyes, White Sands Missile Range 
 
8:30 a.m. 
09-24-01 

“Using Telemetry Science, an Adaptation of Prognostic Algorithms 
for Predicting Normal Space Vehicle Telemetry Behavior from 
Space for Earth and Lunar Satellites and Interplanetary 
Spacecraft” 
Len Losik, Ph.D, Failure Analysis 
 
This paper discusses the benefits of using TM and embedded prognostic 
algorithms in launch vehicles and spacecraft to predict and mitigate 
equipment failures – using current equipment / vehicle failure analysis 
practices from the electrical and mechanical manufacturing sectors.  

 
9:00 a.m. 
09-24-02 

“Data Flow and Remote Control in the Telemetry Network 
System” 
Daniel T. Laird,  Edwards AFB, and Jon Morgan, JT3 LLC 
 
This paper discusses prototype development and preliminary findings 
of full Telemetry Network System (TmNS) channel prototype testing 
which employed specific aspects of IRIG-106 telemetry standards and 
Internet Protocol (IP) with User Datagram Protocol (UDP) transport. 

 
9:30 a.m. 
09-24-03 

“The Pacific Region Interoperability Test and Evaluation 
Capability (PRITEC) program seeks to enhance interoperability 
between test and training assets in the Pacific and other DoD 
ranges and facilities” 
Scott A. Hermann,  Pacific Missile Range Facility, Mark A. Wigent, 
SAIC, and Tomas C. Chavez, CSC  
 
This paper discusses efforts at the Pacific Missile Range Facility to 
develop a suite of tools known as the Pacific Ranges Interoperable Test 
& Evaluation Capabilities (PRITEC) that will facilitate implementation 
of JMETC and TENA. 

 
10:00 a.m. 
09-24-04 

“The Software Decommutation Model (DSM)” 
Larry Creel and Richard Engler, Alexis Telemetry Inc., White Sands 
Missile Range 
 
This paper describes the software decommutation approach to putting 
end users in direct touch with the information stored in TM streams 
and converting TM applications into this new way of doing things. 
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ABSTRACT 

In order to help manage the complexity in designing and configuring network-based telemetry 
systems, and to promote interoperability between equipment from multiple vendors, the 
integrated Network-Enhanced Telemetry (iNET) Metadata Standards Working Group 
(MDSWG) has developed a standard language for describing and configuring these systems. 

This paper will provide the community with an overview of Metadata Description Language 
(MDL), and describe how MDL can support the description of the requirements, design choices, 
and the configuration of devices that make up the Telemetry Network System (TmNS).  MDL, 
an eXtensible Markup Language (XML) based language that describes a TmNS from various 
aspects, is embodied by an XML schema along with additional rules and constraints.  Example 
MDL instance documents will be presented to illustrate how MDL can be used to capture 
requirements, describe the design, and configure the equipment that makes up a TmNS.  Various 
scenarios for how MDL can be used will be discussed. 

KEYWORDS 

iNET, Metadata, XML, MDL, schema 

INTRODUCTION 

The integrated Network-Enhanced Telemetry (iNET) project is developing standards for 
network-based telemetry systems to promote interoperability between systems, devices, and 
applications which may have been developed by different organizations and vendors.  The 
project is developing new capabilities for telemetry systems, including a two-way wireless 
communications link between test articles and ground stations, as well as a system level 
management capability for configuring, controlling, and monitoring the systems and devices.  
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With the increases in capability necessarily comes an increase in complexity in these systems.  
Additional technologies and devices require management.  Managing the increased complexity 
requires the use of applications that can automate the configuration, control, and status 
monitoring of the equipment and systems.  For this type of automation to be feasible requires 
standard management interfaces and configuration information.  The iNET project recognized 
the need for such standards and created the system management standards working group 
(SMSWG) and the metadata standards working group (MDSWG). 

The SMSWG has developed standard interfaces for managing systems and devices.  The system 
management interface standard is based on simple networking management protocol (SNMP) 
and supports the management of faults, configuration, accounting, performance, and security 
(FCAPS). The configuration interface depends upon a metadata file that will be used to 
configure systems and devices.  A standard format of the configuration file is required to ensure 
interoperability. 

The MDSWG has developed metadata description language (MDL), a common interchange 
language that describes requirements, design choices, and configuration information for 
Telemetry Network Systems (TmNS).  MDL is an eXtensible Markup Language (XML)-based 
language, the syntax of which is constrained by a schema.  The MDL schema itself is described 
using an XML schema.  The MDL schema is specified in the XML schema definition (XSD) 
language, which is defined by the world wide web consortium (W3C) (www.w3.org).  A 
configuration file is an instance of the MDL language, and is called an MDL instance document. 

The MDL language syntax consists of a vocabulary, rules for construction, and a set of types.  
The syntax provides a guide for building sentences in the MDL language to describe telemetry 
systems.  Sentences in the MDL language are stored in instance documents.  The syntax is 
encoded into the MDL schema, which can be used to check a specific instance document for 
compliance with the syntax of the MDL language. 

Language syntax provides the basic structure of sentences, but does not define the meaning of 
those sentences.  The semantic of MDL is the meaning of the network and data descriptions, 
which is driven by how those descriptions will be used in the test process.  MDL instance 
documents will be constructed using tools during the design and implementation of tests.  
Sections of the metadata instance documents will be created using potentially range and/or test 
specific workflows, and pieces of metadata will perhaps be reused from earlier tests.  The rules 
that govern whether a document is valid must be designed in a way that is cognizant of the 
current state of the document in the design process.  This presents a challenge, as schema based 
syntax checks do not provide the richness necessary to define sophisticated context-sensitive 
rules.  These rules must be developed based on context-sensitive semantics that follow from the 
ways the document is likely to be used in the important stages of development. 

The semantic of MDL is represented by the set of use cases, and the transformations that will be 
performed on the instance documents during the test.  The semantic is strongly interrelated to 
document validity and the use cases, and will be encoded into the tools that implement a 
particular workflow.  The biggest challenge in developing a standard language lies not in 
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defining the syntax, but in creating a common semantic understanding so that individuals, 
applications, and tools will be able to exchange information non-ambiguously. 

This paper will explain MDL in detail.  It will begin by explaining the complexities that drive the 
need for a common metadata language.  Following is a brief discussion of representative use 
cases and how the MDL language semantic will support them.  It concludes with a description of 
the MDL syntax, guided by a set of examples that will show how MDL can be used to support 
the required scenarios. 

COMPLEXITY IN NETWORK-BASED TELEMETRY SYSTEMS 

Test instrumentation is evolving to meet the growing demand for test data.  This demand is 
driven by more complex systems being tested as well as the validation of higher fidelity models 
that are part of the design processes used to develop modern air vehicles and other remotely 
tested platforms.   

To accommodate these needs, commercial networking technologies are being adapted and 
incorporated into traditional acquisition hardware to allow measurements at the edges to be 
aggregated for onboard recording and transmission to live test monitoring sites.  In fact, many of 
the systems being tested are implemented with networking technologies that potentially support a 
very large number of measurements. 

These networked acquisition systems are more complex than their predecessors and so require 
more data to describe their configurations, as well as that of the larger test environment.   

Operation of these networked acquisition systems requires large amounts of descriptive 
information to be captured and exchanged by various software applications and involve human 
interaction with the engineers that use, select, and install them.  The various roles performed by 
participants in the testing activities dictate which subsets of the descriptive data are of interest.   

The volume of descriptive data required, coupled with the role-oriented sub-setting, highlights 
the benefits of creating special tools to facilitate interaction with the data to minimize human 
error and ease the management of complex relationships within the data itself. 

These tools often collaborate without foreknowledge.  A standard descriptive language is 
required to enable collaboration in an extensible manner whereby new interactions and functions 
can be achieved without degrading existing ones.  For this type of future proofing to actually 
occur, the descriptive language must be designed up-front with this flexibility in mind.   

A model-driven approach was used to develop MDL, which allowed a system level view of the 
metadata.  This set the stage for correctly choosing the boundaries between abstraction and 
simplicity, while keeping the door open for extensibility to unforeseen future capabilities. 
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MDL USE SCENARIOS 

For the purposes of this paper, a notional workflow for the design of an instrumentation system 
will be described.  This workflow will be separated into scenarios for each step.  It is not 
intended for this workflow to be complete, but only to serve as a basis for highlighting several 
key features of the MDL. 

Describe Test Requirements: The design of the instrumentation is initiated as a set of 
measurement descriptions from engineers and analysts that will evaluate the data that is 
ultimately collected during the test.  These descriptions may include how the measurement is to 
be acquired (sensor installation or monitor an existing bus), the expected range of the 
measurements to be taken (in engineering units), the desired frequency content, the uncertainty 
required, the classification level, how the measurement should be available during the test (e.g. 
telemetered and recorded), and so on. 

Describe Data Formats: Data formats are selected that are capable of satisfying the 
requirements.  Essentially this step is where the “data containers” are described.  This is 
primarily with respect to the sample rates chosen to achieve either adequate frequency content 
for analog measurements or to ensure that no messages are lost for bus monitors.  Selecting these 
formats is never quite that simple, however, and in reality, requires many trades to be evaluated 
to ensure that the data can be transported and processed by available hardware.  Guiding 
principles are also considered, such as attempting to minimize the overhead associated with just 
moving the data through the system. 

Design Test Network: Once the acquisition hardware and data formats have been selected, the 
pieces must be assembled into a system.  The result is a description of how everything is 
interconnected.  There are many trades, including capacities of each network link, switch, router, 
etc.  Here, too, there are guiding principles that are sometimes at odds such as the desire to 
minimize the number of connections balanced against the physical distribution of the sensor 
locations.  There may also be second-tier issues like creating virtual networks to achieve some 
specialized function. 

Optimize the Network: This is the area where all of the pieces come together and where the most 
new concepts will be encountered by instrumentation engineers familiar only with the current 
PCM-based systems.  Practical limitations of the commercially derived devices that comprise the 
network must be balanced against performance expectations in terms of how measurements are 
delivered to the engineers and analysts during the conduct of the test.  Instrumentation engineers 
will choose how to group measurement packages into messages and assign markings for those 
messages that indicate how they should be handled by devices in the network relative to other 
messages. 
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MDL SYNTAX AND EXAMPLES 

MDL describes telemetry systems from several aspects.  The primary aspects include data 
descriptions, quality of service descriptions, and network descriptions. 

Data Descriptions:  MDL includes five major data-related descriptions: 

 Measurements 
 Packages 
 TmNS data messages (TDM) 
 Transport attributes 
 Paths 

XML snippet A in Figure 1 shows an example of a <TransportAttributes> element describing 
data available on a Network. 
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<Path ID="xa5">
    <NetworkConnectionRef ID="xc1"/>
    <NetworkConnectionRef ID="xc2"/>

                           ...
    <NetworkConnectionRef ID="xc8"/>
</Path>

<TransportAttributes ID="xbbb2">
    <Description> TUDP from DAU to Ground/Recorder 
            </Description>
    <DestinationIP>224.2.5.2</DestinationIP>
    <TransportType>UDP</TransportType>
    <IPVersion>4</IPVersion>
    <MessageDefinitionRef IDREF="xaaa1"/>
    <MessageDefinitionRef IDREF="xaaa2"/>
    <SinkNetworkNode IDREF="x4"/>
    <SourceNetworkNode IDREF="x6"/>
    <Path>  …   </Path>
</TransportAttributes>

<MessageDefinition ID="xaaa2">
    <MessageDefinitionID>2</MessageDefinitionID>
    <MaximumMessageLatencySeconds>0.5
            </MaximumMessageLatencySeconds>
    <TransportAttributesRef IDREF="xbbb2"/>
    <PackageOrder>FixedOrder</PackageOrder>
    <PackageInstance>
        <PackageDefinitionRef IDREF="xcccc02"/>
        <OrderIndex>0</OrderIndex>
    </PackageInstance>
    <PackageInstance>
        <PackageDefinitionRef IDREF="xcccc03"/>
        <OrderIndex>1</OrderIndex>
    </PackageInstance>
</MessageDefinition>

A
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ID=x6

ID=x4
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Figure 1. MDL Descriptions of Data 
 

The large blue line in Figure 1 represents the Path (as described by the <Path> element in snippet 
C), which is a collection of references to Network connections.  The small green and orange lines 
transposed on the blue line represent the two TmNSDataMessages sent using the described 
transport attributes. 
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Figure 2 depicts the encapsulation of data as described in the MDL. <TransportAttributes> 
elements (describing UDP/IP settings) contain references to contained MessageDefinition 
elements (describing contained TmNSDataMessages).  One or more TmNSDataMessages may 
be referenced by a set of transport attributes. 

The <MessageDefinition> element describes a TmNSDataMessage.  An example of 
<MessageDefinition> XML can be seen in snippet B in Figure 1.  This description may include 
maximum message latency or length, a message definition identifier, a message length, and 
several other concepts.  A <MessageDefinition> element contains references to 
<TransportAttributes> elements and any number of <PackageDefinition> elements.  The 
<TransportAttributes> references complete the other half of the bidirectional referencing scheme 
that map transport attributes to message definitions.  
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 ID="xcccc03">
    < >Package Definition 3</ >
    < >Simple package with 
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</ >
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</ >

Measurement
Name Name
Description Description

Measurement

 ID

B
 

Figure 2. MDL Description of Measurements and Packages 
 

An example of a <PackageDefinition> element can be seen in snippet A in Figure 2.  The 
concept of a Package type includes the concepts of Package structure, Package content, and 
mapping of content to structure elements.  The current implementation of the 
<PackageDefinition> element partially describes the structure and content of the Package.  This 
description includes a mandatory Package Definition Identifier (PDID) and an indicator as to 
whether or not the described package contains the standard Package header.  The 
<PackageDefinition> element is also capable of describing the length of a Package or how to 
obtain the length of the Package during runtime if the length is variable.  Furthermore, the 
location of the PDID of the Package during runtime can be described if the standard Package 
header is not being used.  A <PackageDefinition> element can contain a reference to any number 
of <Measurement> elements, which indicates that a measurement is encapsulated within the 
described Package. 

An example of a <Measurement> element can be seen in snippet B in Figure 2.  A 
<Measurement> element describes an individual measurement to be acquired during a test.  
Measurements are related to physical phenomena that occur in the test, and although the model 
and schema do not yet provide a description of the unit of measurements, they are related to 
Engineering Units (EU).  Currently, the measurement element is a placeholder used to relate 
named test parameters to the network items that will encapsulate and transport them (Packages 
and TmNSDataMessages).  The <Measurement> element contains a <Name> element that is 
used for describing the mnemonic of the measurement as well as a <Description> element that 
allows for a textual description of the Measurement. 
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Quality of Service Descriptions: The iNET standards have identified Differentiated Service 
(DiffServ) as a key technology for implementing quality of service (QoS) in telemetry networks.  
This technology depends upon markings on packets called differentiated service code points 
(DSCP).  The MDL describes the relationship between TDMs and DSCP values via inclusion of 
a <Priority> element contained in the <MessageDefinition> element.  The <Priority> element 
references entries in a table that describes the available DSCP settings.  The <DSCPTable> 
element contains six default values, two of which can be seen in the example MDL shown in 
Figure 3. 

 

Figure 3. MDL Description of DSCP Values 
 

Network Descriptions: A Network, as described by MDL, consists of three major parts: 

 NetworkNodes (e.g., DAUs, Recorders, and Switches) 
 NetworkConnections 
 Networks 

A <Network> element consists of a set of NetworkNodes, other networks, and the connections 
between them.  Networks can be hierarchical (Networks can contain networks). An example of a 
TmNS Network, with encapsulated Networks (shown in blue boxes), is shown in Figure 4.   
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Figure 4. MDL Descriptions of a Telemetry Network 
 

A <NetworkNode> element describes a piece of equipment that has an interface to the network.  
An example segment of an MDL description of a <NetworkNode> can be seen in snippet A in 
Figure 4.  The <RoleID> element provides a unique identifier that a device manager will utilize 
to identify which section of the metadata contains configuration information for that 
<NetworkNode>. The <SNMPConfigInterface> element describes the configuration object 
identifiers (OIDs) in the management information bases (MIBs), as well as values for 
configuring that NetworkNode.  One or more <NetworkInterface> elements describe the 
configuration of the network interfaces, including internet protocol (IP) or media access control 
(MAC) addresses and physical ports for connecting to NetworkNode.  An example of an MDL 
description of a <NetworkInterface> is provided by snippet B in Figure 4.  These elements also 
contain <PhysicalNetworkPort> elements, which describe physical connection points to the 
NetworkNode.  <PhysicalNetworkPort> elements are referenced by <NetworkConnection> 
elements contained in the <Network> elements to describe network connectivity.   An example 
of <NetworkConnection> XML can be seen in snippet D in Figure 4. 

A <NetworkNode> element can contain any number of “function” elements.  In this example, 
the <DAU> element indicates that the particular NetworkNode is a Data Acquisition Unit 
(DAU), which implies that the NetworkNode supports the TmNS DAU MIB defined by the 
System Management Standard.  The following function elements may be contained by a 
<NetworkNode> element: 
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Table 1.  Network Node Functions 

Function Name Description 
DAU  Networked Data Acquisition Unit 
GSE  Ground Support Equipment 
TmnsAdapter  Device implanting TmNS interfaces for to two or more device 
MFD Multi-Function Display 
Recorder  Network recorder 
SystemManager Configuration, Control, & Status 
Antenna Antenna with network control 
Encryptor Inline network encryptor 
RFNetInterface Network interface to radio 
RFNetRadio Implement 2-way wireless network 
Router Wired network router 
SSTRx Serial Streaming Telemetry Receiver 
SSTTx Serial Stream Telemetry Transmitter 
Switch Wired network switch 
TimeMaster Time synchronization source 
 
The <SNMPConfigInterface> element carries values for configuration variables that will be set 
by a system manager application via the device’s SNMP interface.  This element describes the 
MIB variables in the SNMP system management interface that are used for configuration, and 
also provides values for those variables.  An instance of an <SNMPConfigInterface> element 
can be used for each MIB for which configuration values are described by the Metadata. 
<NetworkNode> elements may contain any number of <SNMPConfigInterface> elements.  
Figure 5 is an example MDL description of an SNMP Configuration Interface.  Many of the OID 
entries have been removed for brevity. 

 

Figure 5. MDL Description of an SNMP Configuration Interface 
 

<NetworkInterface> elements contain <PhysicalNetworkPort> elements that describe the 
physical point of connection between the NetworkNodes that make up a Network.  Among other 
optional elements, a <PhysicalNetworkPort> contains a <SpeedKilobitsPerSecond> element and 
a <PortNumber> element. The <PortNumber> element is useful when NetworkNodes have 
multiple ports, such as in the case of switches and routers.  The ID attribute of a 
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<PhysicalNetworkPort> element is a unique identifier that is referenced by 
<NetworkConnection> elements to describe the network topology in networks. 

CONCLUSION 

In conclusion, the iNET project has defined a standard language for describing network-based 
test systems.  The motivation for MDL was to help manage complexity that results in insertion of 
new technologies and increasing capabilities in the test environment.  MDL supports 
interoperability between devices and applications from different vendors with a standard 
interchange language. 

Telemetry network systems will be configured with MDL instance documents.  The syntax of an 
MDL instance document is enforced by checking against the MDL schema, which is defined 
using the XML schema language. 

MDL describes the networks in a TmNS, including the devices that make up the telemetry 
network itself and the network topology.  Devices include network hardware (switches, routers, 
encryption hardware, radios, and antennas) and nodes that attach to the network (data 
acquisition, recording, and data processing devices).  Network topology describes the 
hierarchical breakdown of networks and the interconnections between network interfaces. 

MDL also describes the data formats that are published on the network.  MDL describes 
measurements, package definitions, message definitions, transport attributes, and paths.  
Measurements are encapsulated into packages, and packages are carried in data message 
payloads.  Data messages are published on the network with particular transport attributes.    
Paths describe sets of connections across which messages are transferred between the message 
source and sink when a network node subscribes to a particular set of transport attributes.  The 
relationships between these items are described using references between the appropriate XML 
elements in the instance documents. 

The MDL contains numerous descriptive elements that have not been included in this paper.  A 
complete description of MDL will be included in the metadata standard document, which will be 
published by the MDSWG in proposed form in FY2009.  The MDL standard will be further 
refined by the metadata standards working group as needs arise.  The project is executing an 
assessment and validation of the standard using laboratory systems representative of the 
anticipated target systems.  
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ABSTRACT 

The System Management Standard Working Group (SMSWG) of the integrated Network-
Enhanced Telemetry (iNET) project has developed a standard for the management of the 
Telemetry Network System (TmNS).  The introduction of Internet Protocol (IP) networks on test 
ranges has created the potential for greater flexibility and improved usability in the telemetry 
environment.  This paper will discuss how to apply the TmNS System Management Standard to 
best take advantage of the new networking paradigm.  Some of the benefits include the ability to 
monitor or change resource allocations (such as data subscriptions and network routes), detect 
fault conditions, or change configuration during any phase of a test.   

An example of a common test scenario will illustrate one example of how the Simple Network 
Management Protocol (SNMP) commands, queries, and events included in the System 
Management Standard may be used to extend the capabilities of the TmNS.  The discussion 
topics will include discovering devices, monitoring status variables, receiving device events, 
performing configuration, and performing control from the TmNS Management Information 
Base (MIB).  This scenario gives guidance to ranges and test conductors in selecting and using 
System Management capabilities.   

KEYWORDS 

iNET, System Management, Range Development 

INTRODUCTION   

The Telemetry Network System (TmNS) System Management Standard provides a document 
that vendors and range users of the TmNS equipment shall reference to ensure management 
interoperability between network nodes. The Standard is intended to provide a set of 
technologies, protocols, and variables for exchanging management information within the 
TmNS. The Standard is not intended to provide operational details for TmNS network nodes.  
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This paper provides some potential operational applications of the System Management 
Standard.   

System Management is a key architectural component of the TmNS.  Architecturally, the TmNS 
is currently divided into two segments: the Test Article Segment (TAS) and the Ground Station 
Segment (GSS); along with two supporting elements: System Management and Metadata. The 
TmNS focuses primarily on two networks: the Vehicle Network (vNET) and Radio Frequency 
Network (rfNET). The rfNET element has the ability to control one or more radios that are the 
heart of the Radio Frequency (RF) communications. The Ground Network (gNET) that 
interfaces into the rfNET, varies from range to range and, thus, the TmNS provides an interface 
to the gNET. The main functionality of the TmNS is moving data. The vNET transfers data 
between peripherals (end nodes) on a test article, including the rfNET. The rfNET transfers data 
between the vNET and gNET. Generally, these networks operate autonomously. Additionally, 
the TmNS supports many different types of applications and peripherals that reside outside the 
TmNS but have an integral role in the operation of the TmNS. System Management is used 
across the TmNS to manage network devices, providing a view of fault, configuration, 
utilization, performance, and security configuration information on the network. The applications 
(or managers) in the system communicate with agents in managed devices such as peripherals 
and network devices.  In general, Metadata is used to describe configurations and measurements.  

ELEMENTS OF SYSTEM MANAGEMENT 

The TmNS System Management Standard establishes the requirements for the System 
Management of the TmNS architecture. It encompasses the protocols and interfaces required to 
manage the TmNS. The management interfaces provided in the Standard allow range users and 
applications to drive the system and apply range policies. The protocols supporting management 
are provided by the other TmNS network standards. The Test Article Standard provides network 
connectivity and the Metadata Standard provides configuration information about the system. 
The TmNS Standards work together to enable the management of TmNS devices.  

Figure 1 illustrates the building blocks of TmNS System Management.  System Management 
provides a pathway for users to monitor system status and to apply configuration or controls to 
the TmNS (including TAS and GSS devices and peripherals like DAUs and recorders).  The 
management information for each device is supported by Metadata and includes the elements of 
configuration, control, identification, faults, inventory and topology, status, performance, and 
security.  The Standard primarily relies on the Simple Network Management Protocol (SNMP) to 
pass management information through the system.  FTP, TFTP, HTTP, and ICMP (ping) play 
lesser roles in the Standard.  The System Management Standard has defined an SNMP 
Management Information Base (MIB) to provide a dictionary for management information.  The 
devices carry applications called agents which use the TMNS MIB to provide their internal status 
and accept controls and configuration.  The system also has applications known as “System 
Managers” which use the MIB to provide a user view into the system.  The System Managers 
generate requests for device status and pass user commands and configuration to the system 
agents.  When using SNMP for management, device queries (as for attaining status) are known 
as “SNMP get” messages, device commands (as for setting values) are known as “SNMP set” 
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messages and asynchronous events (such as a device sending a warning) are known as “SNMP 
notifications”. 
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Figure 1. System Management Standard building Blocks 

EARLY SCENARIO EXAMPLE 

To aid users and implementers in adopting the TmNS Standards, this example will show how the 
TmNS System Management Standard might be used during a common test scenario.  The 
integrated Network-Enhanced Telemetry (iNET) Scenario 1 [1] describes a test where additional 
telemetry data is requested from the Test Article during the test.  The test network is shown in 
Figure 2.  The Test Article is on the left and the Ground Station and Ground Service Equipment 
(GSE) are on the right.  System Management will be applied during the pre-test setup and 
checkout, monitoring during flight, and post-test operations in this scenario.   

The text in italics is taken directly from iNET Scenario 1.  The interleaved text explains how the 
TmNS System Management Standard is used to implement the Scenario step.  Some examples of 
system commands are given to illustrate the process more fully.  These commands are not 
necessarily complete and are more likely to be implemented “behind the scenes” as part of a 
Graphical User Interface or automated script.  
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Figure 2. Network Diagram for Scenario 
 

 
iNET Scenario 1 

Participants: Aircraft A1, Test Engineer Group EG1, Test Engineer E1 

Description: Aircraft A1 is equipped with iNET capability and a Solid State Recorder(s) (SSR). 
During a test flight, a Test Engineer retrieves information of interest from the onboard SSR. 
Retrieval parameters are specified as a combination of time range, information parameter 
identification, or predefined set of parameters. Information previously recorded and/or just 
being recorded is retrievable. Retrieval of information does not interrupt the continued 
recording of new information. Information delivery is via the iNET Network, controlled by the 
Quality of Service parameters defined by or for the requestor. 

Critical Instrumentation: Package C1 for Aircraft A1 

General Instrumentation: Package G1 for Aircraft A1 

1. Instrumentation is configured so that Packages C1 and G1 on Test Aircraft A1 are collecting 
data to the onboard recorder(s) (SSR). 

The Ground Service Equipment (GSE) is plugged into the Test Article network with a network 
cable.  An application (potentially part of the System Manager) on the GSE is used to discover 

 4



which TmNS devices are present on the Test Article.  Discovering available devices is 
performed to verify that the correct test hardware is present.   

The System Manager on the GSE may issue a broadcast ping to discover which TmNS devices 
are present.  The network transmits the broadcast ping to all devices on the local subnet.  As part 
of the standard network protocols, devices will respond to the broadcast ping by sending a 
message back to the originator of the ping.  This response tells the broadcast originator the 
address of the responding device.  Broadcast ping is the most straightforward way to discover the 
devices present on the local network because it does not require the GSE operator to know the 
network addresses; a list of all TmNS devices on the network may be collected by issuing one 
command.  If the Test Article network includes routers, it will be necessary to know at least the 
range of addresses of the TmNS devices that are not on the same side of the router as the System 
Manager.  Because message broadcasts do not pass routers, instead of a broadcast ping, the 
operator will need to use the range of device addresses to issue a ping sweep (a series of pings 
targeted at each address in the list), an SNMP sweep (a series of SNMP commands targeted at 
each address in the list), or have knowledge of the actual addresses of each device.  Since test 
networks do occasionally get put together with the wrong set of devices, it is useful to survey the 
whole network to ensure that there are no discrepancies.   

Once the discovery process is complete, the System Manager on the GSE is aware of devices 
with the addresses of 192.168.0.101, 192.168.0.201, 192.168.0.121, 192.168.0.122, and 
192.168.0.31.  If the network includes DNS, the System Manager may also know the host names 
of these devices.  It is still necessary to determine the type of each device.  This helps the 
operator to verify that the correct type of device (not just a device with the correct address) is 
installed.  To determine the TmNS device type of each discovered device, the System Manager 
requests the TmNS networkNodeTypeTable from each device via SNMP.  TmNS devices have 
one entry in this table for each “type” or capability of the device.  Examples of known device 
types include tmnsDAU, tmnsRecorder, and tmnsTimeMaster.  For example, the System 
Manager sends the SNMP request, “snmpget TMNS-MIB::networkNodeType.1” to the device at 
address 192.168.0.201 to retrieve the first entry in the networkNodeTypeTable.  The device at 
192.168.0.201 responds with an SNMP response to System Manager on GSE indicating that it 
has a networkNodeType.1 value of tmnsRecorder(8).  This same process is repeated to determine 
the type of each device.  Additional identifying information from the TMNS-MIB may be 
collected from the devices as well (inventoryID, networkNodeDescription, testIdentifier, 
tmnsInstance, etc.) 

1.1  Topology Verification 

Once the list of TmNS devices has been collected, the System Manager may use this list (plus 
the additional identifying information collected by SNMP) to verify that the test setup is correct.  
This verification is performed by comparing the discovered devices with the metadata 
configuration file for the test (Figure 3).  This file has the complete test description, including the 
list of test devices and their identifiers.  The TMNS-MIB roleID collected from each device is 
the SNMP variable which provides a unique key indicating which portion of the metadata 
configuration file is used for that particular device.  The System Manager can confirm that all 
expected devices are present and that unexpected devices are not present.  By collecting 
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additional TMNS-MIB variables indicating the state of the devices and any faults, it can also be 
confirmed that the TmNS devices are operational and ready to be configured. 

Aside from verifying the list of devices for the test, the operator can also use the TmNS System 
Management to verify that the devices are connected where expected.  The Standard mandates 
that network devices which link the network together (such as switches and routers) support the 
IETF RFC 4188 bridgeCompliance4188 MIB groups of SNMP variables.  These variables 
include information about which device is connected to, or downstream from, each port.  By 
collecting this information from each switch or router, it is possible to reconstruct the entire 
network map and confirm these links against the configuration metadata file.  
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Figure 3. Network Node Type Verification 
 

1.2  Configuration Check and Update 

Once the test devices and the network topology have been verified, the configuration settings of 
those devices must be verified.  If the operator wants to know the current configuration of the 
devices, the TmNS System Management Standard provides methods for verifying the 
configuration.  This verification may be done at a coarse level by checking the TMNS-MIB 
configurationVersion string for each device to gain a description of the device configuration.  To 
perform verification at a more detailed level, the configuration metadata may be retrieved using 
the exportConfiguration TMNS-MIB command, and the complete device SNMP MIB may be 
read.  When a device receives this command, it generates a configuration metadata file based on 
its current configuration and transfers that file by FTP or TFTP to the server specified in the 
TMNS-MIB configurationExportURL variable.  The combination of the exported configuration 
metadata and the device MIB values provide a complete configuration snapshot. 

If the configuration is not correct, a new configuration may be loaded onto the devices. The 
configuration process begins by setting a device’s TMNS-MIB configurationURL.0 variable a 
URL-formatted string which indicates the file transfer mechanism (FTP or TFTP), the address 
from which to retrieve the file, and the name of the file to retrieve.  For instance, 
“ftp://192.168.0.5/config/NSW1.xml” indicates that the device should use FTP to retrieve its 
configuration file named “NSW1.xml” from the server 192.168.0.5 in the directory “config”.  
The device does not immediately begin to retrieve the file.  The System Manager directs the 
device to begin retrieving the configuration by setting the TMNS-MIB::configure.0 variable to 
true(1) on the device.  The device retrieves the file and configures itself. 
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The GSE System Manager should determine that the devices have completed configuration 
before progressing to the test.  The devices will send out a TmNS SNMP 
configurationCompleteEvent notification when they have completed the configuration process.  
The devices will also update the TMNS-MIB::configure.0 variable to the value of false(2) and set 
their configurationVersion TMNS-MIB string when configuration is complete.  The System 
Manager has the option of checking the configure variable for the value change or waiting to 
receive the completion notification. 

Note that it may be necessary to configure the network before configuring peripherals.  The 
network devices (switches, routers, etc.) must be properly configured to allow network traffic so 
that all peripherals can be reached.  All TmNS devices should be configured in the manner 
described above. 

1.3  Verify Successful Configuration 

After all devices have reported that their configuration process is complete, the System Manager 
should check the TMNS-MIB faultTable to ensure there was no configuration fault detected by 
the device.  The GSE System Manager can verify the success of configuration by any of the 
methods described in the “Configuration Check and Update” section. 

With a few exceptions, the variables found in the TMNS-MIB may be set either through SNMP 
or by using the configuration metadata file loaded onto the device.  The capability of setting 
these variables via a file allows for a more rapid configuration, especially for complex settings 
such as static multicast routes.  Some examples of the configurable parameters set by the 
metadata configuration file, not available through SNMP, include the settings that tell the data 
acquisition units which data to send and tell the recorders which data to record.  The metadata 
configuration file may also contain vendor-specific configuration information.    

Notice that PCM1 is a DAU connected to a TmNS Proxy.  The TmNS Proxy is the interface that 
communicates with the System Manager when a device is not fully-TmNS compliant.  The 
TmNS Proxy receives the metadata file and programs the PCM1 DAU appropriately.  
Communication between the TmNS Proxy and PCM1 DAU is out of the scope of the Standard. 

1.4  Set the Test Aircraft System to Operational 

When the operator is ready to enable the test system, the GSE System Manager sends a 
command to the SSR to begin recording data: “snmpset TMNS-MIB::recCommand.0 record(2)”.  
The System Manager may confirm that recording has commenced by checking the TMNS-MIB 
recMode variable to verify that it transitions from idle(0) to record(1).  The System Manager 
also commands the DAUs to begin transmitting data onto the network (“snmpset TMNS-
MIB::txEnable.0 true(1)”). 

2. Communications is configured to send Package C1 data through a PCM channel to ground 
and a subset of Package G1 through the iNET network to ground. 
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The Test Article communications may be configured using the same configuration algorithm 
described above.  In a full TmNS, both the SST transmitter and the RF network transceiver 
would have network connections and may be managed in the same way as other TmNS devices.  
In the example network described in this paper, the SST transmitter is not yet fully-TmNS 
compliant, so it receives management through the TmNS Proxy.  After configuration, the System 
Manager can enable both the SST and the RF devices through the TMNS-MIB. 

The SST and RF links to the GSE are established and the data is validated.  Information about 
the link status may be obtained through the TMNS-MIB. 

2.1  Configuration Complete 

The configuration of the Test Aircraft is complete and the GSE is disconnected from the Test 
Article.  The management of the Test Article is handed over to the Ground Station. 

2.2  Ground Station Configuration 

The Ground Station must be configured with the TmNS metadata configuration file.  This allows 
the ground to have the information required to manage the Test Article.  An engineer configures 
the RF and SST facilities for the Ground Station, and the aircraft instrumentation is turned on. 

3. Aircraft A1 begins the test mission. 

3.1  Establish Links Between the Test Article and the Ground Station 

The SST and RF links to the Ground Station are established and the data is validated.  
Information about the link status may be obtained through the TMNS-MIB. 

3.2  Time Synchronization 

The Test Article Time Master acquires GPS time and distributes IEEE 1588 time sync packets.  
The Ground Station Time Master is also synchronized to GPS time and distributing IEEE 1588 
time sync packets.  If a device is not receiving time synchronization packets, it will send a 
TMNS-MIB extTimeSyncLostEvent notification to the Ground Station System Manager. 

4. Test Engineer Group EG1 monitors data from Test Aircraft A1. 

While the Test Engineer monitors data during the test, the Ground Station System Management 
may be monitoring the status of the test hardware.  TMNS-MIB variables on the Test Aircraft 
may be checked to determine whether the recorders and DAUs remain in their proper modes of 
operation.  The amount of data traveling through various parts of the network may be observed.  
The System Manager also stays alert for faults (like time synchronization failures or over-
temperature) which may be sent by the network devices. 
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5. A Test Engineer E1, who is part of EG1, at a Ground Station, needs information during a test 
that is not currently configured to be transmitted. (Information previously recorded and/or as it 
is being recorded can be retrieved.) 

The engineer determines time intervals for previous recordings by reading information from the 
TMNS-MIB mediaIndexTable on the recorder. 

6. E1 defines the information to be retrieved from the SSR(s) by specifying time range and/or 
sensor parameters. 

The engineer defines the data request information using a time range and message parameters.  
The mapping of message types to message parameters is given in the TmNS metadata. 

7. Ground Station authorizes the data request. Controlling mechanism validates the request, 
coordinates authority and priority of request, ensures security classification level is maintained, 
and verifies bandwidth availability. 

The system bandwidth may be determined from the standard networking MIBs required by the 
TmNS System Management Standard. 

8. E1 sends a retrieval command from the Ground Station to A1, specifying the Quality of 
Service as either Interactive with Priority (i.e., 1-5 second response) or Interactive as Available 
(e.g., 1-5 minute response). 

The retrieval command is sent as a Reliability-Critical Data Request as defined by the TmNS 
Test Article Standard. 

9. The retrieval command is received and processed on aircraft A1. 

The Test Article recorder receives the Reliability-Critical Data Request as defined by the TmNS 
Test Article Standard. 

10. The requested information is returned to the Ground Station and delivered to E1 via the 
Ground Station network. 

The Test Article recorder sends the Reliability-Critical Data to the Ground Station as defined by 
the TmNS Test Article Standard.  Statistics for the data being transferred may be read from the 
recorder with the TMNS-MIB. 

11. The SSR(s) continues recording new information during the retrieval process. 

12. A1 completes the test mission and returns to the Test Range. 
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A TMNS-MIB command of “snmpset recCommand.0 stop(3)” is issued by the System Manager 
to stop the recording. 

The test is complete.  TmNS System Management has been used to verify, configure, and turn on 
the test system prior to the test.  During the test, TmNS System Management was used to 
monitor the test system and to perform any configuration changes required.  After the test, 
System Management was used to turn off the test systems (for instance, stopping the recorder).   

CONCLUSION  

The System Management Standard Working Group of the iNET project has developed a standard 
for the management of the TmNS.  The introduction of Internet Protocol (IP) networks on test 
ranges has created the potential for greater flexibility and improved usability in the telemetry 
environment.  This paper has discussed one way to apply the TmNS System Management 
Standard to enable ranges to take advantage of the new networking paradigm.  Some of the 
benefits include the ability to monitor or change resource allocations (such as data subscriptions 
and network routes), detect fault conditions, or change configuration during any phase of a test.  
While this illustration is by no means a formal user guide, it serves as an introduction to the 
Standard.  We have presented one management view; using the TmNS Standards as building 
blocks, a variety of levels of System Management could be applied to fit the needs and goals of 
any range. 
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) project working groups have developed 
standards for Telemetry Network Systems (TmNS).  In order for the standards to mature, the 
functionality of the standards will be demonstrated.  To achieve this, efforts have been 
undertaken to simulate (and at times emulate) the key interfaces and to assess performance.  To 
facilitate this work, a common network test bed has been developed.  This test bed allows for 
validation of the iNET standards’ performance characteristics. 
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INTRODUCTION 

The integrated Network-Enhanced Telemetry (iNET) project has been facilitating standards 
development for Telemetry Network Systems (TmNS) through working groups.  These working 
groups have been evaluating commercial technologies for adoption by iNET for standardization.  
The standards include both wired and wireless technologies.  Some of the key technologies are 
indentified in Figure 1.  Most of the technologies are well established within the commercial 
market place.  However, two of the protocols identified, Reliability Critical (RC) and Latency & 
Throughput Critical (LTC), are specific to the TmNS.  These protocols are used to provide 
delivery mechanisms for the delivery of TmNS data messages.  The RTSP (Real-Time Streaming 
Protocol) has been adapted for TmNS to enable the functionality required by the RC delivery 
protocol.  Additionally, a common TmNS SNMP (Simple Network Management Protocol) MIB 
(Management Information Base) has been created specifically for managing devices operating 
within the TmNS. 
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Figure 1.  TmNS Protocol Map 

Many of the application level protocols shown in Figure 1 represent System Management 
technologies.  These are used for managing the TmNS.  Figure 2 illustrates the technologies and 
supporting protocols that allow users to communicate/manage TmNS devices by issuing 
commands, queries, and events.  The test configuration is heavily dependent upon the metadata 
that describes the TmNS configuration.  System Management gives the users the ability to 
configure the test assets for conducting the test mission as well as the ability to re-configure test 
assets.  Metadata information is transferred to the TmNS devices via system management 
interfaces. 

 

Figure 2.  System Management building Blocks 
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It can be seen from Figure 1 and Figure 2 that an implementation of the full capabilities of a 
TmNS can be rather complex.  The complexity calls for a way to bring together the standards 
work so that they can be evaluated in a cohesive manner.  This bringing together of the standards 
technologies provides the opportunity for the iNET standards to mature. 

In order to mature the standards, the functionality of the standards need to be demonstrated.  To 
achieve this, efforts were taken to simulate the key interfaces of the TmNS in order to assess the 
performance of the interfaces.  This ensures the standards will be able to exercise the 
fundamental functionally of the TmNS components.  This effort is being accomplished through 
the use of a common network test bed.  This test bed serves as a means to evaluating the 
component level interoperability of the TmNS devices as well as some of the system level 
applications.  This test bed allows for evaluation of the iNET standards’ performance 
characteristics. 

VALIDATION TEST BED COMPONENTS  

The design of the validation test bed has been influenced by the Telemetry Network Systems 
(TmNS) reference design and the use case scenarios defined by flight test engineers and users.  
The test bed is comprised of several distinct networks that represent test articles, the radio 
frequency network (rfNET), the Ground Station, and the Mission Control Center.  The networks 
consist of data acquisition units (DAUs), network recorders, network switches, system managers, 
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 integrated Network-
Enhanced Telemetry (iNET) technologies and the lack of availability of actual flight 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.  Device emulators 
may be used in 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.  A TmNS proxy is a device that serves as an 
interim translator between the iNET standards and a non iNET-compliant device in order to give 
the appearance and functionality of a compliant device. 

The goals of the test bed are to provide a documented proving ground for verification of 
numerous performance objectives.  There are a number of studies that will be conducted with the 
test bed.  The studies will be conducted to address the areas of highest risk within the standards 
for each of the three working groups.  Some of the studies being conducted include the 
following: 

 Selective Data Retrieval 
 System Management Scaling  
 End-to-End Data Delivery 
 Metadata Realization 
 Network Encryption 
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 vNET-rfNET Interface Throughput 
 Metadata Assessment 

These studies focus on exercising various portions of the emerging standards on a variety of real 
and simulator hardware in order to validate the completeness of the standards and uncover 
potential interoperability or usability issues with the approaches or wording of the standards.  
These studies require access to a “realistic” hardware implementation of a TmNS.  A common 
test bed network is, thus, needed that is sufficiently representative of a TmNS and provides 
sufficient flexibility to adapt to the scenarios covered in the studies.  

A portion of the test bed utilizes hardware components that may be used during actual flight 
tests.  These hardware components include network switches, DAUs, and recorders from a 
variety of vendors.  Because the current hardware in the test bed predates the release of the iNET 
standards, the elements are not fully iNET-compliant.  Until hardware/software updates are 
received to bring these devices to full standards compliance, TmNS proxies have been used 
between these network nodes and the TmNS network. 

Device emulators are implemented by generic personal computers (PCs) with a set of software 
capabilities that give the appearance and behavior of the TmNS device type that the PC emulates.  
These emulators can mimic a DAU by publishing data to the network, or they can be used to 
subscribe to network data like a recorder.  They may be used to establish both 
Latency/Throughput Critical (LTC) and Reliability Critical (RC) data transports across the 
network.  Device emulators may also be used as TmNS proxies for non iNET-compliant flight 
test hardware. 

Each instance of an emulator running on a PC also starts up a Simple Network Management 
Protocol (SNMP) agent on the device to allow for status and management of the emulation 
software.  The agent assumes the device type and corresponding TmNS Management 
Information Base (MIB) branch of the device being emulated.   

A general library for the creation and consumption of TmNSDataMessages has been created as a 
basis for test bed EndNode emulators.  These EndNode emulators take command-line options for 
DataSource, DataSink, destination address, MessageDefinitionID (MDID), and DiffServ 
Codepoint (DSCP) bits for the setup of TmNSDataMessage sending/receiving sequences.  
Send/receive statistics are printed to the screen at a configurable interval.  These statistics include 
TmNSDataMessages sent, bytes sent, time-windowed (on configured printing rate) 
TmNSDataMessages per second, time-windowed (on configured printing rate) bits per second, 
MDID value, DSCP value for sent TmNSDataMessages, and MessageDefinitionSequenceNumber 
drops for received TmNSDataMessages. 

Additionally, the EndNode emulators read configuration parameters from a file to aid in traffic 
shaping of TmNSDataMessage sending.  These configuration parameters included bytes per 
Package, Packages per TmNSDataMessage, and delay for Package acquisition times.  The user 
of the emulators is able to specify a range between minimum and maximum values for each 
parameter, resulting in random run-time values in these ranges for TmNSDataMessage 
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generation.  Additional functionality will be added to allow input files containing raw data for 
Package payloads or complete TmNSDataMessages for sending. 

The library and EndNode emulators have been written in ANSI C and have been tested on 
Ubuntu Linux and Cygwin (for Windows machines).  It can be complied using the standard 
“gcc” C++ compiler.  These EndNode emulators will be burned to bootable “live” Compact 
Discs (CDs) to allow their use in any Intel machine with a network interface.  The distribution 
can accept configuration files from System Management and Metadata in run-time to configure 
DataSource and DataSink flow setup and TmNSDataMessage generation parameters.  Thus, the 
library and EndNode emulator applications built upon them allow the flexible setup of a variety 
of LTC and RC TmNSDataMessage flows with configurable traffic shaping and statistic printing. 

Test managers in the test bed are responsible for collecting status information from the various 
devices being monitored in the network.  Managers are also used for configuring and controlling 
the devices on the network.  Managers have been implemented on both Windows and Linux 
computers.  Test managers on the test article networks also run their own SNMP agent in order 
to exercise the concepts of consolidated management. 

The routers in the test bed are generic Linux computers with multiple network interface cards 
(NICs).  Static routes are configured on each of these routers to direct the network traffic 
appropriately, allowing for data to be routed across the multiple subnets that make up the test 
bed.  These routers also have emulation software that allows for rate and latency control of the 
routed packets.  This is used to emulate the rfNET in the test bed configuration with either a 
standard wired (802.3) or wireless (802.11b) Ethernet link in place of the future rfNET radios. 

The complete test bed consists of several separate subnets.  Figure 3 displays a high-level view 
of the overall test bed design.  The networks shown in this figure are detailed in subsequent 
figures. 

 

Figure 3.  High Level Diagram of Validation Test Bed 
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Figure 4 contains the network layout of Test Article #1. 

 

Figure 4.  Test Article #1 

Figure 5 displays the network diagram for Test Article #2. 

 

Figure 5.  Test Article #2 
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The wireless version of the rfNET is shown in Figure 6.  The wired version replaces the radio 
pairs with Ethernet cables. 

 

Figure 6.  Wireless rfNET 

Figure 7 shows the network components within the Mission Control Center. 

 

Figure 7.  Mission Control Center 
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MEASUREMENT APPROACHES 

The goals of the standards assessments that the test bed was built for are centered on evaluating 
the completeness and practical usability of the interfaces defined in the iNET standards.  Part of 
this evaluation requires the collection of performance measurements to verify that the selected 
approaches achieve the needs of iNET.  These performance measurements cover the general 
areas of throughput, latency, timing accuracy, jitter, network link utilization, and data loss. 

The EndNode emulator software calculates and displays throughput statistics for each LTC or 
RC transport.  The LTC and RC DataSink variants of these emulators also track any data not 
received based on gaps in the sequence numbers in the TmNSDataMessages received.  Both the 
throughput and data loss statistics will be useful for tests that exercise the constrained rfNET 
resource since they will provide insight into how efficiently the iNET standard protocols utilize 
this link.  These metrics will also be used to verify that the quality of service (QoS) approaches 
respond as expected, allowing higher priority data to pass and lower priority data to drop or 
delay when the constrained link becomes momentarily over utilized. 

Timing measurements are accomplished with a combination of hardware device signals, 
software, and network analyzer techniques.  The 1 Pulse Per Second (PPS) signals of devices can 
be measured on an oscilloscope using the Global Positioning System (GPS) 1 PPS as a reference 
to determine IEEE 1588 time distribution accuracy and jitter under various network operating 
conditions.  The network transit latency and latency jitter can be measured with synchronized 
network analyzers.  However, the network transit latency is only a portion of the system latency 
of interest.  The total source to sink latency is measured by toggling a parallel port pin on the 
source and sink in the EndNode emulator software and then measuring the delay and jitter on the 
oscilloscope. 

A variety of network analyzers, logic analyzers, oscilloscopes, and specialized techniques are 
used to perform some of the measurements.  For example, the network analyzer contains four 
pairs of ports, each of which can be inserted inline with a given network link.  As network traffic 
passes through the analyzer, packet statistics are collected and displayed.  The analyzer is 
capable of reporting network bandwidth, link utilization, packets per second, and various related 
statistics.  The network traffic passing through the analyzer can be saved in a Wireshark format 
for further offline analysis.  Because there are four pairs of ports available for capturing and 
analyzing data with the network analyzer, the network analyzer can be concurrently used to 
monitor four separate links on the TmNS network.  This is useful for correlating events across 
the network in time.  A common use case for this type of measurement is determining the end to 
end latency of a data message from a DAU to a Recorder in the Mission Control Center. 

VALIDATION TEST BED CONFIGURATION  

Each study has a unique purpose from the other studies, including their own performance 
measurements and goals.  Because of the nature of these different studies and the focus areas that 
they are trying to stress, it would be naïve to assume that all studies could be carried out to their 
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full extent under one generic test bed configuration.  For studies that are measuring network 
performance, it may be pertinent to add more data publishing devices to the network whereas 
other tests may not focus on the amount of data published on the network but the reliability of a 
few streams using the RC data delivery protocol. 

In order to accommodate all planned studies, the validation test bed must have some level of 
flexibility.  Depending on the nature of the test, switches may need to undergo a configuration 
change in order to provide the appropriate network load.  For instance, some of the Cisco 
switches in the test bed use Virtual Local Area Network (VLANs) to logically separate clusters 
of ports on the same physical switch in order to be used by multiple subnets.  This is true of the 
Cisco connected to both TA1 and TA2.  The same Cisco switch has been separated by VLANs 
into two logical switches, each providing 12 additional device emulators to their respective 
networks.  The Cisco can be reconfigured to place all 24 device emulators on a single test article 
network when needed, as in the case of system management scaling.  This can be done without 
the need to change any physical connections so as to leave the entire test bed in the same 
physical configuration.  Physical changes are only anticipated to support the addition of flight 
test hardware to the network when additional flight test hardware becomes available.   

There are two versions of the rfNET, the Wireless rfNET and the Wired rfNET.  The Wireless 
rfNET contains two pair of Linksys routers that operate as the radio.  Each pair is a dedicated 
point-to-point connection, one pair between TA1 and the rfNET and the other pair between TA2 
and the rfNET.  The Wired rfNET replaces the Linksys routers with a simple Ethernet cable.  It 
then becomes the responsibility of the routers on the test articles and the rfNET to limit the 
transmission rates across each link in order to emulate the RF link and its lower bandwidth.  The 
bandwidth restriction is controlled by software. 

CONCLUSION 

The iNET standards are pioneering the way to making network technologies the prevalent 
architecture of flight test data acquisition systems in the near future.  Though there already exist 
network-based flight test systems today, the iNET program is providing the momentum that will 
lead to the standardization of next generation data acquisition systems for flight tests and other 
vehicle networks.  However, the departure from the common 40-year old method of time-
division multiplexed (TDM) systems in favor of leveraging networking technologies represents a 
disruptive technological change.  The iNET standards validation test bed has been developed in 
order to alleviate the disruptive nature of Internet Protocol (IP) networks in the flight test 
community.  

Using real flight test hardware from multiple vendors to build the validation test bed is the 
favored approach to validating the current state of the iNET standards.  However, because the 
standards represent such a new approach to building data acquisition systems, there are not many 
products that are network capable let alone iNET compliant.  The test bed has been developed in 
order to prove some of the technologies and concepts mandated by the standards that are 
independent of the need for real flight test hardware.  Software has been developed to convert 
general purpose PCs into TmNS device emulators that can provide network load.  These 
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emulators will be used until the real flight test hardware becomes available.  The network test 
bed has been designed in such a way so as to allow for real hardware to be inserted in place of 
the temporary device emulators. 

The test bed is currently being used to validate the current state of the iNET standards for system 
management, test articles, and metadata.  As studies are conducted, the standards have an 
opportunity to mature before vendors commit to building flight test hardware.  The test bed has 
been able to exercise and validate key component interfaces, a step that shows the standards are 
moving in the right direction. 
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) Test Article Standards Working Group 
(TASWG) has developed a standard for Telemetry Network System (TmNS).  The introduction 
of Internet Protocol (IP) networks on test ranges has created the potential for greater flexibility in 
the telemetry environment.  This paper discusses the rationale for particular decisions concerning 
key components mandated by the standard.  Performance implications concerning the mandates 
of the standard are also described.   

As an educational aid, examples of TAS-based processing philosophies and data structures have 
been constructed.  These examples, including sending and receiving messages, are shown to 
reinforce understanding core concepts of the standard. 
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INTRODUCTION 

A set of standard technologies was required for the Test Article and its components that ensure 
broad acceptance by the telemetry community, interoperability between vendors of like 
components, and economical sources of products.  The standard technologies were chosen to be 
well established, with proven performance, continued future market support, and mature 
technologies with multiple competitive sources of integrated system components and constituent 
electronic devices (e.g., integrated circuits, wiring, and software). 

Internet Protocol (IP), Ethernet, and Base-T/FX are a suite of common protocols used by the 
Internet and most commercial networks.  This set of core technologies can be viewed as a set of 
layers, with each layer specifying the transmission of data and providing well-defined services to 
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upper layer protocols.  Each layer also uses services from lower layer protocols.  Choosing IP, 
Ethernet, and Base-T/FX as the set of core technologies provides the general approach to data 
transmission on the bottom three layers of the Open Systems Interconnection (OSI) model:  
physical, data link, and network.  The detailed use of these lower-layer protocols, as well as the 
use of other protocols in conjunction with and on top of these lower-layer protocols, is specified 
in the Test Article Standard. 

In the Test Article Standard, all Test Article network interfaces use Internet Protocol version 4 
(IPv4) as the core network layer protocol.  IPv6 does not meet all the goals stated above (i.e. 
broad acceptance, interoperability, economical sources, well-established, proven, market support, 
etc.) and the main IPv6 features are not required by the Test Article networks.  Figure 1 is a 
protocol map for the Test Article standards. 

 

Figure 1.  Test Article Standard Protocol Map 

CORE NETWORK STANDARDS 

The Test Article Standard specifies Ethernet (IEEE 802.3-2005) for the physical layer of the Test 
Article network.  Ethernet defines a number of wiring and signaling standards, supporting 
10BASE-T/100BASE-TX/1000BASE-T over copper Unshielded Twisted Pair (UTP) cabling 
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and 10BASE-F/100BASE-FX/1000BASE-LX over fiber optic cabling for physical layer 
transmission.  The Test Article Standard requires that one or more of the 10 Mpbs, 100 Mbps, 
and 1000 Mbps standard speeds be implemented.  The Test Article Standard also requires auto-
negotiation for copper connections and recommends auto-negotiation for fiber connections.  
These copper and fiber-based standards, along with Ethernet’s data link layer protocols, are 
widely used in commercial networks.   

The current Test Article Standard states that connectors and cable media should meet the 
electrical or optical properties of the standards referenced (i.e. specific Clauses of IEEE 802.3-
2005).  It is understood that applicability to the operational environment will place additional 
constraints on the selection of the connectors and cable media.  A list of flight-qualified cables 
that have been suggested by implementers of previous networked telemetry applications is 
included at the end of the Test Article Standard document. 

The Test Article Standard also specifies Ethernet (IEEE 802.3-2005) for the data link layer of the 
Test Article network.  The data link specifications of Ethernet provide common hardware 
addressing and Media Access Control (MAC) for the transmission of data frames between 
network devices.  Test Article networks must support the frame structure, field definitions, MAC 
conventions,  Logical Link Control (LLC), and flow control defined by Ethernet. 

The Ethernet data link protocols in the Test Article Standard are sufficient for basic connectivity 
between one or more stations over a single Ethernet link, possibly extended in length and/or 
inter-connected by network repeaters and hubs.  This half-duplex, contention-based approach is 
typically enhanced by bridging or switching multiple Ethernet links, resulting in only two 
stations per link communicating contention-free in full-duplex.  Therefore, switching network 
devices is also required to conform to the requirements set forth in IEEE 802.1D-2004 for 
transparent bridging and Rapid Spanning Tree Protocol (RSTP) functionality.   

The standards for Test Article network protocols rely upon the requirements for Internet hosts 
and routers as defined by the Internet Engineering Task Force (IETF).  The IETF develops and 
promotes Internet standards, cooperating closely with other standard bodies and dealing in 
particular with standards of the Transmission Control Protocol (TCP)/IP suite.  The Request for 
Comments (RFC) documents published by the IETF are intended to provide guidance for 
vendors, implementing organizations, and users of Internet communication software.  They 
represent the consensus of a large body of technical experience and wisdom, contributed by the 
members of the Internet research and vendor communities. 

IP is the network layer protocol used to logically address hosts and route data packets throughout 
the network.  IP is encapsulated by Ethernet, the data link layer protocol.  Test Article network 
transport protocols use IP to carry data from source host to destination host.  IP is a 
connectionless or datagram internetwork service, providing no end-to-end delivery guarantees.  
Using Ethernet as the layer below IP enables error-free data transmission, and the layers above 
IP are responsible for reliable end-to-end delivery service when required.  The IP protocol 
includes a provision for addressing, type-of-service specification, fragmentation and reassembly, 
and security information.  The datagram or connectionless nature of the IP protocol is a 
fundamental and characteristic feature of the Internet architecture. 
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Looking to other network layer protocols specified in the Test Article Standard, the Internet 
Control Message Protocol (ICMP) is a control protocol that is considered to be an integral part of 
IP, although it is architecturally layered upon IP (i.e., it uses IP to carry its data end-to-end just as 
a transport protocol like TCP or User Datagram Protocol [UDP]).  ICMP provides error 
reporting, congestion reporting, and first-hop gateway redirection.  Another network layer 
protocol, Internet Group Management Protocol (IGMP), serves is an Internet protocol used for 
establishing dynamic host groups for IP multicasting.  It is noted in the Test Article Standard that 
switching network devices can use IGMP “snooping” to aid in efficient network utilization. 

For the transport layer, the Test Article Standard specifies the TCP and the UDP end-to-end data 
transmission protocols and options.  Like the network layer protocols, TCP and UDP are based 
on widely accepted IETF RFCs.  TCP is the primary virtual-circuit transport protocol for the 
Internet suite.  TCP provides guaranteed, in-sequence delivery of a full-duplex stream of octets 
(8-bit bytes).  TCP is used by those applications needing guaranteed, connection-oriented 
transport service.  UDP, on the other hand, offers only a minimal transport service—non-
guaranteed datagram delivery—and gives applications direct access to the datagram service of 
the IP layer.  UDP is used by applications that do not require the level of service of TCP or that 
wish to use communications services (e.g., multicast or broadcast delivery) not available from 
TCP. 

The Test Article Standard also specifies several application layer network services for address 
resolution, address configuration, name services, and general file transfer. The Address 
Resolution Protocol (ARP) is the standard method for finding a host's hardware (MAC) address 
when only its network layer (IP) address is known. Other standard services can configure various 
parameters (including standard address subnetting) necessary for the clients to operate in an IP 
network.  Although this configuration may be done manually, the Dynamic Host Configuration 
Protocol (DHCP) allows devices to be added to the network with minimal or no manual 
configurations.  The Test Article network requires a DHCP service, but makes no mandate on 
which device acts as the DHCP server or which client devices must have DHCP enabled.  This 
allows the choice of static or dynamic IP address assignment.  The Domain Name System (DNS) 
associates various sorts of information with domain names; most importantly, translating 
computer hostnames into IP addresses needed for network layer delivery. 

For file transfer service, the File Transfer Protocol (FTP) is a reliable (i.e. using TCP) and 
widely-used mechanism that enables the transfer of file-oriented data from one device to another 
through a network.  As such, latency-tolerant bulk data transfers should use the FTP protocol for 
transferring files between Test Article network-connected devices.  Conversely, the Trivial File 
Transfer Protocol (TFTP) is a simple file transfer protocol, with the functionality of a very basic 
form of FTP.  Since UDP is used for transport, TFTP uses a stop-and-wait-protocol for 
reliability, where devices send a maximum packet size of 512 bytes and wait for an 
acknowledgement.  This results in slower transfers than FTP since FTP uses TCP sliding 
windows and larger packets, while TFTP can send only one (smaller) packet at a time and must 
wait for the specific acknowledgement of each packet.  Due to its simplicity (i.e. using UDP), 
TFTP is easier to implement in a very small amount of memory, making useful for booting 
computers (such as routers and switches) that do not have any data storage devices.  
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Along with the network, transport, and application layer protocols, the Test Article Standard also 
references several IETF RFCs that define the host (RFCs 1122 and 1123) and router (RFC 1812) 
functionality requirements for Internet-connected nodes.  These documents incorporate by 
referencing, amending, correcting, and supplementing the core protocol standards documents 
relating to hosts and routers, and they provide options and supporting documentation for the 
implementation of Test Article network components. 

Overall, test software and users need to be able to manipulate network functions (e.g., QoS, 
performance, configuration, discovery, etc.) defined in the Test Article Standard.  The Test 
Article Standard references the System Management Standard to specify these requirements.    

LEVERAGING STANDARDS FOR TMNS-SPECIFIC OPERATION  

The Test Article Standard specifies IEEE 1588-2002 for the distributed clock synchronization 
between components connected to the Test Article network.  IEEE 1588 enables sub-
microsecond synchronization between network devices using Ethernet.  This network time 
synchronization scheme allows high resolution time stamps at DataSources to enable 
applications of time-correlation of data at DataSinks.  The Test Article Standard specifies that a 
master clock may be physically located on any device connected to the Test Article network. 
Furthermore, devices needing precise synchronization can implement IEEE 1588 slave clock 
interfaces to use the synchronization service provided by the Test Article network.  Depending 
on application performance requirements, design choices can be made for slave clocks, trading 
higher accuracy, higher cost hardware implementations against lower accuracy, and lower cost 
software implementations.  For routing/switching devices, the standard also specifies “boundary 
clock” techniques, or approaches that are interoperable with boundary clocks (e.g. transparency 
implementations used in some switches), which are intended to eliminate large packet transport 
latency variations that are typically induced in these types of devices.  The Test Article standard 
also specifies clock “flywheeling” in the absence of masters, recommends 1-pulse-per-second (1 
PPS) outputs on devices, and recommends using the Global Positioning System (GPS) interface 
for external synchronization of a time master. 

Several existing network data message structures were examined, and an informal trade study 
was performed with the conclusion that no single existing message format completely meets the 
needs of the TmNS.  The working group agreed that a single common data message header was 
needed for moving data messages across the network.  Through several drafts and community 
feedback, the TmNS Data Message Format standard was created as a “best of breed” of existing 
packet formats while meeting additional requirements for the transport of TmNS data.  This 
universal data message header format captures the strengths and experience of existing formats 
(Instrumentation d'Essais des Nouveaux Avions [IENA], Ch. 10, Data Acquisition Recorder 
[DAR]), transports and supports existing formats, protects existing data processing and Data 
Acquisition Unit (DAU) software, promotes a common military and commercial format, 
encourages lower DAU and data processing costs, and provides scalability for current and future 
uses. 
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The TmNSDataMessage is a structure that is independent of transport.  If sent on a network, 
typical network and transport headers are pre-pended (e.g. UDP/IP).  A TmNSDataMessage is 
composed of a TmNSDataMessageHeader and a TmNSDataMessagePayload, as illustrated in 
Figure 2. 

TmNSDataMessagePayload

TmNSDataMessageTransport Segment 
Header (UDP)

Network Packet 
Header (IP)

TmNSDataMessageHeader
 

Figure 2.  TmNSDataMessage 
 

The TmNSDataMessageHeader assists with data transport and provides information about the 
TmNSDataMessagePayload.  The Test Article Standard defines the TmNSDataMessageHeader 
containing the fields and associated bit-widths as outlined in Figure 3. 

ApplicationDefinedFields
(Optional, {OptionWordCount}*32 bits)

AcquisitionTimestamp
(64 bits)

MessageLength
(32 bits)

MessageDefinitionSequenceNumber
(32 bits)

32 bits

MessageDefinitionID
(32 bits)

MessageFlags
(16 bits)

Reserved
(8 bits)

Option
Word
Count
(4 bits)

Message
Version
(4 bits)

 

Figure 3.  TmNSDataMessageHeader 

 
The TmNSDataMessagePayload is made up of Packages (see Figure 4).  The variable size of the 
TmNSDataMessagePayload allows control of the size and latency of TmNSDataMessages.  
DataSinks and other consumers of TmNSDataMessages can determine which Packages to expect 
in a particular TmNSDataMessagePayload by using the MessageDefinitionID.  The 
MessageDefinitionID specified in the TmNSDataMessageHeader serves as a reference to 
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Package(s) format, content, and ordering in the TmNSDataMessagePayload.  For details on how 
this information is defined, refer to the Metadata Standard Document.  

TmNSDataMessagePayloadTmNSDataMessageHeader

Package 5Package 4Package 3Package 2Package 1 Package N
 

Figure 4.  TmNSDataMessagePayload with Packages 
 

A Package where a PackageHeader and PackagePayload are present is illustrated in Figure 5.  
To achieve Package structure interoperability, TmNSDataMessages must either use the standard 
PackageHeader defined in the Test Article Standard (Figure 6) or a PackageHeader completely 
described by metadata.  All EndNodes that produce TmNSDataMessages must have, at the 
minimum, the ability to generate the standard PackageHeaders. 

PackagePayloadPackageHeader
 

Figure 5.  Package 
 

32 bits

AcquisitionTimeDelta
(32 bits)

StatusFlags
(16 bits)

PackageLength
(16 bits)

PackageDefinitionID
(32 bits)

 

Figure 6.  PackageHeader 
 

Many possibilities exist for how Packages may be placed into TmNSDataMessagePayloads.  
Rather than over-specify, and possibly prevent users from being able to meet their mission needs, 
reasonable flexibility is allowed by Test Article standards.  Responsibility is shifted to the users 
to impose local rules that meet the particular needs of their range.  However, there are several 
rules that TAS networks shall follow to ensure a sufficient level of network transport 
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interoperability.  First of all, MessageDefinitionSequenceNumbers shall not repeat or be 
generated out of order for a particular MessageDefinitionID, including when two or more 
DataSources generate TmNSDataMessages with the same MessageDefinitionID.  This rule was 
defined since DataSinks might want to be able to detect lost TmNSDataMessages.  So, a 
DataSource cannot repeat or generate MessageDefinitionSequenceNumbers out of order for any 
single MessageDefinitionID.  Furthermore, more than one MessageDefinitionID may share the 
same multicast address for network transport.  This rule was defined since there are a limited 
number of multicast addresses that can be practically subscribed to by any one IP stack instance 
running on a typical embedded processor.  Finally, a DataSource (or group of DataSources) may 
send a sequence of TmNSDataMessages with the same MessageDefinitionID to multiple 
destination addresses.  This rule was defined since modern Ethernet hardware can use multicast 
addresses to efficiently (and almost automatically) reduce the amount of load on DataSinks (and 
network switches) by only sending data to subscribed nodes. 

The Test Article Standard specifically defines two protocols for the delivery of 
TmNSDataMessages.  The first of these is the Latency/Throughput Critical (LTC) delivery 
protocol.  LTC uses UDP/IP to deliver sequences of TmNSDataMessages to multicast addresses.  
Delivery to unicast and broadcast addresses is also allowed.  Since UDP is inherently 
connectionless, considerations need to be made when using IP to support the latency and 
throughput guarantees.  When planning synchronous-like data transfer over asynchronous 
network transport, some performance-enhanced networking mechanisms must be designed into 
the network fabric to ensure the timely transfer of latency-critical data and maintain sufficient 
bandwidth for throughput-critical data flows.  To ensure optimal performance with IP multicast, 
Test Article network switches and/or routers should partition the network such that only two 
devices (i.e., the switch/router and the end device) are sharing a specific Ethernet link.  In this 
setup, no Ethernet frame collisions occur and each pair of network devices can operate in full-
duplex at full link speed without contention from other devices.  Additionally, switches/routers 
with sufficiently large queuing buffers should be chosen to handle the “burstiness” of the routed 
traffic. 

Even with this level of forwarding determinism, which is inherent to most modern 
implementations, composite throughputs on each link of telemetry networks should be planned 
to not exceed the available bandwidth.  This planning should be realized using the anticipated 
send rates of each of the MessageDefinitionID, along with the pool of available multicast 
addresses, to assign multicast addresses in proportions that do not overflow available line rates 
and buffer queues.  This planning should be automated in an application for producing setup 
files, but may be done manually based on the anticipated network topology.  Metadata should be 
generated and shared between DataSources and DataSinks for associating MessageDefinitionIDs 
with their multicast groups. 

The standard TmNSDataMessage structure includes MessageDefinitionSequenceNumbers to 
enable the detection and reporting of transport reliability through system management.  
Applications may also use MessageDefinitionSequenceNumbers to reorder flows of a particular 
MessageDefinitionID at DataSinks.  The standard TmNSDataMessage structure also includes and 
AquisitionTimestamp field for correlation of LTC delivered data at DataSinks.  Since the data 
delivered by LTC is by its very nature latency critical, this protocol is focused on controlling 
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latency first and data reliability second.  Consequently, no guaranteed transport mechanism is 
used that would require acknowledgements and resends that would delay data outside of the 
latency performance bound.  IP multicast packets will also include QoS markings in the IP 
header, as defined in the Test Article Standard, to enable the prioritization of multicast data 
across network devices. 

The second protocol for the delivery of TmNSDataMessages is the Reliability Critical (RC) 
delivery protocol.  This protocol is intended for the delivery of TmNSDataMessages when 
reliability constraints are more important than latency or throughput constraints.  RC 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 data delivery uses a reliable protocol 
(i.e. TCP).  The reliable protocol supports the error-free delivery of a data stream 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. 

Stream-oriented transfer of data with RC consists of a data transfer between a DataSource and a 
DataSink.  The data transfer is initiated, controlled, and concluded under the supervision of the 
DataSink via a “Control Channel.”  The DataSink specifies parameters defining the DataSink 
destination IP address and TCP port, transfer data set (MessageDefinitionID [MDIDs]), and other 
aspects of the data transfer via commands issued to the DataSource via the Control Channel.  
The DataSink establishes a “Data Channel” TCP connection to the specified DataSink address 
and port.  The DataSource transmits the parameter-specified data set (often followed by an “end-
of-data” indication) via the TCP connection to the DataSink. 

Real Time Streaming Protocol (RTSP) was chosen for the RC control channel by the TASWG 
after studying Simple Network Management Protocol (SNMP) and Hypertext Transfer Protocol 
(HTTP) as alternatives.  It was determined that RTSP provided the required control channel 
methods and parameters with the least customization of the protocol.  TCP was chosen for the 
reliable transfer of data because TCP provides the required error correction, congestion control, 
and error recovery mechanisms for reliability critical data.    

The goal of designing for quality of service (QoS) within the Test Article Standards context is 
the allocation of Test Article network bandwidth and technology sufficient to meet the latency 
bounds and packet loss requirements of network traffic with differing quality of service 
requirements.  Proper network engineering and administration are a fundamental requirement for 
successful operation of a network-based telemetry system.  The telemetry network designer must 
anticipate composite data rates across Test Article network interfaces and subnets.  Adequate 
bandwidth, switching capacity, and packet processing policies must be sufficiently provisioned 
at each interface and across the network to meet the latency bounds and packet loss requirements 
of a particular implementation.  The telemetry network designer should use a combination of 
telemetry traffic analysis, scheduling, and network over-provisioning as the primary tools for 
meeting quality of service requirements.   
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Network over-provisioning is the practice of allocating additional bandwidth capacity to a 
segment or interface beyond the amount required to carry the computed average composite data 
rate.  The excess bandwidth provides dynamic range within the capacity of the given Ethernet 
segment or interface sufficient to handle the traffic variance of a composite traffic.  Adequate 
over-provisioning can eliminate or greatly reduce the need for QoS protocols.  The Test Article 
network engineer should employ over-provisioning to the maximum extent practical before 
investing in the complexity of other techniques.  In fact, sufficient capacity must be present for 
QoS protocols to provide substantial benefit during periods of network congestion.  Application 
of QoS protocols is appropriate when infrequent and random composite data rate on a subnet or 
interface may cause undesirable latency, latency jitter, or packet loss.  QoS protocols can not 
compensate for a persistent lack of adequate bandwidth.   

The Test Article Standard specifies the widely used DiffServ QoS protocols as an additional tool 
to meet QoS requirements when traffic engineering measures may not be sufficient to address 
momentary congestion within the Test Article network.  The QoS protocols implement a set of 
per hop behaviors (PHBs) at the outputs of peripheral interfaces.  The PHBs define a set of 
policies enforced at input and output queues of peripherals 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 (vNET, radio 
frequency network [rfNET], ground station [GS]). 

CONCLUSION 

Now that the initial Test Article Standard has been documented, we have been able to leverage the 
content to create a general library for the creation and consumption of TmNSDataMessages. This 
library has been created as a basis for test bed EndNode emulators.  These EndNode emulators 
take command-line options for DataSource, DataSink, destination address, MDID, and DiffServ 
Codepoint (DSCP) bits for the setup of a TmNSDataMessage sending/receiving sequence.  
Statistics are printed to the screen periodically.  These statistics include TmNSDataMessages sent, 
bytes sent, time-windowed (on configured printing rate) TmNSDataMessages per second, time-
windowed (on configured printing rate) bits per second, MDID value, DSCP value for sent 
TmNSDataMessages, and MessageDefinitionSequenceNumber drops for received 
TmNSDataMessages.  It is envisioned that test bed assessments using these EndNode emulators, 
as well as real hardware from vendors, will contribute to the process of the further maturation of 
the Test Article standards. 
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ABSTRACT 

 

Multiple-input multiple-output (MIMO) systems use multiple transmitters and receivers to 

increase the capacity and reliability of radio frequency communication links used in multipath 

and disruptive environments.  This paper describes a recently designed hardware testbed that can 

be used as a modulator and transmitter for MIMO systems which use two transmitters.  The 

testbed consists of a field programmable gate array (FPGA) that generates the I/Q baseband 

signals for the two transmitters.  A wide variety of modulation and coding formats, up to data 

rates of 10 Mbps, can be implemented by reprogramming the FPGA.  The dual I/Q outputs from 

the FPGA are then fed to a pair of quadrature modulators, which have programmable carrier 

frequencies from 1,025 to 2,450 MHz.  The system is implemented on a single printed circuit 

board, and has dual RF outputs with programmable power levels up to 0 dBm. 

 

 

INTRODUCTION 

 

There has been a substantial amount of research in the past few years on the use of MIMO 

systems [1-4].  By using multiple antennas at both the transmitter and receiver, these systems can 

either achieve higher throughput, or higher reliability, than traditional single-antenna systems or 

beamforming systems.  However to see these gains, one must be able to carefully control and 

coordinate the signals generated by each transmitter.  There are a variety of methods for 

performing MIMO modulation, and it is not always clear which technique will work best in any 

given situation.  It would be convenient to have a test bed that would allow the user to quickly 

reprogram the transmitters.  Ideally, such a test bed would be reasonably small, to allow it to be 

used in typical telemetry applications.  This paper describes the development of such a test bed.  

Since it will accommodate two transmit antennas, it was given the name dual-antenna radio-

transmitter (DART). 

 

A high level block diagram of the DART board is shown in Fig.  1.  The DART system will 

allow transmission of data up to 1 Mbit/sec.  The data is read into an Altera
®
 Cyclone II field 

programmable gate array (FPGA).  The user can program, and then reprogram, the FPGA to 
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implement a variety of MIMO modulation formats.  Provided there is sufficient space on the 

FPGA, it would also be possible to implement source compression, encryption and forward error 

correction algorithms.   

 

 
 

Figure 1.  High Level Block Diagram of DART Board 

 

The output of the FPGA consists of four digital data streams, each 14 bits wide.  The output 

streams are fed to a pair of dual, 14-bit digital to analog converters (DAC) made by Texas 

Instruments
®
 (DAC2904).  These DAC each produce a pair of differential analog signals which 

are treated as in-phase and quadrature-phase (I/Q) signals.  These signals are properly 

conditioned, and sent to an Analog Devices
®
 AD8349 quadrature modulator.  The output of each 

modulator is amplified by an ADL5330 RF amplifier, before final termination into a 50  

antenna.  A detailed block diagram of the DART board is shown in Fig.  2.   

 

Radio transmission capabilities are built upon a simple quadrature modulation scheme in which a 

pair of differential baseband I/Q signals, separated by a 90 degree phase shift, are multiplied by a 

carrier signal and are then combined to produce a resulting RF signal.  The DART’s quadrature 

modulators receive the carrier frequency from an Analog Devices
®
 ADF4360-1 N-synthesizer, 

which serves as a programmable phase-locked-loop (PLL).  A variety of carrier frequency ranges 

can be attained through utilization of pin-compatible ICs within the ADF4360 family. 

 

 

CIRCUIT EXPLANATION 

 

A set of schematics for the entire DART board is presented in Figures A1 - A6 in the appendix.  

The limited resolution of these figures may make it difficult to view some details.  A high-

resolution schematic can be obtained by contacting any of the authors.  The remainder of this 

section discusses many of the design decisions made when laying out this circuit. 
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Figure 2.  Detailed DART Block Diagram 

 

Two 10-pin headers allow programming of the FPGA by either JTAG or AS serial interfaces, 

respectively.  Either header can be used in conjunction with a standard Altera
®
 USB-Blaster 

programming device.  Programming of the Cyclone II via JTAG is volatile (i.e., the board must 

be re-programmed if powered off), whereas non-volatile AS programming stores program data in 

a 4MB flash chip.  Jumpers are used to set the programming mode. 

 

Three I/O pins connect the FPGA to the ADF4360-1’s serial-peripheral interface (SPI) for PLL 

initialization.  A 10MHz oscillator provides an external reference frequency to simplify 

programming.  All remaining I/O pins are connected through 22  resistors to the DAC’s digital 

input pins.   

 

Each analog output of the DAC2904 requires a characteristic impedance of 50 .  Therefore, 

50  termination resistors are used to convert the DACs’ differential current outputs to a usable 

form.  The analog outputs are AC-coupled and DC biased to 400mV using a resistor divider 

network as required by the AD8349 modulator. 
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Figure 3.  Programming Connection for FPGA 

 

A jumper block allows for manual bypassing (see Fig.  3) of the FPGA’s connection to the 

ADF4360-1.  This enables the ADF4360-1’s SPI interface to be externally interfaced.  Some 

100  resistors and 0.1µF capacitors provide buffering and input protection.  The differential 

outputs of the PLL are AC-coupled as recommended in the ADF4360-1 datasheet.  Because both 

AD8349 modulators require a differential oscillator input, each output of the PLL is connected to 

a 50  power splitter and RF amplifier before connecting to a modulator.  An LED is connected 

to the ADF4360-1’s “muxout” pin, which can be programmed to send a high signal when the 

PLL achieves a frequency lock. 

 

The ADL5330 features differential RF inputs and outputs, while the AD8349 modulator outputs 

are single-ended.  This interface issue was easily resolved by AC-coupling the negative 

differential input to ground.  For the ADL5330’s output, a 50  balun transformer resolves the 

same issue by converting the differential output into a single-ended form for connection to a 

50  antenna.  A trim-pot resistor and unity-gain operational amplifier configuration allow the 

voltage input to the ADL5330 “gain” pin to be controlled from 0-1.25V, thereby allowing for 

manual adjustment of the output power at each antenna. 

 

Power is delivered to the DART using an external 5V, switching AC-to-DC power supply.  

Diode protection and linear regulators are used to step down the voltage to separate digital and 

analog +3.3V and +1.2V supplies.  Bulk and surface mount decoupling capacitors are generously 

placed throughout the circuit. 

 

 

PRINTED CIRCUIT BOARD LAYOUT 

 

The DART was designed on a standard 62 mil, 4-layer PCB stackup with 1oz copper traces, as 

shown in Fig.  4.  Because five DC voltage levels are used throughout the DART’s circuit, power 

traces are routed in layer 4 and rely on well-placed decoupling capacitors instead of a 

power/ground plane pair.  All analog signal trace widths are set to 16.299 mils to achieve the 

desired trace characteristic impedance, Z0 = 50 . 
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Layers 2 and 3 consist of solid ground planes, which avoids complex ground return paths caused 

by split plane techniques.  Vias are placed at 5mm intervals throughout the board to minimize 

impedance between the separate ground planes.  Vias connecting surface mount components to 

ground are placed as closely to the component pads as possible in order to reduce parasitic 

inductance.  For the same reason, passive components connecting to RF signal traces were 

placed as closely as possible, or directly upon the signal trace.   

 

The front and back of the assembled board is shown in Fig 5 and Fig 6 respectively. 

 
Figure 4.  DART Printed Circuit Board Layout 

 

 

PROGRAMMING 

 

The Verilog hardware description language is used for all FPGA coding.  To generate signals, 

the FPGA reads data points from a pre-made text file.  One data point is read at each rising edge 

of an external 10MHz oscillator.  Therefore, the number of data points in a list is directly 

proportional to the frequency of the output signal.  Test signals can be created with Matlab
®
 or 

equivalent tools, then quickly compiled and programmed to the FPGA via the Altera
®
 Quartus II 

software. 
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 Figure 5.  Front of Assembled PCB Figure 6.  Rear of Assembled PCB 

 

 

The DART PLL must be initialized through a 3-wire serial-peripheral interface (SPI) each time 

the board is powered on.  The ADF4360-1 reads three sets of 24-bit data, each followed by a 

high pulse on the latch pin.  These three latches (and preceding data) set chip operating 

parameters, such as frequency and output power.  Without proper initialization, the PLL cannot 

achieve a frequency lock.  Thus, the FPGA is programmed to produce the necessary SPI 

initialization routine prior to outputting the programmed periodic signals.   

 

 

CHALLENGES 

 

Two major difficulties were encountered during development and testing of the DART: 

 

1. PLL Initialization: Initializing the PLL directly from the FPGA was unreliable, even 

though it appeared to be presented with the appropriate SPI waveform.  Using 

manufacturer-provided evaluation software for the ADF4360-1 with the DART’s external 

SPI bypass jumpers, the PLL achieved a frequency lock during several test sessions.  

Future experimentation is planned by cutting traces on the PCB and supplying an 

external, differential 2.4GHz signal into two SMA jacks. 

 

2. Power Splitters: Each modulator requires a differential oscillator input, but a single 

ADF4360-1 chip can only provide one differential oscillator signal.  Parallel signal 

connections are not practical at 2.4GHz, so 50  power splitters are used to split the PLL 

signal.  Series +8.9dBm RF amplifiers are placed after each splitter output to make up for 

the 3-6dBm signal loss.  Exact output can later be programmed through the ADF4360-1 

to achieve the target oscillator input power of -6dBm into each AD8349. 
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CONCLUSIONS 

 

The foundation of the DART has been successfully built.  An FPGA/DAC hardware platform 

and software are fully operational for generation of dual I/Q baseband signals for transmission to 

dual quadrature modulators.  Limited PLL chip functionality, however, deems modulated signal 

transmissions inoperable.  As a result, the modulators and RF amplification stages of the device 

have not been tested.  In the future, the DART’s radio transmission capabilities can be tested by 

manual insertion of a 2.4GHz oscillator signal. 
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APPENDIX - SCHEMATICS 

 

 
Figure A1.  Power Supply and FPGA Schematic 
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Figure A2.  Digital to Analog Converter Schematic 

 

 

 
Figure A3.  PLL Schematic 
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Figure A4.  Power Splitter Schematic 

 

 

 

 

 
Figure A5.  Modulator Schematic 
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Figure A6.  RF Amplifier Schematics 
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ABSTRACT 
 
This paper investigates the performance of a symbol synchronization technique when used for 
bandlimited modulation formats in multipath environments.  The performance was analyzed 
using Gaussian Frequency Shift Keying as the modulation format, and assume the receiver has 
no channel state information  The symbol synchronization algorithm calculates the minimum 
sample variance of eye diagrams over varying symbol rate estimates.  The system performance 
was measured through simulations run at various signal-to-noise ratios and over a range of 
single-reflection multipath channels. 
 
 

INTRODUCTION 
 
Symbol synchronization must be maintained in any digital communication system, and a wide 
variety of algorithms exist to perform this operation [1-3].  However this problem becomes more 
challenging when bandlimited waveforms are used.  The transmitters in these systems introduce 
a form of controlled inter-symbol interference (ISI), which smoothes the abrupt transitions 
present in the more fundamental modulation formats.  While this can substantially reduce the 
amount of bandwidth used, it also removes - or at least degrades - some of the features of the 
waveform that symbol synchronization devices exploited.  This makes symbol synchronization 
more challenging for these systems. 
 
Many telemetry systems must contend with significant multipath reflections.  The receiver will 
pick up multiple - but time-delayed - versions of the transmitted signal, in addition to noise and 
interference.  The effects of the multipath reflections can be removed if one has an accurate 
estimate of their time delay, phase shift, and gain relative to the line-of-sight component.  
However many receivers lack this channel state information (CSI).  This could be because of the 
receiver's limited complexity, because the channel has a large number of reflections to model, the 
signal-to-noise ratio (SNR) may be too low to allow accurate measurements, or the parameters 
may be changing too rapidly to allow accurate tracking.  Receivers that lack CSI cannot remove 
its effects prior to data demodulation, so they must use synchronization devices which can 
tolerate multipath. 
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This paper investigates a method for performing symbol synchronization which not only works 
for bandlimited signals, but can also tolerate some degree of multipath interference.  It can be 
applied to a variety of modulation formats, but for simplicity we chose to focus on one - namely 
Gaussian frequency shift keying (GFSK).  Some common symbol synchronization techniques 
calculate the slope, or estimate the location of the zero-crossings of baseband waveforms.   
 
In the technique discussed here, the receiver will generate sample eye diagrams, over a range of 
possible symbol rates.  The variance of the eye diagram at different time offsets is then 
calculated for each hypothesized data rate.  When the hypothesized data rate is incorrect, the 
variance is reasonably constant over all time offsets.  However when the correct data rate has 
been found, there is significant difference between the maximum and minimum variance at 
different time offsets.  This difference is captured in a performance index, which can be 
maximized to find the correct data rate. 
 
In the vicinity of the correct data rate, the performance index approximates a parabolic function, 
making it possible to generate an estimate even when the correct data rate was not one of those 
used in the hypothesis testing. 
 
The following section describes the GFSK transmitter, channel and receiver used for this work.  
Next, sample eye diagrams are presented for a variety of channels, and timing synchronization 
error situations.  Finally, the performance of the symbol synchronization algorithm, as measured 
by simulations, is presented for a few channels. 
 
 

GFSK TRANSMITTER, CHANNEL AND GFSK RECEIVER 
 
Transmitter 
 
Fig.1 shows a functional block diagram of a GFSK Modulator.   
 
 

 
Fig.1 GFSK Modulator 

 
 
The data stream ( )d t  into the GFSK Modulator is an NRZ stream ( +1).  The binary data is 
Gaussian filtered with the following impulse response: 
 

 
2

2 2

1( ) exp
22 s

th t
TT σπσ

 −
=  

 
 (1) 
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where sT  is symbol time, and  

 
ln(2)

2 sBT
σ

π
=  (2) 

 
and B is the 3dB Bandwidth of the signal measured in Hz.  We choose the time-span of the 
impulse response of the Gaussian filter to be + 2 symbol times.  The Gaussian filter output, ( )g t , 
is scaled by df  to control the frequency deviation, and integrated to form the phase of the 
transmitted signal 

 ( ) ( )
t

dp t f g t dt
−∞

= ∫  (3) 

 
The phase can then be used in a I/Q modulator, or in our case, to form a complex envelope 
signal, ( )x t , written as 
 ( ) co s( ( )) sin ( ( ))x t p t j p t= +  (4) 
 
Channel 
 
The transmitted signal passes through a channel as shown in Fig.  2 that introduces attenuation, 
time-delay, multipath and Additive White Gaussian Noise (AWGN). 
 

 
Fig.  2  Multipath Channel 

 
Here, we assume that the receiver antenna receives one reflected path in addition to the Line of 
Sight (LoS) path.  The received signal is: 
 
 1 1 2 2( ) ( ) ( )r t k x t Rk x t nτ τ= − − − +  (5) 
 
where, 
 

1k  and 2k  are the power loss coefficients for both the paths, 
1τ  and 2τ  are the respective time delays of the two paths, 

R  is the Reflection coefficient of the reflecting surface, 
n  is the white Gaussian noise. 
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We assume that the delay spread introduced by the multipath is much smaller than the symbol 
time. 
 
 
Receiver 
 
Fig.  3 shows a functional block diagram of a GFSK receiver.   
 

 
Fig.  3  GFSK Receiver 

 
Both the I and Q channels of the received signal complex envelope are multiplied with the 
differentiated outputs of the other channel.  The received I-channel signal is 
 
 1 1 2 2( ) cos( ( )) cos( ( ))ir t k p t Rk p tτ τ= − − −  (6) 
 
and the received Q-channel signal is 
 
 1 1 2 2( ) sin( ( )) s ( ( ))qr t k p t Rk in p tτ τ= − − − . (7) 
 
This makes the derivative of the I-channel signal 
 

 1 1 1 2 2 2( ) ( ) s ( ( )) ( ) s ( ( ))i
d d dr t p t k in p t p t Rk in p t
dt dt dt

τ τ τ τ = − − − − − − 
 

 (8) 

 
and from eq.(3) 
 

 ( )1 1 1 2 2 2( ) ( ) s ( ( )) ( ) s ( ( ))i
d r t f t k in p t f t Rk in p t
dt

τ τ τ τ= − − − − − − . (9) 

 
Similarly, the derivative of the Q-channel signal is 
 

 ( )1 1 1 2 2 2( ) ( ) cos( ( )) ( ) cos( ( ))q
d r t f t k p t f t Rk p t
dt

τ τ τ τ= − − − − − . (10) 

 
The output of the summer is 
 
 { }1 2 1 2 1 2

2 2( ) 2 co s( ( ) ( )) ( )s t k Rk Rk k p t p t f tτ τ= + − − − −  
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and from eq.  (3), 
 

 1 2 1 2

1

2
2 2( ) 2 co s ( ) ( )s t k Rk Rk k f t dt f t

τ

τ

   = + −  
   

∫ . (11) 

 
In the absence of multipath ( )0R = , the output is 
 
 ( )1 1 1

2 2 2( ) ( ) ( ) ( )* ( )d ds t k f t k f g t k f h t d t= = =  
 
i.e.  ( )( ) ( )* ( )s t K h t d t= , where K  is a constant.  However, due to multipath ( )0R ≠ , the 
summer output is a function of the difference between the time delays, the reflection coefficient 
of the reflecting surface and the attenuation of the respective paths. 
 
 

SYMBOL SYNCHORNIZATION ERRORS WITH NOISE, MULTIPATH AND 
INCORRECT DATA RATE AT THE RECIEVER 

 
In an eye-diagram, given no multi-path and no noise, all overlapping samples of the signal over a 
few symbol times converge to the same path.  This assumes the receiver uses precisely the same 
data rate as the transmitter.  Figure 4 shows the eye-diagram when there is no multipath and no 
noise, while Fig.  5 shows a typical eye diagram when multipath and noise are present. 
 

  
 Fig.  4  Correct Data Rate Fig.  5  Correct Data Rate 
 No Multipath or Noise Multipath and Noise Present 
 
If the receiver uses a data rate that is 5% different from the transmitter's data rate, the noise-free 
eye diagram over a few symbol times resembles Fig.  6 while the eye-diagram when multipath 
and noise are present resemble Fig.  7. 
 
As seen from Fig.  5, in presence of multipath, synchronization methods like zero-crossing 
detection or calculation of slope of eye-diagram are not applicable as the region of zero-crossings 



6 

 

and zero-slope is fairly spread out over the length of the eye-diagram owing to multipath.  This 
problem is further exacerbated in case the receiver has an incorrect estimate of the transmitted 
data rate as is shown in Fig.  7. 
 

  
 Fig.  6 Incorrect Data Rate Fig.  7  Incorrect Data Rate 
 No Multipath or Noise Multipath and Noise Present 
 
We calculated the variance of the samples in the eye-diagram at each instant along the horizontal 
axis.  In regions where the paths all converge (correct data rate at receiver, and little noise), the 
variance will be lower, than where they spread out over a wider region.  Figures 8 and 9 show 
the variance curves when the assumed data rate is correct for a low noise, no multipath channel 
and for a channel with noise and multipath present, respectively.  Figures 10 and 11 show the 
variance curves for corresponding conditions when the assumed data rate is off by 5%. 
 
These figures illustrate that there is a substantial difference between the maximum and the 
minimum variance if the data rate is correct, even with multipath and noise present.  Thus, the 
variance curve of the eye-diagram can be considered as a measure of the accuracy of the 
estimated data rate at the receiver.  Also, for correct data rate, the point of maximum variance is 
typically the point where the eye is open the most, the ideal point for sampling the symbol. 
 

  
 Fig.  8 Correct Data Rate Fig.  9  Correct Data Rate 
 No Multipath or Noise Multipath and Noise Present 
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 Fig.  10  Incorrect Data Rate Fig.  11  Incorrect Data Rate 
 No Multipath or Noise Multipath and Noise Present 
 
We define the performance index, P , of the estimated data rate as the normalized difference 
between the maximum and the minimum variances of the eye-diagram: 
 

 ( ) ( )
( )

max var min var
max var

P
−

=  (12) 

 
Figures 12 through 15 show how this performance index varies with the estimated data rate, and 
the reflection coefficient of the multipath term, R. 
 

  
 Fig. 12  R=0.25 Fig. 13  R=0.5 
 
The performance index has a local maximum at the correct data rate, regardless of the reflection 
coefficient.  This property is exploited in the algorithm described in the following section.  At 
high reflection coefficients, there can be additional significant maxima at incorrect data rates.  If 
one transmits a preamble of alternating data, these extraneous peaks can be largely eliminated, as 
shown in Fig. 16. 
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 Fig. 14  R=0.75 Fig. 15  R=1 
 

 
Fig. 16  R=1, Toggling Data 

 
 

ALGORITHM AND PERFORMANCE 
 

The performance index curve can be modeled as a parabolic function when the estimated data 
rate is close to the actual data rate.  We begin the synchronization by searching over a range of 
possible data rates, calculating the performance index, P,  at each value.  If P is greater than 0.2 
for random data, or 0.4 for toggling data, we assume that the estimate is on the parabola. 
 
We now calculate P at two data rates which are very close to the first estimate.  Based on the 
data set of the three estimates, and their performance indices, we model the equation of the 
parabola- )(estf  such that it fits the data ))(( iestf  to )(iP  in the least squares sense. 
 
One of the roots of the equation 01)( =−estf will yield the estimate value for which 1=P . This 
root is the new estimate of the data rate. This estimate, along with its performance index, is now 
included in the existing data set, and a refined estimate can be calculated.  A very fine resolution 
is possible, limited only by the number of iterations and the number of samples per symbol.  
Figures 17 through 20 show the standard deviation of the estimated data rate as a function of the 
SNR and with different reflection coefficients. 
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 Fig. 17  R=0 Fig. 18  R=0.25 
 

  
 Fig. 19  R=0.5 Fig. 20  R=1 
 
The figures shown above were all generated using random transmitted data.  If a preamble of 
toggling data is used, the performance improves substantially, as shown in Fig. 21. 
 

 
Fig. 22  R=1, Toggling Data 
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Figures 22 and 23 show how the performance varies with the reflection coefficient, at a fixed 
SNR, with random and toggling data. 
 

  
 Fig. 23  Random Data Fig. 24  Toggling Data 
 

 
CONCLUSIONS 

 
Symbol synchronization of GFSK Modulated signals in a multipath environment with additive 
white Gaussian noise was carried out. The data rate was estimated using the performance indices 
derived by observing the variance curves for the eye-diagrams at different estimates. The 
algorithm based on these performance indices was analyzed by studying the standard deviation 
plots for different SNR, and different reflection coefficients. It was observed that the algorithm 
estimated the data rate efficiently for low to moderate degrees of multipath. The algorithm 
performance improved markedly when a preamble of toggling data is used. 
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ABSTRACT

Space-time Coding (STC) for Multiple-Input Multiple-Output (MIMO) wireless communication
systems is an effective technique for providing robust wireless link performance in telemetry
systems. This paper investigates the degradation in system performance when synchronization
errors between the transmitter and receiver are present. Specifically, expressions that quantify
the increase in symbol-error-rate as a function of symbol synchronization error are derived for
a two-transmit and single receive antenna MISO system using binary frequency shift keying
waveforms. These results are then extended to the MIMO case. The analytic results are verified
with simulation results that show close agreement between the theoretical expressions and Monte
Carlo simulation runs.

KEY WORDS

space-time coding, multiple-input multiple-output, frequency shift keying, synchronization, prob-
ability of error

INTRODUCTION

Many telemetry systems must establish reliable communications through challenging radio fre-
quency channels. Noise, multipath, fading, nonlinear distortion and and interference are all
commonly encountered. One way to mitigate many of these problems, is to use multiple anten-
nas at the transmitter and receiver locations[1, 2]. These multiple-input multiple-output (MIMO)
systems can overcome deep fades, and allow the designer to tradeoff increased data reliability
with higher throughput [3, 4].
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As helpful as MIMO techniques can be, they come at a cost. The amount of radio frequency
hardware at the transmitter and receivers is typically proportional to the number of antennas at
each location. The complexity of the baseband signal processor at the receiver can also be sub-
stantially higher than in conventional single-input, single-output (SISO) systems. If the receiver
and transmitter can not develop accurate estimates of the channel characteristics, then it can be
difficult to see the promised gains [5]. The particular challenge investigated in this paper is how
the MIMO gains may be reduced due to symbol synchronization errors at the receiver.

All digital communication systems require the receiver to form an estimate of when each trans-
mitted symbol begins, and ends. Many of the calculations of channel capacity, and error rate
performance, are only valid when the synchronization errors are negligible. A variety of syn-
chronization architectures have been developed for digital communication systems. Regardless
of which synchronization technique is used, it is inevitable that some symbol synchronization
error will remain. This will degrade MIMO performance in two ways. It will essentially intro-
duce inter-symbol interference, as the receiver is influenced by the bits adjacent to the one being
demodulated. In addition, errors will be made in the channel estimation algorithm, which will
indirectly influence the error rate.

This paper presents an analytical framework, and numerical simulation results, for analyzing and
measuring the degradation of symbol error rate as a function of synchronization errors for MIMO
systems utilizing frequency shift keying (FSK) with space time block codes (STBC). This work
extends the work of [6] in two key aspects. The first is generalizing the channel estimation and
decoding techniques from a multiple-input single-output (MISO) system to a MIMO architec-
ture. The second is the analysis (through both mathematics and computer simulation) of system
performance when synchronization errors are present. These new results are the main focus of
this work.

INPUT-OUTPUT DESCRIPTION

A MIMO wireless baseband flat fading communication system with Nr receive antennas and Nt

transmit antennas is modeled at time t by

r(t) = H(t)x(t) + n(t)

where r(t) is the Nr × 1 received vector, x(t) is the Nt × 1 transmitted symbol vector. The
elements of the transmit vector can be written as si(t), where each of these waveforms is a
Frequency Shift Keyed (FSK) signal with symbol energy Es. The channel noise is written
as n, which is a vector of size Nr × 1 each term being a independent, identically distributed
complex gaussian number, ni

iid
∼ CN (0, No). The gain, and phase shift, between each of the

nth transmit antennas and the mth receive antennas is captured in the Nr × Nt channel matrix
H(t) = {hmn(t)}.

In this work, we assume the transmitted bandwidth is narrow enough that the channel induces
flat frequency fading, with a temporal correlation modeled by Jakes [7]. Specifically, each sub-
channel autocorrelation function satisfies

Rgmngmn(τ) = J0(2πfdTs),
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where fd is the doppler frequency and Ts is the symbol period. To keep the analysis and simu-
lations tractable, for the remainder of this work we will use a MIMO system with two transmit
and two receive antennas - in other words Nt = Nr = 2.

SYNCHRONIZATION ERROR

In this work, there are two different types of synchronization errors that will be encountered. The
first is an error in the symbol period. This is modeled by

T̂ , T + ε(t)

where ε(t) is the symbol synchronization error. We will examine only the case where this type
of error is a constant. The second type of error is timing offset of the symbol period. This is
when the receiver has a very accurate estimate of the symbol period but is uncertain of where
this period starts. In this case the error term will be written as To(t), and we will examine the
cases where this term is a constant, and also when it has a gaussian distribution.

FSK WAVEFORMS

The baseband FSK signals for the ith waveform is [8]

si(t) =

√
2Es

T
exp(j2π(2i−M − 1)∆ft), (k − 1)T ≤ t ≤ kT (1)

where ∆f is frequency separation between signals and the following transformation for index i
has been made

i 7→ 2i−M − 1.

To establish orthogonality between signals, it is routine to show that the minimum frequency
separation is ∆f = 1

2T
. For the purposes of this work, only binary FSK (M = 2) will be

considered. This simplifies (2) to

si(t) =

√
2Es

T
exp

(
jπt(−1)i

T

)
, (k − 1)T ≤ t ≤ kT.

which will prove useful for channel estimation and decoding.

STBC

An Alamouti-type STBC [9] using FSK waveforms was described for a 1x2 MIMO system by
[6]

X(t) =

[
x1(t) −x?

2(t)
x2(t) x?

1(t)

]

where xi(t), i = 1, 2 belong to C. Although the same STBC can be implemented for a MIMO
system with multiple receive antennas, additional signal processing is required for channel es-
timation and decoding due to the presence of additional channel coefficients. A contribution of
this work is fulfilling this task to multiple receive antennas. This process will begin with channel
estimation.
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- Channel Estimation

The acquisition of accurate channel estimates is crucial for good system performance. For the
reason, the process is shown first when there are no synchronization errors. This is then followed
respectively by symbol period errors and timing offsets.

I) Perfect Synchronization

The received signal for 2kT ≤ t ≤ (2k + 1)T is

y(t) =

[
h11(k)x1(t) + h12(k)x2(t)
h21(k)x1(t) + h22(k)x2(t)

]
+

[
n1(t)
n2(t)

]

Then

z1(t) ,
√

2

EsT

∫ (2kT+1)T

2kT

y(t) cos

(
πt

T

)
dt

=

[
h11(k)

∫ (2k+1)T

2kT
x1(t) cos

(
πt
T

)
dt + h12(k)

∫ (2k+1)T

2kT
x2(t) cos

(
πt
T

)
dt

h21(k)
∫ (2k+1)T

2kT
x1(t) cos

(
πt
T

)
dt + h22(k)

∫ (2k+1)T

2kT
x2(t) cos

(
πt
T

)
dt

]

+

√
2

EsT

[ ∫ (2k+1)T

2kT
n1(t) cos

(
πt
T

)
dt

∫ (2k+1)T

2kT
n2(t) cos

(
πt
T

)
dt

]

=

[
h11(k) + h12(k)
h21(k) + h22(k)

]
+

√
2

EsT

[ ∫ (2k+1)T

2kT
n1(t) cos

(
πt
T

)
dt

∫ (2k+1)T

2kT
n2(t) cos

(
πt
T

)
dt

]

Following the same procedure it follows for (2k + 1)T ≤ t ≤ (2k + 2)T that

z2(t) =

[ −h11(k) + h12(k)
−h21(k) + h22(k)

]
+

√
2

EsT

[ ∫ (2k+1)T

2kT
n1(t) cos

(
πt
T

)
dt

∫ (2k+1)T

2kT
n2(t) cos

(
πt
T

)
dt

]

Thus the channel estimates are

ĥ1(k) = 1/2(z1(t)− z2(t))

and
ĥ2(k) = 1/2(z1(t) + z2(t))

II) Symbol Period Synchronization Error

When there is symbol synchronization error at the receiver, the FSK waveforms will have
different symbol periods and hence will lose their orthogonality properties. The impact on
performance is analyzed by first noting that there are two cases to consider

i) ε < 0. For 2kT ≤ t ≤ (2k + 1)T

z1(t) =

√
2

EsT̂

∫ (2k+1)T̂

2kT̂

y(t) cos

(
πt

T̂

)
dt.

It follows after several manipulations that
∫ (2k+1)T̂

2kT̂

si(t) cos

(
πt

T̂

)
dt =

√
Es

2T
αi
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where

αi = (T + ε(T )) exp
(
(−1)ijπε(T )

) (
sinc

(
ε(T )

2T

)
− sinc

(
1 + ε(T )

2T

))
.

If {ak} is a sequence whose components are equally likely drawn from {−1, 1}, then
for 2kT ≤ t ≤ (2k + 1)T

z1(t) =
1√
T T̂

[ −h11(k)αa4k
+ h12(k)αa4k+1

−h21(k)αa4k
+ h22(k)αa4k+1

]

+

√
2

EsT̂




∫ (2k+1)T̂

2kT̂
n1(t) cos

(
πt

T̂

)
dt

∫ (2k+1)T̂

2kT̂
n2(t) cos

(
πt

T̂

)
dt




Likewise, for (2k + 1)T ≤ t ≤ (2k + 2)T

z2(t) =
1√
T T̂

[ −h11(k)αa4k+2
+ h12(k)αa4k+3

−h21(k)αa4k+2
+ h22(k)αa4k+3

]

+

√
2

EsT̂




∫ (2k+2)T̂

(2k+1)T̂
n1(t) cos

(
πt

T̂

)
dt

∫ (2k+2)T̂

(2k+1)T̂
n2(t) cos

(
πt

T̂

)
dt




ii) ε > 0. For 2kT ≤ t ≤ (2k + 1)T

z1(t) =

√
2

EsT̂

∫ (2k+1)T

2kT̂

y(t) cos

(
πt

T̂

)
dt+

√
2

EsT̂

∫ (2k+1)T+T̂

(2k+1)T

y(t) cos

(
πt

T̂

)
dt.

It follows after some effort that

z1(t) =
1√
T T̂

[
h11(k)(1− αa4k

) + h12(k)(1 + αa4k+1
)

h21(k)(1− αa4k
) + h22(k)(1 + αa4k+1

)

]

+

√
2

EsT̂




∫ (2k+1)T̂

2kT̂
n1(t) cos

(
πt

T̂

)
dt

∫ (2k+1)T̂

2kT̂
n2(t) cos

(
πt

T̂

)
dt




Similarly, when (2k + 1)T ≤ t ≤ (2k + 2)T

z2(t) =

√
2

EsT̂

∫ (2k+2)T

(2k+1)T̂

y(t) cos

(
πt

T̂

)
dt

+

√
2

EsT̂

∫ (2k+2)T+T̂

(2k+2)T

y(t) cos

(
πt

T̂

)
dt

from which it follows through similar techniques when deriving z1(t) that

z2(t) =
1√
T T̂

[ −h11(k) + h11(k + 1)αa4k
+ h12(k) + h12(k + 1)αa4k+1

−h21(k) + h21(k + 1)αa4k
+ h22(k) + h22(k + 1)αa4k+1

]

+

√
2

EsT̂




∫ (2k+2)T̂

(2k+1)T̂
n1(t) cos

(
πt

T̂

)
dt

∫ (2k+2)T̂

(2k+1)T̂
n2(t) cos

(
πt

T̂

)
dt
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III) Timing Offset Synchronization Error

In addition to loses orthogonality, the presence of timing offset can cause channel coef-
ficients of adjacent symbol periods to leak in to the current estimate. This is now shown
by considering the following two cases.

i) To(t) > 0. Then for 2kT ≤ t ≤ (2k + 1)T

z1(t) =

√
2

EsT

(∫ (2k+1)T

2kT+|To|
y(t) cos

(
πt

T

)
dt +

∫ (2k+1)T+|To|

(2k+1)T

y(t) cos

(
πt

T

)
dt

)

from which it follows after several manipulations that

z1(t) =
1

T

[
h11(k) (βa2k

− γa2k
) + h12(k)

(
βa2k+1

+ γa2k+1

)
h21(k) (βa2k

− γa2k
) + h22(k)

(
βa2k+1

+ γa2k+1

)
]

+

√
2

EsT




∫ (2k+1)T+|To|
2kT+|To| n1(t) cos

(
πt
T

)
dt

∫ (2k+1)T+|To|
2kT+|To| n2(t) cos

(
πt
T

)
dt




where

βi = T − |To|
(

1 + exp

(
j
(−1)iπ|To|

T

))
sinc

( |To|
T

)

and

γi = |To|
(

1 + exp

(
j
(−1)iπ|To|

T

))
sinc

( |To|
T

)
.

For (2k + 1)T ≤ t ≤ (2k + 2)T

z2(t) =

√
2

EsT

∫ (2k+2)T

(2k+1)T+|To|
y(t) cos

(
πt

T

)
dt +

√
2

EsT

∫ (2k+2)T+|To|

(2k+2)T

y(t) cos

(
πt

T

)
dt

from which it follows from similar techniques when deriving z1(t) that

z2(t) =
1

T

[ −h11(k)βa2k
+ h11(k + 1)γa2k

+ h12(k)βa2k+1
+ h12(k + 1)γa2k+1

−h21(k)βa2k
+ h21(k + 1)γa2k

+ h22(k)βa2k+1
+ h22(k + 1)γa2k+1

]

+

√
2

EsT




∫ (2k+2)T+|To|
(2k+1)T+|To| n1(t) cos

(
πt
T

)
dt

∫ (2k+2)T+|To|
(2k+1)T+|To| n2(t) cos

(
πt
T

)
dt




ii) To(t) < 0. When 2kT ≤ t ≤ (2k + 1)T

z1(t) =

√
2

EsT

(∫ 2kT

2kT−|To|
y(t) cos

(
πt

T

)
dt +

∫ (2k+1)T−|To|

2kT

y(t) cos

(
πt

T

)
dt

)

from which one can show after some effort that

z1(t) =
1

T

[ −h11(k − 1)δa2k
+ h11(k)ζa2k

+ h12(k − 1)δa2k+1
+ h12(k)ζa2k+1

−h21(k − 1)δa2k
+ h21(k)ζa2k

+ h22(k − 1)δa2k+1
+ h22(k)ζa2k+1

]

+

√
2

EsT




∫ (2k+1)T−|To|
2kT−|To| n1(t) cos

(
πt
T

)
dt

∫ (2k+1)T−|To|
2kT−|To| n2(t) cos

(
πt
T

)
dt
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where

δi = |To|+ (T − |To|)
(

1 + exp

(
j
(−1)iπ(T − |To|)

T

))
sinc

(
T − |To|

T

)

and

ζi = T − |To|+ (T − |To|)
(

1 + exp

(
j
(−1)iπ(T − |To|)

T

))
sinc

(
T − |To|

T

)
.

For (2k + 1)T ≤ t ≤ (2k + 2)T

z2(t) =

√
2

EsT

∫ (2k+1)T

(2k+1)T−|To|
y(t) cos

(
πt

T

)
dt

+

√
2

EsT

∫ (2k+2)T−|To|

(2k+1)T

y(t) cos

(
πt

T

)
dt

and one can arrive using similar techniques as the formulation of z1(t) at

z2(t) =
1

T

[
h11(k) (δa2k

− ζa2k
) + h12(k)

(
δa2k+1

+ ζa2k+1

)
h21(k) (δa2k

− ζa2k
) + h22(k)

(
δa2k+1

+ ζa2k+1

)
]

+

√
2

EsT




∫ (2k+2)T−|To|
(2k+1)T−|To| n1(t) cos

(
πt
T

)
dt

∫ (2k+2)T−|To|
(2k+1)T−|To| n2(t) cos

(
πt
T

)
dt


 .

After analyzing z1(t) and z2(t) for all cases of synchronization error, it is clear that significant
timing offsets and/or errors in the symbol period degrade the quality of channel estimation. De-
pending on the sign of To and ε, leakage of previous or future channel coefficients into the current
CSI estimate play a significant role.

- Detection

Now that the receiver has an estimate of the channel matrix, the second stage of the STBC
receiver is the detection process. In order to draw from the orthogonal design of the proposed
STBC some preparation is needed. Denoting 2kT ≤ λ ≤ (2k+1)T and 0 ≤ τ ≤ T , the received
waveform vector is concatenated to form

Y(τ) ,
[

y(λ)
y∗(λ + T )

]
=




ĥ11(k) ĥ12(k)

ĥ21(k) ĥ22(k)

ĥ?
12(k) −ĥ?

11(k)

ĥ?
22(k) −ĥ?

21(k)




[
x1(τ)
x2(τ)

]
+




n1(λ)
n2(λ)

n?
1(λ + T )

n?
2(λ + T )




= Ĥeff (k)x(τ) + η(τ)

Then

y(k) , j

∫ T

0

Y(τ) sin
(πτ

T

)
dτ = Ĥeff (k)x(k) + η(k) (2)

where

xn(k) =

{
1 if s1(t) was sent
−1 otherwise
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Noting that Ĥ(k)H
effĤ(k)eff = ||Ĥ(k)||2F INt , the decoupled received symbol vector is

x̂(k) = Ĥeff (k)Hy(k) = ||Ĥ(k)||2F x(k) + ñ(k),

where ñ(k) = Ĥeff (k)Hn(k). The minimum distance decision is

x̂i(k) = arg min
xi∈{−1,1}

||x̂i(k)− ||Ĥ(k)||2F xi(k)||2 i = 1, 2.

In addition to errors in the channel estimation stage, the presence of synchronization errors will
negatively impact the calculation of (2). The procedure is identical to the one taken in the channel
estimation stage and will not be pursued. The effects also will be similar in that xn(k) will
deviate from the values of ±1.

SIMULATION RESULTS

To estimate the impact of synchronization errors on the system symbol error rate, a number of
simulations were run. The results of these simulations are summarized in Figures 1-3. In all
cases the transmitter had two transmit antennas, and sent FSK modulated data. The channel im-
posed fading following a Jake’s model, and added white Gaussian noise. The receiver also used
two antennas. After estimating the channel coefficients, the receiver demodulated the data with
a variety of errors imposed on it.

In Fig 1 the receiver used the correct symbol error rate, but had a constant time offset which
forced a controlled amount of ISI. The various curves show the effect of static errors from zero
to 10 percent of the symbol time, where the synchronization error imposed a penalty of approxi-
mately 2.5 dB. The curves were fit to simulations run every one dB. All simulations generated at
least 100 errors.

The curves in Fig 1 may be appropriate to use when there is a bias in the symbol synchronization
device, or the symbol sync loop is somehow stressed. Perhaps a more common problem is when
channel noise cases the symbol synchronization device to make random errors. The results of
such a simulation are shown in Fig 2. The phase error was modeled as a first order, autoregres-
sive, Gaussian process. The statistics listed on the right side of the plot indicate the standard
deviation of this error process, as a percentage of a symbol time. When the standard deviation
of the synchronization error is 10 percent of a symbol time, the BER curve degrades by approxi-
mately 3 dB.

The final simulation executed modeled the effects of a mis-match in the symbol rate between
the transmitter and receiver. Symbol rate errors up to 20 percent were simulated, and the results
displayed in Fig 3.

CONCLUSION

The impact of symbol synchronization errors in MIMO communication systems was analyzed
both mathematically, and through computer simulation. Small synchronization errors do not
cause a catastrophic failure of the MIMO receivers, but can have a significant impact on the
overall system performance. The simulations were written in MATLABTM, using commonly
available toolboxes. The source code can be obtained by contacting any of the authors.
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Figure 2: Gaussian Distributed Timing Errors
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ABSTRACT 
 
Multiple input multiple output communication systems offer significant advantages, but only if 
the receiver has an accurate estimate of the channel state information (CSI).  To obtain a CSI 
estimate, the transmitter must stop sending data, and instead send a training sequence.  To 
maximize throughput, the time spent sending training data should be minimized.  This paper 
describes a method which allows the receiver to track the accuracy of its CSI estimate, so that it 
can request new training data only when necessary. 
 
 

INTRODUCTION 
 
Multiple input multiple output (MIMO) systems use many transmit and receiving antennas to 
increase the reliability and/or throughput of digital communication systems.  These 
improvements require with no increase in bandwidth, and the systems use conventional 
modulation formats for each transmitter and receiver.  However to realize these gains, the 
receiver must measure the channel state information (CSI).  The CSI represents the gain, and 
phase shift, between each of the transmitting antennas, and each of the receiving antennas. 
 
It is typically necessary to send a training sequence of known data, for the receiver to estimate 
the CSI.  While this is necessary, it reduces the amount of time available to send data, and hence 
the throughput of the system.  In slowly varying channels, the training sequence should be sent 
infrequently, while in rapidly varying conditions one may need to send almost as much training 
information as useful data.  One of the challenges of MIMO system design is deciding how often 
the training data must be sent.  Many times one will wish to make this adaptive, to allow the 
systems to work well in a wide variety of channels. 
 
This paper investigates a technique which will allow a receiver to measure how far the current 
CSI varies from the most recent CSI estimate generated by the receiver.  In systems with 2-way 
communication, this information can be relayed back to the transmitter, to let it know how often 
training sequences will need to be sent. 
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To demonstrate this concept, a 2 x 2 (two transmit antennas and two receiving antennas) system 
is used, with an Alamouti space-time block code.  The transmitter uses Gaussian frequency shift 
keying (GFSK) as a modulation format, and a Rayleigh fading channel is used. 
 
 

GFSK TRANSMITTER 
 
Figure 1 shows a functional block diagram of a GFSK Modulator.   
 
 

 
Fig.1 GFSK Modulator 

 
 
The data stream ( )d t  into the GFSK Modulator is an NRZ stream ( +1).  The binary data is 
Gaussian filtered with the following impulse response [1]: 
 

 
2

2 2

1( ) exp
22 s

th t
TT σπσ

 −
=  

 
 (1) 

 
where sT  is symbol time, and  

 
ln(2)

2 sBT
σ

π
=  (2) 

 
and B is the 3dB Bandwidth of the signal measured in Hz.  We choose the time-span of the 
impulse response of the Gaussian filter to be + 2 symbol times.  The Gaussian filter output, ( )g t , 
is scaled by df  to control the frequency deviation, and integrated to form the phase of the 
transmitted signal 

 ( ) ( )
t

dp t f g t dt
−∞

= ∫  (3) 

 
The phase can then be used in an I/Q modulator, or in our case, to form a complex envelope 
signal, ( )x t , written as 
 ( ) co s( ( )) sin ( ( ))x t p t j p t= +  (4) 
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RAYLEIGH CHANNEL MODEL 
 
In this channel model, we assume there is no significant line-of-sight (LoS) component between 
any of the m transmit and n  receive antennas.  Communication relies exclusively on having a 
large number of reflections, or on scattering.  Each of these, i  individual reflections, or 
scattering components, will introduce a gain between the thm  transmitting antenna and the thn
receiving antenna of mnia , along with a phase shift of mniθ .  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 each reflection or scattering term will multiply 
the baseband signal by the terms 1

mnij
mni mnh a e θ= , where 1j = − .  As stated above, Rayleigh 

channels assume there is large number of such terms [3,5], leading to an overall channel 
response  
 
 i mnj mn j

mn mni mni
h a e A eθ Θ= =∑  (5) 

 
One can use these terms to form a m n×  channel matrix H , which will represent the gain and 
phase sift from all tN  transmitting antennas to each of the rN  receive antennas.  In a Rayleigh 
model, we assume that each of these complex channel gains will be independent and identically 
distributed (iid), circularly symmetric, jointly Gaussian random variables.  The variance will be a 
function of scattering environment.  There will be a non-zero mean, unless there is a line-of-sight 
component, in which case the channel is considered Ricean, rather than Rayleigh.  These 
assumptions make the phase of each of the channels iid, uniformly distributed from 0 to 2π  [3]/ 
 
 
Channel Matrix 
 
For either of the two channel models described above, the baseband transmitted signal in a 
MIMO system will be multiplied by a t rN N×  channel matrix, such as 
 

 

1 2

11 21 1

12 22 2

...

...
... ... ... ...

...

t

t

r r r t
r t

N

N

N N N N N N

h h h
h h h

h h h
×

 
 
 =
 
 
 

H   

 
The transmitted, baseband, waveforms is represented by the matrix 
 
 [ ] 1

1 2; ;....; t
Nt

t Nxt xt xt
×

=X   
 
and the received baseband waveforms are represented by  
 
 [ ] 1

1 2; ;....; r
Nr

r Nyr yr yr
×

=Y   
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which is found by solving the equation 
 
 r t η= +Y HX  (6) 
 
In (6) the term η  is the additive while Gaussian noise vector added by the channel. 
 
 

ALAMOUTI TRAINING SYMBOLS AND CHANNEL ESTIMATION 
 
From equation (6), we can observe that transmission of training symbols known to the receiver 
can be used to estimate the channel matrix by considering: 
 
 r t=Y HX  (7) 
 
where H  is the estimated channel matrix.  We consider a 2 2×  channel. Thus (7) simplifies to: 
 

 

 

 

1 111 21

2 212 22

yr xth h
yr xth h

    
=     

     
 (8) 

 
To compute the values of the four unknown channel coefficients, we need four training symbols. 
We choose to transmit Alamouti codes for this purpose. 
 
In Alamouti codes, we transmit two symbols over the two antennas during the first symbol 
period. During the next symbol period, we transmit their complex conjugates in a slightly 
different form. 
 
The 2 2×  codeword matrix of symbols sent over two antennas over two symbol periods is: 
 

 
1 2

* *
2 1

xt xt
T

xt xt
 

=  − 
  

 
where the rows denote symbols transmitted over different antennas; and the rows denote symbols 
transmitted over different symbol periods [6].  For a different pair of symbols ' '

1 2( )xt xt , the 
codeword matrix is: 
 

 
1 2

* *
2 1

' '
' ' '

xt xt
T

xt xt

 
=  

−  
  

The difference matrix is: 
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 ( )
1 1 2 2

* * * *
2 2 1 1

' '
, ' ' '

xt xt xt xt
T T

xt xt xt xt

− − 
∆ =  

− + −  
  

 
The rank of the difference matrix is 0 when 1 1 'xt xt=  and 2 2 'xt xt= .  Thus, the Alamouti 
code is full rank for all 'T T≠  and achieves maximum diversity [2]. 
 
From (8), 
 

 

 

 

1 111 21

2 212 221Sym

yr xth h
yr xth h

    
=     

     
 (9) 

 
and 
 

 

 

 

*
1 11 21 2

*
2 12 22 12Sym

yr h h xt
yr xth h

   − 
=     

      
 (10) 

 
Since ( , ')T T∆  is always full rank, the two sets of training symbols in the above equation are 
linearly independent and thus H  can be computed using Cramer’s rule. For 2tN > or 2rN >  
similar such maximal diversity codes can be used [2]. 
 
 

PRE-CODING 
 

The channel Matrix H  computed by the receiver is most effectively used if it can be 
communicated to the transmitter.  The transmitter can then pre-code the complex symbols by 

passing them through the filter 
1−

H .  This assumes of course the estimated channel matrix is non-
singular.  If the estimated channel matrix is a good estimate of the actual channel, then the 
waveforms recovered at the receiving antenna are same as the ones that were transmitted before 
pre-coding.  If the channel estimate is in error, then there will be cross-talk distortion between 
the signals.. 
 
Let us consider that the actual channel matrix in terms of the estimated channel matrix is: 
 
 = +H H E   
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where E  is the error matrix in the channel matrix estimation;  If [ ] 1
1 2; ;....; t

Nt
Nx x x

×
=X  is the 

matrix of signals fed into the pre-coder, then the output of the pre-coder sent to each of the tN  
transmit antennas is: 
 

 

1
t

−
=X H X   

 
After passing through the channel matrix, the received signal is then 
 

 



( )
 

1

1

1 1

r t η

η

η

η

−

−

− −

= +

= +

= + +

= + +

Y HX

HH X

H E H X

HH X EH X

  

or simply [4] 
 

 

1
r η

−
= + +Y X EH X  (11) 

 
Thus, if the channel estimate is not accurate, then the designated received signals at each antenna 
experiences interference from the designated received signals at the other antennas. 
 
 

GFSK RECEIVER 
 

Figure  2 shows a functional block diagram of a GFSK receiver [1]  
 

 
Fig.  2  GFSK Receiver 

 
From (4)  let us consider the signal meant for receiving antenna 1 and 2 to be: 
 
 1 1 1( ) co s( ( )) sin ( ( ))r t p t j p t= +   
 2 2 2( ) co s( ( )) sin ( ( ))r t p t j p t= +   
 
Due to the error in channel estimate, assume part of the  2nd signal be received by the 1st antenna.  
If we parameterize this crosstalk by k, , we have 
 



7 

 

 ( ) ( )1 1 2 1 2( ) co s( ( )) co s( ( )) sin ( ( )) sin ( ( ))r t p t k p t j p t p t= + + +  (12) 
 
 

PERFORMANCE INDEX OF EYE-DIAGRAM 
 

Sample eye-diagrams of the received signals at each of the receiving antennas in a 2 x 2 MIMO 
system are plotted over one symbol time in the figures shown below. The variance of the 
samples along the vertical axis was calculated over the time-span of the eye-diagram, and plotted 
on the figures as the red curve. Figures 3 and 4 demonstrate the normalized variance curves of 
the eye-diagrams of the received signals at the two receivers when the channel estimate is fairly 
accurate. 
 
Notice that when the channel estimate is accurate, the eye-diagram generates a variance curve 
with a minimum which is less than 40% of the maximum, for both channels.  However when the 
channel estimate is not correct, at least one of the channels consistently generates a minimum 
which is above 50% of the maximum.  This difference could be used to determine the accuracy 
of the channel estimates. 
 
If there is two-way communication from the transmitter to the receiver, this metric would give 
the receiver a method for determining when the channel estimate had degraded to the point that 
retraining was necessary.  In many applications the time delay could be significant in the return 
path, so rather than requesting individual retraining sequences, the transmitter may enter a mode 
where it periodically retrains the receiver.  The receiver could use the metric discussed above to 
determine if this retraining rate was inadequate, or excessive, and communicate only this 
information back to the transmitter.  This could allow the transmitter to invest only the time 
which is absolutely necessary to train the receiver, maximizing the data throughput – while still 
allowing the system to adapt to changing channel conditions.  
 
 

  
 Fig.  3  Correct Channel Estimate Fig.  4  Correct Channel Estimate 
 Receiver 1 Receiver 2 
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Figures 5 and 6 demonstrate the normalized variance curves of the eye-diagrams of the received 
signals at the two receivers when the channel estimate is inaccurate. 
 
 

  
 Fig.  5  Incorrect Channel Estimate Fig.  6  Incorrect Channel Estimate 
 Receiver 1 Receiver 2 
 
Figures 7 and 8 demonstrate how the performance indices vary with respect to the SNR for both 
the receivers.  In these graphs the blue line indicates the performance when the receiver has the 
correct channel estimate, and the red line when an incorrect channel estimate is used. 
 
 

  
 Fig.  7  Performance Index Comparison Fig.  8  Performance Index Comparison 
 Receiver 1 Receiver 2 
 
For a SNR above approximately 20 dB, the performance indices of the two receivers are 
considerably different.  A threshold of 0.5 for the performance index could be used to distinguish 
between these two cases. 
 
As a final demonstration, we investigated the case where the channel matrix evolves over time, 
following a first-order regressive model.  A matrix of independent, identically distributed, zero-
mean, Gaussian random variables is added to the channel matrix at each time increment.  This 
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cases the matrix to evolve over time, forcing the receiver estimate to become obsolete, and 
necessitating retraining.  Figure 9 demonstrates how the performance index will degrade over 
time in such a situation 
 

 
Fig. 9  Performance Index Variation v/s 

Successive Addition of Estimation Noise 
 
The system was then modified, to allow for retraining once the performance index reaches a 
value of 0.5.  Figure 10 shows a typical performance plot for such a system.  The top plot 
represents the performance index, while the lower is the Frobenius [2] norm of the channel 
estimation error.  This is a measure of the accuracy of the channel estimate, and should ideally be 
zero. 
 

 
Fig. 10 Resetting Channel Estimate Matrix 

Based on the Performance Index 
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CONCLUSION 
 
Channel Estimation of a 2 2×  MIMO channel was carried out using Gaussian Frequency Shift 
Keying modulated signals. The initial channel estimate was calculated based on Alamouti coded 
training symbols. A performance index based on the variance of the eye-diagrams of the received 
signal was devised. Difference between the performance index for correct and incorrect channel 
estimates was observed. This performance index could be used by the receiver to request the 
transmitter to send training symbols, or to adjust the frequency of training.  
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ABSTRACT 

Incorporating network-based telemetry components into a flight test article creates new types of 

network-based data flows between a test article and a telemetry ground station.  The emerging 

integrated Network Enhanced Telemetry (iNET) Standard defines new, network-based data 

delivery protocols which can produce various network data flows.  Augmenting existing Serial 

Streaming Telemetry (SST) data flows with these network-based data flows is crucial to 

enhancing current flight test capabilities. This paper briefly introduces the network protocols 

referenced in the iNET Standard and then identifies the various data flows generated by network-

based components which comply with the iNET Standard.  Several combinations of SST and 

TmNS data flows are presented and the enhanced telemetry capabilities provided by each 

combination are identified.  Identifying time intervals of unused telemetry network bandwidth 

explicitly for reallocation to other test articles is also addressed.   

 

KEY WORDS 

iNET, TmNS, SST, PCM, data flow, data transport, RC Delivery, LTC Delivery 

 

INTRODUCTION 

For over 50 years, the IRIG 106 Standard has defined a simplex Serial Streaming Telemetry 

(SST) standard for telemetry communication links.  Over the past few years, the integrated 

Network Enhanced Telemetry (iNET) project has been developing a standard for a bidirectional, 

packet-based network communication link that will augment the existing SST link.  By 

establishing a Telemetry Network System (TmNS) between a test article and a ground station, 

the ground station can control and possibly reconfigure devices within the test article.  A ground 

station may request device status and receive data from the test article on the TmNS (rather than 

the SST link).  Figure 1 presents an overview of a TmNS. 
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Figure 1.  Telemetry Network System (TmNS) Overview. 

The practical ramifications of establishing a TmNS between a test article and a ground station 

are numerous including the potential for lossless telemetry, efficient spectrum utilization, and 

remote control of test article acquisition equipment.  This paper focuses on the new, network-

based data flows made available by implementing a TmNS.  Before identifying these network 

data flows, this paper presents a brief overview of the network protocols specified by the iNET 

Standard.  Several types of test-article-to-ground-station TmNS data flows are presented along 

with some of the new capabilities that a TmNS makes available to the flight test community. 

 

NETWORK DATA TRANSPORT PROTOCOLS 

The iNET Standard defines a TmNS Data Message as a “container” for encapsulating data 

(measurement data, bus data, etc.).  To propagate these messages across a packet-switched 

network, the TmNS uses the Internet Protocol (IP) Suite.  The iNET Standard specifies two data 

transport protocols for data delivery on the network:  Transmission Control Protocol (TCP) and 

User Datagram Protocol (UDP).  For network delivery, each TmNS Data Message is 

encapsulated in either one or more TCP segments or one UDP datagram; each TCP segment or 

UDP datagram is then encapsulated into an IP packet (see Figure 2). 

 

 

 

 

 

Figure 2.  TmNS Data Message Data Transport Encapsulation. 

TCP provides a reliable, connection-oriented protocol for data transport on a packet-switched 

network.  TCP ensures proper ordered delivery of data and automatically detects and retransmits 

lost packets.  The iNET Standard defines Reliability Critical (RC) Delivery Protocol as TmNS 

Data Messages transported via TCP.  TCP provides a relatively “robust” protocol that requires 

network overhead to perform reliable data delivery.  However, TCP‟s mechanism for the 

retransmission of lost packets introduces a potential for large and unknown data latencies.  If a 

packet is lost, TCP retransmits the lost packet resulting in a packet data latency that is 

nondeterministic and is affected by the network link integrity.   
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Since the majority of telemetry applications require low latency, deterministic data transport, the 

iNET Standard also defines Latency / Throughput Critical (LTC) Delivery Protocol as TmNS 

Data Messages transported via UDP.  UDP provides a lightweight protocol as compared to TCP 

resulting in a simple, connectionless transmission model that does not guarantee data delivery or 

data ordering.  Transporting TmNS Data Messages via LTC data delivery provides low latency 

data transport, but data delivery is not guaranteed.  The iNET Standard also specifies the use of 

UDP/IP multicast which supports multiple data consumers of the same datagram.  A data 

producer writes a single datagram to a multicast address and port.  Multiple data consumers can 

subscribe to that multicast address and port to receive the same datagram.  This lightweight 

protocol coupled with multicast support makes UDP more attractive for latency sensitive data 

delivery than the more “robust” connection-oriented TCP. 

In summary, LTC data delivery is implemented via UDP/IP (nominally UDP/IP multicast) which 

provides relatively low data latency, data can be sent to multiple consumers efficiently, but data 

delivery is not guaranteed.  RC data delivery is implemented via TCP/IP which provides reliable 

data delivery but data latency is nondeterministic and network overhead is greater than LTC data 

delivery. 

 

TmNS DATA FLOWS 

In the TmNS vernacular, an End Node is a data producer or consumer.  A typical data producing 

End Node would be a Data Acquisition Unit (DAU); one type of data consuming End Node 

would be a TmNS Data Recorder (records TmNS Data Messages).  A ground station is also 

considered a data consuming End Node and can receive TmNS Data Messages from other End 

Nodes.  When a data consuming End Node receives data from a data producing End Node, a 

TmNS data flow is established.  Although there are only two data transport protocols (LTC and 

RC), several types of TmNS data flows can be identified.  There are three types of LTC data 

flows: 

 LTC-AQ – Acquisition TmNS Data Messages that originate directly from an acquisition 

source (ex:  DAU) 

 LTC-NAQ – Non-Acquisition TmNS Data Messages which do not originate directly 

from an acquisition source (ex:  simulator generated or playback from a recorder) 

 LTC-REL – Relayed TmNS Data Messages, an RC data flow transformed into an LTC 

data flow for purposes of relaying messages 

There are two types of RC data flows: 

 RC-DR – Data Retrieval, TmNS Data Messages retrieved from a TmNS recording unit 

 RC-NRT – Near Real-Time TmNS Data Messages, an LTC data flow transformed into an 

RC data flow for reliable data transport 

Figure 3 illustrates the paths of each of these TmNS data flows.  
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Figure 3.  TmNS Data Flows. 

End Nodes multicast TmNS Data Messages onto the Test Article Subnet.  Any End Node can 

receive these messages by subscribing to the corresponding multicast address and port.  An LTC-

AQ data flow is established when one End Node multicasts data to a particular multicast address 

and port and another End Node subscribes to the same multicast address and port.  When a 

ground application subscribes to a particular multicast address and port, this routing information 

is added to both routers to enable the corresponding LTC-AQ data flow from the Test Article 

Subnet to the Ground Station Subnet (and ultimately to the ground application).  If no ground 

application subscribes to a particular multicast address and port, the Test Article Router will not 

propagate the corresponding data through the router.  In other words, an LTC-AQ data flow 

through the TmNS Transceiver is not established unless at least one ground application 

subscribes to the corresponding multicast address and port.  This multicast publish and subscribe 

mechanism prevents unnecessary transmission of test article data to the ground station. 

A TmNS Recorder on the test article can receive a particular LTC-AQ data flow by subscribing 

to a multicast address and port, and then subsequently record that LTC-AQ data flow.  When a 

ground application requires data from the test article recorder, the ground application establishes 

an RC session with the recorder and an RC-DR data flow is established from the recorder to the 

ground. This TmNS-enabled capability to retrieve recorded data from a test article recorder 

during a test is a fundamental enhancement to the current unidirectional SST.   

As mentioned in the Network Data Transport Protocols section, LTC-AQ data flows provide low 

latency data delivery but do not guarantee data delivery and data loss may occur.  Since RC data 

flows do guarantee data delivery, a user now has the option to accept a non-deterministic amount 

of latency for a specific data set in order to guarantee receipt of that data.  The RC-NRT (“Near 

Real Time”) data flow provides this functionality; RC-NRT is the result of transforming an LTC 

data flow (nominally LTC-AQ) into an RC data flow.  An LTC-to-RC Adapter subscribes to 

multicast addresses to receive TmNS Data Messages via an LTC-AQ data flow.  The received 

data is immediately written to an existing RC session resulting in a TmNS Data Message flow 

using TCP that guarantees data delivery.  (There are operational limitations of TCP that reduces 

the term “guarantees” to “guarantees under specific operating conditions”.)  Under nominal 

conditions, TCP will retransmit lost data packets resulting in a lossless data transfer.  RC-NRT 

data flows provide one critical part of a mechanism for achieving lossless telemetry between a 

test article and a ground station over an imperfect RF link. 
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LTC-NAQ data flows are identical to LTC-AQ data flows except the data source is not directly 

from an acquisition source.  One example of an LTC-NAQ data flow source is a simulator 

generating an LTC data flow to exercise the system.  Another possible LTC-NAQ data flow 

source is a TmNS Recorder that has the capability to playback recorded TmNS Data Messages as 

an LTC data flow (nominally TmNS Recorders playback data as RC data flows).  Both of these 

LTC data flows are different than the “normal” LTC-AQ data flows and have been categorized 

together as the LTC-NAQ data flows.  

The LTC-REL data flow is simply the inverse of an RC-NRT data flow.  An application 

(typically a ground application) establishes an RC session with an End Node on the test article.  

Since RC sessions are unicast (point-to-point), the only End Node that can receive the RC-DR 

data flow is the initiating ground application.  But what if another application requires the same 

RC-DR data flow?  For example, a ground recorder needs to record all received RC-DR data 

flows.  To satisfy the ground recorder, the ground application receiving the RC-DR data flow can 

immediately multicast the same data.  The ground recorder can then subscribe to the 

corresponding multicast address and port and an LTC-REL data flow is established between the 

ground application and the ground recorder.   

The three principle TmNS data flows that appear across an RF link during a test are 

 LTC-AQ – Data that originates directly from an acquisition source (ex:  DAU) 

 RC-DR   – Data Retrieval, data retrieved from a TmNS recording unit (ex: recorder) 

 RC-NRT – Near Real-Time data, usually originating from an LTC-AQ data flow 

The other data flows (LTC-NAQ and LTC-REL) will not be addressed further in this paper. 

 

AUGMENTING SST WITH TmNS DATA FLOWS 

Adding the aforementioned TmNS data flows to an existing SST data flow creates new flight test 

capabilities currently unavailable with SST only implementations.  This section explores various 

ways in which TmNS data flows might be added to a baseline test article configuration and then 

describes the resulting capabilities. 

The baseline test article configuration, shown in Figure 4, consists of DAUs and a recorder being 

connected via a bus to a PCM controller.  The PCM controller constructs PCM frames which are 

sent to an SST transmitter.  The PCM controller may also propagate the PCM frames back to the 

recorder or a different PCM frame format may be sent to the recorder.  For example, the 

recorder-bound PCM frames might contain all test parameters whereas the SST-bound PCM 

frames contain only a subset of the test parameters. 
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Figure 4.  Baseline Test Article Configuration – SST Data Flow Only. 

The first capability to add to the baseline configuration is support for lossless SST data (see 

Figure 5).  When the SST RF link drops out, SST data is lost.  Adding the capability to retrieve 

lost SST data from an onboard TmNS recorder provides one mechanism for establishing lossless 

SST data.  Along with the test article TmNS transceiver and router, two End Nodes are required 

to perform this function: 

 SST–TmNS Gateway:  receives SST-bound PCM frames from the PCM controller, 

encapsulates the PCM data into TmNS Data Messages, and writes the messages onto the 

network 

 TmNS Recorder:  receives and records TmNS Data Messages and supports retrieval of 

selected TmNS Data Messages 

PCM data destined for the SST transmitter is also routed to the SST-TmNS Gateway.  The 

Gateway inserts the PCM data into TmNS Data Messages which are then published to a specific 

multicast address and port.  The TmNS Recorder subscribes to the same multicast address and 

port and a subsequent LTC-AQ data flow is established on the test article with PCM data 

contained inside the TmNS Data Messages (LTC-AQ, PCM Data).  To retrieve missing SST data 

for an RF link dropout period, a Ground Station application establishes an RC session with the 

TmNS Recorder and retrieves the desired TmNS Data Messages (RC-DR, PCM Data) for that 

time interval.  By receiving the majority of SST data via the SST link and the lost SST data via 

the RC-DR mechanism, a TmNS-equipped test article and ground station can provide lossless 

SST data to the flight test community with efficient use of the available RF link bandwidth. 

 

 

 

 

 

 

 

Figure 5.  Add TmNS RC-DR (Data Retrieval) PCM Data Flows. 
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Although providing lossless SST data is a considerable enhancement over traditional simplex 

SST, incorporating native TmNS End Nodes adds even more capabilities (see Figure 6).  Native 

TmNS Data producing End Nodes (ex: DAUs) publish TmNS Data Messages to one or more 

multicast addresses and ports. When the TmNS Recorder subscribes to a particular multicast 

address and port, an LTC-AQ data flow is established with DAU data contained inside the 

TmNS Data Messages (LTC-AQ, DAU Data).  If a ground station application subscribes to that 

multicast address and port, then an LTC-AQ data flow with DAU data will also exist between 

the End Node and the Ground Station.   

For any End Node data recorded by the TmNS Recorder, a ground station application can initiate 

an RC session with the TmNS Recorder to retrieve the End Node data (RC-DR, DAU data).  

Retrieved data can either be lost TmNS Data Messages (received via LTC-AQ) or data that were 

never transported to the ground (retrieval of non-transmitted data).  This capability to retrieve 

any recorded test article data at any time, regardless of whether the data was initially telemetered 

is another substantial enhancement to SST. 

Measurement data from End Nodes that generate DAU data can also be inserted into PCM 

frames for transport via SST.  The SST-TmNS Gateway becomes a bidirectional gateway where 

high priority TmNS data could be sent back to the PCM controller for incorporation into PCM 

frames (see the red line data flows in Figure 6). 

 

 

 

 

 

 

 

Figure 6.  Add TmNS LTC-AQ and RC-DR DAU Data Flows. 

The addition of an LTC-to-RC Adapter enhances the TmNS by providing an RC-NRT data flow 

(as described previously, see Figure 7).  A ground station application initiates an RC session with 

the LTC-to-RC Adapter for a specific set of data.  The LTC-to-RC Adapter would subscribe to 

one or more multicast addresses and ports to receive the requested LTC-AQ data flows.  The 

Adapter would then immediately write each TmNS Data Message to the ground station 

application via the RC connection (this is an RC-NRT data flow).    
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Figure 7.  Add LTC-to-RC Adapter and RC-NRT Data Flows. 

Under what situation would a ground station application prefer an RC-NRT data flow to an LTC-

AQ data flow?  Since the LTC data delivery protocol does not guarantee data delivery, obtaining 

lossless telemetry using LTC data delivery would also require executing RC data retrieval to 

retrieve TmNS Data Messages that were lost in transport.  The combination of LTC-AQ with 

RC-DR provides one form of lossless telemetry of End Node data.  Another approach is to 

change the LTC transport to an RC transport for selected End Node data.  Since RC data delivery 

provides guaranteed data delivery, a user may be willing to accept a non-deterministic amount of 

latency for a specific data set in order to guarantee data delivery without needing to perform an 

RC data retrieval (RC-DR).  A premise being made regarding the need for an LTC-to-RC 

Adapter is that typical data producing End Nodes will not have the sophistication to perform RC 

session management.  Therefore the majority of End Nodes will only generate LTC-AQ data 

flows and will not support RC sessions.  However, a TmNS Recorder would be an ideal place to 

incorporate an LTC-to-RC adapter. 

To summarize:  for minimal latency but potentially lossy data, use SST data transport for PCM 

data sources and use LTC-AQ data transport for TmNS data sources.  For lossless SST data, use 

SST combined with RC data retrieval (RC-DR) to retrieve lost SST data from the TmNS 

Recorder.  For lossless TmNS data, use LTQ-AQ combined with RC data retrieval (RC-DR) to 

retrieve lost TmNS data from the TmNS Recorder or incorporate an LTC-to-RC Adapter to 

generate an RC-NRT data flow. 

 

CATEGORIZING DATA FOR DATA TRANSPORT 

Augmenting SST with TmNS data flows provides significant enhancements to current flight test 

capabilities.  Categorizing the type of data for transport and then identifying the appropriate data 

transport mechanism (SST or TmNS) for each data category provides another step towards 

optimizing telemetry spectrum usage.  This paper groups all telemetered data into one of the four 

following data categories (how telemetered data parameters are categorized and which 

parameters qualify for TmNS data transport are range and test specific): 
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 Safety Critical Data is monitored during the entire test and must arrive at the ground 

station with minimal latency.  Examples:  altitude and airspeed. 

 Test Critical Data is also monitored during the entire test and must also arrive at the 

ground station with minimal latency.  These parameters are not safety critical but are still 

deemed critical to the test being conducted.  Example:  flight conditions. 

 Discipline Data falls into two sub-categories:  parameters monitored during the entire test 

and parameters monitored only during specific time intervals.  Example:  propulsion. 

 Maneuver Data is monitored only during the specific maneuver interval. 

Figure 8 presents a typical test timeline for each data category.  Data that is monitored during the 

entire test provides no opportunity for telemetry spectrum reallocation (since all data must be 

continuously transmitted).  However, data that is monitored only during specific time intervals 

(some discipline data and maneuver data) provide windows of opportunity for telemetry 

spectrum reallocation (see the “Avail B/W” time intervals in Figure 8).   

Figure 8.  Test Timeline and Data Category Definitions. 

Transmitting data only when that data is needed for monitoring is unfamiliar to the current flight 

test community because SST forces all data categories to be merged into PCM frames for SST 

data transport.  A TmNS does not require the merging of data categories for transport.  

Consequently, some telemetry spectrum could be shared between multiple test articles on an as-

needed basis for data that does not have to be continuously transmitted (ex:  some discipline data 

and maneuver data time intervals as shown in the „Avail B/W‟ time intervals in Figure 8).  

Figure 9 shows several possible combinations of SST data transport and TmNS data transport for 

the four data categories.    

 ◄ Start Time TEST TIMELINE End Time ► 

   Time 
Interval ► 

IM MAN 1 IM MAN 2 IM MAN 3 IM MAN 4 IM 

Data 
Category 

▼ 
         

Safety 
Critical 

SAFETY CRITICAL DATA MONITORED DURING ENTIRE TEST 

          

Test 
Critical 

TEST CRITICAL DATA MONITORED DURING THE ENTIRE TEST 

          

 
 

DISCIPLINE DATA MONITORED DURING THE ENTIRE TEST 

Discipline 

 

 

 

     

 

 

Avail 
B/W 

Avail 
B/W 

DISCIPLINE DATA 

Avail 
B/W 

Avail 
B/W 

    

Maneuver MAN 1 MAN 2 
Avail 
B/W 

MAN 3 MAN 4 

IM = Inter-maneuver time interval;   MAN n = Maneuver time interval ‘n’ 
Avail B/W = Time intervals where data is not being transmitted during the current test. 
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 TmNS means RC-DR with LTC-AQ and possibly RC-NRT. 

Figure 9.  Possible Combinations of SST and TmNS Data Flows per Data Category. 

For the column in Figure 9 where all four data categories use SST + RC-DR, all data would still 

be transported via SST but RC data retrieval (RC-DR) could be used to retrieve data lost during 

transport.  As flight data transport is moved away from SST and towards TmNS, more 

bandwidth becomes available for telemetry spectrum reallocation.   

 

CONCLUSION 

Augmenting existing Serial Streaming Telemetry (SST) data flows with TmNS data flows 

provides many enhancements to current flight test capabilities. The emerging iNET Standard 

includes traditional TCP/IP and UDP/IP data transport protocols that result in several different 

TmNS data flows between a test article and a ground station.  Several combinations of SST and 

TmNS data flows have been presented, each with their corresponding enhancements to 

traditional telemetry capabilities.  Categorizing test parameters into four data categories provides 

a framework to identify unused telemetry network bandwidth explicitly for reallocation to other 

test articles.  The TmNS architecture embraces network technology to offer many new 

enhancements for flight testing including lossless telemetry and dynamic spectrum allocation. 
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ABSTRACT 

 

Emerging and next-generation test instrumentation increasingly relies on network 

communication to manage complex and dynamic test scenarios, particularly for uninhabited 

autonomous systems.  Adapting wireless communication infrastructure to accommodate 

challenging testing needs can benefit from reconfigurable radio technology.  Frequency agility is 

one characteristic of reconfigurable radios that to date has seen only limited progress toward 

programmability.  This paper overviews an ongoing project to validate a promising chipset that 

performs conversion of RF signals directly into digital data for the wireless receiver and, for the 

transmitter, converts digital data into RF signals. The Software Configurable Multichannel 

Transceiver (SCMT) enables four transmitters and four receivers in a single unit, programmable 

for any frequency band between 1 MHz and 6 GHz.    

 

Keywords: Software-defined radio, cognitive radio, network telemetry, iNET, autonomous 

systems 

 

 

INTRODUCTION 

 

Vehicle systems studied by the test and evaluation communities are quickly growing in 

complexity, and these systems are in turn expected to perform within increasingly complex 

scenarios.  Different types of unmanned and autonomous systems must cooperate and converse 

with each other and with humans in dispersed geographical settings.  Information flows in many 

directions simultaneously, for different reasons, with different sets of requirements.  

Communications involving command and control, information upload and download, and 

monitoring for safety or health necessarily includes multiple data communication technologies 

and approaches.  Effectively studying the behavior of a few or just one of the systems within a 

dynamically changing complex system of systems is challenging.    

 

Effective and affordable test infrastructure solutions to these challenges demand a capability for 

communication systems to adapt on demand to the frequencies and protocols needed for a 

particular task.  In this paper we therefore describe a project to develop a dynamically 
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reconfigurable transceiver system – i.e., a software-defined radio (SDR) - that is agile across 

most, if not all, frequencies and modulation protocols of interest to the test and evaluation 

communities.  

 

 

BACKGROUND 

 

An ideal software radio is one in which programmability extends to the entire system, with 

analog conversion occurring only at the antenna and (if present) speaker and microphone.  

Heterodyne mixing is eliminated, with signal amplification and filtering being the only 

components that remain hardwired. 

 

In 2007 a new programmable chipset referred to as True Software Radio® (TSR™) became 

available.  Implemented with 0.18 micron Silicon-Germanium (SiGe) technology, this patented 

integrated circuit contains an advanced delta-sigma architecture that converts RF signals directly 

into digital data for the wireless receiver and directly from digital data into radio signals for the 

transmitter. TSR™ chips replace most of the analog front end, intermediate frequency (IF) 

processing, analog-to-digital conversion (ADC), and digital filtering sections of conventional 

wireless transmitters and receivers. Elimination of analog circuitry implies that frequency-agile 

radios can be created.  Figure 1 compares a traditional approach to radios to the TSR™ 

approach. 

 

 

 
Figure 1.  Comparison of conventional radio receiver (A) with True Software Radio

®
 receiver (B).  The 

transceiver approach (C) is the notional building block of the current multichannel transceiver. 
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An informal study of the performance of the TSR™ receiver using existing evaluation boards 

revealed that the frequency agility and programmable nature of the chipset functioned as 

advertised.  Two examples from that study are shown in Figure 2. 

 

 
Figure 2.  Excerpts from preliminary study of TSR™ chipset performance.  The left figure shows a received 

SOQPSK spectrum and constellation for a 5 Mbps PRN-15 BERT. The figure on the right shows a WiMAX 

signal as received from a TSR™ transmitter.  Data analyzed with Agilent VSA software. (Credit: Hal Cornelius) 

 

 Recognizing the potential value of this technology to support development of new 

communications solutions of interest to the test and evaluation (T&E) communities, a small 

group of individuals representing NASA and DoD interests advocated for support to design and 

build a prototype system containing four transceivers.  Four transceivers in one system was 

deemed a reasonable balance between capabilities and engineering simplicity as would be 

required to support technical evaluation and assessments for various production applications.  A 

four-channel transceiver was complicated enough to enable engineers to consider sophisticated 

applications yet conservative enough to be achievable without violating notional size, power, 

weight, and cost constraints. 

 

 

PROJECT GOALS AND OBJECTIVES 

 

The following objectives were established for the project: 

 

 Develop and build a four-channel transceiver based on existing TSR™ chipsets.  The 

initial vision of the project was to deliver this transceiver, if possible, in a reasonably 

small form factor such as PC/104 or CompactPCI (CPCI). 

 Develop or acquire, and integrate software and firmware as necessary to program the 

transceiver to operate with several different protocols and waveforms in several different 

frequency bands. 

 Develop a “tabletop” concept demonstration underscoring the frequency agility and 

waveform flexibility of TSR™ technology. 

 Demonstrate interoperation of two or three transceivers in parallel. 

 Leverage the experience gained to develop a road map for technology enhancements in 

support of the needs of test and evaluation communities. 
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Table 1 offers a traceability of key specifications to overall T&E needs. 

 
Table 1.  Traceability of Specifications to Test and Evaluation Needs. 

 

Test and Evaluation Needs Relevant Specifications 

Flexible multi-band command and control 

communications system  to support data 

capture during complex multi-agent test 

scenarios that include unique test aspects 

of UAS communications 

Wide bandwidth coverage – 1 MHz to 6 GHz 

Multiple receivers and transmitters 

Rapid reprogrammability of frequency and 

protocol. 

Range Safety (ability to terminate any 

systems operation) 

Command and control channel for range 

safety that all UAS systems can receive or 

able to retransmit to other UAS systems.   

Multi-Vehicle Scripted Testing Transceivers can be programmed to 

communicate with any other vehicle, sharing 

information, intelligence, status and range 

commands. 

 

While this project potentially closes important technology gaps in software radios, actual 

applications of this technology remain outside the scope of this project.  Three basic tasks 

defined the project activities:  

 

(1) Design and construct a four-transceiver system based upon existing TSR™ chips and 

technology.  In order to facilitate as much parallel development (between hardware and 

software/firmware) as possible within the project, a hardware structure will be adopted 

that will enable testing of software/firmware on  existing transmitter and receiver 

evaluation board designs and “ported” to the prototype design when the appropriate 

hardware is ready. 

(2) Integrate software and firmware to implement waveforms of interest to DoD and NASA at 

frequencies of interest.  These are representative waveforms and frequencies of interest to 

the test and evaluation communities, with emphasis on the needs of the uninhabited 

autonomous systems testing.  Since software development for specific applications is a 

task that future users of the system would focus on, our task here is to demonstrate 

capabilities via leveraging existing work where possible.  Waveforms of interest include 

but are not limited to FM, SOQPSK, WCDMA, OFDM, and AOFDM. Likely candidates 

for frequencies are 520 MHz, 2250 MHz, and 5100 MHz spectral regions.  The 5100 

MHz region is the new spectral band allocation approved in November 2007 at the World 

Radiocommunication Conference for “harmonized” worldwide aeronautical telemetry.  

Pseudorandom noise and spread channel solutions are possible but implementation is 

outside the scope of this project. 

(3) Develop a demonstration that illustrates the key characteristics of TSR™ technology that 

make it appropriate for use in software-configurable multi-channel radios.  The simplest 

task is simply to configure one transceiver to operate independently from the others.  

Additional tests would be required to validate essential functions.  These essential 
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functions support applications such as store-and-forward, translation from one 

frequency/modulation channel to another, and coordinated actions.  Coordinated 

behavior, if it involved scanning and adaptation based on the RF environment itself, 

would demonstrate the fundamental capability required to build beamformers, phased 

arrays, and cognitive radios.  

 

In order to communicate the results of this work and support timely identification and 

prioritization of follow-on activities, an e-mail list “advisory board” consisting of representatives 

from academia, industry, and government was implemented. 

 

 

SYSTEM ARCHITECTURE AND DESIGN 

 

An existing set of transmitter and receiver evaluation boards offered a starting point for the 

SCMT radio design effort.  These evaluation boards were designed as simple “electronic project” 

boards to showcase the operation of the chipset.  Analysis of these boards identified aspects of 

the design that would require the most effort: 

 

 The original evaluation board did not make provisions for the front-end circuitry 

necessary to interface with an antenna.  Furthermore, the first generation chipset only has 

an abbreviated front end, which would be inadequate for direct interface with an antenna 

or band selection circuitry.  This means our prototype needs some “support circuitry”. 

 The four-transceiver design requires a new approach to processing.  In the original 

evaluation board design, each transmitter chip and each receiver chip fed a set of FPGA 

chips that were dedicated to processing the A/D and D/A signal I/Os.  This approach is 

unacceptably inefficient in allocating processing resources. 

 The interface to and from the four-channel transceiver must be compatible with 

equipment that will be encountered in the target applications. 

 The AB version of the chipset is desired, but proper characterization of the AB chips 

requires effort and time that may be outside the schedule constraints.  The AB version is 

functionally identical to the engineering validation version (AA) but contains fixes to 

known design flaws; one variant in the AB mask included LNA and extended lower 

frequency performance for AM band applications.   

 

The design that emerged addresses these challenges and has the following features: 

 

 Four independently addressable transceiver “daughterboards.”  These include the RF 

circuitry, and some on-board FPGA processing. 

 A baseband motherboard that exchanges commands and data with the four 

“daughterboards.”  Between the motherboard and “daughterboards” the system permits 

maximum flexibility on how the processing firmware is partitioned.  For simple 

waveforms such as SOQPSK or FM, the physical layer firmware can remain resident on 

the “daughterboard.”  For more complex waveforms such as COFDM, most or all of the 

firmware can be resident on the motherboard. 
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 A shielded case that provides the maximum possible isolation between each of the 

transceiver “daughterboards.”  With this approach, the user can determine whether a 

single antenna is shared between the four transceivers or individual antennas are used. 

 An interconnection strategy to connect multiple four-channel transceiver units into larger 

arrays.  This approach should enable transceivers to be addressed in local or global 

groups. 

 Design details that permit transmitter and receiver daughterboards to be interchangeable.  

Thus, the four-channel transceiver unit could, if desired for a particular application, be an 

eight-channel receiver. 

 

The physical dimensions of the shielded case initially converged on a package roughly the size 

of a 5.25 inch “low profile” disk drive (5.75 in × 1.0 in × 8 in).  This preliminary design is 

illustrated in Figure 3.  Inspection of the figure reveals two baseband processing boards 

sandwiched in between upper and lower assemblies of RF boards. 

 

 
Figure 3.   Preliminary design of four-transceiver SCMT system.  

 

A key drawback of this preliminary design was quickly realized.  Specifically, it is by design an 

all-digital radio that may in fact be programmable but has limited options for interfacing with 

existing equipment.  This makes it challenging to test the frequency-agile RF components 

independent from the baseband processing and makes it difficult to integrate this radio with 

existing technology.  An innovation was introduced in the final design that mitigates this 

problem.  Ironically, the innovation is to introduce a 70 MHz intermediate frequency (IF) signal 

as a standard analog interface.  By bringing this analog signal outside the unit, testing with 

proven third-party digital receivers becomes straightforward.    Note that all-digital production 

applications would not need to use this analog IF feature. 
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Figure 4 illustrates the final design that accommodates the additional signal interfaces.  The unit 

shown (5.75 in × 0.9 in × 7.0 in) only has four RF boards, but two of these units stacked together 

create a system that is still within the dimension constraints of a standard disk drive.  A 

photograph of the unit as constructed is shown in Figure 5.   

 

 
Figure 4.   Final design of SCMT system showing half of the transceivers with intermediate frequency and 

reference clock outputs.   Each RF module is 2.4 in by 3.0 in.  The TSR™ chip is the small 1cm
2
 chip, while 

the larger chip is an FPGA.  

 

 
Figure 5.   Photo of the SCMT prototype as used for testing.  The final four-transceiver system is comprised 

of two of these units. (NASA photo ED09-0086-10). 
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The system architecture is depicted in Figure 6. 

 

 
Figure 6.  System architecture of the SCMT module.  An upper brick half containing four RF modules is 

connected to a lower brick half containing a DSP and routing IF signals to and from external processing.  The 

four-transceiver SCMT is comprised of two of these modules. 

 

 

PROJECT STATUS AND DISCUSSION 

 

The design as shown is currently being assembled using the AA chipset, thus, formal system 

testing has not yet begun. The following test procedures will be taken after the initial tests of the 

demonstration modules have been performed.  The tests will show the control, programmability 

and functionality of the SCMT transceiver. 

 

 The RF section of the SCMT transceiver consists of four independent receive and four 

independent transmit channels.  Each channel has its own FPGA. 

 The Base band section of the SCMT for this project will be a standard commercial 

product.  It contains the FPGA resources and code to demodulate the SCMT RF channel 

I/Q output.   

 In order to demodulate the RF board digital I/Q output it was necessary to convert the 

output to 70 MHz analog.  This separates the RF side from the digital baseband side and 

allows testing of RF features using external (previously verified) demodulation code. 

 The tests will be conducted in a way that will verify the operation of the SCMT in all 

modes of operation.   
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Test modes 

 

1. Power supply tests 

2. Test equipment verification tests 

3. RF boards tests 

4. Baseband processing board tests 

5. Software setup tests 

6. RF display tests 

7. CW modulation tests 

8. TIER modulation tests and verification 

9. BERT modulation tests 

10. BERT reception test 

11. Frequency setup test 

12. Transmitter verification test 

13. Transmitter frequency selection test 

14. BERT transmit and reception tests 

15. Channel selection test 

16. RF level tests 

17. Adjacent channel interference tests 

18. Noise level tests. 

 

Because the project lacked funding and schedule to implement fully-integrated baseband 

hardware, certain features for production units deemed necessary such as network stacks and 

wired network interfaces have not yet materialized. 

 

 

FUTURE WORK 

 

This project will conclude after testing and demonstration is completed in the coming months.  A 

relatively large number of follow-on applications have been identified and are being pursued.  

Broadband antenna hardware and low noise, wideband signal amplification are among the 

technology areas that also need to be pursued to fully realize the potential of the efforts described 

here. 

 

  

CONCLUDING COMMENTS 

 

The SCMT phase I product is a prototype device that is in some ways less than the engineering 

team had hoped for due to cost and schedule constraints, yet much more useful than the notional 

design with which we started.  As constructed, it is a four-transceiver system that leverages IF 

channel interfaces to communicate with and leverage existing external third-party receivers and 

other equipment.  Future systems would incorporate an internal baseband processing board, but 

there are already a number of near-term ground and flight applications envisioned that leverage 

the IF interface in order to introduce frequency agility to existing products.  Based on 

enthusiastic responses for these follow-on applications, we believe SCMT and its derivatives will 
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have a significant impact on the evolution of telemetry and network communications used for 

test and evaluation. 
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ABSTRACT

With the increasing importance of networked systems for telemetry, there is a need for efficient routing
algorithms in aeronautical environments. Unlike traditional mobile networks, the highly dynamic nature of
airborne networks results in extremely short-lived paths, especially for multi-hop scenarios thereby neces-
sitating domain-specific protocols. In this paper, we present the detailed design and evaluation of AeroRP,
a cross-layered routing protocol designed specifically for airborne telemetry applications. AeroRP ex-
ploits the broadcast nature of the wireless medium along with the physical node location and trajectory
to improve the data delivery in Mach-speed mobile scenarios We present a multi-modal protocol that ad-
dresses various operational scenarios of test and telemetry networks. Preliminary simulation results show
that AeroRP significantly outperforms traditional MANET routing protocols while limiting the overhead.

INTRODUCTION

Airborne Telemetry has evolved significantly from point-to-point communication to highly networked
systems. However, certain challenges still remain in the extreme case of airborne test and evaluation
scenarios in which the node speeds are in excess of Mach 3. Besides the node mobility, other limitations
such as short transmission ranges and varying channel characteristics often result in unpredictable and
intermittent connectivity. Furthermore, a typical telemetry network (e.g. [1]) consists of nodes that differ
in several key communication characteristics resulting in heterogeneous environments.In order to illustrate
these challenges, we use the example of the telemetry networks designed for Major Range and Test Facility
Bases [2]. The key test elements, called test articles (TAs) are test aircrafts operating at speeds up to Mach
3.5. They have limited transmission ranges and are the source of the telemetry data which is destined to
ground stations (GS) with directional antennas. The relay nodes are special purpose nodes deployed to
improve the network connectivity. The intermittent connectivity in this environment is characterized by
contact durations that are in the order of few seconds. It has been argued [1] that such networks benefit
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from a domain specific architecture that is designed to facilitate cross-layering with efficient geolocation
assisted routing.

Current routing protocols are not designed to address the needs of telemetry applications [3] and there
remain a number of issues to be solved [4]. Reactive routing protocols such as AODV [7] and DSR [8]
attempt to construct source-to-destination paths on demand and are not suitable because of the delay
involved in finding paths and because such paths may not be valid for very long in a highly-dynamic
network. On the other hand, proactive routing protocols such as DSDV [9] and OLSR [10] forward packets
on a hop-by-hop basis and depend on global route convergence. This generates excessive overhead due
to frequent route updates (assuming convergence is even possible) and is not suitable for a bandwidth-
constrained telemetry network. Some of the existing protocols that forward packets one hop at a time
without attempting to construct the entire path are based on node location and movement [11, 12, 13, 14,
15]. However, there are not suitable for extremely dynamic connectivity resulting from node speeds as high
as Mach 7. Furthermore, existing protocols are optimized for a single mode of operational characteristics,
which is not suitable for test and telemetry networks in which the operational conditions and service
requirements vary widely from one test to anther.

A. ANTP Approach

While telemetry networks pose challenges to traditional wired and wireless routing protocols, they
also facilitate the use of cross-layer information such as the knowledge of the airborne node location and
trajectory by domain specific protocols. This paper presents the design and evaluation of AeroRP – an
efficient routing protocol introduced in [1] and [18], that exploits location information available in the test
environment with the use of a domain specific network protocol AeroNP [1] to mitigate the short contact
times of high-velocity nodes. However, explicit information of node location cannot always be assured in
testing of aircraft, hence the need for the protocol to be modular and opportunistic in terms of adapting to
the limitations of individual test cases.

The rest of the paper is organized as follows: section presents specific challenges to routing in the
aeronautical environment through a case study of the iNET scenario. In section A. we present AeroRP:
a lightweight routing protocol leveraging node location information. Finally in section B., we present
simulation results comparing AeroRP to traditional MANET protocols in a highly dynamic network.

AeroRP: LOCATION-AWARE HIGHLY ADAPTIVE ROUTING ALGORITHM

The small contact duration among TAs results in frequent routing changes and is indicative of the need
for an intelligent multihop routing protocol, supporting reliable communication over the highly dynamic
physical topology. As discussed previously, existing routing mechanisms generate significant overhead
and do not converge quickly (if ever) in the presence of frequent topology changes and hence are not
suitable for telemetry networks. The AeroRP routing protocol is specifically designed to address the
issues related to highly mobile aeronautical environments. We utilise a number of mechanisms that have
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been researched independently for use in environments with characteristics similar to those of aeronautical
telemetry:

1. Proactive behavior: AeroRP is a fundamentally proactive routing protocol, but with limited up-
dates, and therefore low protocol overheard.

2. Exploits cross-layer data: AeroRP is designed to exploit the explicit cross-layering support pro-
vided by AeroNP and the geographic node location and trajectory information available at nodes.

3. Per-hop behavior: Unlike existing protocols, AeroRP forwards data per-hop based on partial local
information and routes thereby avoiding the necessity for global convergence, making it especially
suitable for highly-dynamic environments.

4. Multi-modal: Telemetry applications present a high level of variation in their operational parame-
ters. For example, based on the security requirements of the test application, the geolocation of the
nodes may or may not be available. In order to support these dynamics in operation, policies, and
constraints, AeroRP provides multiple modes of operation.

AeroRP is based on the ANTP [1] system architecture that uses a cross-layered network protocol
designed for this environment: AeroNP. The AeroNP protocol header includes fields for source and desti-
nation locations. It also has two fields to specify the quality of service of packets in the network: data type
(e.g. command and control, telemetry) and priority with in a given type.

B. Protocol Operation

The basic operation of AeroRP consists of two phases. 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, discussed later in this section. The second phase of the algorithm is to find
the appropriate next hop to forward the data packets. In order to forward the packets toward a specific
destination, additional information such as location data or route updates is required. For each of these
two phases the protocol defines a number of different mechanisms. The particular choice of mechanism
to be used is dependent upon the mode of operation. The protocol does not specify a predefined set of
discrete operational modes; the total number of supported modes is merely the combination of all the
different mechanisms available. We now consider each of the two phases in more detail:

1. Neighbor Discovery: The first objective of a node in the telemetry network is to determine its neigh-
boring nodes. In order to achieve this, we use several different mechanisms with the objective to minimise
overhead and increase adaptability. One or more of the following mechanisms may be used to populate
the forwarding table depending upon the operational constraints.

• Active snooping is the primary mechanism used by the node to locate and identify its neighbors. In
a wireless TDMA network, a node that is not transmitting listens to all transmissions on the wireless
channel. AeroRP adds the transmitting MAC address of each overheard packet to its neighbor table.
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The protocol assumes cooperative nodes and symmetric transmission ranges. This implies that if a
node can hear transmissions from a node, it can also communicate with that node. Stale entries are
removed from the neighbor table if no transmissions from a node are heard for a predetermined time
interval related to the anticipated contact duration.

• Hello beacons are used by idle nodes to advertise their presence. When neighboring nodes hear a
hello beacon, they update their neighbor table appropriately. The frequency of the hello beacon is
related to the minimum contact duration. For example, if the contact duration is 10 sec, the hello
beacon is transmitted every second.

• Ground station updates may used to augment or replace active snooping in some of the telemetry
scenarios, in which the ground station has a partial or even complete mission plan. The ground
station sends periodic updates containing the location and trajectory vectors predicted by the mission
plan to all nodes.

Security requirements may impose certain restrictions in the Aeronautical networks. In certain cases
where node location or trajectory is considered sensitive, individual nodes may not include this information
in the header of data packets or hello updates. In this case, the ground station may send location updates
of all nodes on an encrypted channel. Finally, in the most secure mode, no geographic node information is
available and the routes have to built using traditional MANET methods such as explicit routing updates
and exchange of node contacts between the neighbors.

Given the dynamic nature of the aeronautical network, neighbor discovery not only consists of finding
nodes within transmission range, but also determining the duration for which a discovered node will
remain within range. Depending upon operational constraints, this information is obtained via different
mechanisms: location and trajectory information is included in the network protocol (AeroNP) header [1],
or in updates sent by the ground station.

2. Data Forwarding: After neighbor discovery, the second phase of AeroRP is for individual nodes to
determine the next hop for a particular transmission. Recall that, unlike conventional protocols, AeroRP
performs hop-by-hop forwarding based on partial paths without the full knowledge of the end-to-end
paths. Each node forwards packets such that they end up geographically closer to the destination, which
will frequently be a GS in the telemetry environment.

When any given node needs to transmit telemetry data, and assuming that one or more neighbors are
discovered, the data packets are forwarded to the node that is nearest to the destination as calculated from
its current coordinates and trajectory. The destination location is obtained in a manner similar to that of
discovering neighbors. Furthermore, in a majority of test cases, the destination is the stationary ground
station whose coordinates are known to all TAs. The actual algorithm for finding the best node to forward
(or handover) the data packet is given in Section B.

In order to avoid congestion at any given node, AeroRP utilizes the congestion indicator [19, 20] field
of the AeroNP header. Each node uses the CI field to indicate its own congestion level. All packet trans-
missions from a node carry the CI field along with the type and priority of the data. All the neighboring
nodes are thus made aware of the congestion at a given node for a given priority of the traffic and refrain
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from forwarding equal or lower priority traffic to the congested node.

AERORP ALGORITHM

Let the position of ith airborne node, ni be represented by the vector Pi = (xi, yi, zi) and the trajectory
is defined by the vector Ti = (si, θi, φi), where x, y, and z are the absolute node coordinates, T is the
spherical direction vector (seed, inclination, and azimuth). Since the network is highly dynamic both the
position and trajectory of nodes is time dependent. For a given source–destination pair, at a given time t, let
the source node ns has the position be Pt

s = (xt
s, y

t
s, z

t
s) and the trajectory be Tt

s = (st
s, θ

t
s, φ

t
s). Similarly

the destination node nd is represented by Pt
d = (xt

d, y
t
d, z

t
d) and Tt

d = (st
d, θ

t
d, φ

t
d). If the destination

happens to be a stationary ground station, then Pt
d = Pd,∀t. Finally, let the congestion status of the node

be given by the vector Ci = {CI, priority}, where CI and priority are the congestion indicator and priority
fields that are extracted from the AeroNP header.

Step 1: Each node maintains two tables: a neighbor table that stores the information about the nodes
that are currently in the transmission range, and destination data table that stores the information all
destinations, which may or may not be in the currently in the transmission range. Initially, let the number
of neighbors represented by the neighbor list N be zero, i.e., N = ∅.

Step 2: When the node receives any transmission, it updates the neighbor and destination data tables.
If the captured packet is an overheard transmission or hello advertisement from node ni, the node i is
assumed to be in the transmission range of the current node. Hence the neighbor list is updated as N =
N ∪{ni}. Furthermore, the macID, position, trajectory, and congestion status of the node are derived from
its header and stored in the neighbor table as the tuple {macIDi,P

t
i,T

t
i,C

t
i}. If the received transmission

is a ground station update, each entry in the update is stored in the destination data table as the tuple
{time,macIDi,P

t
i,T

t
i,C

t
i}. Since the GS update may contain information on node positions in future, the

entries in the destination data table are time stamped. Lastly, when a ground station update is received, the
location and trajectory fields of neighbor table entries are updated with the latest values.

Step 3: At the completion of step 2, assume that a given node n0 has k discovered neighbors. Hence
N0 = {n0, n1, . . . , ni, . . . , nk−1}. Note that each node treats itself as the first neighbor. Assume that
this node n0 wants to send a data packet to the ground station nd with position Pd. Assume that the
transmission range of all nodes is R. Next, we calculate the time to intercept, TTI for all neighbors. The
TTIi represents the time it will take for node ni to get reach within the transmission range of the destination
if it continues on its current trajectory. TTI is calculated as:

TTIi =
|Pt

d −Pt
i| −R

sd

(1)

where |Pt
d − Pt

i| gives the euclidian distance between the current location of node ni and the destination
node nd and sd is the component of the actual speed r of node ni in the direction of the destination.

Step 4: Finally, the data is forwarded to the j th node, nj such that:

TTIj = min{TTIi} ∀i : ni ∈ N0 (2)
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The process is repeated at every node, until the data reaches the destination.

SIMULATION RESULTS

In this section, we presents the results of simulations conducted in ns-2 simulator [23] to compare
the performance of the AeroRP with traditional MANET routing protocols AODV (Ad-hoc On-demand
Distance Vector) and DSDV (Destination-Sequenced Distance Vector). The topology setup consists of 60
wireless TA (test article) nodes that are randomly distributed over a 150 km × 150 km test range, and
a single stationary sink node is located in the center of the simulation area representing the GS. The 60
TAs follow a modified random-waypoint movement model for a total of 2000 seconds with pause times
of zero. Two different test cases are simulated: In the first case each node’s speed is randomly selected to
be between Mach 0.3 and Mach 3.5 (100 to 1200 m/s) for each leg of the random-waypoint movement;
in the second case the nodes always move at Mach 3.5. Each node has an omnidirectional antenna with a
maximum range of 15 nautical miles (27.8 km).

In order to evaluate the performance of the network, we send send constant bit rate (CBR) traffic from
all TA to the GS at a constant 0.2 Mb/s and a packet size of 1000-byte packets. The wireless channel
rate is 11 Mb/s that far exceeds the overall load on the network. A warmup time of approximately 1000
seconds is used to allow the network to stabilise.

C. Performance Results

The packet delivery rate (for an aggregate source rate of 1500 packets per second) for these three
protocols when the speed is varied between Mach 0.3 and Mach 3.5 is shown in Figure 1. In this first
case using AODV, only 3.25× 105 out of 1.35× 106 packets (24%) are received by the sink node. DSDV
performs better with 6.74×105 packets (50%) being received. With AeroRP, 1.31×106 packets (97%) are
received at the sink node. Figure 2 shows the results for the second case in which nodes move at a constant
speed of Mach 3.5. In this case AODV received 3.17 × 105 packets (23%), DSDV received 5.54 × 105

packets (41%), and AeroRP received 1.32× 106 packets (97%).

The overhead incurred by AODV and DSDV for both cases is plotted in Figures 3 and 4 in terms of
aggregate bytes transmitted per second. AODV incurs greater overhead due to the fact that it is on-demand
and therefore its overhead is directly proportional to the mobility. DSDV incurs less overhead than AODV
because of the periodic nature of its update messages, which are not mobility dependent. However, as
the simulations progress DSDV is unable to converge due to the highly dynamic topology and generates
increasing numbers of update messages. The overhead incurred by AeroRP varies depending on the type
of route updates used to populate the routing table. These simulations focus on the snooping (with hello
beacons) and GS broadcast mechanisms described in section A.. Snooping alone does not cause any
overhead, because the traffic model is heavy enough that no hello messages are required. Figures 3 and 4
show the overhead induced by using the ground station to broadcast the current and predicted link-state
table to all the nodes at 10-second intervals. In either case the evaluations show that the AeroRP overhead
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Figure 1: Packet delivery rate for Mach 0.3 to 3.5
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Figure 2: Packet delivery rate for Mach 3.5

is much lower than AODV or DSDV since it does not transmit event-based updates.

Based on our examinations of the simulation trace data, the poor performance of AODV and DSDV
is caused by the timescale on which they operate. In both cases they can take 30 seconds to 5 minutes to
determine that a route has failed and reroute [24]. In an environment in which paths may only be stable
for a few seconds, these protocols simply cannot keep up. While it is possible to minimise their route
convergence time using modification such as shorter update intervals and faster dead-link detection, this
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would inevitably lead to increased overhead.

CONCLUSIONS AND FUTURE WORK

In this paper, we evaluate a new routing protocol AeroRP that uses geographic node location and
trajectory to improve the performance of highly dynamic telemetry networks. By predicting when links
will be available based on trajectory information, as well as actively listening for nearby nodes, AeroRP
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can send data opportunistically towards its destination and make much more efficient use of available
network capacity. Simulations results show that AeroRP performs significantly better in terms of packet
delivery ration and overhead when compared to AODV and DSDV.
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[21] C. Özveren, R. Simcoe, and G. Varghese, “Reliable and efficient hop-by-hop flow control,” in SIGCOMM ’94:
Proceedings of the conference on communications architectures, protocols and applications, (New York, NY,
USA), pp. 89–100, ACM, 1994.

[22] C. Wan, S. Eisenman, and A. Campbell, “CODA: congestion detection and avoidance in sensor networks,” in
Proceedings of the 1st international conference on Embedded networked sensor systems, pp. 266–279, ACM
New York, NY, USA, 2003.

[23] “The network simulator: ns-2.” http://www.isi.edu/nsnam/ns/, December 2007.

[24] J. Broch, D. Maltz, D. Johnson, Y.-C. Hu, and J. Jetcheva, “A performance comparison of multi-hop wireless
ad hoc network routing protocols,” MobiCom ’98: Proceedings of the 4th annual ACM/IEEE international
conference on Mobile computing and networking, pp. 85–97, Oct 1998.

10



Performance and Disruption Tolerance of Transport Protocols for
Airborne Telemetry Networks

Justin P. Rohrer
Department of Electrical Engineering and Computer Science

Information and Telecommunication Technology Center
The University of Kansas

Lawrence, KS 66045
{rohrej|jpgs}@ittc.ku.edu

Faculty Advisor:
James P.G. Sterbenz

ABSTRACT

The airborne telemetry environment presents unique challenges to end-to-end communications due to
the highly dynamic topology and time-varying connectivity of high-velocity wireless nodes. The AeroTP
transport protocol uses multiple reliability modes to trade off end-to-end reliability and efficiency as appro-
priate for different categories of telemetry data. Based on the architecture previously presented, we have
further developed the design of this protocol, as well as performing preliminary simulations of AeroTP
using the ns-3 simulation platform. In this paper we present the operational modes of AeroTP in greater
detail, as well as comparing the performance of TCP with the AeroTP domain-specific transport protocol.

INTRODUCTION AND MOTIVATION

Telemetry for airborne test and evaluation is an application that poses unique challenges. Traditionally,
telemetry communication has consisted primarily of point-to-point links from multiple sources to a single
sink. More recently, with the increasing number of sources in the typical telemetry test scenario, there
is a need to move to networked systems in order to meet the demands of bandwidth and connectivity.
This need has been recognized by various groups, including the Integrated Network Enhanced Telemetry
(iNET) program for Major Range and Test Facility Bases (MRTFB) across United States [1].

The current TCP/IP-based Internet architecture is not designed to address the needs of telemetry ap-
plications [2] and there remain a number of issues to be solved at the network and transport layers [3].
Given the constraints and requirements of the aeronautical environment, the current Internet protocols are
not suitable in a number of respects. These constraints include the physical network characteristics such
as topology and mobility that present severe challenges to reliable end-to-end communication. In order to
build a resilient network infrastructure, we need cross-layer enabled protocols at the transport, network,
and MAC layers that are particularly suited for the airborne telemetry networks. At the same time, there is
a need to be compatible with both TCP/IP-based devices located on the airborne nodes as well as with the
control applications. Therefore, a new protocol suite, while being specific to the aeronautical telemetry
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environment, must also be fully interoperable with TCP/UDP/IP via gateways at the telemetry network
edges [4]. Due to the limited bandwidth in telemetry networks and a priori knowledge of communication
needs of a given test, the iNET community is developing a TDM (time division multiplex)-based MAC
for this particular environment [5]. This paper extends the design and evaluation of a transport protocol
for this environment: AeroTP – a TCP-friendly transport protocol introduced in [6], and further developed
in [7] with multiple reliability and QoS modes. When finalized, the protocol is intended to operate coop-
eratively with AeroNP network and AeroRP routing protocols [8, 9]. Previous research has demonstrated
that domain-specific information can dramatically improve protocol performance [10]. However, in or-
der to achieve this, we need to facilitate cross-layering across the multiple layers. Strict layering in the
network stack is not particularly suitable for wireless networks due to mobility, limited bandwidth, low
energy, and QoS requirements. Therefore, it is commonly agreed upon that a tighter, more explicit, yet
careful integration amongst the layers will improve the overall wireless network performance in general;
and in the case of highly-dynamic, bandwidth-constrained networks may provide the only feasible solution
that meets the requirements of telemetry applications.

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 primarily 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 antennas. 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-
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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.

EXISTING TRANSPORT PROTOCOLS

Given that the T&E community will be relying in large part on existing IP-based telemetry sensors
and communicating the data to existing IP-based telemetry applications, it is important to understand the
implications of using the traditional Internet protocols (UDP, RTP, TCP, and IP) in the TmNS environment.
There has also been substantial research in transport protocols specific to the satellite networks and routing
protocols for MANETs, both of which share some characteristics with the airborne telemetry environment.
When we originally presented AeroTP [6], the shortcomings of TCP and UDP were explained in detail.
In this section we summarize those protocols, as well as examining the SCPS protocol in detail.

A. Transmission Control and User Datagram Protocols

TCP provides a connection-oriented reliable data-transfer service with congestion control, and uses
constant end-to-end signaling to maintain consistent state at the source and destination. This introduces
overhead, prevents utilizing all available bandwidth, and prevents operation in partitioned network scenar-
ios. Each new TCP session requires a 3-way handshake before any real data is transmitted. This wastes
1.5 RTTs (round trip times) of valuable transmission time on short-lived connections such as those in the
aeronautical telemetry environment, and prevents the sending of any data before a stable end-to-end path
exists. Several other aspects of TCP, including its slow-start algorithm, assumption that all loss is due
to congestion, and flow control mechanism, also prevent full utilization of the available bandwidth for
the duration of a connection. The other commonly used Internet transport protocol is the User Datagram
Protocol (UDP) [11] which is far simpler than TCP, but does not offer any assurance or notification of
correct delivery. An extension to UDP is the Real-time Transport Protocol (RTP) [12], which adds timing
information to support real-time media but does not add any reliability or delivery assurance.

B. SCPS-TP

The SCPS-TP (Space Communications Protocol Standards – Transport Protocol) [13] is a set of exten-
sions and modifications to TCP to improve operation in the space environment, particularly for satellite
communications. It both adds mechanisms to deal with specific environmentally-induced problems, and
modifies existing mechanisms to reduce undesirable behaviors. The use of the SCPS-TP options is ne-
gotiated at the time of connection establishment, which allows the SCPS-TP agent to emulate TCP when
communicating with a non-SCPS peer.

In SCPS-TP the default loss assumption is a user-selectable parameter on a per-path basis, so it will
not assume congestion on links in which congestion is unlikely. It also allows for signaling of congestion,
corruption, and link outage both from the destination host and intermediate routers to explicitly determine
the source of packet loss. SCPS-TP implements the TCP Vegas [14] slow start algorithm and congestion
control based on RTT estimates. Additionally SCPS-TP queries the user for the path bandwidth-×-delay
product and enters congestion avoidance once the congestion window size reaches this value, similar
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to the congestion avoidance algorithm described in [15]. This is beneficial for paths with high RTT,
however given the rapidly changing topology of an airborne telemetry network, it is practically impossible
to maintain consistant RTT and bandwidth-×-delay estimates. To attempt to do so whould require the use
of extremely conservative estimates, resulting in low utilization of the already limited bandwidth. SCPS
does Explicit Congestion Notification (ECN) using source quench SCMP (SCPS specific version of ICMP)
messages as in [16]. It also uses an open-loop token bucket rate control mechanism [17] for each space
link to avoid congestion, with the available capacity shared in the global routing structure. The dynamic
nature of TmNS environment makes it difficult to maintain globally consistent routing information, and
requires flow control to be handled locally. For loss due to corruption, SCPS-TP relies on the ground-
station at the receiving end of each space link to maintain a moving average of the ratio of corrupted
frames received and to use explicit cross-layer messages to inform the SCPS-TP destinations when that
ratio exceeds a threshold. The destinations are then responsible for continuously notifying their respective
sources of the corruption, during which the sources will not reduce the congestion window or back-off
the retransmission timer in response to packet loss. In the case of a link outage, SCPS-TP assumes that
the outage is bi-derectional, so the endpoints of the space link are responsible for notifying the SCPS-TP
source and destination nodes on their side of the link. SCPS-TP then enters a persist state in which it
periodically probes for link restoration at which point it can resume transmission where it left off without
multiple timeouts or retransmissions or going through slow-start again.

To deal with the problem of highly-asymmetric channels, SCPS-TP reduces the number of ACKs re-
quired by TCP [18] from every other segment to only a few per RTT. This requires other TCP mechanisms
such as fast retransmit [19] to be disabled. To deal with constrained bandwidth in general, SCPS-TP
employs header compression and Selective Negative Acknowledgment (SNACK) [20, 21]. The header
compression is end-to-end, as opposed to the TCP/IP header compression specified in [22] that is done
hop-by-hop. This is because hop-by-hop header compression requires a costly resynchronization process
and looses all segments in flight every time a packet is lost or arrives out of order. The end-to-end com-
pression achieves about 50% reduction in header size by summarizing information that does not change
during the course of the transport session. It also avoids the problems incurred by changing connectivity
because the compression takes place at the endpoints which remain constant. The SNACK option allows
a single NAK [23] to to identify multiple holes in the the received data out-of-sequence queue. SCPS-TP
also uses TCP Timestamps [24] to keep track of RTTs even with lossy channel conditions, and uses the
TCP window scaling option [24] so that the channel can be kept full even while recovering from losses.
Many of these techniques for handling highly-asymmentric channels are applicable to the airborne teleme-
try network environment and we incorporate similar mechanisms into our solution, discussed later in this
paper.

While SCPS-TP solves a number of the problems associated with airborne telemetry networks and
our solution uses some of the same mechanisms, we have determined that SCPS-TP is not ideal for our
application because it relies too heavily on channel condition information which is either pre-configured
or learned gradually over multiple end-to-end connections. This process cannot adapt adequately to the
rapidly changing T&E environment, or opportunistically make use of available bandwidth on a hop-by-hop
basis.
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Figure 1: AeroTP connection setup

AeroTP OPERATION

AeroTP is a new domain-specific transport protocol designed to meet the needs of the telemetry net-
work environment while being TCP-friendly1 to allow efficient splicing with conventional TCP at the
AeroGWs [4] in the GS and on the TA. AeroTP performs end-to-end data transfer between the edges of
the telemetry network and splices to TCP connections or UDP flows at the AeroGWs. Transport-layer
functions that must be performed by AeroTP include connection setup and management, transmission
control, and error control. In this paper we will discuss the connection setup and error control.

C. Connection Setup

As an alternative to the overhead of the three-way handshake, AeroTP uses opportunistic connection
establishment (Figure 1) in which data can begin to flow with the ASYN (AeroSYN) setup message. Error
control is fully decoupled from rate control, and is service specific as described below.
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1Note that we use the term “TCP-friendly” in a more general sense than the established term “TCP-friendly rate control”
(TFRC) [25]
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D. Error Control and QoS-Based Transfer Modes

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 (Figure 2) 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 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 (Figure 3) uses a custody transfer mechanism similar to that used
in DTNs [26] to provide high reliability, but can not guarantee delivery since the gateway im-
mediately returns TCP ACKs to the source on the assumption that AeroTPs reliable ARQ-based
delivery will succeed using SNACKs (selective negative acknowledgements) [13] 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 reliability. However, the possibility exists of confirming delivery of data that the
gateway cannot actually deliver to its final destination.
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• Quasi-reliable connection mode (Figure 4) eliminates ACKs and ARQ entirely, using only open-
loop error recovery mechanisms such as erasure coding, across multiple paths if available [27].
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 (Figure 5) 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 (Figure 6) is intended to transparently pass UDP traffic, and no AeroTP
connection state is established at all.

PRELIMINARY SIMULATION RESULTS

As mentioned previously, one of the drawbacks to TCP for this type of environment is the three-
way-handshake used for connection establishment. For this reason AeroTP is designed to establish a
connection when the first data packet in a flow is received. If the first packet is lost, the connection can
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still be established using header information from the second or subsequent data packet, and the first
packet can be retransmitted later if required by the specified reliability mode. To illustrate the difference
between these two approaches, we have done a preliminary simulation, comparing the time required to
establish a standard TCP connection, compared to a AeroTP connection.

The simulations are implemented in the ns-3 open-source simulator [28]. Each simulation consists of
two nodes connected by a 10 MB/s link with 5 ms latency and a fixed probability of packet loss. Node 0
is configured as a traffic generator (TCP or AeroTP as appropriate) and node 1 is configured as a traffic
sink. For each packet-loss probability point plotted, the simulations were run 100 times and the results
averaged. Each simulation consists of a single connection attempt by either TCP or AeroTP. We record the
delay starting when the connection setup command is issued to the transport protocol, and stopping
when the first data packet is received by the data sink.

Figure 7 shows the results of these simulations. To conserve space in this paper, both the TCP and
AeroTP results are presented in a single plot, however, please note that they are plotted against two dif-
ferent y-axes: TCP on the left, and AeroTP on the right.. The TCP delay starts at about 20 ms when no
losses occur, and increases linearly until it approaches 3 s when the packet-loss rate is 20%. The delay
for AeroTP on the other hand has a delay of 9.2 ms when no losses occur, and increases linearly to 10.1
ms when the packet-loss rate is 20%. This shows an improvement of two orders-of-magnitude, which
will play a large role in enabling AeroTP to successfully send data over paths which only exist for a few
seconds, while TCP would still be trying to establish the connection.

CONCLUSIONS AND FUTURE WORK

The existing Internet protocol architecture is not well suited for telemetry applications in highly-
dynamic airborne networks, which present unique challenges due to extreme mobility and limited band-
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width. Typical transport protocols such as TCP are not designed for unstable paths, as are found in aero-
nautical telemetry environments. In this paper, we discuss AeroTP, a new transport protocol that addresses
these issues with domain-specific solution developed to leverage cross-layer information in optimizing
end-to-end performance. By sending data opportunistically, instead of waiting for a stable end-to-end
path, AeroTP can make much more efficient use of available network capacity. We performed preliminary
simulations that show the new protocol performs significantly better when establishing new connections
in this environment. In the future we will perform more extensive AeroTP simulations, in conjunction
with the AeroNP and AeroRP components of the protocol suite.
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ABSTRACT

Modern telemetry networks require the use of efficient domain-specific protocols at the transport,
network, and routing layers. However, the existing end-devices and services are based on legacy protocols
such as TCP/IP. This necessitates translation between the legacy and aeronautical protocol. In this paper
we propose an efficient translation mechanism with the help of gateways at the telemetry network edges.

INTRODUCTION and MOTIVATION

Telemetry applications in the mobile airborne networks pose unique challenges. In the current under-
lying network infrastructure these applications rely on point-to-point links based on IRIG 106 standard
for serial streaming telemetry (SST) [1]. Source and destination nodes should be in range of each other
using the point-to-point links. In a scenario where a direct communication link is not possible between
source and destination, a multi-hop network can be the only feasible solution for providing an end-to-end
communication path. The need to support real-time telemetry applications in the limited radio spectrum,
combined with economical benefits using a networked telemetry system is recognized by the DoD [1].
However current network protocols (e.g. TCP/IP) cannot support the proposed networked telemetry sys-
tems, because these protocols make assumptions for the environment they operate that does not hold in
the highly mobile aeronautical environment. This necessitates development of new protocols for the iNET
program [1] proposed by the DoD.

A preliminary communication network system for the iNET program is presented in [2, 3]. Network
elements in the iNET environment is shown in Figure 1. The proposed networked system for telemetry
applications include three types of network nodes: test articles (TA), ground stations (GS), and relay nodes
(RN). TAs house the telemetry equipment and they are the airborne vehicles. The temeletry data can be
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sent to GSs directly for processing. If there is no direct communication link between the TA and GS, RNs,
which are airborne vehicles, can relay the data to the destination. In such a highly mobile environment
where relative speeds can reach up to 7 Mach [4], current TCP/IP networking protocols fail to provide
communication paths.
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Figure 1: iNET Environment

TCP/IP based protocols assume that the underlying links are stable and reliable. This is not the case
for mobile environments. The challenges and constraints are well documented in [2]. In addition to the
challenges present for this aeronautical environment, the proposed network protocols should be compatible
with the current TCP/IP based protocols in order to support off-the-shelf software and hardware. Therefore
the proposed protocols [2, 4] must be interoperable with the TCP/IP based protocols at the proposed
telemetry networked system (TmNS) at the network edges.

The rest of the paper is organized as follows: the next section presents current Internet architecture and
its inability to meet the demands of telemetry networks. Challenges to reliable network communication,
specifically in the iNET scenario is presented. Then, we present the functionality of the AeroGW, which
provides an interface between the different network environments. Finally, conclusions and future work is
presented.

EXISTING COMMUNICATION NETWORK PROTOCOLS

The proposed TmNS architecture will primarily reuse existing IP-based telemetry peripherals. Thus,
it is important to understand implications of the existing networking protocols in the TmNS environment.
This section presents a brief overview of the existing protocols and examines their suitability for a highly
mobile airborne evironment.
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The Internet uses IP at the network layer, with various routing protocols such as OSPF, RIP, and BGP.
TCP is the widely used transport layer protocol that operates on top of the IP in the protocol stack. The
current Internet architecture is based on the fundamental assumption of long lasting, stable links that does
not hold true for a Mach-speed airborne network, which not only challenges TCP, but also network routing.
TAs can be traveling at relative speeds up to Mach 7 which will make the network topology constantly
changing. Internet protocols do not support dynamic topologies implicitly, requiring convergence of the
routes, which is not suitable for airborne telemetry environment. TCP provides connection oriented end-
to-end reliable service. Constant mobility of the TAs may cause the network to be partitioned, which
will eliminate the use of end-to-end TCP protocol. TCP uses signalling at the end systems to handle
the congestion and the flow control. Congestion control mechanisms prevent the full utilization of the
bandwidth. The existing TCP/IP-based communication networking protocols will fail to operate in a
highly mobile airborne environment.

It is expected that the source and destination in telemetry network will be operating on TCP/IP proto-
cols. On the other hand, existing TCP/IP protocols are not feasible to operate in the TmNS environment.
Thus, an interface that will enable the interoperability of domain specific protocols with the current TCP/IP
protocol suite is needed. Gateways are designed to handle such tasks, and we will describe the AeroGW
functionality in the next section.

AeroGW: INTERFACE BETWEEN AeroN|TP and TCP/IP PROTOCOL SUITE

This section describes the AeroGW functionality. The source and destination of telemetry data are
expected to be TCP/IP-based systems; however TmNS will employ new domain-specific protocols suitable
for the dynamic airborne environment. To overcome this challenge without requiring a total redesign of all
telemetry sensors, peripherals, applications, and workstations, we introduce the Aero Gateway (AeroGW).
The protocol architecture is shown in Figure 2, showing the gateway functionality at the TA and GS.
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Figure 2: System Architecture

Gateways can be thought of as an interface that provides translation between two entities, can support
different access technologies or different protocols, and generally have sufficient processing resources.
The gateway concept is well established [5] as a mechanism for bridging between disparate network
environments. In this case its operation is similar to TCP-Splice [6], however instead of splicing TCP
with TCP, it will splice TCP (and UDP/RTP) to AeroTP and IP to AeroNP. This translation functionality
resides in the AeroGW, which is incorporated into the ground network (gNET) interface element on the
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ground station and the vehicle network (vNET) element on each TA.

A. TCP – AeroTP Splicing

AeroTP is the transport layer proposed [3, 7] to overcome the challenges of the highly dynamic wire-
less, mobile aeronautical environment. It provides opportunistic connection setup and management, trans-
mission control, and flexible error control functions. AeroTP supports different modes of operation: re-
liable, nearly-reliable, quasi-reliable, best-effort connections, and best-effort datagrams. Each of the op-
erational modes is designed for the needs of specific missions. AeroTP is TCP friendly in that it allows
efficient splicing with TCP at the gateways. TCP is well documented in numeruous RFCs [8, 9, 10, 11].
Excluding the 4 byte long optional fields, TCP adds a 20 byte header per packet as shown in Figure 3(a).
This is a substantial overhead in the case of control traffic such as ACKs. For a side by side comparison,
the proposed AeroTP header format is shown in Figure 3(b). It should be noted that the light colored fields
are from the TCP header, while the dark colored fields are new in the AeroTP header and trailer.

payload + optional FEC

sequence number
timestamp

mode TP HEC CRC-16

destination portsource port

TCP flagsECNresv

payload CRC-32

payload

source port destination port

urgent pointer

sequence number
acknowledgement number

offset windowTCP flagsreserved
checksum

options

(a) TCP Segment

payload + optional FEC

sequence number
timestamp

mode TP HEC CRC-16

destination portsource port

TCP flagsECNresv

payload CRC-32

payload

source port destination port

urgent pointer

sequence number
acknowledgement number

offset windowTCP flagsreserved
checksum

options

(b) Aero TPDU

Figure 3: Transport Layer Protocol Data Units

The AeroTP header consists of a 16 byte header. Source and destination port fields identify the sending
and receiving ports. The sequence number allows reordering of packets due to erasure coding over multiple
paths or TA mobility, and is either the TCP byte-sequence number or an AeroTP TPDU number, depending
on the transfer mode. The timestamp field is 32 bits wide for end-to-end TCP transparency. There are five
modes of operation to match the reliability needs of a telemetry application. The Header Error Check
(HEC) field is a strong Cyclic Redundancy Check (CRC) on the integrity of the header to detect bit errors
in the wireless channel. This allows the packet to be correctly delivered to AeroTP at the destination
when a corrupted payload can be corrected on an end-to-end basis using FEC. A CRC trailer protects the
integrity of the data edge-to-edge across the telemetry network in the absence of a separate AeroNP or link
layer frame CRC and enables measurement of the bit-error-rate for erasure code adaptation depending on
the transfer mode.

TCP requires a three-way handshake process to establish a connection before data is transmitted. This
connection setup consumes 1.5 round trip times (RTTs) and prevents the sending of any data before a stable
end-to-end path exists. AeroTP uses connection management paradigms suited to the telemetry network
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environment. An alternative to the overhead of the three-way handshake is an opportunistic connection
establishment in which data can begin to flow with the AeroSYN (ASYN) setup message, which will not
waste the 1.5 RTT. The opportunistic connection signalling paradigm for networked telemetry system is
shown in Figure 4.
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A packet must pass through two gateways on its path from source to destination. The ingress gateway
will convert the TCP messages to AeroTP messages, while egress gateway will convert AeroTP messages
to TCP format. It should be noted that ingress and egress gateways are not additional network elements
in the TmNS environment, but rather the gateway functionality will be built in TAs and GSs. The flow
diagram for the TCP to AeroTP translation that occurs at the ingress gateway is presented in Figure 5.
Essentially, ingress gateway will splice the end-to-end TCP protocol. Once the TCP SYN message is
received, gateway will send back a SYN ACK message. Upon receiving the SYN ACK message the
source will send the TCP ACK message. The gateway will transmit the ASYN message along with the
data to the TmNS after receiving the TCP ACK message. The data can piggyback the ASYN message.
The ingress gateway will check the succesfull transmission of the data to the egress gateway via incoming
AeroACK (AACK) messages. If the ASYN message is delivered to the egress gateway, data can continue
to flow from source to destination. In the case of a failed delivery of the ASYN message, it should be sent
again to preserve the end-to-end TCP semantics. Once the destination receives the application data, it will
send a TCP FIN message to the gateway signalling termination of the connection. The egress gateway will
send the corresponding AeroFIN (AFIN) message to the ingress gateway to end the connection.

The flowchart for the AeroTP to TCP translation that occurs at the egress gateway is shown in Fig-
ure 6. The egress gateway complements the splicing function by reconstructing the TCP messages. Upon
receiving the ASYN message, the egress gateway will send the TCP SYN message to the destination. De-
livery of the TCP SYN message is checked with the SYN ACK message. If SYN ACK is not received, the
egress gateway will retransmit the TCP SYN message. Upon receiving the SYN ACK, the egress gateway
can start transmitting the data, which includes the ASYN and application or control data it received from
the ingress gateway. Once the TCP FIN message is received from the destination, the egress gateway will
transmit the AFIN message to the TmNS for connection termination.
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B. IP – AeroNP Translation

The network layer provides services to the transport layer. To adapt the needs of AeroTP, a new net-
work protocol, AeroNP [2], is proposed for the telemetry environment. AeroNP is IP-compatible, meaning
that, given the IP-based end devices such as HMI applications on the grund network and the TCP/IP pe-
ripherals on the TA, it is critical for the network protocol on the telemetry subsystem to be interoperable
with IP. IP is the de facto network layer protocol for the Internet and its operation is standardised and well
documented in RFCs [12, 13]. Excluding the optional fields, the IP header is 20 bytes long and its format
is shown in Figure 7(a). The proposed AeroNP header is 32 bits wide, shown in Figure 7(b).

payload

vers protocol ECN/DSCPCI type priority
destination TA MAC addrsource TA MAC addr

destination TA location (opt)
next hop TA MAC addr

NP HEC CRC-16length

src dev ID dest dev ID
source TA location (opt)

ECN/DSCP
flags

total length
fragment

vers length
identification

header checksumTTL protocol

payload

options

source address
destination address

(a) IP Packet

payload

vers protocol ECN/DSCPCI type priority
destination TA MAC addrsource TA MAC addr

destination TA location (opt)
next hop TA MAC addr

NP HEC CRC-16length

src dev ID dest dev ID
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ECN/DSCP
flags

total length
fragment

vers length
identification

header checksumTTL protocol

payload

options

source address
destination address

(b) Aero NPDU

Figure 7: Network Layer Protocol Data Units

In the Aero NPDU the light colored fields come from the IP header and dark colored fields are specif-
ically designed for the AeroNP header. The congestion indicator field is set by each node to notify the
neighboring nodes of its congestion level. This field will provide support of reliable communication paths
in multi-hop scenarios in which the node that is congested should not be considered for path setup by
the AeroRP routing algorithm. The optional source TA location and destination TA location fields de-
signed to be used by the AeroRP. These fields contain the GPS coordinates that are used in location-aware
routing [14].

Given that wireless links are bandwidth constrained and different applications have their own require-
ments to operate, it is essential to have a quality of service mechanism. The type and priority fields specify
the QoS level of a given packet. The ECN/DSCP field is also used for QoS mechanisms, but this field is
carried for end-to-end IP transparency. Version, protocol, and length are the other AeroNP fields that will
passed in the gateways without any modification for IP-compatibility.

AeroNP does not carry the 32-bit source and destination IP address fields. Instead, it utilizes the iNET
MAC address of existing hardware. Since iNET MAC is based on TDM, an AeroNP packet is inserted
directly into a TDM slot. Some header space efficiency will be gained by eliminating the use of network
address fields in the header. However to be compatible with the existing IP based services, it is clear that
an IP address to AeroNP MAC address translation is necessary at the gateways. This address conversion
mechanism can be similar to Address Resolution Protocol (ARP) function. In ARP, a table is constructed
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such that there is a mapping between an IP and MAC address. The next hop TA MAC address field will
be used by the AeroRP for identifying the route to the next hop.

TAs can have multiple peripherals for different purposes. Each of the peripherals will use a seperate IP
address. Since, AeroNP header does not have IP address fields, each peripheral can be mapped to a device
id. This translation functionality is similar to Network Address Translation (NAT) and will reside at the
gateways. While IP address to device IDs can be mapped dynamically, it will be more efficient to preload
the mapping table at the beginning of each mission. Finally, HEC field is used to check the integrity of the
AeroNP header fields against bit errors.

AeroNP is IP compatible to support end-to-end transparency to TCP/IP based applications. The pri-
mary translation required is for IP address to MAC address, and IP address to device ID mapping. Both of
the translation and mapping tables can be a preprogrammed for efficiency and simplicity. Unlike AeroTP–
TCP translation, AeroNP–IP translation is forseen to be simpler.

CONCLUSIONS and FUTURE WORK

The existing Internet protocols are not well suited for telemetry applications in highly-dynamic air-
borne networks, due to extreme mobility and limited bandwidth nature of this environment. This neces-
sitates the design of domain specific protocols. However, use of TCP/IP based telemetry applications are
expected. To bridge between TCP/IP based and domain specific protocols, a gateway functionality is re-
quired. In this paper, we discuss the gateway functionality that addresses proper translation between two
protocol formats. While providing the necessary translation mechanism, gateway functionality will add
some complexity to the system. We are also working on ns-3 simulations of AeroNP and AeroTP. The
gateways will be built upon those protocols and will be simulated afterwards.
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Morgan State University’s iNET effort is aimed at improving existing telemetry networks by 

developing more efficient operation and cost effectiveness. This paper develops an enhanced 

security architecture for the iNET environment in order to protect the network from both inside 

and outside adversaries. This proposed architecture addresses the key security components of 

confidentiality, integrity and authentication. The security design for iNET is complicated by the 

unique features of the telemetry application. The addition of encryption is complicated by the 

need for robust synchronization needed for real time operation in a high error environment.  

 

 

INTRODUCTION 

 

INTEGRATED NETWORK ENHANCED TELEMETRY 

  

The Integrated Network Enhanced Telemetry (iNET) study was created to address several of the 

current telemetry issues by incorporating advanced network technologies. The critical needs to 

be satisfied are outlined by the Major Range and Test Facility Base (MRTFB) report. These 

needs were generated based on the collection of scenarios from users who have experienced 

these kinds of telemetry issues. The discernment needs of the iNET study range from optimizing 

the allotted shared spectrum for effective transmission of data over the horizon. The most critical 

need which will be addressed in this paper is the need to protect the integrity of sensitive 

telemetry data with the appropriate government approved Information Assurance technologies 

for classified information and/or commercially accepted technologies for company proprietary 

information [1].  

 

The goal of iNET is to enhance reliable data delivery by creating a bi-directional link between 

the ground station (GS) and test articles (TA’s) so that data is effectively and efficiently 

transmitted as illustrated in Figure 1.   

 



2 

 

 
Figure 1: Existing Telemetry Infrastructure [1] 

 

By creating a bi-directional link, time delays in data transmission will be reduced which allows 

for multiple pieces of information to be transmitted over the same channel. It will also help with 

TA to TA communication for mobile and over the horizon (OTH) transmission.   

 

SECURITY GOALS AND THREATS 

 

There are several requirements that need to be met in order to ensure the safe delivery of 

information to its intended recipient. Security requirements include confidentiality, integrity, 

authentication, non-repudiation, availability and access control. Confidentiality refers to 

protection from disclosure to unauthorized persons. Integrity refers to keeping data unmodified 

in transmission. Authentication refers to the assurance of identity of the person or the originator 

of the data. Non-repudiation refers to the ability to validate transactions. Availability refers to 

legitimate users having access when they need it. Finally, access control ensures that 

unauthorized users are restricted access. These six requirements ensure that there is protection 

from any unauthorized users, data consistency is maintained, access is made available to all 

authorized parties and unauthorized users are kept out [2]. With the iNET design, confidentiality, 

integrity and authentication are the goals in which need to be met for sensitive data in a shared 

spectrum environment as illustrated in Figure 2.  
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Figure 2: “Security Goals of iNET” at the Intersection of the 3 circles [3] 

 

If any of these requirements are not completely satisfied, unauthorized users can attack the 

system. These attacks are categorized as passive and active attacks, where passive attacks allow 

data to be observed and active attacks allow for modification. As a result, data may be 

intercepted, interrupted, modified and fabricated as illustrated in Figure 3. 

 

 
Figure 3: Network Security Threats [3] 

 

As a result of passive and active attacks which may occur on an unsecure network, there are 

security mechanisms which have been put in place in order to eliminate such attacks from 

occurring in the future. The encryption mechanism can provide confidentiality, authentication 

and integrity protection. The digital signature mechanism provides authentication, integrity 

protection and non-repudiation. Finally, the checksums/hash algorithms provide integrity 

protection and some authentication. The encryption mechanism will be looked at here in order to 

address the goals of iNET’s security design. Additional study will follow. 

 

Encryption refers to an algorithm that is used to translate the plain text into encrypted form. 

Conventional encryption uses a shared key between the sender and receiver that allows for 

successful decryption of the message while the message is transmitted on an open channel. The 

plaintext, encryption algorithm, secret key, cipher text, and decryption algorithm are the five 

ingredients, which are used to ensure the security of information [4]. There are several types of 



4 

 

encryption methods, which have evolved including the Data Encryption Standard, Advanced 

Encryption Standard, Blowfish and Skipjack. 

 

INET ARCHITECTURAL DESIGN 

 

Traditional telemetry designs place encryption points at the connection with the radio interface 

(rfNET). This is the conventional location for link encryption and is consistent with current 

telemetry designs.  This protects the data from outside adversaries but does not restrict 

unauthorized inside users from being able to access information from inside the vNET or inside 

the gNET, i.e., before the encryption stage and after the decryption stage as illustrated in Figure 

5. 

 

 
Figure 5: Current Security Architecture Design of iNET [5] 

 

This network architecture utilizes a link encryption mechanism which is suitable when 

information is being transmitted directly from the sender to the receiver. However, this design 

has major weaknesses when the transmission of data is being sent over a network versus a peer 

to peer link. As a result of the architecture using an open network, the susceptibility of attacks 

within the LAN connections is very high. These attacks are exaggerated when LANs are 

extended over the internet as is envisioned. These attacks can range from interception of packets 

to the forging of packets. Furthermore, the existing design illustrates major issues with 

confidentiality, integrity and authentication. The broadcasting of packets through this system 

revokes confidentiality and allows all entities on the LAN to monitor what is being sent [5]. This 

architecture design allows for any inside or outside adversaries to gain easy access to all 

information thus limiting the amount of authentication and integrity provided by the design. 

 

Since the goal of this new design is to maintain authentication, confidentiality and integrity from 

inside and outside security threats, the addition of encryption at every data point internally rather 

than externally and the distribution of keys to domains groups is needed. This will allow for 
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multiple pieces of information to be sent over the shared spectrum more efficiently while 

maintaining robust security as illustrated in Figure 6. 

 

 
Figure 6: Proposed Security Architecture Design for iNET [5] 

 

This proposed design will call for a shift in utilizing the link encryption design to using an end to 

end encryption design. Furthermore, it uses the addition of the Secure Communications 

Interoperability Protocol (SCIP) within the protocol stack because it will maintain security 

within each application as well as support security within the multicast operation. Meanwhile, 

this design protects users from inside attacks through the LAN as well as outside threats within 

the spectrum.  

 

 

BACKGROUND 

 

SECURE COMMUNICATIONS INTEROPERABILITY PROTOCOL 

 

The Secure Communications Interoperability Protocol (SCIP) is a security protocol developed by 

the National Security Agency (NSA). This protocol covers wide areas of security schemes for 

both voice and data transmission which can enhance the functionality of a network [5]. SCIP 

outlines the necessity to use framing in order to transport data in a high error environment. In 

addition, SCIP provides the capability for a user to communicate with other compatible 

instruments using a secure overlay on a variety of digital networks. SCIP is an ideal protocol for 

iNET because it supports multicast conferencing and compatibility with the Internet Group 

Multicasting Protocol (IGMP).  

 

 

ANALYSIS 

 

In order to design a more efficient network security architectural design for iNET, 

confidentiality, integrity and authentication must be satisfied. It is crucial for a security 



6 

 

architecture design to satisfy these requirements because there is high susceptibility to 

unauthorized users being able to access important information.  

 

The first step used to attack these issues is to generate a key management center which will 

distribute public and private keys to the necessary parties based on the information they will 

need to receive as illustrated in Figure 7. Figure 7 shows an example illustration which states that 

clients 1 and 3 will be the only ones receiving aeronautical information and clients 2 and 4 will 

be the only ones receiving weapons information after the information has been encrypted and 

decrypted at the necessary data points.  

 
Figure 7: Illustration of Key Management in Proposed Security Architecture 

 

The development of a key management center will also allow authorized clients to request to be 

added or deleted from any key session. Figure 8 illustrates the key generation process which 

identifies the management center (MC), security center (SC), certificate authority (CA), test 

articles (A, B) and host (N). This follows from commercial Public Key schemes in current use. 

Once clients enter or exit a particular domain session, new keys will be generated by the key 

management center to avoid any parties tampering with information or prevent any unauthorized 

users the ability to gain access to new information. 

 
Figure 8: Key Generation Process [5] 
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First, the CA transmits a certificate to host N. Next, A and B request keys in order to prepare to 

transmit data. Keys are then generated and sent to the TA’s so transmission of data can take 

place. The MC then makes sure than N is still included in the domain session and will monitor 

the transmission process between A, B and N. Finally, the information needing to be transferred 

from A and B to N takes place safely and securely. Each of the entities included in the key 

generation process are essential because it allows for a checks and balance system of security. 

The SC closely monitors the transmission process between TA’s and host networks and 

generates keys using the multicast methodology to assist in the rapid transmission of data.  

 

 

 CONCLUSION 

 

This paper proposes a Security Architecture for iNET suited to the network environment that is 

inherent to this design. The focus of this work is the nature and the location of the encryption to 

protection of sensitive data. An end-to-end encryption strategy was presented to address the 

confidentiality, integrity and authentication needed in this system. The application of an existing 

security design provided by SCIP is proposed to fit the requirements of real-time data and for 

multicast application. Additional work is needed to show how SCIP and multicast can be 

successfully integrated into this design. 
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ABSTRACT 

 

 

With the introduction of networking into telemetry applications, these systems have become 

increasingly complex. This imposes significant strain on information security for architecture 

designs.  It has been recognized that an organized or structured approach to developing security 

architectures is needed.  Several enterprise architecture frameworks are available today that 

address system complexity. However they fall short of addressing security at a high enough level 

in the enterprise and address security too late in the design process. In this paper a methodology 

is proposed that bridges the gap between security requirements and architecture design 

development at the enterprise level. 

 

This approach is consistent with and traceable to the original needs of the customer. This paper 

introduces a systems engineering approach to develop an enterprise level methodology, and 

presents a worked example of this approach for the integrated Network Enhanced Telemetry 

system. 

 

 

INTRODUCTION 

 

The complex nature of computer and network systems requires an organized approach to 

addressing network security.   Several system of system (SoS) and enterprise architecture tools 

are available today that address system complexity, however security is hidden in the 

architecture and is not addressed early enough in the design process.  This often leads to an 

information security design that is not a complete solution. This leads to holes and 

inconsistencies in the security architecture design. Most of the systems tools which address risk 

and uncertainties in the system use Bayesian theory which requires prior historical data and 

knowledge to obtain probability information for risk assessment. This information may not be 

available for the new complex systems of today.  

 

This paper addresses the complexity of information security in SoS engineering. It especially 

focuses on using tools and techniques that help to properly characterize information security 
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architectures.   In this work security information was collected about integrated Network 

Enhanced Telemetry system using iNET Revision 1 documentation.   We also walk through an 

exiting SoS architecture design and illustrate a logic based approach, to quantify the information 

related to the system‟s information security.  

 

 

BACKGROUND 

 

This section gives a brief background on information that will be needed to understand 

terminology in this paper.   

 

System of System definition 

 

A system is defined as set of interrelated components working together for a common 

objective. A system of system (SOS) is understood to be an assemblage of components that 

produces behavior or functions not available from any component individually [1]. 

 

Both component system‟s and SOS‟s have inputs from other external elements. In either case the 

input feeds into the functionality of the system which helps in the design process. Boundaries 

play a key role in making distinctions between simple component systems or complex system of 

systems. The contributions of external elements that feed into the system boundary are very 

important in making this distinction. If the external elements have enough features to qualify it as 

a complex system in itself then we would have a SOS, if not we have a single simple or single 

complex system.  

 

Initially   one would have argued that all systems are a part of a larger system of system. 

However, after reading Maier‟s articles [1] which identify the characteristics of a true system of 

system, one could now say that most systems tend to have a systematic nature. This means that 

the interaction of some elements may appears to create a system of systems, however, they are 

just that, interactions which will do not necessarily qualify as a true SoS. Maier identifies a set of 

discriminating factors which defines the true characteristics of a complex SoS in his landmark 

article. This is an old article but the key factors of managerial and operational, as well as the 

concept of emergent behavior still hold true   and play a key role in the development of SoS.   

  

SoS and Enterprise Architecture Frameworks  

 

There are several holistic representations of enterprise in existence; however, the frameworks 

and methodologies are still evolving. Furthermore, security is generally accounted for in the later 

stages of the system design. Some of the more common frameworks and methodologies in 

practice today include: 

 

1. The Zachmann Framework [2] 

2. The Open group architecture framework [3] 

3. The Federal Enterprise Architecture (FEAF)[4] 

 

After examining each of these methodologies in depth it become obvious through observation 
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that none of these methodologies provide a complete solution to develop information security 

architectures. Each tool has strengths in some areas and weaknesses in others.  

 

Computer Networking  

 

The iNET project that we are using as a worked example is a „network of networks‟ and „system 

of system‟ architecture.  To understand how the work is applied in this section, we cover some of 

the fundamentals of computer networking necessary to understand network security.  

 

A network is a collection of host computer-like devices that can communicate across a common 

transmission medium. A network passes the request for data from one computer across the 

transmission media to another computer.  Computer X must be able to send a message or request 

to computer Y. Computer Y must be able to understand computer X‟s message and respond to it 

by sending a message back to computer X.  

 

A computer interacts with the world through one or more applications that perform specific tasks 

and manages inputs and outputs. If that computer is part of a network some of those applications 

must be capable of communicating with applications on other network computers. If the internet 

is connected through a local Internet Service Provider (ISP), it is actually connecting the 

computer to one of their networks, which is connected to another, and so on. The Internet is 

made up of a wide variety of hosts, from supercomputers to personal computers including every 

imaginable type of hardware and software.  These computers understand each other and typically 

work together using TCP/IP (Transport Control Protocol/Internet Protocol). TCP /IP protocol 

system is subdivided into layered components, each of which performs specifies duties. 

 

Network access layer - provides an interface with the physical network. Format the data for the 

transmission medium and address data for the subnet on the physical hardware address, provides 

error control for data delivered on the physical network. 

 

Internet Layer (IP Layer) – provides logical hardware–independent addressing so that data can 

pass among subnets with different physical architectures. Provides routing to reduce traffic and 

support delivery across the internet.  

 

Transport Layer (TCP Layer) - provides flow control error control and acknowledgement 

services for the network. It also serves as an interface for network applications. 

 

Application Layer - provides applications for network troubleshooting, file transfer, remote 

control, and internal activities. Also supports the network application programming interface 

(APIs) that enable programs written for a particular operating environment to access the network. 
 

 

 

NETWORK SECURITY 

 

Security is a difficult topic because everyone has a different idea of what security is and what 

levels of risk are acceptable. The key for building a secure network is to define policies that 

define what security means to the organization it will be applied in [5]. Once these have been 



 4 

defined, everything that goes on with the network can be evaluated with respect to those policies. 

Projects and systems can then be broken down into their components, and it becomes much 

simpler to decide whether what is proposed will conflict with the defined security policies. 

Potential threats for distributed systems can be protected by the following security service 

requirements- [6]. 

 

1) Confidentiality is the assurance to an entity that no one can read a particular 

piece of data except the receiver(s) explicitly intended. 

2) Data Integrity is the assurance to an entity that data had not been altered in 

transmission of the information. 

3) Authentication is the assurance to an entity that another entity is who they 

claim to be.  

4) Non-Repudiation is the ability to ensure that the sender of a message cannot 

later deny having sent the message and that the recipient cannot deny having 

received the message. 

 

Networks may use cryptographic or non-cryptographic mechanisms or both for protection. The 

intent of security mechanisms is to protect sensitive data and access, and to discard messages that 

are improper or hostile. Security mechanisms may also provide identification of an event and 

possibly the source of the improper or hostile message to provide intrusion detection.  

 

 

iNET PHYSICAL ARCHITECTURE 

 

INET is a “Network of Network” and   “System the System” designs.  

The physical iNET architecture itself is composed of two component systems: the ground station 

network illustrated in figure 1 and the test article networks illustrated in figure 2.  The two 

systems communicate on a network through the protocol layer as illustrated in figure 3.  

 
Figure 1: Ground station component systems [7] 
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Figure 2 Test article component systems [7] 

 

 

 
 

Figure 3:" SoS"   “Network of Network" protocol layout [7] 

 

 

 

 

PROBLEM DESCRIPTION 

 

Systems engineering is the process of defining the desired architecture of a system; exploring 

performance requirements; ensuring that all system components are identified and properly 

allocated; and system resources can provide the desired performance [8]. However the security 

aspect of existing architecture tools fall short of taking a holistic approach to incorporating 

security in their designs. Many complex systems of today have little to no historical security 

information to represent the systems comprehensive perspective, therefore a better method for 

quantifying the security information associated with the system and component systems need to 

be identified.  

 

 By quantifying the information about security we can; 

 Identify the gaps in the information security associated with this design.  

 Analyzing risk associated with the project at the SoS level. 
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 Use various tools to help understand and associate risk of the security 

architecture design due to emergent behavior. 

 

It is difficult to quantify most systems because they require years and years of probabilistic 

information that is not in many cases readily available.  Bayesian probability is used in many 

systems to analyze risk and other entities. However Bayesian theories require a great deal of 

prior knowledge about the system.  This project proposes replacing the Bayesian approach with 

logic based approach to identifying risks and uncertainties in an information security design.   

 

The iNET Rev1 SoS architecture is a good worked example because it provides information 

about the security design during the very early developmental stages.  This work will focus on 

the information security aspects of the architecture design.   

 

 

APPROACH 

 

The approach in this project is to use logic based reasoning to quantify uncertainties in 

information security systems. In some instances the behavior of how the component systems will 

work together can not be predicted.  Logic based reasoning can be used when specific probability 

values cannot be assigned to the possible outcomes of the systems behavior. This means that 

there is no idea of the relative likelihood of the different outcomes of events and therefore 

probability values cannot be assigned. Logic based reasoning can be applied instead because 

specific probability values are not necessary be evaluate the systems behavior [9]. 

 

The methodology is composed of three phases.   

 

Phase I - In this phase we collect information about the security aspects of the system. The more 

information that is collected the better the analysis will be. 

 

Phase II – In this phase we quantify information as it relates to the security design.  A logic 

based approach to identifying uncertainties will be applied in situations where there is not 

enough historical data.   

 

Phase III - In this phase decisions are made based on security information collected. Decision 

analysis is very challenging because systems engineers and architects must   meet the needs of 

the overall SOS.   

 

 

PRELIMINARY RESULTS 

 

In phase I information was collected about the security aspects of the iNET design at a very high 

level. In this work we identified security requirements that fell into the operational or managerial 

category in the system as defined in Maier‟s work. 
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Figure 4: Demonstrates holes in layers of the system engineering development [8] 

 

Figure 4 gives a pictorial representation of how the security is distributed within the security 

design.  The operational layer addresses information related to the physical architecture from a 

SOS level to a subsystem level. Managerial layer addresses information pertaining to the 

business and programmatic aspects of the architecture development. This figure illustrates 

notionally that there are a significant amount of gaps in the security design.  Security was not 

accounted for from a managerial perspective.  Security was addressed from an operation 

perspective but it wasn‟t addressed comprehensively. From this analysis it was determined that 

there were potential significant gaps in the information security architecture.  

 

Information was gathered to investigate how the security requirements were associated with the 

key capabilities and functionality.  It is obvious based on this information that the security 

definition is incomplete.   Figure 5 is a clip of the key capabilities and it shows that security 

features were not grouped at a high enough level.   The security service requirements 

authentication and cryptography are seen as separate security issues. 
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Figure 5: Clip of key capabilities table form iNET Rev1 document [7]. 

 

The information collected in phase 1 will be used to develop a logic table such as the one shown 

in table 1. The purpose of this table is to demonstrate how security information can be quantified. 

The weights give a number value to the percentage of the service requirements that were 

identified for the ground station and test article component system. This information is carried 

over to the decisions analysis phase. This diagram is a very high level representation and gets 

more involved with the collection of more information as the system evolves.  

 
Table 1 Security requirement weight factors 

 Weight (%) 

Security Service Requirement 25. 50. 75. 100. 

Integrity 0.25 0.5 0.75 1 

Non repudiation 0.25 0.5 0.75 1 

Confidentiality 0.25 0.5 0.75 1 

authentication 0.25 0.5 0.75 1 

Do not apply 1 1 1 1 

 

 

The decision tree in figure 6 was created in phase III.  The component systems of the iNET SoS 

were related to logical information. The component systems must meet security service criteria 

to determine whether or not the system is secured.  

More information needs to be collected to make any logical and quantitative conclusion. This 

work was conducted using the two dimensional analytical tool set in Excel. However, a more 
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advances toolset needs to be identified to perform analysis and to realize the impact of applying 

logic.   

 

 
 
 

Figure 6 Decision analysis applying security service requirements to the logic. 

 

 

 

CONCLUSIONS 

 

The intent of this work was to introduce logic based analysis as a method to understand risks and 

uncertainties in information security architecture designs. This work showed that a logical 

approach can be used to point out uncertainties in security architectures.  This conclusion was 

based on sampled data for the first iteration in the process. More information needs to be 

collected to draw more accurate conclusion about the system.  As the models begin to drill down 

into sub-level components details uncertainties about the system will be identified with more 

precision.  

 

This work was successful in developing a logic based approach to identifying uncertainty in an 

information security design.  More scenarios and information is needed to see the true effects of 

this approach.  This methodology provides a method to quantify information security within a 

system design. 

 

We have shown that;  

 iNET security is not being addressed at a high enough level in the enterprise 

development.   

 The iNET used DoDAF architecture framework to develop the architecture 

however, DoDAF AF may not be the proper tool to address information 

security.   

 In many cases security requirements were not identified properly.   
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 INET‟s legacy system can be defined as a simple component system. It has 

now evolved into a complex „system of system‟ therefore information security 

has to be addressed at the enterprise level.  

 

The intent of this work is to introduce the concept that logic based rather than Bayesian 

probability based approach could be used to identify and address uncertainties in complex 

information security architectures.  

 

The next step in this work will be to;  

 

 Collect and correlate security information and data about the iNET system.  

 Determine how other environments will affect the security information 

architecture and design.   

 Identify physical tool to help analyze the data because the systems are to 

complex to address with a two dimensional tool such as excel. 
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ABSTRACT 

 

Virtualization [1] [2] technologies have the potential to transform the telemetry post-

processing environment.  Significant efficiencies can be gained by migrating telemetry 

post processing activities to virtual computing platforms.  However, while facilitating 

better server utilization,  virtualization also presents several challenges; one of the most 

difficult of those challenges being security.  In virtualization, server environments are 

replicated in software; unfortunately, the security individual servers provide is not 

replicated in a software stack implementation of a server environment.  After reviewing 

virtualization fundamentals, security issues and their impact on telemetry post processing 

will be discussed. 
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VIRTUALIZATION CONCEPTS 

 

When the word “virtual” is used in computer science it typically implies that something 

has been implemented in computer software to simulate a service.  For instance, virtual 

memory systems allowed programs running on CPUs with limited memory to “think” 

they had a great deal of memory to utilize.  Of course, what in fact was occurring was 

that a software based virtual memory system was simulating hardware memory by 

utilizing computer disk storage.  In virtualization there is a similar paradigm, except that 

in this case what is being simulated is an entire computer and even perhaps an entire 

network infrastructure.  Thus, in virtualization abstracted resources and services are 

separated from the physical entity providing the actual resource or service. 

 

The primary benefit of such an abstraction is that this offers the potential to use the 

underlying physical resources (i.e. computer hardware) more efficiently implying less 

need for total resources (i.e. computer hardware), further implying less complexity and 

work for administration personnel.  Thus, in the virtualization model many operating 

systems (they may be the same type or different) will be run on one physical computer.    

This concept is known as partitioning. When partitioning services are offered on top of a 

standard operating system this is known as a hosted model (Figure 1).  When the 

partitioning service is initially deployed on “bare metal,” this is known as a hypervisor 

architecture (Figure 2).  Observe that the hypervisor framework is more efficient as it has 

direct access to hardware services; whereas, in the hosted model the partitioning service 

must utilize the operating system it is installed on to gain hardware services.  This level 
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of indirection can yield some service speed degradation.  The hypervisor architecture is 

by far the most popular virtualization model and it will be exclusively discussed in the 

remainder of this paper. 

 
 

Figure 1.  A hosted virtualization model is depicted.  The virtualization layer is run on top 

of a standard operating system.  Observe the Selected OS run in the virtualized 

environment can be different from the operating system on the physical hardware. 

 

 

More advanced concepts in virtualization involve the hypervisor leveraging specific 

hardware features on microprocessors (both AMD and Intel are implementing so called 

virtualization hardware assist enhancements) to use the CPU more efficiently.  Another 

concept known as para-virtualization implies modifying an operating system to be able 

to take advantage of the fact that it is running in a virtualized environment.  This can 

yield performance benefits for the operating system and application.  The downside of 

this is that the modified operating system would not be able to run on “bare metal.”  

Coordinating virtualization software can manage many hypervisors at once.  This is a 

powerful concept that can launch redundant virtual machines if the coordinating software 

detects a virtual machine that is not responsive on a given hardware platform. 

 

Finally, it is also important to note that other IT elements beyond the computer can also 

be easily virtualized including storage system and networks. 

 

VIRTUALIZATION SECURITY ISSUES 

 

Virtualization offers organizations the potential for significant cost savings.  Consider the 

following: 

 

 Reducing the number of administrators necessary to provision and manage 

hardware. 

 

Physical Hardware 

Standard OS 

Virtualization Layer 

Selected OS 

App1 App 2 App3 
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 Reducing power consumptions costs (fewer physical servers, less power used, less 

air conditioning used in machine rooms, etc.). 

 

 Reducing IT spending costs (fewer physical servers to buy, less money spent on 

hardware maintenance contracts, etc.). 

 

 Reducing downtime costs (virtualized environments can be seamlessly migrated 

to other hardware platforms when maintenance needs to be done on the machine a 

virtual machine is running on).   

 

However, there is a drawback.  Virtualization increases security and availability risks to 

an organization. 

 

First, it is important to note that virtual machines (OS running applications) are 

vulnerable to the same security risks those operating systems and applications faced 

running on a physical machine.  However, they are even more at risk.  A new security 

threat exists at the hypervisor layer.  A compromise to the hypervisor can place all virtual 

machines and all applications running on those machines at risk.  This risk is not present 

when operating systems are placed on the physical machines because a hypervisor is not 

present on those systems.  The introduction of the hypervisor abstraction opens a new set 

of threats and vulnerabilities.   The virtualization industry has noted this and there are 

several start-up companies whose charter is to address these very issues. 

 

Virtualization also introduces availability hazards.  In the virtualization abstraction many 

virtual machines residing on one physical machine may be running a myriad of mission 

critical software applications.  In the worst case scenario, a physical attack against one 

machine could very likely result in all the mission critical applications being rendered 

inoperative.  In the traditional model, where many physical machines are running many 

different mission critical applications, this single point of failure possibility does not 

exist.   

 

 
Figure 2.  A hypervisor model. Virtualization infrastructure is deployed on “bare metal.”  

Operating systems (OS1 and OS2 above) are run on top of the hypervisor. 
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There is also a more subtle hazard.  Anything implemented in software (like hypervisors, 

operating systems, and applications) and not protected by a hardened hardware server 

environment is vulnerable to compromise.  An example of a physical server compromise 

would be placing a Logic State Analyzer (LSA) on a server bus.  Such devices may be 

able to examine sensitive CPU register data, or sensitive data held in RAM.   

 

When the first Automated Teller Machine (ATM) networks were implemented in the 

early eighties by banks they were deployed using software based cryptography security 

services (e.g. encryption of Personal Identification Number (PIN), decryption, etc.).  The 

pioneering financial institutions quickly found themselves overrun with fraud---as 

company insiders hacked the software based systems that were managing the 

cryptographic keys used to secure transactions.  To eliminate the fraud the financial 

institutions implemented two important principles.  First, cryptographic key management 

was implemented in hardened, tamper evident hardware.  Further, physical control of 

those hardware units was split between at least two individuals---with no one individual 

alone able to access the hardware units.  When these concepts were implemented the 

fraud rate in these organizations was totally eliminated. 

 

It is important to note that since commodity servers are not hardened to resist 

compromise the operating systems running on that hardware and hence the applications 

running on top of the operating system are vulnerable.  But once again, this threat is 

exacerbated in the virtualized environment because one physical machine compromise 

can place every operating system and every application running on those operating 

systems at risk. 

 

A strategy to mitigate these threats would be complex.  The National Institute of 

Standards and Technology (NIST) has established a Federal Information Processing 

Standard that specifies the security requirements within a system protecting sensitive 

information (FIPS 140-2) [3].  The standard defines four increasing levels of security; 

Level 4 is the highest and requires physical security that detects and responds to all 

attempts at access including environmental condition changes such as temperature and 

voltage changes.  Systems that have been evaluated to FIPS 140-2 Level 3 and above are 

very secure. These FIPS 140-2 environments essentially make it very difficult to 

compromise server hardware to gain access to data streams.  Unfortunately, commodity 

FIPS 140-2 evaluated servers do not exist.  They primarily exist as special processing 

units that manage cryptographic keys. 

 

Standards exist for software security as well and these are very applicable to virtual 

machine software like hypervisors.  The security worthiness of software is usually 

evaluated with the Common Criteria metric [4].  In Common Criteria evaluation a set of 

security requirements and specifications, otherwise known as a Protection Profiles (PP) 

and Security Targets (ST), are developed for a software system referred to as the Target 

of Evaluation (TOE).   Common Criteria is an ISO standard (15408) and has seven 
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increasing Evaluation Assurance Levels (EAL).  Evaluation ratings of 5 and above are 

very robust. 

 

 

 

 

 

VIRTUALIZATION APPLICATION TO TELEMETRY POST PROCESSING 

 

Virtualization can positively impact telemetry post processing environments   In most 

organizations it is not uncommon to find a myriad of servers supporting telemetry post 

processing activities for many different programs.  With telemetry post processing and 

analysis being “the last step” it is also not uncommon to see “server sprawl” or “server 

creep” conditions occur as organizations suddenly realize they have inadequate 

processing capacity for a new test program that is brought online. 

 

Virtualization strategies can positively impact the situation described above and make 

conditions in the organization easier to manage from a system administration standpoint, 

more cost effective, and more responsive to end user needs.  The key question is what 

strategies can be used to mitigate the new security and availability risks?  These issues 

become even more important when the sensitivity of the post processed data is 

considered. 

 

Several strategies can be employed to manage virtualization security and availability 

threats in telemetry processing: 

 

 Tightly control physical access to the machines running virtual environments.  

Since any one physical machine may be running several virtual machines that 

may in turn be running many post-processing applications this is very important. 

 

 Consider seeking out a security specialized third party vendor for the hypervisor. 

 

 Utilize hypervisor coordinating software (that has been securely implemented!) to 

manage hypervisors dedicated to handling hardware hosting telemetry post 

processing activities.  Coordinating software is capable of detecting when virtual 

machines fail and can start new virtual machines in response.  This however will 

not preserve running state. 

 

 Consider running hypervisor coordinating software on FIPS 140-2 evaluated 

hardware. 

 

 To preserve running state consider running virtual machines in a clustered mode.   

 

 Select virtualization software that has been Common Criteria certified.   
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 Look for virtualization vendors that implement the following concepts 

 

o Strong isolation and resource controls 

 

o Intrusion Detection System and Intrusion Prevention System (IDS/IPS) 

capabilities on virtual networks the  hypervisor utilizes 

 

o Policy or rule based configuration and enforcement tools  

 

o Attestation and integrity features 

 

 

 

CONCLUSION 

 

Virtualization technologies have and will continue to positively impact corporate IT 

environments.  The cost savings and efficiency increases yielded by virtualization 

technologies are substantial and very applicable to telemetry post processing 

environments.  Virtualization does introduce new security risks that are of concern in 

telemetry post processing environments.  However, proper strategies in virtualization 

software selection and deployment can mitigate many of the threats allowing the 

organization to realize the many positive benefits of virtualization technology. 
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ABSTRACT 
 

The need to allow remote access to telemetry data from closed networks has long existed. 
To ensure the correct engineers are available for anomaly resolution, NOAA developed 
the Secure Remote Access Server (SRAS) to allow transfer of satellite telemetry to an 
external secure server. SRAS uses one-way links to protect the ground system and secure 
communications for all communications with the user. After the SRAS was developed, a 
similar system was developed to support file transfers. This paper provides an overview 
of these systems and lessons learned in the development of one-way fiber systems. 
 
Keywords: secure remote access, one-way link, OWL 
 
 

BACKGROUND 
 
Early in the morning of August 21, 1993, NOAA 13 started what was expected to be a 
normal acquisition pass at the station in Fairbanks, Alaska. The Polar-Orbiting 
Operational Environmental Satellites (POES) are the backbone of the remote sensing 
system used by the National Weather Service (NWS) to collect the information needed to 
generate the long-range global weather forecasts for public and governmental uses. Soon, 
the operator workstations in the NOAA SOCC started beeping, indicating that something 
could be wrong with the satellite. Since the spacecraft had passed its initial checkout and 
this event occurred outside of regular working hours, the only people present were the 
spacecraft controller and an aerospace engineering technologist. After quick consultation 
it was determined that a problem appeared to exist in the power subsystem, so the power 
subsystem engineer was called at home. Although he was very concerned, he decided to 
wait until the next satellite contact to see what additional data he could collect before 
making the drive to the office. Therefore, it was 104 minutes later that it became apparent 
to everyone that this was an emergency that needed to be addressed to try to save the 13-
day-old spacecraft. Unfortunately by the time the engineer arrived at the SOCC and the 
next spacecraft contact was possible, no signal was received. 
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Although the subsequent National Aeronautics and Space Administration (NASA) / 
NOAA review team experts agreed that nothing could have saved NOAA 13, it was 
determined in many cases that quick reaction from the subsystem engineers could extend 
the life of the orbiting NOAA environmental satellites. SRAS development and 
installation led to a significant difference when GOES 12 suffered a propulsion leak in 
early December 2006. The GOES Ground system engineer was on business travel at the 
time he was notified of the leak. He pulled out his laptop and connected to the SRAS 
where he was able to monitor the activities to perform the emergency momentum unloads 
and other associated activities to save the satellite.  
 
The failure of the NOAA 13 led to Mitretek Systems2 developing the Engineering 
Network Prototype (ENP) to show how web access could be used to distribute satellite 
data from the closed SOCC Local Area Network (LAN) to allow engineers to examine 
data from home. The results of this prototype led to the development of requirements and 
potential architectures for the development of the SRAS. The SRAS design and 
development was performed by Pragmatics Inc3. It has been available to NOAA 
engineers since 2003.  
 
With the advent of the USB drive, NOAA engineers wanted to use a USB to extract data 
from the closed satellite ground system network while the NOAA IT Security Officer 
wanted to ban USB usage. NOAA decided to use part of the SRAS technology to develop 
an External Analysis Transfer System (EATS) which would allow an engineer to export 
satellite data without the need to use USB technology. 
 
This paper describes the ENP, the SRAS, the EATS and the lessons learned while 
developing and operating them. 
 

ENGINEERING NETWORK PROTOTYPE 
 
The first step of the process, showing NOAA that such a system was feasible, was 
accomplished during a year-long Engineering Network Prototype (ENP) task jointly 
sponsored with Mitretek Systems Sponsored Research funds and NOAA Office of 
System Development funds. The ENP exported NOAA 14 data and made it available for 
the engineers to view using a simple network browser. The prototype was rapidly 
accepted by the user community and served as the test bed for developing the 
requirements used in the fielding of a formal system to support all of the SOCC 
controlled satellites. 
 
The ENP4 provided a test bed for developing scenarios for extracting data and making it 
available to an engineer at home. Figure 1 illustrates the ENP architecture5. To enable 
quick development, the NOAA 14 segment files were automatically fed into the ENP 
front-end processor that executed the POES Acquisition and Control Sub-system (PACS) 
operational decomutation software. The results were sent to the ENP Server. The data 
was stored using a MYSQL database. The spacecraft engineer retrieved data while using 
a standard web browser. Plotting and analysis was performed using helper applications of 
EXCEL or PV-WAVE. 
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Figure 1.  Engineering Network Overview 

 
Although the ENP was highly praised by the NOAA engineers, several features were 
purposefully overlooked during the rapid development of the prototype. The main goal of 
the prototype was to determine if the users would accept a web interface. This prototype 
led to the development of requirements for both the follow on SRAS system and the 
SOCC workstation replacement contract6.  
 
 

REQUIREMENTS AND ARCHITECTURE DEVELOPMENT 
 
During the development phase, NOAA collected another set of user developed 
requirements. The independent cost estimate showed that users had specified 
requirements that would double the SRAS costs. Many of these new requirements 
resulted from new engineers who had not been part of the prototype. Mitretek Systems 
was tasked to provide an evaluation of possible architectures for the system. These 
architectures showed the impact of some of the more costly new requirements. Presented 
with the various concepts of operations, the costs of the various requests, and the optional 
system architectures, the users chose the architecture shown in Figure 2. This architecture 
provided a system that is external to the SOCC. Its only connection to the SOCC uses 
one-way fiber links where the data is pushed from the existing telemetry and command 
(T&C) systems to the SRAS server. Once received by the SRAS it is stored in a database 
for retrieval by users7.  
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Figure 2. Selected Architecture for Remote User Workstation 

 
 

SECURE REMOTE ACCESS SERVER 
 
Figure 3 shows a data flow through from the POES T&C system through the SRAS to a 
external user. The data is sent from the POES archive storage on the closed LAN to the 
“Blue OWL” where it is forwarded to the “Red OWL” which is located on the SRAS 
network. The OWL8 pairs collect health and safety data from the existing T&C systems. 
Next the data is ingested into the SQL database via the Braxton Technologies9 WebTLM 
ingest scripts. During this process the user is notified of any anomalous conditions 
specifically requested. Once the data is stored in the database, the user can make specific 
requests from the SRAS Web Application which runs the Braxton Technologies 
WebTLM package. For a more complete description of the SRAS with screen shots of 
the data please see one or more of the following references10,11. 
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Figure 3. Major Components of SRAS Application 

 
A separate series of machines is used for each of the four (POES, DMSP, GOES I-M and 
GOES NOP) satellite series that are monitored by NOAA.  
 
The SRAS security suite is designed to protect the SRAS while making it easy for the 
user to access the system. What the user sees is a certificate that is placed on a smart card. 
This certificate not only indentifies the user but protects the data sent to the user. In 
addition to a firewall, an Intrusion Detection System (IDS) monitors all traffic on the 
SRAS network.  
 
The SRAS has been available for use by NOAA engineers since April 2003. During this 
timeframe, some SRAS tuning and sizing has taken place. In 2007 a full refresh was 
made to upgrade to blade technology and latest operating systems. At the present time, an 
engineer can request a plot or chart of data from any of the GOES, POES, and DMSP 
operational satellites. Each of the satellites produces from 50–100 million points of data 
per day. This data is stored in the MS SQL database for retrieval by the engineers and the 
data is deleted after 24 or 48 hours.  
 
 

EXTERNAL ANALYSIS TRANSFER SYSTEM 
 
With the development of a common windows based workstation for use on all of the 
NOAA T&C systems and the spread of the USB disk drives with capacities exceeding 4 
GB, the users started requesting access to the USB ports on the workstations. This 
obviously has security implications. It was determined that a method was needed to allow 
the user to export data from the closed T&C network to the user Administrative network 
used in the offices. The decision was made to use the OWL computers in a fashion 
similar to that used within SRAS.  Users would copy or ftp files to the Blue OWL where 
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they were automatically copied to the Red OWL (and deleted from the Blue OWL). Files 
remain on the Red OWL for a period of time (nominally 10 days) since they are owned 
by the system and not the original user.  
 
The EATS software was an enhancement to the SRAS system. The software did not 
require the special signal files used within SRAS and it had a heart beat to verify that 
everything was working correctly. After writing the telemetry file, SRAS would then 
write a zero length signal file to indicate the first file was ready for transfer. EATS was 
programmed to monitor the increasing file size to determine when it had been fully 
written. This removed the need for signal files. The other problem observed in SRAS was 
the link from Blue to Red would stop operating for various reasons. Thus EATS was 
modified to include sending a temporary file every minute if no normal traffic had been 
sent. On the Red side an email message was sent to the administrator if no file had been 
received (normal or temporary) within a 2 minute period. 
 
During the development of EATS a user came with a request for EATS to have an option 
to not overwrite files with identical names. Thus we allowed special characters to the file 
name which were used by the Red side to change the file name by adding the current date 
or current time to the file name stored on the Red machine. 

 
 

LESSONS LEARNED 
 
The development of the ability to allow engineers to access remote telemetry data to 
monitor the operations of NOAA spacecraft has provided several lessons. Most of these 
lessons are obvious in hindsight but originally were not considered when developing the 
SRAS and the EATS. 
 
Prototyping only answers the questions you ask - The ENP was based upon stovepipe 
architecture. It did not consider Security or COTS products. While it did provide a basis 
for the generation of requirements, it did not provide the architecture alternatives that 
were later considered in the possibility of various COTS products.  
 
Requirements need to be considered within possible architectures - The use of an 
architecture study following the requirements development led to a rational manner to 
modify the costly requirements. The selected architecture led to new requirements based 
upon that architecture. We found when the users understand the architecture and cost 
impacts of specific requirements they are more able to participate in the design of the 
system. 
 
One-way communications needs a back channel - The OWL one-way fiber 
implementation used the Secure Directory File Transfer System (DFTS) COTS product. 
Although this product will guarantee the reliable delivery of the file from the Blue to the 
Red OWL by sending a file twice and then comparing, it has no back channel and hence 
no way to identify that a file did not make it from Blue to Red. We did find that the 
normal reason for a failure was caused by the application software. What the EATS 
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programming accomplished was to add robustness to this transfer. The first improvement 
was to handle exceptions that would cause the original file to fail and the second was to 
provide a heart beat file. A small file was transferred on a regular basis (once a minute), 
if no user data files were available for transfer. Then on the Red OWL side, the receive 
program would issue an email message to the administrator if no file was received within 
the expected period of time.  
 
Monitor operations at the appropriate level - Within the SRAS, the data is stored in the 
MS SQL database for retrieval by the users. If the data flow stops for any reason, the first 
to know were the users that had logged into the system to access data. The second version 
of the SRAS added the capability to page the SRAS administrator if no data was received 
for each specific satellite within the defined period of time. Thus for a GOES satellite, 
which is constantly sending data, it might be set for 30 minutes. On the POES low earth 
orbiting satellite it might be set at a longer period of time to exceed the expected largest 
data gap. This approach allowed the administrator to be the first to know of an outage 
instead of a user. 
 
Long lasting COTS systems need flexible architectures – NOAA had been accustomed to 
building a stovepipe system on a platform and running it for a decade or more. They still 
have 20-year-old VAX computers running portions of the ground system. SRAS on the 
other hand is interfacing to users running Windows and Internet Explorer. Even though 
the requirements specified IE 5.0 and up, the new security requirements within later 
versions of IE resulted in needing to make changes to the SRAS. SRAS was originally 
developed to support users running Windows 98/2000, Internet Explorer 4/5 and dial up 
lines. During the development and refresh cycle all users have upgraded to XP, IE 7 and 
internet connections. The SRAS refresh has improved the ability to handle expected 
future changes. 
 
Recognize and plan for rapidly changing technologies - The smart card technology used 
for maintaining the certificates has changed at such a rapid pace that we have found that 
we need to buy sufficient cards to support needs of all users. The first SRAS was 
developed for a specific smart card. When SRAS was fielded these cards were not 
available and an upgrade was needed to have sufficient cards for the user community. 
SRAS was originally designed to meet the Federal Bridge standard but availability of 
products resulted in changing to certificates on smart cards. When USB smart cards 
replaced smart cards and smart card readers, SRAS was once again changed to meet the 
new standard. The eventual implementation of HSPD12 standards will result in additional 
changes to the system to support this form of authentication.  
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 ABSTRACT 

With increasing competition for communications capability on Department of Defense, DOD, 
test ranges, and mounting associated costs for sequential scheduling of test activities, DOD is 
investing in 21st century digital telemetry for test ranges.  This upgrade, the first major overhaul 
in more than 30 years, promises utilization of common RF spectrum for multiple, simultaneous 
tests on a given test range.  Implementing this capability while 1) assuring program test directors 
of test execution capability and 2) complying with information assurance (IA) requirements for 
all DOD Services is a significant, but not impossible, challenge.  In this paper we present a path 
forward for implementation of Certification and Accreditation (C&A) requirements for multi-
Service implementation of integrated Network Enhanced Telemetry (iNET) Initial Operational 
Capability (IOC). 

 INET BACKGROUND 

iNET is taking a systems approach to reengineer telemetry by creating a telemetry network that 
will enhance the traditional point-to-point telemetry link. Before the formal Central Test and 
Evaluation Investment Program (CTEIP) project was initiated, the iNET effort studied and 
documented the telemetry needs of the Test and Evaluation (T&E) ranges. Completed in 
September of 2004, this study determined that network enhanced telemetry could satisfy those 
needs. Based on the recommendations of the iNET Study, the iNET Development Project was 
launched in October of 2004. 

The key deliverable to the telemetry community is a set of well established and validated 
interoperability standards. The target home for these standards is the Range Commanders 
Council document, IRIG-106, Telemetry Standards. In creating these standards, the iNET project 
office and team function as unit but are geographically distributed: the project director resides in 
the DC area, predominately RF issues are being worked at Edwards AFB, and vehicle network 
and systems issues are being worked at Patuxent River NAS. 
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INET – NEAR-TERM GOALS 

iNET program goals for Initial Operational Capability (IOC) are straightforward: 

1. Provide two-way information flow for transmission of test data, data acquisition system 
configuration commands, and status inquiry between the Mission control room and the 
test article (TA) 

2. Perform item 1 in accordance with information assurance (IA) requirements applicable at 
both Service-level and the local test facility. 

IOC will be fielded at Edwards AFB and Patuxent River Naval Air Station. As a result, item 2 
above must take into account IA requirements for both Air Force and Navy. 

 IDENTIFYING APPLICABLE IA PROCESSES AND REQUIREMENTS 

The iNET program is unique in the test community.  Rather than building a piece of test 
equipment or developing infrastructure for a single test range, iNET is a communications 
capability being developed for implementation at all DOD test ranges.  With this goal in mind, 
technical and IA requirements for all DOD test ranges are being incorporated during 
development whenever and wherever possible.  

As illustrated in Figure 4-1, iNET encompasses the wireless communications infrastructure 
between the asset(s) under test, called a test article (TA) in iNET, and the Ground Station.  iNET 
also includes test instrumentation on-board the TA  and the data processing enclave on the 
ground. 

 

Figure 4-1 
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Focusing on security early in iNET’s lifecycle is helping identify additional requirements and 
build these into program standards and specifications.  This approach should result in fielded 
capability that can be readily incorporated into certification and accreditation (C&A) processes 
across DOD Test Ranges.   

As shown in Figure 4-2, several different accreditation situations apply to the scope of iNET:  

• Platform IT (PIT) 

• Platform IT Interconnect (PITI) 

• “Traditional” C&A 

Within this context a number of other unique challenges face cross-service programs such as 
iNET: 

• Multiple, Service-specific IA requirements apply, e.g., AF IA on AF ranges and AF TAs. 

• Portions of the iNET hardware and software must comply with IA requirements for the 
TA; requirements vary based on Service or organization responsible for the TA 

• Portions of iNET technology and wireless communications must be certified and 
accredited according to the traditional C&A process on each test range (different 
requirements on different ranges) 

 

Figure 4‐2 iNET straddles division of Accreditation Responsibility  
between Test Article Owner and Test Range 
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Each of these accreditation types employs different IA processes.  The challenge, from a 
program perspective, is distilling all of this to a single “to do” list applicable to iNET.  Two 
fundamental aspects of IA impact iNET’s goal of deploying to all DOD Test Ranges: 

1. Process understanding and harmonization across Services: “Who is involved, when?” and 
“Where and how can we leverage any process reciprocity across Services?” 

2. Requirements understanding and harmonization: “acceptable baseline” for all parties 

These two topics are covered in the sections below. 

HARMONIZING PROCESSES ACROSS INDIVIDUAL RANGES 

Within the framework of DOD Information Assurance, specifically DODI 8510.01 DOD 
Information Assurance Certification and Accreditation Process (DIACAP), each Service has 
implemented this instruction with slight differences.  These differences translate to roles and 
responsibilities carried out by individuals or organizations at different levels within each Service.  
These differences also manifest as acceptance of DOD IA requirements as sufficient or whether 
additional IA requirements have been added by a Service.  

Establishing reciprocity – essentially, mutual acceptance of activities carried out by different 
organizations – is often difficult in this situation.  To address this for iNET, we are working to 
involve the appropriate individuals and organizations from the AF and Navy, the two services 
involved in IOC, from the beginning.  With everyone starting from a similar point, we expect 
that common understanding of IA planning, analysis, and results will ease reciprocity concerns, 
even across differing requirements, leading to favorable accreditation.  Figure 5-1 below 
illustrates the high-level common IA approval process within all Services that is being followed 
by iNET. 

 

Figure 5-1  Common, High-level IA Approval Process 
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For convenience of this paper, each step in Table 5-1 has been numbered.  These numbers carry 
forward to Table 5-1 below where we list roles and responsibilities in the IA process and identify 
at which step in the process each is involved.  We are working with the AF and Navy to identify 
specific individuals or organizations within each of these Services for each row in this table so 
that IA efforts will be accomplished with a priori knowledge rather than bringing an unknown 
system to Certifiers or Accreditors and asking them to authorize its operation.  This advance 
coordination should facilitate reciprocity and encourage discussion about differences in 
requirements and evaluation methods between the Services and Test Ranges involved in IOC.  
This reciprocity should permit the use of more common hardware and software, lowering 
implementation costs and streamlining the implementation timetable for the government. 

Table 5-1  Roles and Responsibility Matrix 

Role Activity 1 2a 2b 3 4 

iNET Program  Support development of standards, specifications           

Security 
Engineering  

Ensure iNET std., spec., product dev. In accordance 
with security requirements  

          

CA, ACA  Independent Audit Authority (Certifying Authority,  
Agent of the Certification Authority) 

         

DAA  Designated Accrediting Authority         

IAM  Ensures program mitigates risk acceptably (Information 
Assurance manager; executes  Plan of Action and 
Milestone,  POA&M ) 

      

Vendor  Builds, fields, supports product(s) for iNET          

Test Range  Incorporates iNET equipment, supports C&A         

TAO  Test Article “Owner”         

 

HARMONIZING REQUIREMENTS ACROSS SERVICES 

To address requirements harmonization for iNET, we have assembled a compilation of IA 
requirements from DOD, Air Force, Army, and Navy.  Table 6-1 below identifies the primary IA 
documents used at this point in the program.  Specific requirements have been extracted and 
distilled from each of these to determine a “minimum acceptable baseline” for iNET IOC across 
these Services. 
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It is important to understand that “minimum acceptable baseline” implies the smallest set of 
unique requirements across all requirements documents.  This is not the same as a DIACAP 
minimum baseline as several services add additional IA requirements to the DIACAP baselines. 

Table 6-1 Primary iNET-Applicable IA Requirements Across DOD 

Requirement Owner Primary Requirement Source 

DOD • DODI 8510.01 (DIACAP) 

• DODI 8500.2 

Air Force • AFI 33-210 

Army • AR 25-2 

• Army Best Business Practices (BBPs) 

Navy • (primary requirements guidance is DOD above) 

• DON CIO Memo 01-99 (Information Assurance Policy 
for Platform Information Technology) 

 

Of note in Table 6-1 above, even though iNET IOC is focused on deployment to an Air Force 
and a Navy test range, we are taking into account additional service requirements when building 
the standards and specifications for the program to ensure maximum interoperability and ease of 
C&A across all test ranges as iNET matures.  Failure to do this could result in vendors 
developing two (or more) different hardware platforms for deployment at various ranges, 
something that would likely increase fielding costs for the federal government. 

PATH AHEAD 

iNET is using a spiral development and deployment approach leading to initial deployment of a 
flight test system. iNET will transition to initial (limited) operational capability using  a gradual 
build up from one or more test laboratory instances of iNET to a fully integrated limited 
operational demonstration system which will be flight tested at both PAX River NAS and 
Edwards AFB. Each of the iNET incremental development systems will undergo a rigorous 
C&A process including creation of an appropriate DIACAP package which documents the IA 
posture of the instance of the iNET system in development and test.  The IA goal of the iNET 
program is development of a Type accreditation package that will ease fielding requirements 
across DOD Services. Through the use of spiral development and creation of incremental 
developmental system DIACAP packages, a strong foundation for future full deployments of 
iNET systems will be possible.  Leveraging IA work done during the earlier iNET development 
process, and incorporating IA requirements from all Services during program development, will 
lead to development of system and accompanying accreditation package that is easy to integrate 
into any test range. 
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Acronyms and Definitions 

Acronym Long Form Definition 

ACA  Agent of the CA  Supports CA; responsible for 1 or more accreditation 
packages  

CAR  CA Representative  (Synonymous with ACA)  

C&A Certification and 
Accreditation 

Formal process of applying Information Assurance 
requirements and validating compliance with these 
requirements. 

CA  Certification Authority  Signatory; reviews & approves independent audit of 
compliance and risk against requirements; supports multiple 
(usually many) accreditation pkgs.  

CTEIP Central Test and Evaluation 
Investment Program 

Cross-Service DoD-level organization providing funding for 
iNET 

DAA  Designated Accrediting 
Authority  

Signatory; reviews CA assessment, program risk, POAM 
and grants or denies authorization to operate; supports 
multiple (usually many) accreditation pkgs.  

DIACAP  DOD Information 
Assurance Certification 
and Accreditation Process 

DOD process for Information Assurance control and 
certification.  

IAM  Information Assurance 
Manager  

Works with PM/PD to develop and implement POAM 
actions on schedule  

iNET Integrated Network-
enhanced Telemetry 

DOD-level test range communications upgrade program 

IOC Initial Operating Capability iNET capability milestone 

PD  Program Director  Oversees larger programs, including multiple PMs  

POA&M  
(a.k.a. 
POAM)  

Plan of Actions and 
Milestones  

Documents 1) gaps between C&A requirements and 
audited actuals, 2) risk in each IA control due to gap(s), and 
3) plan to close gap ($, resources, timeline).  DAA can 
accept risk for one or more gaps; documented here.  

PM  Program Manager  Usually reports to PD on larger programs  

TA Test Article Item being tested (e.g., missile, aircraft) or vehicle, person, 
aircraft, etc. hosting item being tested (e.g., vehicle carrying 
sensor). 
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ABSTRACT 

   

This paper will provide recommended channel spacing requirements when the Tactical Targeting 

Network Technology (TTNT) System is utilized in conjunction with airborne telemetry systems at 

airborne test ranges. The recommendation will be in the form of an equation similar in form to the 

adjacent channel interference (ACI) equation currently in the Telemetry Standard IRIG-106.  Test 

results will be presented to support this recommendation.       

 

 

KEY WORDS 
 

Tactical Targeting Network Technology (TTNT), adjacent channel interference (ACI), carrier to 

interferer (C/I), telemetry  

 

 

INTRODUCTION 

 

The Tactical Targeting Network Technology (TTNT) system has been tested using early validation 

units and has matured to the point of Phase 3 hardware. This hardware requires over-the-air range 

testing time at Test Ranges within the Edwards AFB/China Lake/Pt. Mugu test complex.  Because 

of the approved bands of operation and power levels in which the system operates, interference 

with aeronautical mobile telemetry (AMT) serial streaming telemetry signals is a distinct 

possibility. This paper briefly explains the TTNT system and its waveform, then describes the test 

set-up required to perform the ACI testing between TTNT and telemetry signals. The test results 

are presented and a preliminary channel spacing recommendation is made for the co-existence of 

TTNT and telemetry signals in a shared band scenario.  
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TTNT SYSTEM CHARACTERISITCS 

 

TTNT is an Internet Protocol (IP) based dynamic ad hoc network designed to enable the U.S. 

military to quickly move information to/from multiple platforms. TTNT is intended to support 

more than 200 users at any given time for secure, jam-resistant transmissions and to allow 

reception of four or more independent streams simultaneously. Each TTNT node has RF ports for 

upper and lower antenna connections with either port, or both, transmitting/receiving. Each of the 

antenna ports transmits at a peak level of 151W (+51.8dBm). The physical layer consists of a 

single information carrier with Gaussian Minimum Shift Keying (GMSK) modulation while the 

media access is handled through time division methods. The system frequency hops between a 

preconfigured set of 16 center frequencies, set prior to testing. (Note: All 16 frequencies do not 

have to be used.) Figure 1 illustrates the TTNT Phase 3 terminal.  

 

 

Figure 1 - TTNT Phase 3 Terminal 

 

Of the 16 channels available, 7 lie in the 1755MHz to 1850MHz band (Band 1), 6 lie in the 

1435MHz to 1518MHz band (band 2) and 3 lie in the 1350MHz to 1390MHz band (Band 3).  

Channel spacing of the 16 channels is fixed to a center to center spacing of 13 1/3MHz. It should 

be noted that AMT users have primary use of Band 2 and are secondary users in Band 1. In other 

words, AMT and TTNT must co-exist if the TTNT system is flown in aeronautical test ranges.  

 

A spectral plot of two channels of the TTNT system is shown in Figure 2. The spectra presented 

are typical of all 16 channels. 
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TTNT Spectral Occupancy Comparison, Channel 6 & 10
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Figure 2 – TTNT Spectrum Comparison 

 

The Ranges use spectral occupancy for determining the amount of bandwidth to be scheduled for 

flight testing when transmitting telemetry signals. When AMT spectrum availability is low, how 

close channels can be packed becomes very important. To determine the spectral occupancy, the 

occupied bandwidth of the TTNT signal is measured. Several bandwidth criteria are used 

throughout the telemetry community with the most accepted ones being the 99% and 99.9% 

occupied bandwidth criteria used in IRIG-106. Sometimes individual Ranges determine occupied 

bandwidth by other criteria such as the -60dBc width point to determine the amount of required 

“scheduled bandwidth”. See Table 1 for the bandwidth values associated with the TTNT waveform. 

 

Spectral Occupancy Criteria Width (MHz) 

99.0% OBW 14.3 

99.9% OBW 18.5 

-60dBc 23 

Table 1 – TTNT Spectral Occupancy per Channel 

 

ACI TEST SET-UP 

 

The ACI testing results presented here determine acceptable spacing criteria between telemetry 

signals and individual channels of the TTNT system. Since the waveform being interfered with is 

the telemetry signal it will be referred to as the „victim‟ signal. The telemetry signals will either be 

Pulse Code Modulation/Frequency Modulation (PCM/FM) or Shaped Offset Quadrature Phase 

Keying Telemetry Group version (SOQPSK-TG) per IRIG-106.  The interfering signal, (otherwise 

known as the „interferer‟) is the TTNT signal.  An acceptable degradation level was assessed in 

terms of energy per bit to noise power spectral density ratio (Eb/No) for a fixed bit error rate. A 

difference of 1dB of required Eb/No to achieve an error rate of 1x10
-5

 as the victim is moved 

closer to the interferer is the threshold interference criteria. For this testing and to stay consistent 

with prior work, the interfering signal was assumed to be no larger than 20dB greater in amplitude 
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than the victim. Typically this assumption is for equal power transmitters, in the range of 5-10W 

(+37 to +40dBm) operating in a near/far geometry (one test article closer than the other in the 

same ground station antenna beam) . Since the output power of the TTNT terminal is much higher 

than that of traditional telemetry transmitters (+52dBm), this 20dB amplitude difference 

assumption will also be used, though it follows that the TTNT terminal can be at a larger slant 

range (near case) than what was assumed in Law‟s [4, 5] work. See Table 2 for a summary of the 

ACI test conditions. 

 

Victim Bit Rate 
5/10/20Mbps (SOQPSK) 

1/5Mbps (PCM/FM) 

Victim Modulation Mode 1 PCM/FM, peak deviation 0.35(bit rate) 

Victim Modulation Mode 2 SOQPSK-TG 

Interferer Single channel operation 

Interference Criteria 1dB change in Eb/No to achieve BER=1e-5 

C/I -20dB, 

Telemetry Receiver IF Filtering 
SAW filters assumed, no wider than 1.5 

times the data rate 

Table 2 – ACI Test Conditions 

 

 
 

Figure 3 – ACI Testing Block Diagram 

 

The telemetry signal was generated with a pseudo-random bit sequence of length 2
15

-1 (PRBS15) 

in either one of two modulation methods, PCM/FM or SOQPSK-TG. For each modulation method 

tested, utilizing the noise and interference test set (NITS), Eb/No was adjusted to achieve a bit 

error rate (BER) of 1x10
-5

. Starting at a frequency higher than the interferer, the telemetry signal 

was brought closer to the TTNT signal (interferer) until such a time that a 1dB difference in Eb/No 
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is required to achieve a BER of 1x10
-5

. The carrier to carrier spacing was noted and the test 

repeated with the telemetry signal starting lower in frequency, again noting the minimum spacing.  

 

The keys to performing the ACI testing are setting the correct value for Eb/No and maintaining the 

proper C/I ratio. Referring to the block diagram, the purpose of the NITS is to set Eb/No of the 

telemetry signal to a value resulting in a BER of 1x10
-5

 for both modulation schemes and all bit 

rates. For this testing, C/I was set manually due to the burst characteristic of the TTNT waveform. 

In order to keep the terminal transmitting continuous one-way traffic, a program resident in the 

terminal (“red sender” program) was utilized. The interferer level was determined by measuring 

the total power of the TTNT waveform after “Power Divider2” with the telemetry signal off. This 

determination is accomplished through a method in Appendix A in IRIG-106. For the signals in 

question, this method gives a good approximation of the unmodulated carrier level typically within 

1-2dB. Once this level was determined, the TM signal level was adjusted to give C/I=-20dB. 

Figure 4 shows a spectrum display of the total power for both signals for C/I=-20dB.  In addition 

Figure 4 shows a spectral capture of one of the ACI test conditions. In this case, the TTNT 

waveform and the SOQPSK-TG telemetry operating at 5Mbps. The signals are spaced apart by 

25MHz.  

 

 
 

Figure 4 – ACI Total Power Measurement, ACI Spectrum  

 

TESTING RESULTS 

 

ACI testing was done with two telemetry receivers and various TTNT channels, two telemetry 

modulation modes, and several baseband data rates. Two telemetry receivers were used during the 

testing in order to get comparative results. The two receivers were a Microdyne RCB2000 and a 

Semco RC-600A. These are thought to be a representative sampling of receivers used at most of 

the test Ranges. An effort was made to keep front-end filter selection consistent between receivers, 

based on data rate and modulation mode, as this selection greatly affects ACI performance. Both 

receivers implement front-end surface acoustic wave (SAW) filters with similar pass band and roll-

off characteristics.   

 

SOQPSK-TG ACI Results 

SOQPSK-TG was the first telemetry waveform tested at rates of 5/10/20Mbps. Figure 6 shows 

results of the 5Mbps testing. This figure shows the relationship between center frequency 

separation of the TTNT and telemetry signal and the required change in Eb/No to maintain a BER 



6 

 

of 1x10
-5

. To verify that the location of the interferer did not matter,  the interferer was placed both 

higher and lower in frequency than the victim signal and separation numbers were compared.   
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Figure 5 – Separation vs. Delta Eb/No, 5Mbps SOQPSK-TG 

 

Separation data is consistent for each receiver though ACI performance differs slightly. Both high 

side and low side interference tests were run with receiver #1 and the data shows good correlation 

with results being symmetric, i.e. it does not matter which side, higher or lower in frequency, the 

interfering signal is in relation to the victim. The shape of the curves is a characteristic of each 

receiver. Minimum separation value for this case is on the order of 11MHz.   

 

Next, 10Mbps SOQPSK-TG was used as the victim signal. See Figure 6 for these results. Again, 

there is some variation in required separation when comparing the two telemetry receivers, but the 

data for each receiver is well correlated and symmetric (within measurement accuracies) around 

the victim signal. Minimum separation values range between 13-14MHz for this case.  
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Figure 6 – Signal Separation vs. Delta Eb/No, 10Mbps SOQPSK-TG 
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The last data rate tested using SOQPSK-TG modulation was 20Mbps. Figure 7 shows data for one 

telemetry receiver operating at this bit rate. As with the data in Figures 5 & 6, the graph indicates 

consistency between spacing numbers with a typical value of 17MHz of separation required for 

this test case.   
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Figure 7 – Signal Separation vs. Delta Eb/No, 20Mbps SOQPSK-TG 

 

Testing with the SOQPSK-TG waveform showed consistent results between telemetry receivers 

and the results were symmetric around the interfering signal. Refer to Table 3 to see a tabular form 

of the minimum separation required for each data rate, TTNT channel, and location of carrier 

signal.   

 

Data Rate TTNT Channel Low Side Separation High Side Separation 

5Mbps CH 3  11MHz 

5Mbps CH 6 11MHz 11MHz 

5Mbps CH 13 11MHz 11MHz 

10Mbps CH 4 13MHz  

10Mbps CH 7 14MHz  

10Mbps CH 13 13-14MHz 13-14MHz 

20Mbps CH 5 17MHz  

20Mbps CH 7 17MHz  

20Mbps CH 14 17MHz  

Table 3 – SOQPSK-TG Minimum Spacing Variation 

 

As stated above, there is good correlation between high and low side separation values. Given this, 

the data in Table 3 can be condensed into Table 4.  
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SOQPSK-TG Min Freq Separation 

5Mbps 11MHz 

10Mbps 13MHz 

20Mbps 17MHz 

Table 4 – Summary of SOQPSK-TG Results 

 

PCM/FM ACI Results 

PCM/FM waveform was tested with the interfering TTNT signal at baseband rates of 1 and 5Mbps 

which are thought to be typical user data rates for this modulation. Again, to verify that the 

location of the interferer did not matter, the interferer was placed both higher and lower in 

frequency than the victim signal and separation numbers were compared.  The spacing results were 

found to be symmetric so test data presented is valid regardless of the location of the interfering 

signal.  

 

For 1Mbps, Figure 8 shows the minimum spacing requirements are between 9-10MHz. There is 

also good correlation of the data regardless of the TTNT channel selected. Figure 9 shows the 

results of the testing at 5Mbps, this time with two different telemetry receivers. Correlation of this 

test data is also good with the resulting minimum separation being 11-12MHz. Testing with the 

PCM/FM waveform gave consistent spacing results regardless of TTNT channel and location of 

interfering signal. Refer to Table 5 for a summary of the results.  

 

PCM/FM Minimum Frequency Separation 

1Mbps 10MHz 

5Mbps 13MHz 

10Mbps 15MHz 

Table 5 – Summary of PCM/FM Results 
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Figure 8 – Signal Separation vs. Delta Eb/No, 1Mbps PCM/FM 
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Adjacent Channel Spacing
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Figure 9 – Signal Separation vs. Delta Eb/No, 5Mbps PCM/FM 

 

MINIMUM SPACING RECOMMENDATION 

 

The Telemetry Standard IRIG-106, Appendix A has a formula for spacing telemetry signals based 

upon bit rate, modulation mode, and telemetry receiver filter characteristics. This work was 

accomplished in order to give the Frequency Managers an easy tool that allows them to schedule 

spectrum more efficiently by knowing exactly how far to minimally space telemetry signals in the 

AMT bands. Based upon the well correlated data presented for both modulation modes and several 

representative bit rates, a general equation is presented for calculating the required separation 

between telemetry and TTNT signals. In this case, the interfering signal is fixed (one of 16 TTNT 

channels) and the victim signal has two variables, data rate and modulation mode so the minimum 

frequency separation is a function of the victims user data rate and modulation mode. Note the 

form of Equation 1 is similar to that in IRIG-106 Appendix A.  

 

faRF SSS *                                            Equation 1  

 

where:   FS is the minimum frequency separation (MHz) 

  RS is the data rate (Mbps) of the victim signal 

  aS is the spacing factor based upon victim modulation type 

  ∆f is the waveform offset (MHz) based upon modulation type 

 

Modulation Spacing Factor 

(aS) 

Waveform Offset 

(∆f) 

PCM/FM 0.5 10 

SOQPSK-TG 0.4 9 

 

Table 6 – Coefficients for Minimum Separation Calculation 
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It should be noted that this is an initial look at minimum spacing requirements for the coexistence 

of TTNT and telemetry signals in the same frequency band and should not be considered a 

complete ACI assessment. Single channel operation with a resident program on the terminal was 

used to excite the channel in order to ease testing and gathering test results. This condition is 

assumed to be worst case. Further testing may be warranted to assess the impact of the TTNT 

waveform on telemetry signals when using multiple TTNT channels (i.e. the intended mode of 

operation), though quantifying these effects will be difficult due to the burst nature of the network 

traffic and the amount of time the terminals spend on one channel. Also, other telemetry receivers, 

besides the two tested, should be utilized to investigate their performance and compare those 

results to the recommended spacing calculation.   

 

CONCLUSIONS 

 

 This is an initial look at minimum spacing requirements for the coexistence of TTNT and 

telemetry signals in the same AMT band and should not be considered a complete ACI 

assessment.  

 

 Depending upon the method chosen to determine necessary bandwidth, one channel of a 

TTNT system can occupy between 14-23MHz of radio frequency spectrum.  

 

 TTNT and telemetry signals can co-exist in the AMT bands with proper spacing.  

 

 Up-front coordination with Test Range Frequency Management is the key to ensuring 

tolerable interference when TTNT and telemetry signals are to operate in proximity to each 

other.   
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ABSTRACT 
 
The Common Display System (CDS) will provide all NAVAIRWD sites with a flexible Range 
real-time situational awareness and telemetry display/processing capability. CDS will have an 
extensible framework enabling all sites to quickly and conveniently develop Range unique plug-
ins to accommodate new requirements or functionality not presently found in the applications 
common core plug-ins. Range unique plug-ins are separate and distinct from the application’s 
common core engine. 
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PURPOSE 
 
This paper provides an introduction to the NAVAIRWD Common Display System (CDS) 
project. Areas addressed include: project background, objectives, intended users, conceptual 
overview, and the development approach. 
 
 

INTRODUCTION 
 
CDS will provide all NAVAIRWD sites with a flexible Range real-time situational awareness, 
telemetry display and data processing capability. CDS has an extensible framework enabling all 
sites to quickly and conveniently develop site unique plug-ins to accommodate new requirements 
or functionality not found in the applications common core. Range unique plug-ins are separate 
and distinct from the application’s common core engine. The core components are comprised of 
the software required to operate the basic platform (execute the program) and to load non-core 
components. These software routines can be implemented as static or dynamic linked entities. 
Core components can operate by themselves but will not perform any useful data acquisition, 
processing, or display functions. Core components of CDS are:  Data Manager, Display Object 
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Manager, User Interface Manager, Coordinate conversion routines. The system is intended for 
use by: Range personnel (Including Range Safety) to ensure safe execution of real-time test 
events, Sensor operators, Telemetry and, Project Engineers, Test conductors, Data Analysts and 
others requiring such capabilities. CDS will be deployed to Operation Control Rooms (OCRs), 
Test Bays, Data Centers and other real-time operational environments that require a situational 
awareness display system.  
 
 

BACKGROUND 
 
Range Data Systems Division (RDS) of the NAVAIRWD Ranges at China Lake and Point 
Mugu, California have an ongoing project within their organization titled Common Display 
System (CDS). One objective of this project was to form a cross-site team that focused on the 
pursuit of complementary goals in the design, development and implementation of a universal 
range display system utilizing a common core engine combined with application specific plug-
ins tailored for each Range. The entire application suite is compiled from a single set of source 
files under central configuration management (CM) control. End-users can compile and link 
customized plug-ins into the core engine without the need for the original core-engine source 
code. The NAVAIRWD CDS project leverages from the lessons learned and intellectual capital 
derived from an earlier NAVAIRWD project that produced a working prototype system, 
RangeView for the Land Range, China Lake site. RangeView (RangeView version 4.0.1.386) 
not only provides functionality but served as a valuable tool used in the CDS requirements 
elicitation process.  
 
 

APPROACH 
 
The Common Display System (CDS) project follows a spiral development approach. Current 
planning entails eight spirals, each segregated into a series of incremental builds. Requirements 
captured in the Common Display System (CDS) Requirements document were mapped to one of 
the planned development spirals. The CDS project leverages from an earlier software 
development effort that is highlighted in the background section of this document. Each CDS 
spiral provides integrated functionality that represents a functional capability release. When fully 
implemented CDS will enable the replacement of multiple legacy display and processing 
systems (Telemetry - TM & Time, Space, Position Information - TSPI) presently in use at each 
of the three NAVAIRWD Ranges.  
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SYSTEM DESIGN 
 
CDS will support a core functionality that can be extensible at run time via software plug-ins. 
These software plug-ins will allow for the development of new capabilities such as:  display item 
components, map features, control functions, computational schemes, and data sources.  
Providing an extensible framework while standardizing the CDS core software architecture 
enables a wide range of users to be accommodated with a single software solution. Figure 1 is a 
high level conceptual view of the CDS software architecture and Table 1 defines each element. 



 

FIGURE 1 - HIGH LEVEL CONCEPTUAL VIEW 
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TABLE 1 
 

Range Assets  
Logical devices that make up the range. These include various types of 
instrumentation and sensors such as: radars, GPS units, telemetry systems, 
video and audio sources. Devices provide digital data and may or may not 
allow for digital control.  

Acquisition Communicates with range assets to obtain time-tagged binary data. 
Control Communicates information back to range assets. This information may 

include location of targets, switch information, or other data as appropriate. 
History Accepts data from the acquisition system and adds that data to a database of 

time-tagged data for later retrieval. The history system is responsible for 
archiving data for later retrieval. It is also integral to playback of the data. 

Archives  
Evaluation 

Data stored on media such as: CD, DVD, disk or Network Attached Storage 
(NAS). Decodes data provided by the acquisition subsystem into a form 
usable by consumers of data located elsewhere in the software. The general 
model is that a consumer requests a piece of data at a given time and the 
evaluation subsystem works with the history subsystem to retrieve and 
decode and provide that data into the desired form. 

Reports 
The final output of the system. Reports may take the form of printed 
information or report files (binary or text).  

Displays Presents data from the range assets for a given time. Displays may be in the 
form of video-based strip charts, maps, dials, and gauges. Displayed 
screen(s) may be printed at any time. 

User Interface 
(UI) 
Management  
 

Communicates with the user and decodes user inputs into meaningful 
system commands (some of which may be communicated to the range 
assets). This subsystem is also responsible for determining which items are 
available to the user. For example, a user account with limited access 
privileges will not have access to all control features of the system. It also 
allows operators to generate event markers and notes which are placed into 
the data stream for archiving. 

Event Observer 
 

Monitors the incoming data stream and allows for actions to automatically 
be taken on particular combinations of data. For example, a screen print 
may be generated when a signal exceeds a certain level or positions 
communicated to range assets on a regular basis.  
 

 
 
 
 
 
 



 

SOFTWARE 
 
CDS will be designed employing object-oriented methodologies. To simplify maintenance and 
modification, all display, filtering, computational, and communications modules will be 
structured as components that interface to a common core architecture. Components will be 
based upon Dynamically Linked Libraries (DLL) or a similar technology that permits the 
insertion of new objects without recompiling the entire CDS core software application. Program 
modules will be documented and include class diagrams depicting the overall structure of the 
system. Figure 2 is the CDS Meta-Model. 
 

 
FIGURE 2 
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SUMMARY 
 

CDS version 2.1.1 released in April 2009 was the result of development spiral 2. The completion 
of CDS development spiral 2 resulted in approximately fifty-percent of the original defined 
baseline requirements being satisified. Release 2.1.1 provided support for telemetry displays, 
surveillance displays, time, space, position information (TSPI) displays, Range map displays, 
digital strip charts, data archiving and customer replay capability, all in a 2D environment with 
some 3D capability. CDS development spiral 3 is underway and will incorporate multi-window 
functionality, enhanced track management, an Instantaneous Impact Predication (IIP) algorithm, 
and expanded 3D functionality. The release resulting from CDS development spiral 3 is planned 
for  the fall of 2009. 
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ABSTRACT 

With  the  emergence  of  higher  bandwidth  Ethernet  networks  on  ranges,  many  ranges  are 
converting their data transport from ATM(Asynchronous Transfer Mode) networks to Ethernet 
networks.   Both  networks  have  their  respective  advantages  and disadvantages,  however  one 
reoccurring issue  is  product  interoperability.   The  RCC (Range  Commanders  Council)  TTG 
(Telecommunications and Timing Group) created the Telemetry over IP (TMoIP 218-07) solution 
with input from various ranges and vendors to solve this issue.  This specification allows ranges 
to use different vendors together for Telemetry over Ethernet, based on specific needs at each 
site. This paper targets those who are thinking about converting from ATM to Ethernet networks. 

KEY WORDS

Networks, Ethernet, TMoIP, ATM, TCP/IP, UDP, OSI, Pseudo Wire

INTRODUCTION

Ethernet technology is becoming faster and more cost effective, graduating students have more 
knowledge in Ethernet than Asynchronous Transfer Mode(ATM), but what is the most efficient 
way to transform or convert the current ATM network backbone to support Ethernet for testing? 
When testing the Ethernet Telemetry equipment, to resolve future issues, such as lack of support 
for products, failed businesses, faulty equipment, or the time to learn and support new products, 
the setup and protocols used by the Ethernet Telemetry equipment should be studied before being 
used. 

PERCEIVED DISADVANTAGES OF ETHERNET

Ethernet was originally designed for transferring information between computers.  This 
information was in the form of files, interpersonal communications, etc. which were not by any 
means real-time transfers.  Unlike ATM, the packets sent were not guaranteed for bandwidth or 
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lossless data transfers.  However, over time there have been advances in protocols, switches and 
routers which allow for the transfer of real-time data such as voice, video and telemetry. 
Protocols allow for quality and class of service via Virtual Local Area Network(VLAN)'s User 
Priority, IP's Differentiated Services Code Point(DSCP) and Real-Time Protocol(RTP), to name a 
few.  Switches and routers must support these protocols in order to be used.  Such switches are 
generally termed smart or managed switches.  Most ranges have managed switches such as 
Cisco, HP, Netgear, or Linksys to name a few.

Major contributors of packet losses occur due to signal degradation and over saturated networks. 
Since the majority of TMoIP streams will be transmitted over a LAN or managed Wide Area 
Network(WAN), both of these issues can be relatively contained.  For example, the signal 
degradation can be handled by using Category 6(CAT 6) cabling for local networking and optical 
fiber for longer distances.  Over saturated networks can account for both packet loss and delay. 
Using the above stated protocols and features in smart and managed switches can remove the 
issue for TMoIP streams.  In Figure 1, TMoIP A and B are both transmitting 30 Mbps streams to 
TMoIP C and D respectively.  

This takes approximately 60% of the 10/100 backbone for the entire network.  Each of the 
computers may be transmitting bursts of emails and file transfers of 5+ mbps.  At this rate, the 
backbone may be saturated a certain times.  If the network administrator knows that 60% of the 
backbone is required for a real time data stream, switches C through E can be configured so that 
the port connected to the backbone can only transfer 5 mbps or less.  Then on switch B, the port 
connected to the computer can be configured to limit the computer to 5 mbps as well.  In this 
case, the total aggregate of the computer traffic can only reach 20 Mbps, leaving 80 Mbps for the 
two TMoIP streams.

If packets from the computers reach the backbone or a switch at the same moment as the TMoIP 
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data the computer traffic may be handled first, which will have a major effect the delay of the 
TMoIP system.  In order to negate this, the switches would use the priority levels of the packets 
to determine which packet is handled first.  This can be determined by either the TMoIP priority 
levels or the levels set by the switches, which is explained further in this paper.

ETHERNET ADVANTAGES

The advantages for Ethernet include low cost (COTS components, as well as leveraging the 
commercial R&D efforts), low maintenance, high rates (gigabit and 10 gigabit) and ease of 
upgrading to the higher rates.  For example, if a stream of TMoIP traffic was to be multicast to 
multiple computers with a software decom, the switches and network interface cards would be a 
fraction of the cost of similar ATM equipment.  As most offices already have Ethernet 
equipment, transporting the telemetry data to the computers in this fashion will only incur the 
cost of upgrades to a few Ethernet switches to smart switches.  Since computers are increasing to 
speeds where decomming telemetry streams may only take a few percent of the overall computer 
CPU power, this will become a price-savvy solution to hardware decoms.  

ATM AND ETHERNET

When migrating from ATM networking to Ethernet networking, there are many options available 
to use the existing ATM network to transport Ethernet data.  A common protocol to use is the 
AAL (ATM Adaption Layer) Type 5 in order to transport Ethernet over ATM.  This allows testing 
Ethernet products without the cost of an entire Ethernet backbone.  Major Ethernet switch 
companies and many telemetry transportation companies offer such solutions.  Figure 2 displays 
running a parallel test using existing ATM equipment and Ethernet over ATM transport.
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As mentioned earlier, two of Ethernet's disadvantages are over saturation of the network and 
signal degradation.  If the existing ATM network is used for the WAN between the TM Source 
and the TM Decom, this would reduce the chances of these two occurring over the longer links.

ETHERNET CONSIDERATIONS

When initially constructing an Ethernet backbone and/or corresponding network, select one 
which is faster than what is currently needed.  While the current bandwidth usage between point 
A and point B may currently be 70 Mbps, select Gigabit switches and routers in order to remove 
the cost of upgrading later.  Fast Ethernet(100 Mbps) and Gigabit Ethernet(1000 Mbps) are 
rather comparable in price and Gigabit Ethernet is faster than OC-12(622.08 Mbps).  The price 
difference between Gigabit and 10 Gigabit Ethernet is still quite substantial, so this would not be 
an ideal choice unless used as a backbone which will carry multiple streams from multiple 
sources.

When selecting between fiber optics and copper, i.e. CAT 5e and 6, use the fiber to go between 
buildings and to cover large areas, and copper inside buildings.  The reason for this is that copper 
cables tend to reach a maximum of 100 meters before requiring a repeater.  When using copper, 
use CAT-6, as it will support up to 10 Gigabit Ethernet for future upgrades.

Once the network topology and hardware is configured, the Ethernet packet structure must be 
specified.  Ethernet protocols such as UDP (User Datagram Protocol) and RTP (Real Time 
Protocol) lend themselves to vendors specifying proprietary formats and protocols.  By selecting 
a proprietary protocol, the user becomes “spec'd” in to that vendors products.  If the vendor no 
longer produces the product, all setup for the product will be lost and a new product must be 
spec'd in and learned.  If an open protocol is used, the learning curve of the new product will be 
diminished exponentially.  The RCC TTG has created an open standard for creating a common 
set of settings and protocols with TMoIP.

TMoIP

Telemetry over IP (TMoIP) was created with the intent of a non-proprietary Ethernet packet 
format for telemetry data.  This standard allows for vendors to adhere to a set of minimal 
specifications in order to inter operate, but leaves room for adding in vendor specific features. 
The packet format, such as headers, is called out, so the Ethernet traffic will be in the same 
format, regardless of the vendor.  However there are certain portions of each OSI(Open Systems 
Interconnection) layer which are optional, giving the vendors some flexibility in creating the 
packets, which will be discussed in the following sections.  The TMoIP specification also 
includes defining the physical connections, signal encoding, and timing.  TMoIP also specifies 
the use of out of band network management such as Simple Network Management 
Protocol(SNMP).
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The physical connections include using BNCs (Bayonet Neill-Concelman) for the telemetry 
stream and 100Base-T for the Ethernet stream, with options for 10 and 1000 Mbps interfaces 
over copper or fiber.  The telemetry encoding should be NRZ-L (Nonreturn to Zero-Level), with 
options for Viterbi, other NRZ formats, randomized or BiPhase data.  The system delay from 
telemetry input to telemetry output should be less than 100 milliseconds for bit rates of 100 Kbps 
to 35 Mbps.

TMoIP specifies required and optional values for OSI(Open Systems Interconnection) Reference 
Model layers 2 through 4 and the header format for layer 6.  

Table 1. TMoIP OSI Relationship

Header Size(in bytes) OSI Layer

Ethernet Frame 16 Layer 2

IP Header 20 Layer 3

UDP Header 8 Layer 4

TMoIP Payload 4 + payload size Layer 6

Ethernet Check Sum 4 Layer 2

The following sections will explain the OSI layers of the TMoIP specification.

OSI LAYER TWO

Layer 2, or the network layer, contains the Ethernet header.  In the Ethernet header, the Ethernet 
destination MAC (Media Access Control) address is settable, by the user, but is usually set by an 
ARP(Address Resolution Protocol) to the recipient unit.  VLAN tagging is also available, but not 
required in every stream.  Within the VLAN packet, the VLAN ID and User Priority Field are 
required to be modified by the user.

VLAN is a virtual LAN, which can be created either statically or dynamically.  Static VLANs are 
also called port-based VLANs.  In this setup, a device is connected to a network without any 
knowledge of the VLAN, just it's network that it is connected to.  When the device sends packets 
to the network, the switch will only route the packets to other devices on the same VLAN.  This 
allows multiple virtual networks on the same physical network.  

Within the switch, the VLAN User Priority Field can be set, giving a stream from a port higher 
priority than another port.  This would be advantageous when streaming telemetry on the same 
network as users checking email, surfing the Internet, or transferring files.  The setup for this 
must be done by the IT department, as they usually have control of the switches.  Since telemetry 
equipment is hardly moved once in place, this would be rarely done.  
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OSI LAYER THREE

Layer 3, or the Network layer contains the IP header.  Within the IP header, the TOS (type of 
service)/DS (Differentiated Services), TTL (Time To Live), source and destination IP addresses 
are settable by the user.  The Differentiated Services Code Point (DSCP) should be set to 0x2E, 
or Expedited Forwarding, which is dedicated to low-loss, low-latency traffic.  Packet loss may 
occur when there may be multiple TMoIP streams on the network and the network becomes 
saturated with other traffic with the DSCP set to Expedited Forwarding.  If the network is 
configured properly, this situation should never occur.  The TTL specifies how many network 
hops the packet may transport through before being discarded.  For example, a network 
configuration may have two routers between each TMoIP terminal.  In this case the TTL must be 
set to a minimum of three as each router will reduce this number by one.  The common default of 
the TTL is 64, which should be sufficient for many networks.  If you are uncertain about your 
network topology, verify this number is correct with the IT department before attempting to 
modify.

OSI LAYER FOUR

Layer four in the OSI model is the transport layer, which includes protocols such as TCP, UDP, 
SCTP (Stream Control Transmission Protocol) and more.  The TMoIP specifies using UDP, as it 
supports both unicast and multicast traffic and does not incur the possible retransmission delays 
of TCP.  Within UDP, the source and destination ports are available for the user to modify.  UDP 
ports specify which program within the TMoIP terminal receives the data in the packet.  This 
allows for multiple TMoIP streams to be ingested by one terminal and output as different TM 
streams.

Using UDP does allow for packet loss, but this can be handled by creating a guaranteed 
bandwidth network.  However, if there is packet loss, TMoIP specifies that a user defined byte-
pattern may be output in place of the dropped packet.  When the data is being decommutated, 
this pattern will show where in the stream the error had occurred and it will be able to be 
debugged post-mission.

OSI LAYER SIX

The TMoIP header resides on OSI Layer Six, above UDP, IP and the Ethernet frame.  The TMoIP 
header, otherwise known as the TMoIP Control Word, resembles that of Pseudo Wire.  Pseudo 
Wire is used to emulate serial services over packet switching networks, such as Ethernet.  The 
TMoIP control word allows for the detection of packet loss, detection of out of order packets and 
the ability to identify failures in the TM interface.  Table 2 shows the TMoIP Control Word from 
MSB to LSB and Table 3 describes the fields in the TMoIP Control Word.
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Table 2.  TMoIP Control Word
31 30 29 28 27 26 25 24 23 22 21 20 19 18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0

RES L R M RES LEN Seq Number

Table 3. TMoIP Control Word Description

Field Bits Description

RES 4 Reserved, Code to “0000”

L 1 Local Defect Alarm

R 1 Remote Defect Alarm

M 2 Local Defect Alarm Modifier

RES 2 Reserved, Code to “00”

LEN 6 Length of TMoIP Payload Length, defined
as TMoIP Control Word + Raw Packet
Payload.  If TMoIP Payload Length is
greater than 63 bytes, this is set to zero.

Seq Number 16 Sequence Number

The Local Defect Alarm, Remote Defect Alarm and Local Defect Alarm Modifier are used to 
detect faults of the TM interface at the ingress and network faults between the ingress and egress 
units.  The Length field is used if the TMoIP Payload length is less than 63 bytes.  As the 
minimum TMoIP Raw Packet Payload is 1 byte, padding may be required to create the minimum 
Ethernet Frame size.  The sequence number is then used to detect dropped packets and out of 
order packets.  If the packets arrive out of order, but arrive before they should be output to the 
TM stream, they should be re-ordered and sent.  If a packet is dropped, or arrives later than it 
should be output, a user settable fixed 8-bit word should be output as an indicator to the TM 
equipment that data is lost.

CONCLUSION

Ethernet support of real-time data transport has come a long way since it's inception.  When 
using smart or managed switches with the proper settings in the Ethernet packets, issues such as 
over saturation and link delay are almost eliminated when used on a managed network.  These 
are further reduced when using existing ATM WANs to transport the data over longer distances. 
By using both technologies on the same network, the best features of both can be used to create a 
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fast, low delay, but easily modular network.  Once the decision is made to use Ethernet as a 
telemetry transport, it is in the best interest to use a TMoIP-capable product for interconnectivity 
with other Telemetry over IP products and even other sites.
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Abstract 

Google Soft Decom and the number of hits will be tenfold over the same search last year.  The 
migration of hardware functionality toward software is relentless.  On the telemetry front, Data 
Bridges that take Pulse Code Modulated (PCM) signals and transform them to ubiquitous 
network packets make it all too easy.  The need for expensive hardware such as the 
Decommutator (Decom), Frame Synchronizer, Digital Recorder, and Oscillograph Recorder 
(StripChart) will diminish sharply.  Software Decom packages will feel the squeeze too, from 
homegrown Soft Decom software that is easier to maintain and has no licensing issues. 

This paper airs the dirty laundry associated with this hardware and software.  Latencies and 
ugly temporal aberration that really plague an analyst.  Also discussed is how a few packet/file 
formats eliminate the need for most of the hardware in a traditional telemetry data processing 
facility.  

Key Words 

Data Bridge, Integrated Decom Display, Soft Decom, Virtual Display 

Introduction 

There is little doubt, about the coming demise of the hardware decom.  Digital (Chapter 10) 
Recorders, although recent, are next and the StripChart is not far behind.  Functionality that can 
be achieved with the Data Bridge and modern computers offer compelling cost and 
performance advantages over existing hardware.  What is a Data Bridge?  A Data Bridge 
acquires the serial PCM and transforms it into network packets, a computer friendly form.  The 
packet navigates the network to the destination and is converted back to PCM by another Data 
Bridge.  You could also call this a multiplexer‐demultiplexer.  Writing this packet to the disk 
drive of a quick computer accomplishes minimally what a Chapter 10 recorder does.  The 
packet is the key to streamlining the architecture. 

It was serendipity that all of the pieces were in place at the integrated Telemetry Data System 
(iTDS), White Sands Missile Range.  Data Bridge functionality already existed in the Correlating 
Source Selectors (CSS), the hardware front end of the iTDS.  Desktop computers with vector 
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processing technology easily handled the high speed data in “real time”.  The computer’s 
capacity was so robust that the computer was pressed into service as the Integrated Decom 
Display (iDD).  As the name implies, the iDD decoms the data while rendering the desired 
display (embedded uncompressed video, in this case) in “Real Time”.  This development led to 
unexpected results and what began as a temporary solution, became the architecture and heart 
of the iTDS.  Related Technical papers are later containing greater detail. 

Mo' pain, no gain! 

Let us take a look at what was happening.  Data normally acquired at several field sites is 
relayed to a Data Center.  Transformed into packets (DS3 normally) for efficient relay to their 
destination, where packets are applied to a demultiplexer to regenerate the PCM.  The PCM is 
then applied to traditional hardware, like decoms, recorder, Matrix Switch, TTL driver and many 
coaxial cables.   

PCM must be recorded at the acquisition site or after the demultiplexer.  Digital recorders 
convert PCM to Chapter 10 packets, and write them to the recorder’s disk drive.  If your 
software will not read these packets, you must reproduce and decom the PCM.  Finally, Chapter 
10 files are written to DVD for customers, if the DVD can hold the file.  Otherwise, the customer 
gets the recorder's drive.  That often does not work because the drives usually are RAID drives 
and exchanging RAID drives is a compatibility nightmare.  It is better to copy the file over to an 
external non‐raid disk.  The problems may be insurmountable if your customer does not use the 
same recorder manufacturer.  Even when same manufacturer’s recorder is used, firmware 
versions may differ and you just can’t get there.  What is wrong with this picture? 

Stop the Insanity! 

Why regenerate PCM?  This  is tragic, because the customer never wanted the Chapter 10 files 
to begin with!  The customer really wants a raw binary file.  The file that contains each minor 
frame received with a time tag appended.  The file was considered a "Post Test" data product 
only, and at one time it was, provided days or weeks later.  This file, intended for the 
customer’s data reduction program uses the customer supplied record format.  Woah!  Doesn’t 
this record look like the Data Bridge packet?  Yes it does. 

Again, the packet is read from the Data Bridge, a record is generated with the packet contents 
and the record is written to the drive.  Not constrained to use those nasty Chapter 10 packets, 
the same data format may be used that your customer requested to begin with.  Binary files in 
realtime, Wow!  This must be too good to be true, let's go over this once more. Normally the 
PCM is recorded on a Chapter 10 recorder.  Then reproduce the Chapter 10 signal into a decom 
or Chapter 10 savvy software that converts the packets to the data format you wanted to begin 
with.  Why not use the customer's record definition to begin with, bypass the Chapter 10 
recorder, and lose nothing. 
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Best Intentions 

Chapter 10's promise is that the data from these recorders would be interoperable.  This has 
not been the case, but binary files are indeed interoperable.  Range users customarily take 
binary files, as part of their post test data reduction process.  These files are processed by 
almost every computer known to man, and deliver better effective interoperability.  With a few 
file standards, the process becomes transparent.  Good bye, Chapter 10. 

Not so fast, you say?  Chapter 10 does reference the bit stream to time very well when either 
recording or reproducing.  This would really matter if the vehicle’s telemeter was synchronized 
to an onboard GPS frequency reference.  The telemetry stream becomes a time code stream as 
well.  If the telemeter did that, there would not be need for any ground station time tag.  It 
turns out this does not matter at the data center.  PCM is subject to digital relay effects, the 
multiplex delays are orders of magnitude greater than the time accuracy Chapter 10 recorders 
can deliver.  Chapter 10 recorders have the most utility at acquisition sites, but the lack of 
interoperability will give even that application the kiss of death.  This may sound blasphemous, 
but the Chapter 10 window is closing. 

Back to the Future 

Demultiplexer latencies or temporal characteristics were briefly mentioned.  Adverse temporal 
effects are inherent any time buffers are used in any "real time" implementation.  Temporal 
degradations are the "Dark Side" of a digital architecture.  At White Sands, field sites were first 
to implement digital technology, replacing analog frequency domain Microwave and Fiber 
multiplexes with the nifty new DS3 technology.  This provided a big boost to reliability and 
bandwidth.  The Data Center, however, was not able to make this "jump" to Hyperspace.  
Collaborations with Tam Tram (PMRF), Gene Law (PMR), industry partners NetAcquire, Apogee 
Labs, and others helped the iTDS make the jump to a digital architecture.  Temporal 
characteristics of digital signaling forced bit synchronizers and most digital recorders to be 
removed from the "Real Time" environment.  Indeed, Chapter 10 did provide "breathing room" 
here. 

Conservation of Bits 

The following figures depict what happens temporally, when using a buffer such as is used in a 
demultiplexer.  Bit rate must be "dithered" to prevent a buffer from over or underflow.  This 
"dithering" causes the latency to take on the Ramp characteristic shown in Figure 1.  The data 
processed is actually moving back and forth in relative time, in response to the changing bit 
rate.  All buffers are subject to this “Conservation of Bits” law, otherwise the buffer will over or 
under flow, and the bits end up all over the floor.  There is no way around this, but there are 
ways to ease the pain.  The Correlating Source Selector’s buffers provide rate adaptation very 
adeptly.  Latency is minimized, but at the cost of bit rate stability.  There is no free lunch, most 
PCM equipment is designed to be very stable, clock rate wise, suitable for use with bit 
synchronizers, transmitters etc.  Subjected to excessive temporal variations, these units lose 
data.  Buffers may be made larger, but that increases latencies.  Fortunately, when these 
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devices underflow, the clock signal stops and data is not lost.  By setting the buffer’s bit rate 
above the highest anticipated data rate, the device function is improves.  In this "Starved" 
mode buffers underflow periodically but never (in theory) overflow.   

 

Figure 1 Typical Buffer Characteristics 

This problem manifests anytime bit rates are constrained.  For example, the bit rate clamps 
were set to +/‐ 1% on the CSS equipment to keep the data rate from varying outside the digital 
recorder bit rate tolerances.  Variances during the testing should have been small and were.  
This was not the case with latencies.  In this case, the actual bit  

 

Figure 2 Starving the Buffer 

rate was a modest 1% above its assigned rate.  Pre‐mission checks were over 10minutes in 
duration and the buffer (First in/First out) accumulated over three seconds worth of data, 
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causing telemetry displays to run over three seconds late.  The Safety Officer (SO) in charge of 
the mission had been allocated a 5 second budget to make flight termination decisions.  With 
only a two second effective budget, the mission fell into jeopardy and would have ended in a 
missile termination but other data sources (Radar and Optics) had solid acquisition allowing the 
mission to continue.  If data enters a buffer at a rate faster than it leaves, the buffer will fill 
(latency increases) until the buffer overflows.  The “Starved” buffer trick will help rate 
constrained devices such as the Metrum VHS digital recorder, MARS and other like equipment. 

Paradigms 

Programmers too, suffer paradigm paralyses.  The biggest sin a programmer can commit is to 
hard code.  Many “short cuts” were taken when writing the first mini Soft Decom.  Hardcoded 
for the application it was designed for, it took no longer to write the code (from scratch) for this 
Decom, than it did to write the database flat file for an existing hardware Decom that drove the 
Stripcharts.  You always learn more when doing something you are not supposed to do.  It took 
a while to climb out of the paradigm, the code for the Decom itself was but a few lines, that 
takes frame aligned data, defruits, scales, and realigns it for its destination.  A program that is 
only a page or two in length is going to be easy to maintain.  

Consider this; Professional Software Decom packages are large.  1), the nature of a generic 
decom, is that it must contain many methods to handle most permutations of the data stream.  
2), the Decom is tasked to process every parameter (hundreds or thousands of parameters) in 
that stream and, at times, several streams.  This makes for very large complicated software 
packages.  What if, Soft Decoms need not do everything?  Suppose each display were to employ 
its own Decom?  The Decom need only handle as few parameters as are needed on that display, 
only the methods that apply.  Any time a display is added, a Decom is added.  Truly self‐scaling, 
distributed processing with no single point failure mode, this is the iDD.  A massive task is 
divided up into smaller much simpler tasks.  Remember top down design and stepwise 
refinement?  That paradigm is not going away. 

Reusable Code, Really  

Writing generic, one size fits all software decom packages are large tasks and expensive.  They 
do bring a lot to the table, data mining for example, yet often most of the package is not well 
utilized.  The code must contain rarely used methods or techniques that normally lay dormant.  
Though dormant, they do add to the bulk and complexity.  Maintaining this type of software is 
no small feat and is costly.  Why not strip away all of that unused code?  Auto code generating 
applications have been written that build a small software Decom tailored to the application.  
The itty bitty Soft Decom is easy to maintain, but auto code writing applications themselves are 
not.  So, write your own itty‐bitty Soft Decom from scratch and do not add any code or any 
hooks you will not be using immediately. 

Now, let’s violate this new paradigm and generalize parts of the small decom where it makes 
sense.  Generalized parts enable a plug in functionality, so you add only what is needed.  A 
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community source code library of plug‐ins could be maintained by a Range Commander Council 
subcommittee.  

Binary File/Packet Standards 

Range customers have used binary files as their post test data product for quite some time.  
These formats can be all but identical to network packet formats.  Shown in Figure 3, the first 
format defines records as minor frames with an appended time tag.  Most telemeters use a 
constant word length but are not required to.  The first format example does not.  The second 
format is slightly different in that atypical length minor frame words (i.e. 7, 9, 10, 12 bit) are 
placed in words of normal length (i.e. 8, 16, 32 or 64 bit).  The third file format contains a 
header for each record and a fixed length Documentary block. The Documentary block may 
carry Display Definition Tables, other documentary data or an application as well.  Segmented 
variants handle lengthy frames, while maintaining reasonable packet lengths. 

Figure 3. Proposed File/Packet Models 

Packetizing need occur only once, right at the acquisition site.  Data may or may not be frame 
aligned but time is embedded.  If time is not embedded in the data stream, how is it used?  For 
example, a mission requires five acquisition sites, results in five data and five IRIG B time code 
streams.  Chapter 10 recorders are not going to process five time code streams.  After best 
source processing, one composite stream remains, but that stream’s temporal history is not 
consistent with any of the IRIG B time code streams.  Time must be embedded in the packets at 
the source. 
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The last format proposed enables the minimal architecture migration at White Sands.  The 
integrated Decom/Displays (iDD) are diskless, booting from servers in the control room.  The 
iDD application reads the Documentary Block from the data stream then configures the iDD 
automatically to render the display.  Overall security is improved, only the server's disk drives 
require protection as the iDD is unclassified once turned off.  

TIME OUT! 

As DS3 networks are replaced by IP networks the temporal degradations will really be 
aggravated.  The temporal characteristics of IP Networks will make you yearn for DS 3.  Packets 
will arrive in a nondeterministic manner, potentially out of order.  Larger buffers will be 
needed, and the "Conservation of Bits” buffer law will strike again, exacting larger latencies.  
Source Selectors and decoms will struggle with out of order packets, acquisition site time tags 
will greatly simply the problem.  Acquisition site recordings are preferred today because they 
generally offer the best time tags.  By tagging at the source, the time tags at the Data Center 
are every bit as good, because they are in fact the acquisition site time tag.  Correlating the 
time tags from multiple streams, should yield better composite time tag.  Acquisition site 
recording, now becomes a nice to have, redundant recordings needed only when the Data 
Center recordings or networks fail.   

Once packet/file standards are used, the need for Chapter 10 evaporates.  Range customers can 
immediately use their data.  No waiting in line at the TM facility to get Chapter 10 files 
converted to a useful format.  Chapter 10 hardware is expensive hardware and expensive to 
maintain.  Packetizing and time tagging at the source just keeps paying off.  Just like the Ground 
Hog Day movie, but at the Lotto. 

End of End of Paper 

The warning stripe at the end of a roll of chart paper has become prophetic.  Sadly, the end is 
near for the Stripchart.  Safety Officer’s are the most demanding of all StripChart users.  During 
missions, their focus on the real time display part of the StripChart .  As events disappear from 
the real time display, they would review the paper recordings, during and after the mission.  
The thermal paper recording is not real time.  Despite this, and other drawbacks of the velocity 
driven thermal recorder, the real time virtual display has not quite replaced this technology.  
Safety Officer's were invited observe at an iDD prototype at the iTDS.  The chart ran left to right 
(not vertically) and the entire flight test could be displayed on the 30‐inch high resolution 
monitor a long with an attitude model.  There was no need to look anywhere else.  As in every 
iDD morphism, decommutation is performed onboard the same computer rendering the 
display. 

Conclusion 

The writing is certainly on the wall for some magnificently designed hardware and software 
that has served everyone well.  The ink is not dry yet, users will hang on to what they have 
become accustomed to, so long as they can.  There is a new opportunity to ignite everyone’s 
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creativity again, and the intellectual property is yours!  For any questions or additional 
information, please feel free to contact me anytime at Juan.M.Guadiana@US.Army.MIL. 
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ABSTRACT 
 

The US Army Research Laboratory currently uses a variety of ballistic diagnostic systems for 
gathering aerodynamic information pertaining to gun launched munitions.  Sensors are a vital 
component of each of these diagnostic systems.  Since multiple sensors are commonly used, they 
are often configured into a sensor suite or inertial measurement unit (IMU).  In order to gather 
information on smaller diameter projectiles, a small diameter IMU was designed using 
commercial-off-the-shelf (COTS) sensors and components.  This IMU was first designed with a 
21.6mm diameter and then later reintegrated into a 17.5mm diameter unit.  The IMU provides up 
to ten sensor data channels which can be used to make in-flight projectile motion measurements.  
These measurements are then used in the determination of the projectile’s aerodynamics.  It has 
been successfully flight tested on a variety of projectiles.  It has been used in conjunction with an 
on-board recorder (OBR) to take measurements on 40mm and 25mm projectiles.  It has also been 
used in a telemetry based system on-board a flare stabilized 25mm projectile.  This paper covers 
the design of the IMU and gives examples of various sensor data. 
 
 
  

KEYWORDS 
 

Inertial Measurement Unit, Sensors, High-G, Gun Launched Munitions 
 



 2

INTRODUCTION 
 
The design and implementation of the Inertial Measurement Unit (IMU) discussed in this paper 
was completed by members of the Advanced Munitions Concepts Branch (AMCB), Weapons 
Materials Research Directorate (WMRD) of the U.S. Army Research Laboratory (ARL) at 
Aberdeen Proving Ground, Maryland.  The preliminary concept for the IMU was leveraged from 
previous work done within AMCB using an Inertial Sensor Suite (ISS).(1)  The ISS implemented 
a variety of commercial sensors and has been integrated into multiple specialized telemetry 
systems.  These systems have been used on various types of projectiles to make motion 
measurements which are then combined with ground based measurements and processed to 
determine aerodynamics.(2)  It is also the core measurement system used on board the AMCB 
diagnostic fuze, or DFuze.  The DFuze is a patented high-g projectile-borne measurement system 
developed to complement ground based instrumentation.(3)  It is used for obtaining in-bore and 
in-flight ballistic data that significantly contributes toward the design, development, failure 
diagnostics and aerodynamics determination of artillery or other projectiles.(4)(5)  The DFuze 
system has been high-g qualified, successfully used on numerous flight tests and has proven to 
be a robust and reliable system.  In addition to the selection and qualification of the sensors used, 
AMCB has also been responsible for the development of multiple techniques and formulas for 
performing data reduction in order to determine various aerodynamic variables.(6)(7) 

 
Even though the ISS itself has gone through multiple iterations and is still presently used on a 
variety of systems, its size has limited its use to larger diameter projectiles.  The ISS currently 
consists of an array of commercial sensors and supporting electronics laid out on a single printed 
circuit board with a diameter of either 1.4”(36mm) or 1.125”(29mm).  Once programs requiring 
the instrumentation of projectiles ranging in the 25mm to 40mm range were initiated, there was a 
necessity to develop a smaller diameter measurement system.   
 
 

IMU DESIGN 
 
The small diameter IMU incorporates many of the same sensors and techniques used on the ISS.  
Sensors on the IMU include commercially available accelerometers and magnetometers which 
had already been high-g qualified and used on numerous flight tests.  Commercial angular rate 
sensors had previously been used on a separate board in conjunction with the ISS, but were  
incorporated into the IMU.  The combination of these sensors allowed for the design of an IMU 
which could take multiple measurements and provide valuable in-bore and in-flight ballistic data.  
The angular rate sensors were used to measure yaw, pitch and body-fixed angular rates.  Single 
and dual axis accelerometers were used to take measurements of body-fixed axial and radial 
accelerations and used to indicate first movement and muzzle exit.  Magnetometers take 
measurements with respect to the Earth’s magnetic field and can provide data on muzzle 
velocity, muzzle exit, roll rate and magnetic pitch, yaw and roll angles.  Magnetometer data is 
also important because it can be used to effectively measure roll orientation of a spinning 
projectile (figure 1).  Roll orientation measurements allow for a determination to be made as to 
whether or not the sensor sensitive axis is pointing up or down with respect to the Earth’s surface 
as the projectile is spinning.  As the projectile spins, the expected output of a radially oriented 
magnetic sensor is a sinusoidal waveform (figure 2) with a magnitude proportional to the angle 
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between the spin axis and the magnetic field.(8)   This will hold true as long as the spin axis of the 
projectile is not parallel to the local magnetic field.  Roll rate of the projectile can be found by 
measuring the frequency of the sinusoid.  This data can then be used to determine orientation 
within the spin axis of additional sensor measurements as long as the positions of those sensors 
are referenced to the magnetometer.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The small diameter IMU was designed with an array of single and multi-axis sensors.  It is 
capable of an output of up to ten sensor channels which includes five channels of accelerometer 
data, three channels of magnetometer data and two channels of angular rate sensor data.  A body-
fixed coordinate system (I, J and K) was assigned to the IMU as shown in figure 3.  In this 
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Figure 1)  An Earth-based navigation system can be converted into a body-fixed system 
through the use of Euler angles (, , ).(9)  

Figure 2)  Magnetometer output of a projectile spinning at 60Hz. 
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system, +I direction relates to positive axial movement, +J direction relates to positive radial 
movement and +K relates to positive radial movement 90 from +J.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The IMU was initially designed with a 21.6mm diameter and 14mm height (figure 4).  It was 
then later reduced in size to a 17.5mm diameter and 13mm height (figure 5) without any 
reduction in the number of sensors or capabilities.  This reduction in size was accomplished 
through the use of smaller sensor and electronics component packages and more efficient use of 
the printed circuit board space available.  It is capable of accepting input power voltages ranging 
from 6 to 12 volts and a two cell, 8.4V lithium ion polymer battery has been routinely used to 
power the IMU during bench testing, calibrations and flight tests.  It has the ability to output the 
sensor data channels with either a 0 to 3V or 0 to 5V range, depending on the type of data 
encoder or data acquisition system being used in conjunction with the IMU.  It is a low power 
device with a current draw between 25 and 30mA and has been gun qualified to 40,000G 
survivability.  It also has a great deal of application flexibility because it uses commercial 
sensors which are both low cost and available with a wide variety of scale factors and 
measurement ranges.  In addition to the sensor array, the IMU also includes all of the necessary 
support electronics which includes voltage regulation and signal conditioning.  This allows the 
IMU to act as a stand alone unit which can be easily integrated into multiple systems. 
 
 
 
 
 
 
 
 
 
 
 
 

 

Figure 3)  A body-fixed coordinate system (I, J and K) assigned to the IMU 

Figure 4)  21.6mm diameter IMU Figure 5)  17.5mm diameter IMU 
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40MM PROJECTILE 
 
The 21.6mm IMU was first used on a Defense Advanced Research Projects Agency (DARPA) 
funded program which required the instrumentation of a spinning 40mm projectile fired from an 
M-203 grenade launcher.  This program, called SCORPION, was a joint effort between ARL and 
the Georgia Tech Research Institute (GTRI).  The objective of the program was to demonstrate a 
controlled divert of the projectile’s trajectory using a custom actuator designed at GTRI. (10)  The 
complete system, shown in figure 6, consisted of the actuator, driver boards, batteries, 
microprocessor, IMU and interface board.     
 
 
 
 
 
 
 
 
 
 
 
 
 
The ARL IMU was used to provide in-flight sensor data to the GTRI on-board microprocessor.  
The microprocessor then used this data to make decisions as to the correct duration and point at 
which the actuator should be fired in order to achieve the desired trajectory diversion.  
Magnetometer data provided by the IMU (figure 7) was particularly important to this program as 
it was used to determine muzzle velocity and projectile roll orientation of the actuator. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Other vital information was provided by the on-board axial accelerometer incorporated into the 
IMU.  This accelerometer provided the microprocessor with information on first movement and 

Figure 6)  Solidworks model of an instrumented 40mm projectile 

Figure 7)  Magnetometer data captured throughout the entire flight of the projectile.(11) 



 6

velocity of the projectile.  Accelerometer data captured throughout the duration of the projectile 
flight is shown in figure 8 and shows movement related to projectile launch, maneuver, target 
impact and ground impact.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
In addition to providing the microprocessor with sensor information in-flight, sensor data 
provided by the IMU was also stored on an on-board recorder (OBR).  After each flight test, the 
projectiles were recovered and the IMU data downloaded.  Post processing of this data provided 
valuable information which could be used to determine the aerodynamics of the projectile and 
evaluate the in-flight performance of both the projectile and the actuator.  The sequence of events 
in a typical maneuvering flight are readily apparent in the post processed data shown in figure 
9.(11)  The data also served as a diagnostic tool for comparing projectile trajectories created from 
on-board sensor measurements with trajectories based on simulations. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 Figure 9)  Post processed sensor data 

Figure 8)  Axial accelerometer data 
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25MM PROJECTILE 
 
Once the system was integrated into the 40mm projectile, tested and proven to be a reliable 
control for initiating an actuator, the system was redesigned to fit into a 25mm projectile.  This 
required a reduction in size of the IMU from 21.6mm to 17.5mm in diameter.  The reduction was 
successfully accomplished while maintaining all of the sensors and capabilities implemented on 
the 21.6mm IMU.  Eventually a complete system, including the IMU, microprocessor, driver 
board, interface board and batteries, was designed and fabricated (figure 10) through a 
continuing joint effort, funded by DARPA, between ARL and GTRI.(12) 
   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The 25mm projectile program had the same core objective of the 40mm program, which was to 
perform a controlled divert validation flight experiment using a spinning projectile.  Sensors 
contained within the IMU were also once again used to provide the on-board processor with a 
variety of inertial measurements.  Actuator roll orientation, duration and control were all based 
on IMU sensor data.  The processor used this data, in conjunction with timing information 
provided by an on-board oscillator, to initiate commanded maneuvers of the projectile.  Eight 
channels of sensor data were recorded using an on-board recorder (OBR).  This included two 
channels of angular rate sensor data, three channels of magnetometer data and three channels of 
accelerometer data.  The OBR was designed to record data for the entire flight of the projectile 
and would store 8064 records of data at selectable sampling rates from 1kHz to 6kHz.  
Characteristics of typical flight tests included launch accelerations of about 25,000G’s, projectile 
speeds up to 0.8 Mach and flight durations of 1 to 2 seconds.  Flight tested projectiles were 
retrieved using a custom soft recovery system which allowed the IMU data to be downloaded 
and post processed.  Data from four of the sensor channels recorded during a representative flight 
experiment are shown in figure 11.  This data begins just prior to launch and continues until 
shortly after impact.  Therefore data from the launch event and free-flight motion of the 
projectile before, during and after the maneuver had been recorded.  Although not shown, 

Figure 10)  25mm projectile, hardware and electronics 

a)  Solidworks model of an instrumented 
     25mm projectile 

b)  25mm Projectile 

c)  25mm hardware and electronics assembly 
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angular rate data in both the pitch and yaw directions and accelerations in all three orthogonal 
directions was also recorded during each test. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Post processed IMU sensor data was used to verify actuator initiations and their impact on the 
trajectory of the projectile.  One of the more useful variables calculated during post processing is 
the magnetic aspect angle.  A time history of the magnetic aspect angle provides information on 
projectile stability, yawing motion, damping characteristics and maneuverability.  Figure 12 
shows a magnetic aspect angle history which verifies an actuator initiation based on changes in 
the yawing motion and roll orientation of the projectile.(12)  IMU sensor data provided all of the 
information necessary for performing these determinations.    
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Figure 11)  Inertial sensor data from a typical flight test(12) 

Figure 12)  Magnetic aspect angle history 
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FLARE-STABILIZED PROJECTILE 
 
During the development of the 25mm projectile system, the redesign of the IMU took less time 
than the additional system components, such as the microprocessor board.  This presented an 
opportunity to qualify the operation and survivability of the 17.5mm IMU through the 
instrumentation of a flare-stabilized projectile.  In addition to assessing the operation of the IMU, 
these tests would also contribute to the understanding of the flight behavior and stability of the 
projectile.(13)  The IMU was integrated into a telemetry based system, shown in figure 13, which 
included a Pulse Code Modulation (PCM) encoder and commercial S-band transmitter.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Eight data channels were recorded which included two channels of angular rate sensor data, three 
channels of magnetometer data and three channels of accelerometer data.  Multiple projectiles 
were flight tested and the system survived launch accelerations ranging from 25kG’s to 40kG’s.  
The IMU provided valuable projectile flight data such as axial acceleration, radial acceleration 
and angular rate history.  The data was also post processed and used to calculate magnetic roll 
rate history and angular history with respect to the magnetic field. 
 
 

CONCLUSIONS 
 
In order to obtain in-bore and in-flight ballistic data for small diameter projectiles, a low cost, 
high-G survivable IMU was designed and fabricated using commercial sensors.  This IMU 
consisted of a sensor array integrated onto a 21.6mm or 17.5mm diameter board.  It provided a 
significant reduction in size from previously implemented sensor suites which were too large for 
smaller diameter projectile applications.  The new small diameter IMU was flight tested on both 
25mm and 40mm projectiles.  It successfully provided numerous inertial measurements used to 
verify flight stability, performance and aerodynamics.  The IMU also had a particularly large 
impact on the development of guided small caliber munitions.  It was used to provide data to an 
on-board processor which used the data to control an actuator and the flight trajectory of the 
projectile.  Actuator initiations and projectile maneuvers were also verified using post processed 
IMU sensor data.  Continuing efforts are currently underway to miniaturize a transmitter, 
encoder and other components in order to create a complete 25mm projectile telemetry system 
which will contribute to furthering the effort toward guided small and medium caliber munitions. 

Figure 13)  Solidworks models of an instrumented 25mm flare-stabilized projectile 
a)  Expanded view of the tail section 

b)  Cross section of the projectile and electronics components.  
The system components include an antenna, transmitter, 
encoder, IMU, batteries and voltage regulation. 
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ABSTRACT 

This paper describes a psychophysical experiment to measure visibility thresholds (VT) for 
quantization distortion in JPEG2000 and an associated quantization algorithm for visually 
lossless coding of color aerial images. The visibility thresholds are obtained from a quantization 
distortion model based on the statistical characteristics of wavelet coefficients and the deadzone 
quantizer of JPEG2000, and the resulting visibility thresholds are presented for the luminance 
component (Y) and two chrominance components (Cb and Cr). Using the thresholds, we have 
achieved visually lossless coding for 24-bit color aerial images at an average bitrate of 4.17 
bits/pixels, which is approximately 30% of the bitrate required for numerically lossless coding. 
 
Keywords: visually lossless coding, JPEG2000, color aerial image, perceptual image coding 
 
 

1. INTRODUCTION 

The last few decades have seen tremendous increases in the size of aerial images due to advances 
in sensor and imaging technology. For efficient storage and transmission of large images, image 
compression has become an essential part of many telemetry systems [1]. To achieve high 
compression ratios, images are encoded in a lossy fashion. In general, this is done based on Mean 
Squared Error (MSE) or Peak Signal to Noise Ratio (PSNR) distortion metrics. However, since 
these metrics do not directly consider the visual importance of data, visually important 
information is often lost during compression. Therefore, the human visual system (HVS) should 
be incorporated in a distortion metric for a consistent visual quality. 



 
2

In JPEG2000 [2], an image which has three color components (red, green, and blue) is 
transformed to an image with one luminance component (Y) and two chrominance components 
(Cb and Cr) for improved compression performance. Then, a discrete wavelet transform (DWT) 
decomposes each component into several subbands which have different frequencies and 
orientations. The human eye has different sensitivities to different subbands. This phenomenon 
occurs because the primary visual cortex called V1 in the human eyes responds to visual stimuli 
differently according to location, frequency, and orientation [3]. Based on the sensitivities, 
quantization step sizes are determined. The variance of sensitivity by subband is represented by 
the contrast sensitivity function (CSF), or visibility threshold (VT), which is the inverse of the 
CSF. Watson et al measured VTs for individual wavelet subbands based on randomly generated 
uniform quantization distortion [4]. These VTs have been applied to many wavelet-based codecs 
and they have shown superior visual quality at the same bitrate, as compared to the conventional 
MSE/PSNR metrics.  However, since their assumption of the uniform quantizer is different from 
the deadzone quantizer of JPEG2000, a direct use of these VTs in JPEG2000 may result in 
inaccurate bit allocation on subbands. In [5], Chandler et al determined VTs through actual 
quantization for wavelet coefficients obtained from a few natural images. These VTs provide 
more accuracy than Watson’s VTs because they take into account spatial correlation between 
wavelet coefficients. However, since these VTs are obtained with only a limited number of 
images, its performance with very different images is not guaranteed. Moreover, these VTs also 
assume the uniform quantizer, and are only available for the luminance component, and so are 
not usable for color image coding. 
 
In this paper, we describe a new method for measuring VTs and an associated quantization 
strategy for visually lossless coding of color aerial images. A visual distortion model is developed 
based on the statistical characteristics of wavelet coefficients and the dead-zone quantization of 
JPEG2000. VTs obtained from the model are image-adaptive and ensure visually lossless coding 
for color aerial images. 
 
 

2. QUANTIZATION DISTORTION IN JPEG2000 

Quantization is the major step in lossy compression where most compression is performed and 
artifacts are generated. Quantization step sizes for visually lossless coding are found through 
psychovisual experiments on quantization distortion. Therefore, an accurate modeling of 
quantization distortion is important to find an appropriate set of quantization step sizes. 
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The quantization distortion in JPEG2000, ,d  is the difference of wavelet coefficients in the 
encoder and decoder generated by the deadzone quantizer and mid-point reconstruction. Since the 
wavelet coefficients in the LH, HL, and HH subbands are usually represented by the Laplacian 
distribution, the distribution of quantization distortion in the HL, LH, and HH subbands is 
modeled by PDF 
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    Wavelet coefficients in the deadzone ( , )   

become quantization errors themselves since the deadzone quantizer quantizes these coefficients 
to zero (the first term in the first two lines of Eq. (1)). Wavelet coefficients not in the deadzone 
yield errors modeled as uniform distributed over the interval ( / 2, / 2)   (the second term of 
the first line in Eq. (1)). Figure 1 (c) shows the distribution of quantization distortion in the 
subbands. We can see that our distortion model using the deadzone quantizer is significantly 
different from the uniform quantization distortion model of previous studies illustrated by a 
dashed line in Figure 1 (c) 

 

The distribution of wavelet coefficients in the LL subband approximately follows that of the 
original image, but we assume they have a uniform distribution with zero-mean for simplicity as 
illustrated in Figure 1 (c). The distribution of the quantization distortion of the LL band is then 
modeled by 
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where 2 / 3 .p    Since the variance of the LL subband is much larger than that of the other 
subbands, the quantization distortion in the LL band is predominately in the interval 
( / 2, / 2)  , as shown in Figure 1 (d).  
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Figure 1. Distribution of wavelet coefficients in (a) HL, LH, HH bands ( 2 50  ) and (b) LL band 
( 2 2000  ). Quantization distortions for 5   in (c) HL, LH, HH bands and (d) LL band.  

 
 

3. VISIBILITY THRESHOLDS FOR COLOR IMAGES 
 
A color image having RGB components is converted into an image with one luminance 
component (Y) and two chrominance components (Cb and Cr) by the irreversible color transform 
(ICT) 
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Each component in the image is transformed by the dyadic 9/7 wavelet transform and then 
quantized independently. We measure visibility thresholds for quantization distortion in each 
subband and each component through psychovisual experiments. 
 
A stimulus is an RGB image where the inverse wavelet transform and the inverse ICT are applied 
to wavelet data containing quantization distortion, as shown in Figure 2. Quantization distortion 
is randomly generated in the subband of interest according to either Eq. (1) or Eq. (2), depending 
on the subband, while quantization distortions in other subbands are set to 0. In Figure 2, a 
stimulus appears at the center of an image of size 512 512  with a uniform gray background 
(Y=128, Cb=0 and Cr=0 for a 24-bit color image). In the wavelet domain, the size of the 
quantization distortion region is N N  with min{64,512 2 }kN    for wavelet transform 
level ,k  which corresponds to the size of a codeblock in JPEG2000.  
 
To measure the visibility threshold for each stimulus, we use a three-alternative forced-choice 
(3AFC) method. Three images, one with a stimulus and two without, are displayed side by side 
for 10 seconds (the left to right order is chosen randomly) and the subject is asked to answer 
which image contains the stimulus. For each trial, the quantization step size is adaptively adjusted 
by a QUEST staircase procedure [7]. Through 32 trials, the threshold is determined from the 75% 
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(a)

(a) (b)

(a)

(a) (b)

correct-point of a fitted Weibull function [4,6]. The images are displayed on a Dell E248WFP 24-
in TFT LCD Monitor. The monitor has a resolution of 1920 1200  and provides a 92% color 
gamut. The viewing distance is 60 cm (23.6 inches) and the visual resolution is 35.62 
pixels/degree. The center spatial frequency for the wavelet transform levels are then 17.81, 8.91, 
4.45, 2.23, and 1.11 cycles/degree, respectively. Four subjects took part in the experiment. Two of 
the subjects estimated thresholds, and the other two verified these thresholds. All subjects are 
familiar with wavelet quantization distortion and image compression, and have normal visual 
acuity. 
 
 
 
 
 
 
 
 
Figure 2. A sample quantization distortion in HH2 (a) and the corresponding representation in the image 
domain (b). 
 

3.1. VISIBILITY THRESHOLDS FOR LUMINANCE COMPONENT 
 
In [8], visibility thresholds were measured for the luminance component. Figure 3 shows 
measured visibility thresholds of two subjects for the HL, LH, and HH bands at a fixed variance 
of 50. Thresholds increased as the spatial frequency increases. In particular, the increase of 
threshold values in the HH band was more significant. Thresholds of the HL and LH bands were 
very similar, so we consider these bands as equivalent. 
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Figure 3. Visibility thresholds for the luminance component measured by two subjects ( 2 50  ). The 
points are measured threshold values and the bars are standard deviations.  
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The distribution of quantization distortions modeled in Eq. (1) and Eq. (2) is a function of 
quantization step size   and variance 2  of wavelet coefficients. In general, the variance 
change for the luminance component is considerable. According to the variance, the threshold can 
be estimated. Figure 4 shows the change of threshold values as a function of variance on 
HL3/LH3. We can see that the threshold is well approximated linearly. Thus, the final threshold 

bt  for a given subband b  is determined by  
2

b b b bt a c                                 (4) 
where 2

b  is the variance of wavelet coefficients calculated in subband .b  The linear 
parameters ba  and bc  are listed in Table 1. For the LL band, we use a fixed threshold value, 
0.63 0.05 , since the variance of the LL band is usually much larger than that of other subbands 
and the distortion is less affected by the variance change. 

Figure 4. Linear elevation of visibility threshold in the HL3/LH3 bands as a function of variance. 
 

 
subband ba  bc  subband ba  bc  subband ba  bc  

HH1 4105.67 10  4.85 HH3 411.04 10 0.51 HH5 47.91 10  0.36 

HL1/LH1 446.03 10  1.98 HL3/LH3 410.83 10 0.50 HL5/LH5 47.16 10  0.33 

HH2 419.94 10  0.92 HH4 410.16 10 0.47    

HL2/LH2 413.84 10  0.64 HL4/LH4 47.75 10  0.36    

Table 1. Linear parameters ba  and bc  for visibility threshold of the luminance component. 

 
3.2. VISIBILITY THRESHOLDS FOR CHROMINANCE COMPONETS 

 
It is well known that the human visual system is less sensitive to quantization distortions in the 
chrominance components than in the luminance component. The amount of information in the 
chrominance components is also much less than that in the luminance, so the variance change is 
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not significant. We determined threshold values based on the average variances calculated from 
10 natural images, as shown in Table 2. 
 
subband Cb Cr subband Cb Cr subband Cb Cr 

HH1 0.18 0.17 HH3 1.16 1.20 HH5 1.52 1.45 

HL1/LH1 1.33 1.43 HL3/LH3 4.26 5.14 HL5/LH5 5.34 8.93 

HH2 0.72 0.74 HH4 1.43 1.37 LL5 150.08 109.51 

HL2/LH2 3.06 3.52 HL4/LH4 5.34 7.85    

Table 2. Average variances of wavelet coefficients for the chrominance components. 

 
Table 3 represents measured threshold values for the chrominance components obtained through  
experiments, carried out in the same fashion as described above for the luminance component. 
From the table, we can see that threshold values of the chrominance components are larger than 
those of the luminance component as expected and the Cb component is the least sensitive 
component. Also, threshold values of the chrominance components are especially large at high 
spatial frequencies. This is because chrominance plays a relatively minor role in the perception of 
edges and fine details.  
 
subband Cb Cr subband Cb Cr subband Cb Cr 

HH1 24.72 15.49 HH3 11.55 2.57 HH5 1.05 0.56 

HL1/LH1 14.50 6.35 HL3/LH3 4.03 1.23 HL5/LH5 1.05 0.58 

HH2 14.77 7.40 HH4 4.95 1.25 LL5 1.32 0.66 

HL2/LH2 6.36 2.60 HL4/LH4 3.26 0.69    

Table 3. Visibility thresholds for chrominance components. 
 
 

4. VISUALLY LOSSLESS CODING AND VALIDATION 
 

The visibility threshold indicates the maximum allowable quantization step size such that 
quantization distortion remains invisible when one subband is quantized at a time. When all 
subbands are quantized simultaneously, quantization distortions can be summed up across 
subbands. This sum is called the compound distortion [6] and occurs because the 9/7 wavelet 
transform does not perfectly separate the signal into distinct frequency bands. However, 
compound distortions at a sub-threshold level are negligibly small and are well hidden by the 
background image. From this observation, we assume that there is no summation of distortions 
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across subbands and quantizing with these thresholds ensures visually lossless coding.      
 
The three components are bit-plane encoded independently. For the case of the luminance 
component, the threshold is changed according to the variance of wavelet coefficients. In the 
distortion calculation stage, we calculate the variance 2

,b i  for codeblock i  in subband .b  
Then we determine a threshold ,b it  for the codeblock using Eq. (4). To exploit the three coding 
passes in bit-plane coding, we use Minkowski distance with 0   normalized by threshold ,b it  
as follows. 

 ( ) ( )

,

1 ˆmax | [ ] [ ] |z z

b i

D y y
t

 
n

n n                        (5) 

where ( )ˆ [ ]zy n  denotes the reconstructed value from the quantization index ( )ˆ [ ]zq n  , which is 
encoded up to a truncation point z . [ ]y n  is the reconstructed value from the high-precision 
original quantization index [ ].q n  Coding is terminated for the codeblock immediately after 

( )zD  is equal to or less than 1. For the chrominance components we directly use the visibility 
thresholds listed in Table 3 as quantization step sizes. Then all bit-planes are included in the 
JPEG2000 codestream.   
 
The proposed coding scheme is implemented in Kakadu v6.1 [9] and tested with 10 512 512  
24-bit color aerial images. These images are cropped from four 7200 5000  24-bit raw color 
aerial images provided by the Cartographic Institute of Catalonia (ICC) [10], which cover 
vegetation and urban areas. Figure 5 shows some example images. We compared the bitrates 
obtained using our visually lossless coding scheme with numerically lossless bitrates of 
conventional JPEG2000, as shown in Table 4. While the average bitrate for numerically lossless 
coding is 14.70 bits/pixel, the average bitrate for visually lossless coding is 4.17 bits/pixel at the 
same visual quality.  
 
 

 
Figure 5. Examples of the test images. 
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To verify that the images encoded with the proposed coding scheme are truly visually lossless, 
we used another three-alternative forced-choice (3AFC) method. In this case, two of the images 
are original and one is the compressed image. The images are displayed for 10 seconds and the 
subject is asked to select one which looks different. Seven observers participated in this 
validation experiment. For each image, 70 trials were conducted and the resulting data is shown 
in Figure 6. When the compressed image is indistinguishable from the original, the correct 
response should be obtained 33.3% of the time. Our coding scheme results in correct selection of 
the compressed image 35.7% of the time with a 95% confidence interval of 29.48-37.15%. Thus, 
we claim that our scheme is visually lossless with this image set. 
 
 

image 
Numerically 

Lossless 

Visually 

Lossless 
image 

Numerically 

Lossless 

Visually 

Lossless 

1 14.31 3.80 6 14.94 4.04 

2 15.69 4.54 7 14.08 4.34 

3 13.30 3.35 8 14.47 4.73 

4 14.74 4.10 9 13.46 4.09 

5 14.64 4.03 10 14.36 4.65 

Table 4. Bitrate comparison for 24-bit color aerial images (bits/pixel). 

 

Figure 6. Rate of correct responses to the validation experiment for each test image. The points denote the 
average correct responses and the error bars give 95% confidence intervals. 
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5. CONCLUSIONS 
 
We measured visibility thresholds for quantization distortion in JPEG2000. While the thresholds 
for the luminance component were significantly affected by the variance of wavelet coefficients, 
the thresholds for the chrominance components were less affected. Compared with numerically 
lossless coding, visually lossless coding using our visibility thresholds achieves a 70% bitrate 
saving on average without any visual quality degradation. Also, since this coding algorithm does 
not use the post-compression rate-distortion algorithm of JPEG2000, faster encoding will be 
possible without violating the JPEG2000 Part-I standard. 
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ABSTRACT 
 
NASA’s Remote Imaging System Acquisition (RISA) project has the goal of producing a single 
robust and space-efficient imaging system.  This paper will show the progress of the current 
RISA project iteration, tasked with implementing a Inter-Integrated Circuit (I2C) 
communications controller on a radiation hardened Field Programmable Gate Array (FPGA), 
characterizing a liquid lens optical system, and adding a radiation hardened temperature sensor.  
The optical design focuses on small liquid lenses that can vary focal length with no moving 
parts.  The chosen designs will allow this camera system to meet critical mission objectives and 
provide reliable service to NASA’s astronauts.  
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1 INTRODUCTION 
 
The National Aeronautics and Space Administration’s (NASA) mission statement is to "pioneer 
the future in space exploration, scientific discovery, and aeronautic research.” NASA’s goal to 
continue to lead the world in space exploration has resulted in numerous technological advances. 
The space shuttle program has enjoyed unprecedented success.  However, the space shuttle has 
exceeded the original planned lifespan by lasting almost 30 years. To achieve future mission 
objectives NASA is currently developing the next generation spacecraft Orion.  This spacecraft 
system is nearing the final stages of design and will replace the space shuttle which is scheduled 
for retirement in 2010. Starting in 2014 the Orion spacecraft is scheduled to dock with the 
International Space Station. Then in 2020 the Orion spacecraft is schedule to return astronauts 
back to the Moon, followed by a manned mission to Mars and beyond.  
 
NASA’s future manned space missions will require a single versatile imaging system which will 
be capable of fulfilling the requirements of many different mission objectives. A commercial 
camera system capable of meeting these requirements currently does not exist. To fill this void, 
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the Remote Imaging System Acquisition (RISA) project began.  NASA will need the RISA 
system to image the surface of Mars, the Moon and other celestial bodies. This system will be 
instrumental in monitoring the structural integrity of the spacecraft, assessing astronaut health 
and monitoring environmental conditions.  The harsh space environment in which the camera 
system must operate injects very specific hardware constraints. The RISA imaging system 
requires a non-browning lens system and radiation hardened components in order to survive the 
extreme levels of radiation that exists outside the earth's protective magnetosphere. 
 
The system under development needs to satisfy these requirements while conforming to strict 
space efficiency. The future Orion space vehicle will have significantly less storage space when 
compared to the current space shuttle. The limited space on the Orion vehicle will only allow 
space for a single imager. Thus, the RISA imaging system is deemed mission critical, level one. 
 
The major design goals involve the work of three different disciplines: optical, electrical and 
computer. The optical objectives included the evaluation of a liquid lens system and its 
integration into the camera. The electrical design involves choosing a temperature sensor which 
is radiation hardened while having an I2C output signal. The Phillips I2C interface IC does not 
have a radiation hardened equivalent. Thus the I2C chip will need to be removed and its 
functionality transferred into the Field Programmable Gate Array (FPGA) which is fully 
radiation hardened using VHDL software programming language. 

 
 

2 METHODOLOGIES 
 

2.1 LIQUID LENS EVALUATION 
 

The iterative objectives for the optical design of the RISA camera focused on the 
characterization and analysis of the Varioptic Arctic 314 liquid lens.  The unique attribute of 
these lenses is their ability to vary focal length by simply changing the applied voltage with no 
moving parts, simplifying the design for a compact variable focus system.  The clear aperture of 
the lens is only 2.5 mm and it consists of three materials: thin glass for the first and last surfaces, 
an oil based liquid and a water based liquid.  As the voltage changes to the liquid lens the radius 
of curvature of the intermediary surface between liquids also changes, adjusting the optical 
power for the device. 
 
Preliminary testing was done in the Code V optical modeling software to determine the 
suitability of these lenses in the optical design.  In order to have a close representation of the 
actual liquid lens, a detailed understanding of the mechanical layout and material properties was 
necessary, including material thicknesses, aperture diameters, indexes of refraction at specified 
wavelengths for the liquids in the lens, and radii of curvature for certain applied voltages.  This 
was provided by the manufacturer’s data sheets for the optic. 
 
The most important piece of information for modeling the device was the dispersive properties, 
since the trend of liquids does not follow that of typical glasses.  Initially an approximated glass 
code was used to define the dispersive properties but this was unsuccessful.  Importing specific 
indices of refraction corresponding to wavelength was necessary to remedy this.  The data 
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regarding the index of refraction for the liquids in the lens was provided in a table for 7 different 
wavelengths, at 20 degrees Celsius.  Our model did not take into account any thermal effects and 
all analyses were performed at this temperature.  It should be noted that liquids have a large 
response to temperature change and will need to be considered eventually.  The following is a 
small schematic from Code V, displaying the liquid lens.  The curved surface is the intermediary 
between the two liquids. 

 

 
 

Figure 1. 3D Liquid Lens Model 
 
The two outermost materials are the same Schott glass, D263T, while the liquids within are 
referenced as PC239 and H185B. 

 
Our model was made for an moderate 50 V setting, which induces a radius of 9.72 mm for 
surface 3 and a PC239 material thickness of 0.25mm.  The model calculates an effective focal 
length of 107.8292mm and is F/43.13.  This is very close to the provided data, which estimated a 
focal length of ~112mm at this voltage.  This supports the validity of our model for the liquid 
lens. 

 
The following figures represent a portion of the Code V analysis for wavelengths varying from 
approximately 400 to 700 nm.  The weighting of the wavelengths was photopic, to closely match 
the responsivity of the sensor.  As observed in both the ray fan diagram Figure 2 and the spot 
diagram Figure 3, the primary aberration in the system is chromatic.  This is shown as defocus 
for the various wavelengths in the ray fan (tilted rays) and varying spot size in the spot diagram.  
The spot sizes are roughly 39 microns RMS (diameter).  The system also has approximately 10 
mm of longitudinal chromatic aberration at this focal length. 
 
The findings from this performance analysis were very helpful in determining the viability of our 
design choice.  These lenses do not generate enough optical power and have too much chromatic 
aberration to implement them as a stand-alone imaging device.  This analysis and the data on the 
Varioptic website show that the lenses need to be used in combination with another objective 
lens where the true benefit would be creating a variable focus system, easily controlled by 
voltage. 
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Figure 2. Fan Diagram 

 
Figure 3. Spot Diagram 

 
A compact system lens system was created using an off the shelf lens.  The lens chosen was the 
Edmund Optics 12.5mm focal length megapixel finite conjugate micro video lens, part number 
NT58-205. To create a model of the lens system the original liquid lens Code V design is put in 
combination with the Edmund Optics micro-imaging lens and we were able to conduct testing of 
the entire variable focus system and evaluate performance. 
 
The objective of the optical testing is to test the Contrast Transfer Function (CTF) and 
aberrations of the VPS-048 liquid lenses from Varioptic as illumination levels are varied and 
compare to a Double Gauss lens.  The first lens tested was the Edmund Optics Double Gauss 
lens.  The Figure 4 shows the CTF of the image. 

 

 
Figure 4. CTF of the double Gauss lens 

 
It can be seen that the CTF is very good for the Edmund Optics double gauss lens.  The ideal 
graph for CTF would have a straight line from the maximum contrast to the point where the 
contrast of the lines per picture height was zero.  Next, the lens system containing the micro-
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imaging and liquid lens was tested in the same fashion.  The MATLAB code was run and the 
CTF is shown in Figure 5.  The CTF of the micro-imaging and liquid lens system is very similar 
to that of the double Gauss lens.  The differences are that the percent of CTF at 1000 lines per 
picture height of the double Gauss is about 0.13 while the percent of CTF at the same point for 
the micro-imaging and liquid lens system is about 0.1.  The double Gauss lens also is much more 
linear and this is closer to the ideal CTF.  Overall, this test shows that the liquid lens does not 
introduce significant aberrations when it is used in combination with another lens and it will not 
degrade the image quality. 
 

 
Figure 5. CTF of the micro-imaging and liquid lens system 

 
Longitudinal chromatic aberration was also tested using wavelengths 436nm, 550nm, and 656nm 
which corresponded to blue, green, and red respectively.  The test was done with the liquid lens 
power supply at 50V because this is how we simulated the lens in Code V.  In Code V we 
calculated the longitudinal chromatic aberration to be about 10mm.  The average of our tested 
values is 14.3mm.  This is a little higher than the simulated value.  However, this still shows that 
there is significant longitudinal chromatic aberration and that the liquid lenses cannot be used as 
the single lens in a system.  This data also helps us consider our Code V model of the liquid lens 
as accurate. 
 
Finally, the distortion test was completed using a MATLAB program which used 15 pictures of a 
checkerboard pattern to calculate distortion.  The distortion results are shown below: 

 
Distortion % = -0.04173% 
Radial distortion = 0.54586 

Tangential Distortion = ��
�

�
��
�

�

05452.0
03374.0

 
 

The low amount of distortion again helps to prove that the liquid lens can be used with another 
lens and it will not reduce image quality. 

 
 
 
 



��

�

2.2 TEMPERATURE SENSING 
 

NASA is continually interested in knowing as much as possible about the environment that they 
are exploring. This is to ensure mission success, safety of the astronauts, and instrumentation life 
span. This specific iteration of the RISA camera NASA was interested with adding the ability of 
monitoring the ambient temperature that the camera was in as well as the temperature inside of 
the camera. There were three designs that were considered for this task. The design requirements 
for the temperature sensor were that it could record temperatures in the range or -55°C to 125°C. 
Also, the temperature sensor will have to meet MIL-PRF-38535 for Class V radiation hardness. 
 
Three temperature sensors were considered for this application: TMP100, LM75, and AD590S. 
A table was created based on weight of importance for the requirement as well as a weight of 
how well the part meets each requirement. Based on the design requirements the TMP100 was 
determined to meet all of NASA’s needs.  
 
To read and report the temperature NASA requires MATLAB as an interface. The MATLAB 
code had to be very specific for this temperature sensor. The MATLAB code performs all of the 
I2C communications to the camera and its peripherals. Also, MATLAB performed the task of 
configuring the TMP100 for the specific task that operator requests, converting the temperature 
hexadecimal value to an understandable decimal value, and report the real time temperatures in a 
plot for visual reference. 
 
Temperature testing was conducted in a partially controlled environment. Dry ice was used to 
decrease the temperature and a heat gun was used to increase the temperature. During the testing 
it was concluded that the TMP100 was a suitable device. The temperature sensor was able to 
read temperatures accurately at temperatures below -60°C. There was a temperature sensors 
ability to report temperature ended at 128°C. This inability to report temperatures above 128°C 
was related to the available hexadecimal values that the sensor utilized. By default the sensor 
reports temperature using three hexadecimal values or sixteen bits of data. Also, to report 
negative temperature values the temperature sensor implements 2’s complement for the binary 
representation of the temperature. 

 
 

2.3 INTER-INTEGRATED CIRCUIT (I2C) 
 

The previous iteration of the NASA RISA imager utilized a Philips I2C integrated circuit 
controller.  The Phillips chip is operated through the ground side MATLAB software and acts as 
the I2C master device.  The I2C master is the virtual police officer directing communications 
traffic of all the peripherals on the camera.  For wiring simplicity, the imager’s optical CMOS 
sensor, temperature sensor communicate with the ground side MATLAB software on a single 1-
bit data line.  Thus, only one device may use this “highway” at a time and others must wait until 
they are told by the master that it is safe to go.  The Phillips I2C controller does this in one 
prepackaged integrated circuit.  However, this integrated circuit is not available in a radiation 
hardened or tolerant equivalent package and due to the harsh space environment that the camera 
must be able to withstand, NASA determined that the proper course of action is to remove the 
chip entirely. 
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Figure 6. Circuit Layout of the Previous Iteration RISA imager.  The I2C controller circled 

in red is to be integrated into the FPGA as synthesized VHDL. 
 
The I2C functionality that this chip provides is an integral component to the workings of the 
entire camera.  Substitute communications architecture could not be realized without significant 
redesign of the entire camera.  Therefore the design choice is to replicate the Phillips master 
controller functionality in the hardware design language VHDL.  Because the Phillip’s I2C 
standard is a widely used de facto standard, there exists intellectual property cores—hereto 
referred to as IP cores—that perform the master control that the RISA imager needs.  An IP core 
is a previously written hardware description software module that provides a well defined logical 
operation.  IP cores have been developed for many different tasks and for reuse in many different 
projects, and are independently verified by their users to perform their operation as advertised.  
Therefore, an IP core provides a specific operation, such as I2C master control, that is reliable for 
its portion of the overall system. 
 
In the selection of the best IP core to use with the RISA system, considerations and requirements 
had to be properly met.  Firstly, the I2C Master Controller IP core selected must be written in 
VHDL.  The reason for this is to maintain consistency with the rest of the system which is also 
written in VHDL, and to conform to the 1984 Military Standard 454, which mandates the supply 
of a comprehensive VHDL description with every ASIC delivered to the Department of Defense, 
of which NASA is a contractor to.  The IP core also had to be an open core, meaning it was 
freely available without any licensing fees.  The IP core had to exactly conform to the Phillips 
I2C communications standard for master control of the I2C communications bus. Finally, the IP 
core had to provide a method of handshaking or status reporting in order to keep the parent 
MATLAB code in sync with the VHDL state machines at all times. 
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The selected I2C IP core was found free for use at [1].  This Simple_I2C master controller 
provides byte-level data transfer through the use of Start, Stop, Read, Write, Acknowledge and 
nReset control signals, while supporting handshaking with the MATLAB ground software by 
reporting the I2C slave acknowledge condition after successful writes to the slave.  The control 
signals required by the Simple_I2C master controller are included in the third byte of the four 
byte frame that the RISA imager uses as the imager control and data transfers.  The existing 
MATLAB ground software already followed this convention and therefore only slight 
modification was needed in the transition to the new IP core.  Therefore, the Simple_I2C master 
controller was selected as the IP core of choice for meeting the functional requirement of 
complete radiation hardness for all electrical components. 
 
In implementing the I2C IP core VHDL alongside the existing RISA VHDL, the RISA state 
machine was modified to add wait states to ensure proper timing as well as generate the proper 
control signals for the I2C IP core.  A status register was added to store the handshaking signals 
produced by the I2C slave device and the Simple_I2C IP core. 
 
 
 

2.3.1 INTER-INTEGRATED CIRCUIT (I2C) TESTING 
 

To verify the operation of the camera had not been compromised in any way, Xilinx 8.2i 
simulation software was used to behaviorally test the VHDL, ensuring correct logical operation.  
A test bench was written that generates the proper stimuli to the described hardware so the 
resulting behavior can be analyzed.  Specifically, a test bench was written for the Simple_I2C IP 
core to ensure proper operation.  This test bench verified the correct control of the SCL clock and 
SDA data lines of the I2C bus by the Simple_I2C IP core.  Once the VHDL was behaviorally 
verified, it was synthesized by the Xilinx software for programming on the Virtex FPGA.  
 
Hardware modifications to the wire-wrapped circuit board were made before final operational 
testing of the IP core could commence.  The serial data (SDA) and serial clock (SCL) lines of the 
previous design were controlled by the Phillips I2C Master Controller IC and therefore were not 
connected to any of the pins on the FPGA.  The connection locations between the FPGA and the 
existing SCL and SDA lines had to be decided upon and implemented.  Xilinx was allowed to 
pick the pins it deemed best for the SDA and SCL lines, while all other lines were kept locked 
down.  This ensured that the minimum area circuit on the FPGA was found by the Xilinx 
placement and routing algorithms.  If we had specified the closest pins to where we needed to 
route our wires, for example, this may have added additional area and routing to the resulting 
circuit on the FPGA, taking up more area in the FPGA and yielding a less optimum design.  
Once Xilinx picked the most optimum pins, they were locked down in the VHDL and wire-
wrapped connections were made between the physical pins and the SDA and SCL lines. 
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Figure 7. Real-Time Temperature Plot using the Simple_I2C IP Core for Communication 

with the TMP100 Temperature Sensor 
 
Initial real-world testing was at first unsuccessful, and it was found that the timing of writing to 
the DLP-USB245M FIFO was not in sync to the availability of the data in flip flops on the 
FPGA.  The I2C state machine had to be modified to include extra delay states to ensure the data 
was available during the proper time that the FIFO requested it.  Once this modification was 
made it was possible to read successfully from the I2C status register residing on the FPGA 
through the DLP-USB245M using MATLAB to issue the 4-byte command frames.  This status 
register was used as a testing aid, as bits were assigned within the 8-bit register to be any internal 
signal that we would like to monitor.  The innovation of using the I2C status register as a window 
to view internal signals eased seeing what states we were currently in and what the value of 
specific internal signals were at crucial times. 
 
The RISA system is therefore able to perform any I2C communication with any I2C capable slave 
device.  This is demonstrated in the successful repeated polling of the TMP100 temperature 
sensor that was also added to the design.  In Figure 7, positive slopes were caused by either 
blowing on or touching the TMP100 temperature sensor.  Negative slopes were caused by 
blowing cool air on the TMP100 temperature sensor or letting ambient cooling take place.  Room 
temperature at the time of testing was just less than 74 degrees Fahrenheit.  The I2C procedures 
needed to produce this plot are:  send a start condition with TMP100 address, write the 
configuration register address into the TMP100 pointer register, write the configuration byte into 
the TMP100 configuration register, write the temperature register address into the TMP100 
pointer register, and read a high byte and a low byte from which each temperature reading is 
calculated in the MATLAB ground software.  This proves that any slave may be contacted on the 
I2C bus and can be both read from and written to.  The final product is a totally radiation 
hardened circuit board, acceptable for use in the space environment.   

 
 

3 CONCLUSION 
 

Overall, it was discovered that the Varioptic liquid lenses were not a viable solution for a lens 
system when they are used as a stand-alone objective.  This is due to the fact that there are 
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significant aberrations in the system as well as an extremely large focal ratio yielding very light 
on the image plane.  However, when this lens is in combination with another lens it has been 
shown and tested that the image quality does not decrease significantly.  The liquid lenses also 
provide the unique ability to be able to create a variable focus system without any moving parts 
in the system.  The liquid lenses are very beneficial and are a viable component in a lens system, 
especially due to their small size for this particular application. 
 
The software portion of the RISA imager comprises all VHDL code used to program the FPGA 
and all MATLAB code used to interface to the TMP100 temperature sensor.  The newly 
modified VHDL has been shown to successfully interface with the TMP100 in providing a 
continuous real-time temperature reading across the I2C bus.  This successful communication is 
accomplished with the previously used Phillips I2C IC physically removed from the system, 
which shows that the RISA system is fully operational while boasting 100% radiation hardened 
electrical components.  The VHDL state machines that operate other RISA imager functionality 
were unaffected by the new additions to the VHDL and operate as before.  New MATLAB code 
was written that outlines the new required 4-byte frame read and write format for I2C transfers 
and successfully sends the commands required by the new Simple_I2C IP core to interface with 
the TMP100 temperature sensor. 
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ABSTRACT 

Recent development of sources and detectors in the THz regime (300 GHz to 3 THz) has enabled 
the precise measurement of material properties, including complex refractive indexes and loss 
tangents.  Using our developed THz spectrometer, new data, in particular, of biological tissues 
has been used to develop potential THz medical imaging applications. In this paper, an overview 
of a 0.1-3 THz, with sub-GHz resolution spectroscopy system is presented that has been 
designed in particular to measure biological samples and provide data that will used to determine 
initial viability of THz medical imaging applications. 

Keywords: Terahertz, photomixing, spectroscopy. 

 

1. INTRODUCTION 

Terahertz (THz) refers to the frequency range between radio frequency (RF) and far-infrared 
(FIR) electromagnetic radiation, typically defined as ranging from 300 GHz to 3 THz. 
Historically, it has been difficult to generate radiation in this frequency range.  Due to slow 
carrier momentum relaxation times and other practical challenges, it has been problematic to 
produce semiconductor electronic devices that oscillate at these high frequencies. THz 
generation by photonic devices has also been difficult due in particular to the low photon energy. 
Recently, despite these challenges, several innovative techniques have been developed to 
generate THz radiation.  Sensitive sources appropriate for many applications including imaging, 
have also been slow to develop and only in the last twenty years have enabling technologies been 
produced. Together these advances have enabled both THz spectroscopy and THz imaging.  



With the technological advances, rich scientific information from many different materials, 
especially chemical and biological materials has been measured in the THz regime. In these 
materials, interatomic bonds, such as carbon-hydrogen bonds, have resonance frequencies in the 
far infrared (FIR). However, since many of these interatomic bonds are often universal in these 
materials, unique frequency signatures using FIR spectroscopy are uncommon. In contrast, the 
longer wavelength of THz waves resonate the intermolecular vibrational modes and rotational 
modes of short-chain molecular structures. These structures are unique in large, complex 
structures like DNA, RNA and proteins. Therefore, THz spectroscopy may provide 
distinguishable fingerprints of these materials possibly generating unique medical imaging 
applications.[1, 2]  

The development of advanced and more sensitive THz spectrometers has enabled the 
measurement of the THz properties of materials including complex refractive indexes and loss 
tangents. These bear importance to chemical, biological and the medical sciences. The advances 
in sources and detectors at THz frequencies have also made THz medical imaging a possibility.  
Recent THz imaging applications being developed are the assessment of burns, the determination 
of corneal hydration and possible detection of skin cancer.  While system engineers develop 
more robust, more sensitive imagers, often the optimal frequency of operation and bandwidth is 
difficult to determine due to scarcity of characterization data of biological tissues at THz 
frequencies.  THz spectrometers are an invaluable tool to system engineers to guide design, and 
to develop the basic science for THz medical imaging. In this paper, a sub-GHz resolution, 
tunable spectroscopy system covering the full frequency range from 0.1 THz to 3 THz is used for 
initial determination of the viability of THz medical imaging applications. An overview of the 
system design and operation will be presented, followed by initial spectroscopy results of simple 
biological materials, lactose and biotin. 

 

2. SUB-GHZ RESOLUTION THZ SPECTROMETER 

Photomixing THz sources are tunable over a wide spectral range, from 0.1 THz to 3 THz, with 
spectral resolution that is limited only by the laser linewidth (<<100 MHz[3]). Although FTIRs 
also cover such spectral range, it is not able to realize the same resolution. The spectral 
resolution of a FTIR is related to the spatial delay and therefore needs extremely long path 
lengths, often impractical, to achieve the same resolution as frequency domain techniques. For 
example, to achieve 5 MHz frequency resolution (typical resolution of a photomixing based 
spectrometer), a FTIR needs a ~ 30m tunable path length, assuming no apodization.  Meanwhile, 
the spectral resolutions of time-domain THz spectroscopy systems are limited as well by the 
spatial delay. Time-domain THz spectroscopy systems typically consist of a ZnTe nonlinear 
optical crystal and a bulky and expensive ultrafast Ti:Sapphire femtosecond laser and amplifier. 
In time-domain systems, the femtosecond pulse is used to sample the THz pulse within the 
nonlinear crystal by an optical delay line (i.e. electro-optic sampling). Beyond the practical 
difficulties in building the system, its spectral resolution is also limited by the length of the delay 
line. 

Our THz spectrometer features a photomixing source to achieve sub-GHz frequency resolutions 
as well producing simpler and less costly system architecture. Our source in essence consist an 
antenna (Figure 1) coupled photomixer that is pumped by two tunable 780 nm continuous wave 



(CW) lasers. The two CW laser beams illuminate the center gap of the antenna from which 
photocurrent is generated in the interdigitated fingers. A DC bias is applied through at ends of 
the spiral antenna to provide photoconductive gain. The photocarriers produced by the laser 
absorption of the two beams separately are too slow to respond to the instantaneous near infrared 
(NIR) electric field but fast enough to respond to the beat note of the two lasers. Therefore the 
photocarriers are driven by the beat note to generate an oscillating photocurrent at the beating 
frequency. In other words, if the two CW lasers are operating at the frequencies of ω1 and ω2, 
radiation at the difference frequency, Δω = |ω1 - ω2| is generated by the photomixer and radiated 
through the antenna. Because the difference frequency, Δω, is much lower than the fundamental 
NIR (~780 nm) laser frequencies, this generation process is called optical rectification. To better 
couple the generated THz radiator from the antenna to free space and increase beam directivity, a 
silicon hyperhemispherical lens is attached to the backside of the photomixer semiconductor 
substrate.  

 

Figure 1: Diagram of the antenna coupled photomixer. 

 

Our system (Figure 2) consists of a Distributed Feedback (DFB) diode laser kept fixed at 780 nm 
and a widely tunable, External Cavity diode laser (ECDL) that is tunable over +/- 10 nm range 
centered at ~780 nm. Both lasers generate 50 mW of optical power. The two laser beams are 
combined with a 50/50 beamsplitter, with one arm of the combination coupled into a wavemeter 
for precise frequency measurement, while the second arm is mechanically chopped at 16 Hz, and 
then focused onto the photomixer using y a 10x microscope objective. To be extremely flexible 
in measuring different samples, we built two different measuring configurations for transmission 
spectra (Figure 2b and 2c). Not shown, the system is also easily reconfigured to measure 
reflection spectra.  The configuration of Figure 2b is designed to illuminate the sample with a 
large collimated beam so as to measure spectrum under certain uniform beam incident angle, 
while the configuration of Figure 2c is designed to focus the THz beam for use when the material 
being measured is highly attenuative.  

Once the THz beam has passed through the sample, both configurations steer and focus the beam 
into a Golay Cell detector. The Golay cell, a commonly used THz detector due to high sensitivity, 
has a specific noise equivalent power spectral density (NEP) of 10 1/22 10 W/Hz−×  and with a 
built-in preamplifier, a responsivity of 410 V/W . The output electrical signal from the Golay cell 
is measured by a lock-in amplifier using the mechanical chopper as the reference frequency. The 
system using the focused configuration (Figure 2b), the average THz power was measured to be 



0.2μW at low frequencies (100GHz ~ 200GHz), with a 10dB roll off at about 1 THz. The roll off 
is mainly due to the frequency dependent sensitivity roll off of the Golay cell detector. 
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Figure 2: Block diagram of photomixing THz spectroscopic system. 

 

3. EXPERIMENTAL RESULTS 

3.1 Photomixing spectral resolution and waterlines 

Water vapor is known as the most prevalent and strongest absorber of THz wave in the 
atmosphere and the THz absorption lines are often referred to as water lines.  Since water lines 
are narrow, they provide a convenient and excellent benchmark for measuring the spectral 
resolution of a THz system. Using the configuration shown in Figure 2b, a total THz path length 
(from the photomixer to the Golay cell) of ~ 12 cm, and no sample in the beam path, an 
atmosphere spectrum was measured (i.e. water lines). The resulting spectrum is shown in Figure 
3, in which the three strongest absorption lines (water lines) in this region are measured to be at 
987 GHz, 1097 GHz, and 1162 GHz respectively. This is within 0.2%±  of the data obtained 
from HITRAN database, which are 988.9 GHz, 1098.1 GHz and 1163.7 GHz respectively.  



 

Figure 3: Experimental results of water vapor absorption. Three water lines are at 987 GHz, 1097 GHz 
and 1162 GHz respectively. 

 

3.2 THz filter performance test with photomixing system 

THz spectrometers are also useful to characterize system components such as filters. Filters of 
known specifications are especially convenient mean to verify operation. We tested four THz 
metal mesh filters, designed and manufactured by Virginia Diodes, Inc. (VDI)[4] using the 
configuration shown in Figure 2b, yielding a collimated THz beam incident perpendicularly onto 
the filter. The test results are shown in Figure 4. As we can see, as the center frequency of the 
mesh filter increases, their bandwidths also increases. This shows a good example of the 
importance of THz spectrometer in THz system components development. 

 

Figure 4: Experimental results of transmission of four THz metallic mesh filters. 

 

3.3 Lactose and Biotin absorption spectrum in THz region 

Lactose (C12H22O11) and Biotin (C10H16N2O3S) are both organic solids, which are generally 
considered to have resonant absorption signature in THz region, due to optically active phonons. 
Lactose consists of a β-D-galactose ring bonded to an α/β-D-glucose ring through an oxygen 
linkage.[5, 6] Both solid-state Lactose and biotin were made by pressing Lactose powder and 



Biotin powder so as to eliminate scattering from the powder particle. The structures of isolated-
molecule and solid-state Lactose and Biotin are shown in Figure 5.[5] Also shown are the low 
frequency vibrational modes of both materials, including the twisting modes and bending modes. 
Experimental results of attenuation of both materials in solid-state conformation are shown in 
Figure 6. The two attenuation spectra showed great similarity. They both have large absorption 
signature at around 550 GHz and 1400 GHz. In the vicinity of 1100 GHz, they also both have 
absorption peak. Lactose has an absorption line at 1745 GHz, where the biotin spectrum is absent 
of corresponding absorption in the measured frequency range. It is also apparent that the lactose 
absorption lines are narrower than those of biotin. 

 

Figure 5: Structures of isolated-molecule and solid-state Lactose (left) and Biotin (right).  Red dots 
indicate the hindered rotation solid-state axes and the blue double-headed arrow indicates the 

intramolecular hydrogen bond broken in the solid-state. The biotin solid-state mode is represented as a 
one-dimensional chain for clarity.[5] 

 

Figure 6: Attenuation of Biotin and Lactose. The Biotin data is shifted vertically to avoid overlap. 

 



The spectrum results illustrate the measuring capabilities of biological samples, and show the 
potential of the spectrometer in designing imaging systems.  Using the spectrometer and the 
characterization results obtained from the instrument, frequency dependent signatures of 
biological tissues can potentially be exploited for novel medical imaging applications.  The 
spectrometer developed and presented will be used to indentify initial feasibility of potential 
medical applications. 

 

4. CONCLUSION 

The THz photomixing spectroscopic system presented covers the spectral range from 0.1 THz to 
3 THz with sub-GHz spectral resolution. The system is an extremely powerful tool in THz 
research. It provides a direct tool in chemical and biological material THz spectroscopy study. 
Short-chain molecular structures showed strong and narrow absorption features in sub-THz 
region due to intermolecular vibrational modes. These absorption features may provide 
fingerprints of complex biological structures, which are extremely important in biological and 
medical research.  While system engineers develop more robust, more sensitive imagers, the THz 
spectrometer developed will be used to determine the optimal frequency of operation and 
bandwidth and further characterization biological tissues at THz frequencies. 
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ABSTRACT 

 

The F-35 program, known as the Joint Strike Fighter (JSF), is the largest DOD program 

ever awarded. There are three F-35 variations, each intended to meet the specific needs of 

the Air Force, Navy, Marine Corps, and Allies. The F-35 Joint Strike Fighter represents 

the newest advanced military aircraft to make use of Fibre Channel as its primary 

avionics information transport network. In addition to its use for carrying tactical 

information systems data, the Fibre Channel network will also transport the real-time 

digital video used in the cockpit; primarily the pilot’s helmet mounted display (HMD) 

and the high-resolution configurable panoramic cockpit display (PCD). In addition to the 

fighter’s instrumentation configuration for orange wire and avionics data, the aircraft will 

carry a separate instrumentation package to allow for both the recording and telemetry of 

either high-resolution Fibre Channel digital video or standard resolution analog video 

inputs during flight tests. This multiplexer is designed to record cockpit video and audio 

data, while supporting an option for the test engineer to select up to three out of eight 

video and audio inputs for real-time telemetry to the ground. This paper describes the 

architecture of this system, along with the techniques used to reduce the 5 MBps Fibre 

Channel digital video to a bandwidth acceptable for telemetry. 
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INTRODUCTION 

 

The F-35 Joint Strike Fighter represents the newest advanced military aircraft to make 

use of Fibre Channel as its primary avionics information transport network. In addition to 

its use for carrying tactical information system data, the Fibre Channel network also 

transports the real-time digital video used in the cockpit; primarily the pilot’s helmet 

mounted display (HMD) and the high-resolution configurable panoramic cockpit display 

(PCD). As an element of the flight test program for the aircraft, it is required that these 

three video sources are included as part of the instrumentation’s recording capabilities. 

An additional goal of the program is to provide real-time telemetry of a subset of this 

display data to the ground for analysis and interpretation. Given the data rates involved 

and the immaturity of the technology being proposed, this task has proven to be difficult 

to accomplish. Specialized hardware and software, both in the air and on the ground has 

been developed to accomplish this objective. This paper will examine, in detail, the top-

level constraints and requirements of the project, the system architecture developed to 

implement the program requirements and an overall description of each of the individual 

components of the solution. 

 

AIRCRAFT ARCHITECTURE 

 

The pilot’s primary display on the F-35 is the Panoramic Cockpit Display (PCD). This 

display is composed of left and right components, referred to as the display management 

computer (DMC) left (DMCL) and right (DMCR). In addition, the pilot will wear a 

helmet mounded display (HMD) referred to as the Enhanced Helmet Display Processor 

(EHDP) or DMC-Helmet (DMCH). In this paper, the terms DMCL, DMCR and DMCH 

will be used to refer to each of these components. The visual displays on the F-35 are 

capable of displaying graphics, digital video and digital video with a graphic overlay. In 

order to record the information as it is presented to the pilot, the composite display 

information must be monitored after all the graphics overlay processing is complete. This 

can be done by recording output of the graphics processor to the aircraft’s Portable 

Memory Device (PMD) or with the onboard instrumentation. A high-level system 

diagram for the components associated with each display is shown below: 

 

 
Figure 1: JSF Video Display Data Flow 



Each display (DMCL, DMCR, and DMCH) is built from either real-time digital video 

(such as that generated by an on-board sensor or camera) and/or real-time system data 

from the aircraft (such as speed and direction). Both kinds of information arrive at the 

display network interface through the aircraft Fibre Channel switched network. The 

digital video is passed directly to the graphics processor, while the system data is sent to 

the display processor. This will then generate a set of commands to be used by the 

graphics processor for constructing a real-time overlay for the digital video. The output of 

the graphics processor is sent through a digital video interface (DVI) to the LCD display 

for direct viewing by the pilot (either as part of the panoramic display or through the 

helmet) and additionally to a MPEG-2 video compression unit. The output of video 

compression engine is encapsulated into Fibre Channel frames and re-transmitted back 

into the network for recording by the aircraft or for use by the flight instrumentation 

system. In addition to the digital video component of the aircraft, digital audio (from the 

cockpit microphone) is also transmitted on the Fibre Channel network in its raw form. 

The JSF program also requires that conventional analog video and audio inputs into the 

instrumentation system are available. The specifics of each of the six types of input 

sources that can be presented to the video instrumentation system are as follows: 

 

Type Resolution Bandwidth Depth (bits) Bit Rate 

DMCL 1280x1024 40 Mbps 24 Variable 

DMCR 1280x1024 40 Mbps 24 Variable 

DMCH 1280x1024 20 Mbps 8 Variable 

Digital Audio NA 240 Kbps 16 Constant 

Analog Video 640x480 2 Mbps 24 Constant 

Analog Audio NA 192 Kbps 16 Constant 

 

Table 1: JSF Video Input Sources 

 

 

REQUIREMENTS 

 

The top-level systems requirements for the JSF video instrumentation system include: 

 

 Accept up to five independent video input streams 

o Two conventional analog video input streams 

o Three MPEG-2 high-resolution compressed digital video input streams 

 Available through a single Fibre Channel optical interface 

 Accept up to Three independent audio input streams 

o Two independent analog audio input streams 

o One independent digital audio input stream 

 Available through single Fibre Channel optical interface 

 Single removable recording media cartridge 

o Two hours recording capacity 

 Six discrete control/status input/output lines 

o Record Start/Stop Control 

o Record Ready Indicator 



o Record Active Indicator 

o Low Memory Indicator 

o Event Marker Control 

o Media Cartridge Interlock Indicator 

 Telemetry output (clock and data) 

o Selectable any two out of five source video streams 

o Selectable any one out of three source audio streams 

o Programmable from 1 Mbps to 20 Mbps 

 CAIS programming interface 

 IRIG-B time input 

 Chapter 10 compatible 

 

A high level diagram which depicts the aircraft system requirements is shown below: 

 

 

 
Figure 2: JSF Video Instrumentation System Diagram 

 



SYSTEM DESCRIPTION 

 

What follows next is a step-by-step discussion of the processing procedure used by the 

instrumentation system on the video and audio data as it is acquired in the aircraft and 

delivered to both the aircraft recorder and the ground reproducer. 

 

Recording 

 

Each DMC outputs its compressed video data into the Fibre Channel network using a pre-

assigned Anonymous Subscriber Messaging (ASM) label. Each network node in the 

aircraft is required to actively solicit its packets from the Fibre Channel switch by using a 

JSF-specific protocol called Selective Message Routing Capability (SMRC). The 

instrumentation unit uses its programming to instruct its Fibre Channel interface card to 

send frames to the attached switch and setup a path through the network such that the 

video data from each DMC is routed to the instrumentation port. The data appears at the 

port as a Fibre Channel File System Message. This is the native format used by the 

aircraft to store the display data into the operational recorder. The instrumentation 

recorder will directly embed this format into its Chapter 10 file as a message packet. 

Additionally, the instrumentation system is required to strip this message format from the 

raw video data to enable its use elsewhere in the unit for telemetry. The analog video and 

audio inputs to the system are handled by a separate card which provides four 

independent inputs that are each processed by a MPEG-2 video and audio encoder. The 

output of each channel is also sent to the on-board recorder to be stored as conventional 

Chapter 10 video packets, while a copy of the data is sent to the telemetry card for 

processing. In order to allow the user to select any video or audio input for telemetry, 

every video and audio stream is compressed and processed as a separate transport stream. 

 

Telemetry 

 

The telemetry portion of the instrumentation system is handled by a specifically designed 

card which implements similar functionality to a pre-existing TTC product, the MARM-

2000. Its purpose is to accept one or more input streams and dynamically allocate time 

slots in its pre-defined PCM format to carry data in the PCM output stream. Each input 

stream is assigned transmit bandwidth based on the customer’s specification. The card 

multiplexes the input streams into a single output bit stream for transmission, each input 

channel being assigned timeslots based on how much data is actually queued waiting for 

transmission. The task of the card is to assign timeslots in a manner such that the 

reproducer on the ground does not underflow or overflow while recreating the output 

stream at the programmed bit rate. 

 

The primary obstacle to providing the high-resolution video on the ground from the high 

resolution displays aboard the aircraft is their bandwidth. Even after MPEG-2 

compression, each display processor on the aircraft produces data at 40 Mbps. This far 

exceeds the total available bandwidth allocated for video telemetry. The only way to 

accommodate these input sources is through a form of video bit rate decimation. The 

approach used by the video instrumentation system is as follows: 



 

1. Fibre Channel frames sent to the telemetry card will be inspected to determine if 

they are carrying JSF video. 

2. A video extraction algorithm will be used to recover raw MPEG-2 elementary 

stream data. This is done by parsing the Fibre Channel frame and stripping off the 

Fibre Channel headers and File System headers and trailers. 

3. The resulting MPEG-2 elementary stream data is sent to a second filter stage. 

4. The second stage filter attempts to locate and remove the non I-frames present in 

the elementary stream. 

a. The elementary MPEG-2 stream is parsed looking for I frames. 

b. The complete I-frame is extracted. 

c. The I-frame is dropped or kept depending upon the bit rate of the assigned 

channel. 

d. The I-frame is re-embedded into a full MPEG-2 transport bit stream 

e. The bit stream is passed on to the card for its normal multiplexing 

functions 

 

Each compressed video stream from an aircraft display consists of MPEG-2 I and P 

frames. Removing all of the P frames, reconstructing a transport stream and restricting 

the resulting transport stream to 1 FPS is estimated to reduce the original 40 Mbps output 

rate down to a telemetry output rate of 2.5 Mbps. 

 

Reproduction 

 

On the ground, a de-multiplexer separates each video and audio channel and feeds them 

into a dedicated MPEG-2 decoder. The hardware is designed to handle MPEG-2 high-

level main-profile transport streams. Each video stream is output through a digital video 

interface onto a high-resolution LCD. A total of three video and/or audio streams can be 

decoded simultaneously. In addition, the de-multiplexer is capable of dynamically 

switching between one out of a possible eight configurations (a different mix of three out 

of the possible eight possible input sources) based on changing the mode of operation in 

the aircraft. 

 

Analysis 

 

Once the aircraft has landed, the cartridge can be removed from the instrumentation 

system and reviewed on the ground. Each file created contains a Chapter 10 Index which 

can be used to quickly locate portions of the video for analysis by using an IRIG 

timestamp. In addition, the pilot can create Chapter 10 Event Markers using an input 

discrete connected to a cockpit control panel. Once the cartridge is loaded on the ground, 

it can be quickly swept for event packets and output to the user to aid in selecting 

portions of the file for analysis. Once the portion of video of interest has been identified, 

the playback software extracts the MPEG-2 elementary stream from the embedded Fibre 

Channel frames and displays it for analysis and review. 

 

 



An end-to-end overview of the JSF video acquisition is shown below: 

 

 
Figure 3: JSF Video System Overview 

 

 

SYSTEM COMPONENTS 

 

The video acquisition system is based on the AIM-2004 Airborne Instrumentation 

Multiplexer which has already been used in the JSF program for sensor and avionics 

acquisition. The unit is configured with various I/O cards to acquire four Fibre Channel 

optical video/audio streams, two RS-170 video streams, two audio inputs, and one IRIG 

time input. The multiplexer output is routed to the MSR-2001-PS solid-state recorder via 

an electrical Fibre Channel bus for recording. The media cartridge is fully compatible 

with existing recording equipment currently being used with the JSF program. The 

function of each of the individual components in the system is highlighted below. 

 

 

 

 

 

 



AIM-2004 

 

This unit is a four slot chassis designed to provide data multiplexing for recording of up 

to 100 MBps. It contains a PowerPC processor running a real-time embedded Linux 

operating system supporting a variety of system software services and tasks. Each unit is 

configured with 256 MB of RAM and 64 MB of non-volatile memory for software and 

configuration data. IRIG B AC or DC can be used for timestamping and a CAIS bus 

interface allows the unit to act as a CAIS bus remote. 

 

ARM-301A 

 
The ARM-301A is a one-channel PCM output card for use in the AIM-2004. The card is 

designed to emulate an existing TTC product, the MARM-2000. This emulation function 

is required in order to reconstruct real-time video using the existing TTC’s RMOR-2000 

system on the ground. The card provides PCM clock and data outputs in either single-

ended (TTL) or RS-422 differential format at NRZ-L or RNRZ-L rates up to 20 Mbps. A 

programmable 6-pole Bessel response pre-modulation filter is also provided for the 

telemetry output. 

 

VID-304 

 

The VID-304 is a four channel MPEG-2 audio/video encoder interface card for use in 

TTC's AIM-2004 products. The card accepts RS-170 composite or S-video on a per-

channel basis (in either NTSC or PAL video formats). Each video channel can be 

multiplexed with a corresponding audio channel, compressed into an MPEG-2 transport 

stream, and packetized per IRIG-106 Chapter 10 format. Each channel within the VID-

304 card has the flexibility to acquire video, audio, or combined video and audio. For this 

application, two channels will be used to acquire and encode the two RS-170 video 

channels into MPEG-2 transport streams, while the other two channels can be used for 

analog audio. All of the acquired video and audio data will be transferred to the Chapter 

10 recorder while only selected channels will also be sent to the telemetry output for 

transmission. 

 

FCH-304L 

 
The FCH-304L is a quad-optical Fibre Channel interface board for use in TTC's AIM-

2004 products. The FCH-304L provides four full-duplex optical Fibre Channel interfaces 

that adhere to the Fibre Channel standards set and maintained by the American National 

Standards Institute (ANSI) Task Group X3T11. Each full-duplex Fibre Channel interface 

is capable of data rates up to 2.125 Gbps. The four optical Fibre Channel interface pairs 

are accessible at the FCH-304L faceplate via a fiber optical D-Subminiature receptacle. 

This card was developed using parts from the JSF program which are designed to provide 

an aircraft-specific Fibre Channel switched network based on the ASM protocol. 

 

 



 
 

Figure 4: JSF Fibre Channel Card for ASM 

 

 

 

RMOR-2000D 

 

The RMOR-2000D Rack Mount Output Reproducer unit is a 19" rack mount assembly 

used for recovery and regeneration of interleaved data. The RMOR-2000D accepts a 

high-speed, serial-composite input, de-commutates this input with the DMX-100E card, 

and regenerates original data channels for real-time monitoring and display. Various 

plug-in cards can be included in the chassis to handle the required data types including 

PCM, voice, and video. The system is fully programmable by the user.  

 

DMX-100E 

 

The DMX-100E de-multiplexer card provides the central de-multiplexer function for 

TTC's Rack Mount Output Reproducer series products. The card is used with various 

output cards such as the DVC-101H to regenerate video, and voice for real-time analysis. 

The DMX-100E's inter-leaver format and channel block characteristics are programmed 

by the user using TTC's TTCWare software tool set. The DMX-100E supports a 

maximum aggregate data rate of up to 20 Mbps. 



  

DVC-101H 

 

The DVC-101H is a plug-in card for the RMOR-2000 rack mount output reproducer 

designed to regenerate one channel of compressed MPEG-2 Video/Audio. It supports 

both standard resolution (NTSC and PAL) composite video in addition to computer video 

input resolutions of VGA (640 x 480 at 60-85 Hz) up to SXGA (1280 x 1024 at 60-75 

Hz). The card decodes a standard MPEG-2 transport stream and can regenerate video, 

MPEG2 Layer 2 & 3 audio, or uncompressed 16-bit linear audio. The card is capable of 

handling incoming compressed video and audio bit rates of up to 10 Mbps. 

 

Figure 5: High-Resolution MPEG-2 Decoder Card 

 

 

 
 

 

CONCLUSION 

 

Our approach to the problem of addressing the needs of the JSF program for an 

instrumentation video acquisition system is based on maximizing the use of existing 

COTS products that are configured and/or modified to meet the specified requirements of 

the program. We believe our solution is uniquely capable of supporting their required 

flight test video acquisition, recording and real-time telemetry needs. Our novel approach 

of using real-time decimation of cockpit display video in the air allows the system to 

provide users on the ground with real-time access to data that has previously been 

unavailable. 
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ABSTRACT 

 

Flight test instrumentation/data processing environments consist of three components: 

 

• Airborne Data Acquisition System 

• Telemetry Control Room 

• Post Test Data Processing System 

 

While these three components require the same setup information, most often they are 

configured separately using a different tool for each system.  Vendor supplied tools generally do 

not interact very well with hardware other than their own.  This results in the multiple entry of 

the configuration information.  Multiple entries of data for large complex systems are susceptible 

to data entry errors as well as version synchronization issues. 

 

This paper describes the successful implementation of a single Microsoft Excel based tool being 

used to program the instrumentation data acquisition hardware, the real-time telemetry system, 

and the post test data processing system on an active test program.  This tool leverages the XML 

interfaces provided by vendors of telemetry equipment. 
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INTRODUCTION 

 

The Instrumentation Configuration List (ICL) is an EXCEL hosted VBA application that exports 

XML files that are compatible with a vendor supplied setup tool for loading airborne data 

acquisition system hardware.  This application is a second generation tool that has evolved over 

approximately 12 years and four flight test programs. 

 

After initial familiarization with the vendor provided hardware configuration tools, it became 

apparent that configuring a system with one thousand plus parameters would be extremely labor 

intensive.  The vendor provided GUI interface required too many mouse clicks and did not have 

provisions for bulk entry of data.  Another limitation of the vendor tool was the absence of 

transducer calibration information required for engineering unit conversion calculations.  

 

The first generation tool was based on a database application with a grid like user interface that 

looked like a spreadsheet but did not have spreadsheet functionality.  The first generation tool 

was capable of creating hex files required to program a specific vendor’s hardware and the 

database file itself was provided to the data center to support engineering unit conversion and 

post processing of data.  This implementation was tightly coupled to a specific vendor’s 

hardware.  And the lack of true spreadsheet functionality was a productivity limitation of the first 

generation tool.  

 

This paper will discuss the features and operation of the second generation ICL.  The paper will 

also discuss the productivity enhancements inherent in using EXCEL to capture the complete set 

of information required to configure the data acquisition hardware system, the telemetry and 

real-time display system, and the post processing system.  Additionally the paper will show how 

the use of a robust XML interface simplifies the integration of products from different vendors to 

implement complex data acquisition and processing systems. 

 

 

DESCRIPTION OF APPLICATION 

 

The Instrumentation Configuration List application consists of an Excel spreadsheet with color 

coded columns defining four basic groups of information.  The four basic groups of information 

are: 

 

• Documentary Information (Green) 

• Transducer Information (Blue) 

• Data Acquisition System (DAS) Hardware Information (Yellow) 

• Data Processing Information (Red) 

 

In addition to these four basic groups, there is a column dedicated to the status of each 

measurement.  The status column information and the column headings for each major group are 

shown below in Table 1. 

 

 

 



 3 

DOCUMENTARY 

INFORMATION 
 

DAS HARDWARE SPECIFIC 

INFO 

MEASUREMENT ID  REMOTE NAME 

SUFFIX  REMOTE TYPE 

MEASUREMENT NAME  REMOTE PORT 

RANGE LO  REMOTE ID 

RANGE HI  MODULE TYPE 

ENGINEERING UNITS  MODULE ID 

FREQUENCY RESPONSE  MS1 

MININIMUM SAMPLE RATE  MS2 

GROUP  MS3 

  MS4 

TRANSDUCER INFORMATION  MSxxx 

TRANSDUCER DESCRIPTION   

MANUFACTURER  DATA PROCESSING INFO 

PART NUMBER  FORMAT 

TRANSDUCER S/N  WORD 

TRANSDUCER EXCITATION  WORD INTERVAL 

TRANSDUCER OFFSET(A0)  FRAME 

TRANSDUCER SENSITIVITY(A1)  FRAME INTERVAL 

TRANSDUCER ENGR UNITS  WORD LENGTH 

CALIBRATION DATE  INPUT DATA TYPE 

CAL EXPIRATION DATE  MOST SIGNIFICANT BIT 

TRANSDUCER RANGE LO  LEAST SIGNIFICANT BIT 

TRANSDUCER RANGE HI  PROCESS 

TRANSDUCER FS RANGE  A0 (OFFSET) 

REQUESTED GAIN  A1 (EU/COUNT) 

  A2 

MEASUREMENT STATUS  A3 

ON  A4 

OFF  A5 

FOR REFERENCE ONLY  OUTPUT DATA TYPE 

HARDWARE ONLY  STATES 

 

Table 1 – Column Definitions 

 

 

There is also a context sensitive form that displays the information as well.  Using this form, the 

user can view all the required test information for a single measurement on one screen.  The 

application also has support utilities for exporting XML files, performing data validity checks, 

and generating reports. 

 

Users are provided with two options for data entry.  All relevant information for a single 

measurement may be entered on a single row in the spreadsheet or entered on the context 
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sensitive form.  While the user has to scroll left and right to access all of the columns, the form 

presents all information for a single measurement at once on a single screen.  Fields on the form 

populate corresponding cells on the row for a given measurement.  A sample of the context 

sensitive form is shown below in Figure 1. 

 

 

 
 

Figure 1 – Example context sensitive form 
 

 

The fields in the hardware section (yellow) of the form vary depending on the type of signal 

conditioning card.  Once a type of measurement is setup using the form, similar measurements 

can be quickly created by replicating rows in the ICL.  Using standard Excel copy and paste 

functions, the user can quickly enter the common setup information for the similar measurement 

types.  Basically the user has access to all the Excel functionality while also having the ability to 

manipulate the measurement setup information. 

 

Pseudo measurement identifiers are also used to represent hardware specific setup information 

that can not be directly linked to a measurement.  Examples of hardware setup information are 

bit rates, PCM frame sizes, as well as global card settings. 

 

 

OPERATION OF APPLICATION 

 

Once the ICL is populated, a vendor compatible XML file may be created.  Data validity checks 

are performed while the XML is being generated.  The XML file may then be imported into the 

vendor application.  The vendor application compiles the XML project file and then loads the 

hardware. 
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The ICL spreadsheet is imported directly into the data processing system database.  This 

database contains all information for the test environment including instrumentation hardware 

configurations, test mission configurations, and test data.  Database tools are used to extract 

information required to setup the real-time display system and the post test data processing 

system.  The extracted setup information is both XML and vendor proprietary.  When XML 

coding is utilized, the integration of vendor tools is greatly simplified. 

 

The required information for setting up the instrumentation hardware and the data processing 

system is entered one time only when utilizing the ICL application.  The configuration 

information is then electronically propagated to the downstream applications using XML when 

available.  This ensures that all components of the instrumentation / data processing environment 

are configured with the same set of information.  An illustration of the data flow process from 

the ICL application is shown below in Figure 2. 

 

 

 
 

Figure 2 – Flow of setup information in an instrumentation / data processing environment 
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CONCLUSION 

 

XML provides a convenient mechanism for communicating instrumentation setup information to 

different applications from a diverse group of vendors.  While it is not necessary that all vendors 

use the same XML schema, the use of XML facilitates the interoperability of tools from a variety 

of vendors.  The single entry of the configuration information significantly reduces errors and 

increases the data entry efficiency.  The ICL application is easily adaptable to support any 

vendor’s hardware and XML schema.  
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ABSTRACT 

 

In this paper, we present a methodology for managing diverse sources of T&E metadata.  Central 

to this methodology is the development of a T&E Metadata Reference Model, which serves as 

the standard model for T&E metadata types, their proper names, and their relationships to each 

other.  We describe how this reference model can be mapped to a range’s own T&E data and 

process models to provide a standardized view into each organization’s custom metadata sources 

and procedures.  Finally, we present an architecture that uses these models and mappings to 

support cross-system metadata management tasks and makes these capabilities accessible across 

the network through a single portal interface. 

 

KEYWORDS 

 

T&E Metadata, Reference Model, Information Retrieval, Ontology, UML 

 

INTRODUCTION 

 

The product complexity and testing requirements of modern test articles have driven the 

evolution of complex Test & Evaluation (T&E) processes. However, existing T&E processes are 

lacking in data management support; particularly with respect to data storage and retrieval, and 

metadata support. The T&E metadata is documented in a diverse set of formats (XML, 

specialized databases, Microsoft® Office® documents, etc) on a diverse set of systems (SQL 

Server, Oracle, document management systems, etc).  Some of this information is stored in a 

structured form, such as instrumentation information in the Instrumentation, Loading, 

Integration, Analysis and Display toolset (ILIAD)’s [1] database.  Other information, such as test 

plans, requirements, and reports, is stored in unstructured formats.  Emerging and existing text 

and XML-based standards such as Telemetry Attributes Transfer Standard (TMATS) [2], 

TMATS-XML, Data Display Markup Language (DDML) [3], and Instrumentation Hardware 

Abstraction Language (IHAL) [4] represent a category of ―semi-structured‖ data. 



In many cases the same type of information is stored in different formats and on different 

systems for different test articles.  Further, the terminologies used to refer to one type of 

metadata may vary not only across ranges, but across different groups within the same range.  As 

a result, it is extremely difficult to perform useful metadata management tasks such as cross-

referencing and verifying different sources of T&E metadata against each other, quickly 

retrieving all metadata for a given test or test article, or issuing a single keyword search across all 

sources of metadata. 

The vision of the DoD’s Net-Centric Data Strategy aims to make data from multiple, divergent 

domains visible and accessible.  This includes the accessibility of T&E data within the T&E 

community in a net-centric fashion that is usable for both anticipated and unanticipated users and 

applications. 

As part of a Small Business Innovative Research (SBIR) project with Edwards AFFTC and 

KBSI, we have developed the Test and Evaluation Metadata Plaza (TEMPL), which consists of a 

reference T&E metadata model, a prototype architecture, and a methodology for enabling the 

management of diverse sources of metadata across the network through a single portal interface.   

The end-user applications explicitly supported by TEMPL include the following: 

1. Metadata browsing, search and retrieval 

2. Metadata repository construction 

3. Verification, Validation, and Completeness (VV&C) checking. 

 

THE NEED FOR A T&E METADATA REFERENCE MODEL 

 

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.   

Having easy access to all of this information through a single interface would enable a test 

engineer to quickly browse and search for metadata relevant to a given test, and add these 

individual pieces of metadata into a ―metadata repository‖ for the test.  With this metadata 

repository, ongoing tasks could be validated (e.g.  Has all of the necessary information been 

documented?  Does the test article’s configuration meet the requirements? etc.), enabling 

mistakes to be caught earlier in the process.  Additionally, post-test forensics could be conducted 

much more efficiently with all of the relevant information already assembled and on-hand. 

Several efforts are currently underway to standardize various portions of T&E metadata, 

including the Metadata Definition Language (MDL) currently under development as part of the 

Central Test and Evaluation Investment Program (CTEIP)’s integrated Network Enhanced 

Telemetry (iNET) project [5], the Test and Training Enabling Architecture (TENA) object model 

[6], the Range Commander’s Council (RCC)’s IRIG 106 standards [2], and KBSI’s IHAL [4] 

and DDML [3] efforts.  However, each of these efforts focuses on a single aspect of the T&E 

process.  There is currently no single high-level model that captures all of the metadata generated 



in a typical T&E environment.  Having such a model would serve as a common terminology for 

T&E metadata as well as a guide for building a complete metadata description of a test.   

T&E METADATA REFERENCE MODEL 

 

The T&E Metadata Reference Model (T&E RefMod) is a high-level model of all of the types of 

metadata used in the test and evaluation world.  The elements of the model represent a common 

terminology for each piece of information relevant to a test.  The purpose of the T&E Ref Mod is 

to document the information required to completely describe a test, provide common 

terminology for this information, and provide end-user applications with a common high-level 

data model. 

The T&E Ref Mod is a reference model in that there is only one such model across all T&E 

centers and test squadrons.  Such a model can be developed as an ontology model or as a Unified 

Modeling Language (UML) class diagram [7].  The reference model must be detailed out as 

much as is necessary to map to site-specific (or squadron-specific) metadata sets.   

The T&E Metadata Reference Model is not a new data model or language or the integration of 

different T&E metadata models into a giant T&E metadata model.  Rather it serves as a 

reference metadata model against which range-specific or test squadron-specific or test project 

specific metadata artifacts can be assembled, verified, validated and managed. 

The prototype T&E Metadata Reference Model is shown in Figure 1 using a UML class diagram.  

The scope of this model logically includes a test program and its related entities, test and 

measurement metadata and their related entities, and test article metadata and its related entities.  

The T&E Metadata Reference Model is critical to T&E metadata management because it serves 

as the starting point for a TEMPL practitioner to map out the AS-IS metadata, data sources and 

processes of the site or squadron under consideration.   

 

Figure 1: T&E Metadata Reference Model 



MODELS AND MAPPINGS:  THE TEMPL METHOD 
 

A key aspect of the TEMPL methodology is the use of three types of models:  (i) the T&E Ref 

Mod; (ii) test center data models; and (iii) user process or activity models.  As part of the 

TEMPL method, mappings must be created among these models to support the various TEMPL 

functions.  This mapping process creates associations between the unique naming conventions 

(nomenclatures) at a particular site and the neutral terminology of the T&E Ref Mod.  

Additionally, mappings must be created between the abstract data model and the data itself. 

The T&E Ref Mod, discussed in the previous section, is a neutral abstraction of all of the 

metadata involved in the T&E world.  Its purpose in the TEMPL method is to serve as the 

common view of the data used by the various end-users and end-user applications. 

The test-center data models serve to document all of the data systems and artifacts used to store 

and maintain metadata at a specific test center.  These data models must be mapped to the T&E 

Ref Mod to enable the TEMPL middleware (discussed in the next section) to access the 

appropriate metadata.  The mappings between data model elements and T&E Ref Mod nodes are 

many-to-many.  That is, each type of metadata may be stored in multiple artifacts or systems, 

and each artifact or system may contain multiple types of metadata.  Once these mappings have 

been created, the TEMPL middleware can access the various systems and can provide instances 

of metadata to the various end-user applications without having to re-configure such applications 

to work with each test center’s systems. 

The user process or activity models serve to document the functions performed by a specific user 

or role at the test center.  The TEMPL portal and other end-user applications can use these 

process or activity models to provide a relevant view of the metadata to each user.  For the portal 

to provide this customized view, the user process models must be mapped to both the T&E Ref 

Mod and the data models.  Like the other mappings, these mappings are also many-to-many (one 

process may involve multiple types of metadata or multiple artifacts, and one artifact or type of 

metadata may be used in multiple processes).  Once these mappings have been created, the end-

user applications can organize the metadata in a repository according to the user’s process 

model, and can scope or filter the metadata according to a set of processes or activities that the 

user performs. 

The TEMPL application method also includes a detailed approach for creating the models and 

the mappings among the various model elements.  For data models, the modeler will design a 

model of data sources, and the data concepts within those sources.  For each data concept, two 

types of attributes will be added to the model element to establish the mappings: 

1. 0,1 or more T&E Ref Mod element name(s):  These attributes define the T&E Ref Mod 

element(s) which correspond to the data concept 

2. Data linkage information:  This attribute contains the necessary information to connect to 

the data source and retrieve data associated with the data concept.  For example, this 

information could include a URL to a folder containing documents, or a connection string 

and SQL statement to retrieve data from a database. 

The relationships among the various mappings are illustrated in Figure 2  The solid arrows show 

a run-time relationship—the light blue arrow depicts a support towards development of a 



Metadata Repository instance, the green solid arrow provide search filter support for end-user 

applications, and finally, the solid red arrows show the source input and output for validation 

support.  A logical visualization of a simple example data model mapping involving just one 

T&E Ref Mod element (―Test Points‖) is shown in Figure 3.   

 

Figure 2: Models and their Relationships in the TEMPL Method 

 

 

Figure 3: Example of Data Model Mappings 
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For process models, the modeler will design a standard Integrated DEFinition method (IDEF3) 

model of the process flow [8].  For each task in the model, two types of attributes can be added 

to establish the necessary mappings: 

1. Zero or more T&E Ref Mod element name(s): These attributes define the T&E Ref Mod 

element(s) which correspond to the types of metadata being accessed or modified during 

execution of the task. 

2. Zero or more data model element name(s):  These attributes define the site-specific data 

concepts being accessed or modified during execution of the task. 

It is necessary to allow mappings between the process model and both the T&E Ref Mod and the 

data model(s).  The usage of one type of mapping over the other will depend mostly on the level 

of detail of the process model.  For instance, for a higher-level, more-general process model, it 

would be better to define the process model in terms of the abstract metadata types defined in the 

T&E Ref Mod.  However, for a more detailed process model that describes a particular user’s 

process flow, it would be better to define the process model in terms of the actual data sources 

the user accesses. 

Once these site-specific models are developed and mapped to the T&E Ref Mod, the TEMPL 

Middleware can use this information to provide end-user applications access to the metadata in a 

site-neutral way, while still allowing filtering and searching based on site-specific model 

elements. 

 

TEMPL ARCHITECTURE 
 

The high-level logical architecture of TEMPL, supporting the TEMPL methodology and end-

user applications, is shown in Figure 4.   

The architecture can be divided into four layers – user interfaces; information management; 

middleware; and data and metadata storage, or persistence.   

The user interfaces layer includes KBSI’s ModelMosaic® enterprise modeling tool (which 

includes ontology and process modeling, as well as supporting mapping relationships between 

them) and the T&E metadata portal and search tools.  The portal represents the single interface 

through which end-users can issue searches, build repositories, and perform verification, 

validation, and completeness checking against all available metadata. 

The information management layer consists of the ―business logic‖, including the Verification, 

Validation, and Completeness checking logic; indexing, search and retrieval engine; and 

automation logic in ModelMosaic®.  Included in the information management layer are various 

verification, validation and completeness checkers that test various T&E metadata rules.  These 

VV&C checkers support various use cases that perform model and metadata verification, 

validation, and completeness tests and auto-generate models and artifacts.  These components are 

intended to reduce the cognitive workload of the various stakeholders and users of a test 

program.  The verification, validation, and completeness checking capability is discussed in 

more detail in [9]. 



 

Figure 4: High-Level TEMPL Logical Architecture 

 

The data access middleware layer uses the various models, mappings, database connections, and 

application program interfaces (APIs) to provide metadata retrieval and navigation services to 

the information management layer.  This engine provides support for mixed-mode (structured 

and unstructured) data access.  The middleware is ―configured‖ by the models and mappings 

discussed in later sections.  Additionally, by providing a common view into the diverse sources 

of metadata in the persistence layer, this model-based middleware can be used to support end-

user applications not explicitly defined in the TEMPL architecture. 

Finally, the user persistence layer consists of the various metadata, ontology and process models, 

and various mappings, index files for search, rule bases, and sources of data and metadata. 

 

 

CONCLUSION 

 

The complexity and diversity of metadata storage and management practices across as well as 

within ranges, coupled with the absence of a common terminology for T&E metadata has made it 

difficult to perform simple data management tasks such as retrieval, storage, and test validation 

across all of the information relevant to an individual test or set of tests.  Through a SBIR project 

with Edwards Air Force Flight Test Center and KBSI, we have developed the Test and 

Evaluation Metadata Plaza (TEMPL).  The TEMPL methodology defines the way in which the 

T&E Metadata Reference Model (T&E Ref Mod), when mapped to a site’s specific data and 

process models, can support an architecture for implementing T&E metadata management that 
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enables repository building, retrieval, and VV&C checking of all information relevant to the 

T&E process through a single interface. 
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ABSTRACT 

The vision of the semantic web is to unleash the next generation of information sharing and 

interoperability by encoding meaning into the symbols that are used to describe various 

computational capabilities within the World Wide Web or other networks. This paper describes 

the application of semantic web technologies to Test and Evaluation (T&E) metadata verification 

and validation. Verification is a quality process that is used to evaluate whether or not a product, 

service, or system complies with a regulation, specification, or conditions imposed at the start of 

a development phase or which exists in the organization. Validation is the process of establishing 

documented evidence that provides a high degree of assurance that a product, service, or system 

accomplishes its intended requirements. While this often involves acceptance and suitability with 

external customers, automation provides significant assistance to the customers.   

KEYWORDS 

T&E metadata, metadata validation, metadata verification, Semantic web, RDF/OWL, SPARQL 

INTRODUCTION 

Several recent developments have laid the groundwork for the application of semantic web 

technologies to focused domain areas, such as Test and Evaluation (T&E). Ontologies are 

envisioned as the key enabler for representing and encoding meaning in T&E metadata. The web 

ontology language (OWL) is a standard, much like eXtensible Markup Language (XML), that 

represents meaning in a programming language and database independent way [1]. OWL 

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. Use of description logics is a powerful method for describing concepts in terms of their 

properties and relationships among those properties, instead of statically describing concepts in a 

hierarchical taxonomy. Finally, Simple Protocol and RDF Query Language (SPARQL) [2] is a 

query language for the Resource Description Framework (RDF) [3] triples. The RDF triples are 

used to form graphs and SPARQL provides the syntax for querying graph patterns. This provides 

a powerful way for accessing rich, network-based data. 

These and other semantic web technologies provide the foundation for making T&E data 

accessible within a semantic web framework. A T&E Metadata Reference Model can be 

enhanced to develop a T&E ontology that would lay the groundwork for a T&E semantic web 

capability. Such a reference model defines the key concepts in the domain and relationships 

among those concepts. An instance of a reference model defines a graph which can be 

represented using RDF and queried using SPARQL to discover semantically relevant 

information, such as key lessons learned from past tests. Semantic web technologies can also be 

applied to the T&E ontology to realize verification and validation (V&V) capabilities. The V&V 

rules can be included in the ontology to infer new relationships and provide input to inference 

engines for reasoning across the T&E reference model. The development of a T&E ontology is 

particularly valuable for interoperability as inter-test-center applications and standards are 

developed, such as integrated Enhanced Network Telemetry (iNET). A T&E semantic web and 

its enabling technologies will allow engineers to submit semantic queries that can be answered 

by any test center that understands the ontology. 

BACKGROUND 

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.   

This paper addresses the use of semantic technologies for T&E metadata verification and 

validation. The validation and verification function is detailed in Figure 1.  The distinction 

between verification and validation: 

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 often a “judgment call,” involving acceptance of 

suitability by external customers, automation can provide significant assistance to the customers. 

 

Figure 1: Metadata Verification and Validation 

SEMANTIC WEB TECHNOLOGIES FOR V&V 

 

The vision of the semantic web is to unleash the next generation of information sharing and 

interoperability by encoding meaning into the symbols that are used to describe various 

computational capabilities within the World Wide Web or other network[4,5,6].  

SEMANTIC WEB REPRESENTATION 

XML has evolved as a standard for representing and communicating structured information in a 

computer programming and database independent way. Service-oriented architectures (SOAs) 

have standardized interoperability protocols and syntactic descriptions of web services using 

languages such as the web services description language (WSDL)[7] and protocols such as the 

simple object access protocol (SOAP)[8]. This allows, for example, Java and .NET services to 

interoperate in a language independent manner. Use of these capabilities requires that the 

designers understand the WSDL services and write their programs to obey the signatures of the 

services that they are integrating with. The human is still very much in the loop.  

Ontologies are envisioned as the key enabler for the representing and encoding meaning into the 

World Wide Web. This will allow web services to automatically discover and access other 

services with minimal, if any, human intervention. The Protégé ontology editor and knowledge 



acquisition system[9] has developed over many years as the de facto standard for ontology 

development. The web ontology language (OWL)[1] is a standard, much like XML, that 

represents meaning in a programming language and database independent way. OWL supports 

the definitions of concepts and relationships among concepts in such a way that services can 

reason about meaning; for example, by querying a registry for services that can provide 

information about T&E instrumentation systems.  Description logics[10] is a powerful method 

for describing concepts in terms of their properties and relationships among those properties, 

instead of statically describing concepts in a hierarchical taxonomy. Finally, SPARQL[2] is a 

query language for RDF triples. RDF triples are used to form graphs and SPARQL provides the 

syntax for querying graph patterns. This provides a powerful way for accessing rich, network-

based data. 

These advancements provide the foundation for making T&E data accessible within a semantic 

web framework. Specific examples of the use of semantic web tools and technologies include the 

following: 

 The development of a T&E ontology, including definitions of concepts and relationships, 

in standard languages such as OWL. This will enhance interoperability between test 

centers and also between local semantic webs. This ontology will provide a common 

language for sharing data and information with applications outside local T&E 

environments. The ontology will also enhance the semantic search capability that 

provides intelligence beyond simple keyword search.  

 The T&E reference model [13], described in terms of the T&E ontology, defines a graph 

which can be represented using RDF and queried using SPARQL to discover 

semantically relevant information, such as key lessons learned from past tests.  

 The V&V rules can be included in the ontology to infer new relationships over the 

ontological description of the metadata models.  

The foregoing semantic web tools and technologies enable a T&E semantic web that will allow 

engineers to submit semantic queries that can be answered by any test center that understands 

this ontology. 

METADATA V&V 

Typically, V&V rules are based on syntactic, highly customized, inference and implementation. 

Figure 2 illustrates a sample rule that verifies that the measurements described in a measurement 

list have a corresponding transducer in a hardware list that records that measurement. For 

example, if the measurement list has a temperature measurement in the engine bay, the hardware 

list must contain a temperature sensor in the engine bay. Both the measurement list and the 

hardware list are defined in the T&E reference model.  



In the typical implementation of the rule, a Telemetry Attributes Transfer Standard (TMATS) 

file represents the measurement list and an Instrument Hardware Abstraction Language (IHAL) 

[14,15] file represents the hardware list. The rule implementation ensured that each measurement 

in the TMATS file had a corresponding transducer for capturing the measurement in an IHAL 

file. Specifically: 

 For each tmats:Measurement element in the TMATS file, the value of the Name 

attribute of that element appears as an id attribute of an ihal:transducerUse 

element in the IHAL file. 

One possible implementation of this V&V rule requires writing custom Java code to operate 

directly on the TMATS and IHAL XML files. XML Path Language (XPath) [11] navigation is 

employed to scan the TMATS file for tmats:Measurement elements, and then search for 

corresponding ihal:transducerUse elements in the IHAL file. This approach is not 

extensible since each new type of XML file would require that code be written to implement the 

rule. Even if interfaces are designed to govern the implementation of these rules, it does not 

diminish the amount of effort for implementing rules for new types of measurement and 

hardware lists, or other T&E reference model elements.  

 

Figure 2: Verification and Validation Rule 

The foregoing approach to V&V is a syntactic approach since it relies on the structure of the 

source documents. A semantic approach will map the T&E data, metadata and T&E reference 

model into a T&E V&V graph. Figure 3 shows the approach for creating a T&E V&V graph. 

For each <Measurement/> 
in the TMATS file, there 
must exist a corresponding 
<transducerUse/> for that 
measurement in the IHAL 
file.

The output is a list of VV&C 
messages. Pressure 
measurement #50 in the 
TMATS file does not appear 
in the IHAL file. This is a 
verification error.



The T&E ontology will be used to map the source data into a T&E V&V graph. The source data 

usually consists of non-semantic data. The non-semantic data includes both structured and 

unstructured data such as XML files, Microsoft Word® documents, Microsoft Excel® 

spreadsheets, etc. The ontology mapping capability uses the T&E ontology and semantic web 

techniques such as description logic reasoning and rule-based inference to map the source data 

into a T&E V&V graph that consists of concepts and relationships from the ontology.  

 

Figure 3: Verification and Validation Graph 

Figure 4 compares the syntactic V&V approach with the semantic V&V approach. The syntactic 

approach utilizes custom XML-based navigation to implement the V&V rules, for example. The 

semantic approach applies semantic web interference using semantic V&V rules stored in the 

T&E ontology to perform V&V. An example semantic rule is shown below: 

∀𝑥:𝑚𝑒𝑚𝑏𝑒𝑟 𝑥,𝑀𝑒𝑎𝑠𝑢𝑟𝑒𝑚𝑒𝑛𝑡𝐿𝑖𝑠𝑡 ,∃𝑦:𝑚𝑒𝑚𝑏𝑒𝑟(𝑦,𝐻𝑎𝑟𝑑𝑤𝑎𝑟𝑒𝐿𝑖𝑠𝑡)⋀𝑚𝑒𝑎𝑠𝑢𝑟𝑒𝑠(𝑦, 𝑥) 

An alternate semantic representation of T&E V&V rules uses the SPARQL Inferencing Notation 

(SPIN) [2, 12] syntax. An example of a SPIN rule for the measurement list / hardware list 

verification is shown below1: 

ASK WHERE { 

 ?measurement :memberOf :MeasurementList . 

 ?hardware :memberOf :HardwareList . 

 ?hardware :measures ?measurement 

} 

                                                 

1 This is a simplification of the actual SPARQL rule that would be needed to implement the verification logic. Some of the 

details are left out to simplify the explanation. 



 

Figure 4: Verification and Validation Processes 

This rule must evaluate to TRUE in order to pass the verification test. The first clause 

(measurement :memberOf :MeasurementList) binds an element of the 

MeasurementList concept to the variable ?measurement. The second clause (?hardware 

:memberOf :HardwareList) binds an element of the HardwareList concept to the variable 

?hardware. The final clause (?hardware :measures ?measurement) is the verification 

test and verifies that the element that binds to the HardwareList measures the element that 

binds to the MeasurementList concept. 

SUMMARY 

Several recent developments have laid the groundwork for the application of semantic web 

technologies to focused domain areas, such as T&E. In this paper, we have described the use of 

semantic web technologies in the development of a limited, domain-specific T&E semantic web 

that will allow engineers to specify verification and validation rules using language-independent 

semantic web rules. These rules, using existing or emerging standards such as Jena and 

SPARQL, written over a T&E ontology, enable a powerful way for accessing and reasoning 

about rich, network-based data. The V&V rules can be included in the ontology to infer new 

relationships and provide input to inference engines for reasoning across a T&E reference model. 

The development of a T&E ontology is particularly valuable for interoperability as inter-test-

center applications and standards are developed, such as iNET. A T&E semantic web and its 

enabling technologies will allow engineers to submit semantic queries that can be answered by 

any test center that understands the ontology. 
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ABSTRACT 
 

Sponsored by the Central Test and Evaluation Investment Program (CTEIP), the integrated 

Network Enhanced Telemetry (iNET) project has created a proposed architecture for network 

enhancing aeronautical telemetry.  Given the static nature of the current aeronautical telemetry 

architecture (it has not significantly changed in over 50 years), it is recognized that iNET must 

be carefully deployed to avoid test disruptions and safety issues.  In support of a smooth 

transition to this new architecture, the Naval Air Warfare Division Aircraft (NAWCAD) 

conducted an extensive continuous process improvement project.  This paper will describe the 

process, defined and launched by this study, to assure the safe deployment of iNET.  
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BACKGROUND 

 

Real-time telemetry is an integral component of flight test scenarios executed on Department of 

Defense (DoD) test ranges.  For the last 50 years, virtually all real-time telemetry has been point-

to-point one way transmission of data.  Referred to as Serial Streaming Telemetry (SST), data 

are transmitted one way, from the test article to the remotely located test team.  The test team 

evaluates the data in near real-time to ensure safe test execution and to monitor the performance 

of the test article.  Data content and format of the SST data stream are fixed in advance of the 

test. 

 

As complexity of weapon systems increased, the amount of data collected onboard test articles 

began to spiral upwards.  However, the rigidity of point-to-point telemetry, coupled with limited 

spectral resources, severely limited the amount of data that could be transmitted.  Increasingly, 

most of the data collected onboard a test article were recorded vice being transmitted.  In some 

cases, less than three percent of the data being collected are transmitted.  Test engineers have to 

wait until the test article returns to base to retrieve the data recorder so that the majority of the 
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data can be downloaded and analyzed.  Limited real-time access to all the data being collected 

has negatively affected the cost and schedule associated with flight test. 

 

Considering the implications of this trend, it became clear that the traditional SST architecture 

needed to change.  The million dollar question was; “Change to what?”  The call for change was 

led by a rogue group of telemetry engineers who advocated scrapping SST and changing to a 

technology based on wireless networks.  However, wholesale replacement of SST telemetry with 

wireless network technology was also problematic.  While telemetry networks, via two way 

connectivity, could allow near real-time access to all the data recorded onboard the test article, 

they are ill suited for time critical delivery of data with no variance in latency (required for 

accurate near real-time time-history reconstruction).  Despite its faults, SST excels at the 

delivery of time critical data with a fixed latency (supporting accurate near real-time time history 

reconstruction).  Slowly the concept that telemetry networks and traditional SST were not 

mutually exclusive emerged.  In fact, they compliment each other; each doing well, what the 

other does poorly.  The use of wireless network technology to enhance traditional SST is the 

basis of the iNET Architecture.  

 

The iNET Architecture describes how a collection of networks work in harmony with SST to 

meet emergent needs within the Major Range and Test Facility Base (MRTFB).  This system can 

be thought of as a “network of networks” consisting of: 

 

 A vehicular network (to be developed by iNET) on the test article that handles all 

onboard data acquisition functions  

 A wireless network (to be developed by iNET) that provides for network communications 

between test articles and between the test articles and the range infrastructure  

 The existing SST links 

 The existing network infrastructure on DoD T&E ranges 

 

 

iNET – A DISRUPTIVE TECHNOLOGY 

 

“To boldly go where everyone else has gone before” Tomas Chavez circa 1999. 

 

In the early days of the iNET project, Tomas Chaves uttered these prophetic words in describing 

the mission of iNET.  As a project, iNET is bringing the ubiquitous world of network technology 

to the telemetry community.  Similar to the introduction of network technology to the business 

world, the introduction of network technology to the telemetry world will alter telemetry in 

unforeseen ways.  

 

Quoting from www.businessdictionary.com, a disruptive technology is defined as “New ways of 

doing things that disrupt or overturn the traditional business methods and practices.  For example, 

steam engine in the age of sail, and internet in the age of post office mail.” ….or iNET in the age 

of traditional telemetry!  For the first time in over 50 years, iNET will change the underlying 

architecture of telemetry resulting in the overturning of many existing “methods and practices.”  

While many papers have been published on the promise of iNET to improve time, cost, and 

http://www.businessdictionary.com/definition/overturn.html
http://www.businessdictionary.com/definition/business.html
http://www.businessdictionary.com/definition/method.html
http://www.businessdictionary.com/definition/practice.html
http://www.businessdictionary.com/definition/engine.html
http://www.businessdictionary.com/definition/internet.html
http://www.businessdictionary.com/definition/post-office.html
http://www.businessdictionary.com/definition/mail.html
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effectiveness of flight test, few have looked at the challenges of deploying this potentially 

disruptive technology.  

 

iNET technology will first be deployed in the aeronautical telemetry environment.  This is a 

particularly high risk environment where split second decisions (governed by methods and 

procedures) are required to preserve safety of flight and life.  The introduction of iNET 

technology into the aeronautical domain has the potential to overturn, not just “traditional 

business methods and practices,” but critical safety “methods and practices” as well.   Many of 

these methods and practices are based on the SST architecture.  As iNET technology 

revolutionizes aeronautical telemetry, the potential for iNET Technology to “disrupt or overturn” 

these critical flight test methods and practices is a significant concern.  In preparation for the 

upcoming deployment of iNET technology at the Naval Air Warfare Center, Aircraft Division 

(NAWCAD), a process for identifying and mitigating potential disruptions to proven critical 

methods and practices was required.  

 

 

THE iNET LEAN SIX SIGMA PROJECT 

 

As the iNET Architecture was being developed, independently, the Department of the Navy was 

embracing a disciplined set of tools to improve productivity.  In 1999, the Navy Depots adopted 

the use of a Lean Six Sigma (LSS) toolset in order to increase productivity through process 

improvement.  The use of the LSS toolsets has proven to reduce lead times, remove waste (non-

value added cost), and reduce variation.  In 2004 the Navy, recognizing the positive impacts that 

the Depots were experiencing using the LSS toolsets, endorsed the utilization of the LSS toolsets 

across the Naval Air Warfare Centers.   

 

When considering the challenge of deploying iNET, it was recognized that NAWCAD needed a 

defined process to mitigate the potential disruptions.  While pondering how to establish this 

process, the concept that the LSS toolset could be used to design (as well as improve) a process 

was realized.  Anderson [1] describes in detail the processes and results of this project.  The goal 

of the project was to define a Process for the safe deployment of iNET.  A focused team of 

subject matter experts employed the “Define, Measure, Explore, Develop, and Implement” 

(DMEDI) techniques to define this process.  The team brought domain expertise in a variety of 

critical areas including: flight test, telemetry, data processing and display, airborne 

instrumentation, system safety, communications, range infrastructure, and operational risk 

management. 

 

With weekly sessions and several all day off sites over nine months of project execution, the 

team methodically progressed through the DMEDI process.  After each stage, the team leader 

reported a summary of findings / progress and plans for the next phase. 

 

 DEFINE 

 

The initial step is intended to clearly define and frame the problem.  A variety of tools, 

such as swim lane process mapping, voice of the customer / business evaluations were 

used to come to a common understanding of the problem.  Available iNET data products 
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(deployment schedule, capabilities, scenarios / use cases) were reviewed to gain insight 

into and scope the problem. 

 

MEASURE 

 

The iNET project has assembled a set of 53 scenarios that defined the capabilities the 

system needed to support. [2] Early in the systems engineering of iNET, each scenario 

was converted to a process map referred to an Operational Sequence Diagram (OSD) - 

similar to a DoDAF OV-2 diagram.  These are diagrams depicting the connectivity and 

information flow between nodes necessary to fulfill the requirements of each use case. 

 

The project goal was to define a process for the deployment of iNET, not necessarily to 

develop the solution for deployment.  Scenarios likely to be executed first at NAWCAD 

were selected as candidates for the project.  The predominate scenario identified to be 

among the first used, “Fetch Data from Test Article on Demand” describes the details  

needed to access previously recorded data from the test article in near real-time.  Using 

the OSD shown in Figure 1, each connection and information flow was analyzed to 

uncover potential disruptions by posing questions such as; “If this step were deployed 

now, what would be the impacts and disruptions to existing processes, procedures, and 

infrastructure?” 

 

 
 

Figure 1.  Operational Sequence Diagram: “Fetch Data from Test Article on Demand” 
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EXPLORE 
 

The first pass through the OSD highlighted 144 disruptions which were documented in a 

Failure Modes and Effects Analyses (FMEA) spreadsheet.  Among the artifacts of the 

project is a listing of over 250 potential disruptions.  Some of the higher level issues will 

be discussed later.  

 

This typical „brainstorming” method for analysis proved successful; however, it was far 

too time and labor intensive to be advocated as the process used for the deployment of 

iNET.  A straight forward standard process, defined by a guidebook, which would guide 

the finding and mitigating of the potential disruptions in the deployment of iNET, was 

needed.  Although at this time vaguely defined, the concept of the Disruption Finder 

Guidebook was established.   

 

DEVELOP  

 

An efficient approach to identifying and categorizing potential disruptions was designed 

building on a concept used by Microsoft Corporation called “Threat Modeling.”  Threat 

Modeling uses data flow diagrams (Similar to the OSDs) and an acronym to focus 

brainstorming. The project created the unique acronym ITD3. ITD3 stands for 

Information Assurance, Test Conduct, Data Quality, Data Delivery, and Display & 

Human Interface.  This acronym was derived from the use of Affinity Analysis to 

categorize the 144 FMEA disruptions discovered during the Measure process. 

Transitioning from an OSD to a data flow diagram (Figure 2) was straightforward. The 

acronym was used to focus the brainstorming in the analysis of the data flow diagram.   

 

This new process was applied to the Fetch Data scenario and resulted in identifying an 

additional 61 potential disruptions (major disruptions discussed later in this paper).  Not 

only was this process more thorough, it was much quicker – days vice weeks of team 

effort.  
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Figure 2.  Data Flow Diagram: Fetch Data from Test Article on Demand 
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IMPLEMENT 
 

An updated iNET Disruption Finder Guidebook was created to define a process that 

incorporated the threat modeling concepts, and lessons learned.  This process was tested 

using three additional scenarios and yielded 51 more potential disruptions that require 

mitigation prior to deploying iNET.   

 

As part of the transition from the LSS project to the process owner, a process map 

detailing the iNET Deployment Process was developed. While it is beyond the scope of 

this paper to describe the details of this process map, the iNET Deployment Process Map 

is presented in Figure 3 for reference.  

 

  

 
 

Figure 3.  iNET Deployment Process Map 

 

 

MAJOR DISRUPTIONS IDENTIFIED 
 

Recall, the goal of the LSS project was to define a process for the safe deployment of iNET at 

NAWCAD.  The DMEDI process led the team to focus on disruptions to the day-to-day normal 

operations.  Throughout the project, a variety of issues were raised and more often than not, 

some variation of, or impediment to the standard range practice resulted when deploying the 

capabilities afforded by iNET.  The charter of the team was not to identify and mitigate the 

disruptions, but to define the process to identify and mitigate these potential disruptions.  

However, in creating and testing the process, 256 potential iNET related disruptions were 

cataloged in a FMEA.   
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Some of the major disruptions identified for mitigation by a deployment team(s) include: 

 

 Is displayed data near real-time or delayed (telemetry drop-out recovery or data retrieval).   

o Confusion with real time data reduction could lead to decision quality data issues 

o Potential for mishap if wrong data is monitored or analyzed.   

 Latency of data in the network queue 

o Slow response for retrieval commands 

o Critical decision based on stale or latent data 

o Derived parameters (mixing real time and network data) are stale or have errors  

 Delay and time associated with a data retrieval (or dropout reconstruction) 

o File size could be large and require an unacceptable amount of time for download 

o Test engineer monitoring flight needs the capability to stop a retrieval 

o Test engineer monitoring flight needs the ability to turn on/off dropout 

reconstruction 

 Spectrum allocation 

o Real time change of frequency assignments may be missed by some participants 

o Aircraft preflight checks performed at a different frequency than that assigned 

real time 

 iNET housekeeping workload (bandwidth requests/approvals, access authorizations, 

retrieval requests,  IA issues) distracts from monitoring real-time safety of flight 

measurands  

 Configuration Management 

o iNET settings were not saved from mission / can not reproduce mission settings 

o Test article configuration changed during the test mission; how is metadata 

changed 

 

The disruptions cited above are just a sample of the potential disruptions uncovered during the 

development of the NAWCAD iNET Deployment Process.  It is important to note that some of 

the potential disruptions identified have safety of flight implications. These potential disruptions 

must be mitigated by NAWCAD prior to the fielding of the iNET capability. 

 

 

EMPOWERING THE PROCESS 

 

With a process defined and documented, a process owner was needed.  An iNET Steering 

Committee was created and empowered by a Memorandum of Understanding between the Senior 

Executive Service (SES) leadership of the NAVAIR Ranges, Flight Test, and Laboratories.  This 

committee meets regularly and has the responsibility to:  

 Prepare NAWCAD for the deployment of iNET Technology 

 Provide guidance to users of the iNET Disruption Finder Guidebook 

 Create ad-hoc teams to identify additional potential disruptions 

 Assign ownership and responsibility for mitigation of disruptions 

 Track the mitigation status of all potential disruptions  
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LSS PROJECT DELIVERABLES 
 

At the conclusion of the project, the LSS team delivered the following solution package to the 

project sponsor:  

 

1. iNET Disruption Finder Guidebook  - (A detailed guide for creating and using threat 

models) 

2. iNET Concept of Operations (CONOPS) document  - (How the guidebook and committee 

work) 

3. iNET Master Disruption List (FMEA) - (containing disruptions with failure modes and 

effects).  

4. Memorandum of Understanding (MOU) – (An MOU to establish a process owner and 

empower the iNET Steering Committee) 

5. iNET Steering Committee Charter  

6. Recommendation for: iNET Steering Committee 1st agenda & schedule 

7. Recommendation for: Subject Matter Experts by name for Committee participation 
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ABSTRACT 

The use of Ethernet and Internet Protocol (IP) networking technologies in flight test 
instrumentation and telemetry systems is rapidly increasing, driven by the ubiquity, scalability, 
and flexibility of networking technologies.  Networks first made a positive impact in ground 
station infrastructure and have recently been emerging in test article data acquisition 
infrastructure in programs such as the A380, 787, P-8A, and Future Combat Systems.  The next 
logical step is to provide a two-way network telemetry link to fully extend the flexibility of the 
network between the test articles and ground station.  The United States Department of Defense 
(DoD) integrated Network-Enhanced Telemetry (iNET) program is currently working to build a 
standardized network telemetry link for exactly this purpose. 

When developing a network telemetry link, the limited availability of telemetry spectrum must 
be considered and thus it is critical to choose system-level approaches to maximize the 
throughput achieved from the link.  This paper first presents the statistics of the network data that 
would typically use this link based on empirical data from current network-based flight test 
instrumentation systems.  Several approaches to using a network telemetry link are then 
presented.  Predicted achievable throughputs of each approach are presented that are derived 
from the statistics of the empirical test data.  Based on this, the paper presents recommendations 
for building systems using network telemetry links. 

KEYWORDS 

iNET, network telemetry link, IP, throughput 

INTRODUCTION 

For over forty years, the IRIG 106 Chapter 4 standard for PCM-based test and telemetry systems 
has provided a consistent, standardized approach to facilitate flight test and other test and 
evaluation (T&E) operations.  While this standard has served the T&E community well, it is 
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beginning to show serious limitations as the complexity of test articles and the amount of data 
collected from them continues to increase dramatically.  These factors, combined with the 
growing ubiquity of network technologies driven by the rapid growth of the Internet and 
associated enterprise and home networks, have led to increased interest in the flexibility of 
network technologies within the T&E environment. 

While PCM has worked well up to this point, it suffers from a fairly rigid physical and logical 
structure that does not allow the flexibility and scalability that a general network-based approach 
provides.  This leads to fixed-function equipment, less-scalable measurement addition, and 
equipment interconnection and cabling complexity.  Traditional PCM-based telemetry links 
provide only one-way (test article to ground) communications and thus do not allow dynamic 
reconfiguration of what data is being telemetered. 

The use of Ethernet and Internet Protocol (IP) networking technologies in flight test 
instrumentation and telemetry systems is rapidly increasing, driven by the ubiquity, scalability, 
and flexibility of networking technologies.  Networks first made a positive impact in ground 
station infrastructure and have recently been emerging in test article data acquisition 
infrastructure in programs such as the A380, 787, P-8A, and Future Combat Systems.  The next 
logical step is to provide a two-way network telemetry link to fully extend the flexibility of the 
network between the test articles and ground station.  The United States Department of Defense 
(DoD) integrated Network-Enhanced Telemetry (iNET) program is currently working to build a 
standardized network telemetry link for exactly this purpose. 

The iNET Project was set up by the DoD Central Test and Evaluation Investment Program 
(CTEIP) to chart a forward path for telemetry.  Some of the goals include the development of 
standards that provide device interoperability while supporting many different and potentially 
dynamic setups.  Since the scope of the standards may include multiple vehicles, multiple types 
of vehicles or test articles, and multiple ranges, there is a very wide field of standardization to 
cover.   

One of the key emphases of the iNET Project is to maximize the efficient use of limited 
telemetry spectrum through the addition of a two-way network telemetry link.  Unlike traditional 
one-way PCM telemetry systems, a network telemetry link provides all of the flexibility of 
extending the logical network from the ground to the test article resources.  Consequently, the 
data sent down the network telemetry link can be dynamically changed during the operation of a 
test.  This two-way link opens up additional possibilities for control, configuration, and status of 
the instrumentation on the test article. 

Network telemetry links provide a general purpose network connection between the ground and 
test article, but the capacity of the link is still typically small when compared to the amount of 
data available on the test article.  Treating this link as “just a network” without regard for its 
capacity risks making inefficient use of this limited resource. 
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NETWORK TRAFFIC STATISTICS 

The first step to evaluating network telemetry link performance is to understand the statistics of 
the types of traffic that are likely to transit the link in a telemetry system.  Three common use 
cases for an iNET network telemetry link will likely be: transport of live acquired data, retrieval 
of recorded acquired data, and management (control, status, and configuration) of test article 
resources.   

The first case will likely use the Latency/Throughput Critical (LTC) Delivery protocol defined in 
the iNET Test Article Standard.  This protocol uses multicast User Datagram Protocol (UDP)/IP 
to transport acquired data in Telemetry Network Systems (TmNS) Data Messages.  The second 
case will likely be a mix of standard File Transfer Protocol (FTP) and Reliability Critical (RC) 
Delivery protocol that is defined in the iNET Test Article Standard.  The management data will 
use Simple Network Management Protocol (SNMP) as specified in the iNET System 
Management Standard. 

Recent experience with network-based instrumentation systems with transport mechanisms 
similar to LTC Delivery protocol provides a basis for predicting the network traffic statistics of 
live acquired data.  Figure 1 shows the distribution of UDP datagram sizes for a typical 
composition of acquisition sources.   
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Figure 1.  Acquisition Data Size Distribution 
 

RC Delivery protocol uses a TCP/IP data channel combined with a Real-Time Streaming 
Protocol (RTSP) control channel.  The network traffic shape of this traffic is expected to be 
similar to FTP which also uses separate TCP/IP data and control channels.  Figure 2 shows the 
distribution of TCP segment sizes for an FTP transfer of a multi-megabyte file. 
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TCP Segment Size Distribution
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Figure 2.  FTP Data Size Distribution 
 

SNMP uses UDP/IP in a query/response and command/response application-layer protocol.  Due 
to the relative efficiency of SNMP Object Identifier (OID) encoding (compared to textual OID 
names), the majority of these packets are small.  Figure 3 shows the distribution of UDP 
datagram sizes for SNMP interactions with a typical composition of network-based 
instrumentation equipment. 
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Figure 3.  SNMP Data Size Distribution 
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NETWORK TELEMETRY LINK APPROACHES 

Network telemetry links may have the same purpose and may even have the same external 
interfaces, but there are a number of approaches that can be used to implement the air interface.  
The obvious design options are related to modulation, channel access, channel coding, and error 
control coding.  All of these parameters affect the overall performance of the network telemetry 
link, including maximum achievable throughput.  However, there is another often overlooked 
design choice that can have a significant impact on maximum achievable throughput.  The 
selection of what data is sent as the payload of the network telemetry link and the format of that 
payload is important to the overall usability of the network telemetry link. 

This paper considers several approaches including Ethernet bridging, IP forwarding, point-to-
point protocol, and application-level proxies.  The first three approaches are mutually exclusive 
and determine the way the user data is encapsulated transiting through the network telemetry 
link.  The fourth approach can be combined with any of the other three and allows downselecting 
the data transiting through the network telemetry link.  Each of these approaches has advantages 
and disadvantages in the areas of implementation flexibility, overhead, and complexity.  All of 
these approaches assume that the network telemetry link is used to connect two separate 
Ethernet/IP wired networks through the wireless network telemetry link.  These two networks are 
referred to as the “near-end” and “far-end” networks relative to the transit of a particular network 
packet. 

Ethernet Bridging 

Ethernet bridging approaches use the entire Ethernet frame that arrives at the near-end network 
as the payload data.  After passing through the network telemetry link, the telemetry transceiver 
regenerates the exact same Ethernet frame onto the far-end network.  This connects the near- and 
far-end networks at the data link layer (layer 2) in the same way as if the networks were 
connected with a wired bridge or layer 2 switch or with an IEEE 802.11 bridge. 

The advantage to this approach is that the telemetry transceivers do not need to process any 
portion of the Ethernet frames outside of the Ethernet headers, which reduces transceiver 
complexity.  This also means that the network telemetry link can carry any Ethernet network 
data, so non-IP protocols like AppleTalk, NetBIOS, and Netware Internetwork Packet Exchange 
(IPX) can be transported alongside IP.  Virtually all modern applications only need to support IP, 
so this capability is generally not needed. 

Carrying the whole Ethernet frame, however, also means that a portion of the network telemetry 
link is consumed carrying Ethernet header/trailer fields that could be generated locally by the 
wired side of the telemetry transceivers if a higher-layer approach is used.  The Ethernet 
headers/trailers add 18 bytes per Ethernet frame transported, as shown in Figure 4.  For 
minimum size 64-byte Ethernet frames, these headers/trailers account for 28.1% of the user data 
being transported.  For maximum size 1518-byte Ethernet frames, this is a more tolerable 1.1%. 
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Destination 
MAC Source MAC Type Ethernet Payload

46-1500 Bytes
CRC

4 Bytes

6 Bytes 6 Bytes 2 Bytes 46-1500 Bytes 4 Bytes

Ethernet Header Ethernet Trailer  

Figure 4.  Ethernet Frame Structure 
 

Another disadvantage is that this approach will transport all Ethernet frames arriving at the near-
end transceiver, whether they are needed on the far-end network or not.  This includes broadcast 
protocols such as Spanning Tree Protocol (STP), address resolution protocol requests for near-
end nodes, and unsubscribed multicast traffic that is not filtered by an Internet Group 
Management Protocol (IGMP)-snooping capable switch connected to the telemetry transceiver.  
This extra traffic can consume a significant portion of the network telemetry link depending on 
the capacity of the link. 

 

IP Forwarding 

Instead of transporting Ethernet frames, the network telemetry link can be built to only transport 
IP packets.  In this case, the near-end transceiver would remove the Ethernet header/trailers and 
transport the IP packet to the far-end transceiver.  The far-end transceiver would generate a new 
Ethernet frame(s) to the far-end network with the IP packet as a payload.  Basically, the network 
telemetry link would route IP packets instead of bridging Ethernet frames.  The near-end 
transceiver would serve as an IP gateway for the near-end network and the far-end transceiver 
would serve as an IP gateway for the far-end network. 

This approach has the advantage of reduced overhead compared to the Ethernet bridging case at 
the cost of the telemetry transceivers needing to process IP (layer 3).  This is likely not a 
significant cost since this basic routing can be implemented in a small, embeddable processor.  
This approach would carry the overhead of the IP headers, which consume 20 to 60 bytes 
(depending on if options are used) per IP packet, as shown in Figure 5.  Since an IP packet can 
legally carry a zero-byte payload, the IP headers account for between 0.03% (for a maximum 
length 65535-byte IP packet) and 100% of the IP packet traffic.   
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Figure 5.  IP Packet Structure 
 

Point-to-Point Protocol (PPP) 

Since the link between two telemetry transceivers form a logical point-to-point link, a protocol 
optimized for these two-node networks would be appropriate.  The PPP  specified in IETF RFC 
1661 provides a well-accepted standard for exactly this use case.  PPP provides an efficient 
mechanism for carrying one or more network-layer protocols including IP, IPX, AppleTalk, and 
NetBIOS.  PPP also provides authentication and link control mechanisms. 

When only carrying IP traffic, PPP is similar to the IP forwarding approach previously presented.  
The encoding overhead is likely slightly worse (depending on the framing method used by the 
particular IP forwarding transceivers).  However, this is likely outweighed by the benefit of using 
a standards-based approach that allows interoperability between multiple vendors’ transceivers. 

Application-Level Proxy 

All of the approaches presented have focused on how to encapsulate the network packets that 
transit the network telemetry link.  Adding an application-level proxy to one of these approaches 
provides the potential for additional network link efficiency gains.  These proxies are used at the 
edges of the network telemetry link to repackage packets that are destined for the network 
telemetry link.   

One method for this repackaging combines data from multiple incoming packets on the near-end 
network in a predictable fashion so that the original packets can be regenerated on the far-end 
network.  Since the packets transiting the network telemetry link are larger on average than if the 
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proxies were not present, the average overhead from Ethernet and/or IP headers is reduced.  This 
overhead reduction is most pronounced for applications that have significant percentages of 
small packets. 

Proxies that also adapt the IP payload can potentially achieve larger gains in efficiency.  For 
example, a proxy that selects individual requested samples from acquired data packets before 
sending to the far-end network saves from sending the entire packet through the network 
telemetry link.  Consider the case of TmNSDataMessages used in LTC Data Delivery.  Figure 6 
shows a Wireshark packet decode of a TmNSDataMessage that illustrates a typical collection of 
packages.  The TmNSDataMessage forms the payload of the UDP datagram.  A typical 
TmNSDataMessage contains a large number (10s to 100s) of measurement samples to balance 
network efficiency against transport latency requirements.  Consequently, an end application that 
is only interested in samples of a single measurement consumes available throughput of the 
network telemetry link with the “overhead” of all of the other measurements contained in the 
TmNSDataMessage.  A proxy that creates new TmNSDataMessages with only the requested 
measurements increases the achievable application-level throughput, or goodput [1], through the 
constrained network telemetry link. 

 

Figure 6.  TmNSDataMessage Packet Decode 
 

Besides combining the information from smaller packets into larger combined packets, the proxy 
must add information to allow the data to be separated back into the original shape on the far-end 
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network.  The amount of information depends on the type of data combined, whether data is 
combined across sources or destinations, and whether multiple types of data (or applications) are 
combined.  The type of combining and encoding must be weighed against the traffic statistics to 
determine how much network overhead reduction will be achieved. 

PREDICTING NETWORK LINK THROUGHPUT 

The network telemetry link throughput for each approach can be compared by applying the 
traffic statistics.  Table 1 shows the amount of data that has to be transmitted for each approach 
expressed as a relative percentage of the IP forwarding approach.  The analysis uses a 
representative data set of network traffic for each traffic category and calculates the total number 
of bytes required to be transferred for each of Ethernet bridging, IP forwarding, and PPP.  The 
SNMP traffic benefits the most from the reduction of packetizing overhead due to the 
predominance of small packets.  If all of the network traffic transiting the network telemetry link 
was SNMP, the Ethernet bridging approach would require 23% more capacity to achieve the 
same application-level throughput. 

Table 1.  Relative Comparison of Network Telemetry Link Data 

 Ethernet PPP IP 

Acquisition 103.1% 100.7% 100.0%

FTP 101.6% 100.4% 100.0%

SNMP 123.3% 105.2% 100.0%

 

Evaluating the application-level proxy approach first requires an assumption of what percentage 
of the incoming acquired data is selected for transit over the network telemetry link.  This would 
vary depending on the size of the network telemetry link when compared to the total acquired 
network traffic data rate on the test article.  Based on the TmNS shared 20 Mbps rfNET link and 
test article data rates in the hundreds of Mbps range, an assumption that the proxy selects 10% on 
average of the incoming data appears to be reasonable.   

Table 2 shows the reduction in data required by using a proxy that selected 10% of each packet 
in the representative data set.  The first row compares the Ethernet bridging, PPP, and IP 
forwarding approaches with the proxy as a percentage of the data required for IP forwarding 
without a proxy.  Not surprisingly, the proxy reducing the acquisition data payload by a factor of 
10 has significantly more impact on the needed throughput than which type of network telemetry 
link approach is used.  Looking only at this statistic could wrongly lead to the conclusion that the 
network telemetry link approach choice has little impact.  The second row shows that the 
Ethernet bridging approach requires 23.9% more network link capacity than the IP forwarding 
approach.  Considering that the network telemetry link will likely be highly utilized due to 
spectrum limitations relative to available data on the test article, the impact of the Ethernet 
headers becomes a significant factor.   
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Table 2.  Relative Comparison Using Proxy 

 Ethernet PPP IP 

Acquisition
Absolute 16.3% 13.8% 13.1%

Acquisition
Relative 123.9% 105.3% 100.0%

 

The results for the application-level proxy match closely to the SNMP traffic due to the similar 
average packet size.  The original mix of acquisition data presented in Table 1 showed a much 
lower sensitivity to network telemetry link approach.  However, this is to be expected when the 
packet size distribution in Figure 1 is reconsidered.  There are a sufficient number of large 
packets to minimize the impact of the Ethernet headers.  However, if a particular use case had 
only transported the smallest 25% of those packets down the link, the impact of the Ethernet 
headers again becomes significant as shown in Table 3. 

Table 3.  Relative Comparison of Acquisition Small Frames 

 Ethernet PPP IP 

Acquisition
Small 
Frames 119.9% 104.4% 100.0%

CONCLUSION 

The results presented here indicate that there are throughput performance differences between 
the four network telemetry link approaches.  These impacts become increasingly significant as 
the average packet size transiting the link becomes smaller.  Small packet sizes can arise from 
various traffic types including system management (SNMP), live acquisition data, and down-
selected live or recorded acquisition data.  Due to this, it is important to choose approaches that 
minimize the impact of small packet sizes.  Thus, application-level proxies should be used with 
an emphasis not only on down-selecting data, but also, whenever possible, recombining the 
down-selected data into larger packets.  In addition, Ethernet bridging approaches should be 
avoided in favor of PPP or IP forwarding approaches to maximize efficiency with remaining 
inevitable small packet traffic. 
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ABSTRACT 

The integrated Network-Enhanced Telemetry (iNET) project conducted an assessment to 
determine how the Test and Training Enabling Architecture (TENA) would integrate into an 
iNET Telemetry Network System (TmNS), particularly across constrained environments on a 
resource constrained platform. Some of the key elements investigated were quality of service 
measures (throughput, latency, and reliability) in the face of projected characteristics of iNET 
Data Acquisition Unit (DAU) devices including size, weight, and power (SWAP), and 
processing capacity such as memory size and processor speed.  This paper includes 
recommendations for both the iNET and TENA projects.   
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BACKGROUND 

Flight test systems present special challenges to data acquisition systems designers.  Such 
systems must provide robust data collection in a hard real-time and resource constrained 
environment.  Typical telemetry hardware is constrained in Size, Weight, and Power (SWAP), 
computing capacity (memory and processor), and telemetry bandwidth.  Modern systems have 
been fine-tuned over several generations to achieve extremely high data content to overhead 
given the constraints mentioned above.  Network-centric flight test systems represent a 
significant paradigm shift in the flight test community.  With this shift, new problems emerge, 
such as the application of network protocols to the data acquisition process.  TENA represents 
one such data acquisition model.  This demonstration effort was performed to test the 
effectiveness of TENA using the iNET infrastructure for real-time telemetry. 



 2

PURPOSE OF DEMONSTRATION 

The purpose of this demonstration was to evaluate TENA compatibility with an iNET Telemetry 
Network System (TmNS). The demonstration focused on measuring performance on a 
constrained channel, verifying operation using both current flight test hardware and 
representative flight test computing platforms, conducting large scale tests, and evaluating 
qualitative aspects of TENA. In order to meet the objectives of the demonstration, a test bed was 
developed to investigate the use of TENA across a constrained wireless environment on a 
resource constrained platform. This test bed provided a representative TmNS environment 
characterized by constrained wireless channels with limited link reliability, and limited hardware 
resources in terms of processing power, size, memory, bandwidth, etc. The test bed enabled the 
demonstration team to determine useful modes of operations, identify changes needed by iNET 
and TENA to enable iNET to successfully use TENA, identify future science and technology 
topic areas, and investigate the use of TENA for iNET metadata requirements. 

TEST SETUP AND EXECUTION 

Network behavior is a critical aspect of TENA that was evaluated for iNET.  Evaluation by using 
network simulators is not effective.  Network performance has been repeatedly shown to involve 
chaotic (stochastic self-similar) behavior [XX1XX].  Thus, the demonstration team determined that the 
best plan was to assemble a demonstration test bed that incorporated realistic hardware.  In a 
second phase of testing, the test bed was expanded to be “large scale”.   

Initially, a test bed (see XXFigure 1XX) that incorporated realistic iNET hardware elements and a 
constrained wireless link was assembled.  A single-board computer (SBC) with characteristics 
similar to a typical iNET DAU was used as the data source.  A laboratory test setup provided by 
iNET provided raw data generators (such as a strain gauge) and a 100 Mbps network switch.  
These elements were married with a commercial off-the-shelf (COTS) wireless router with a 
transmission rate comparable to that expected for iNET configurations.  The assembly and 
exercise of this test bed led to the confirmation that the COTS wireless router handled the 
multicast traffic poorly (very low throughput).  This problem was overcome by modifications to 
the standard GNU library network interface code.  To recast the multicast traffic to/from unicast 
for testing—no TENA code was changed.  Of note, efficient processing of multicast traffic by 
network hardware (e.g., switches) is a common problem even on some commercial grade 
equipment.  Nonetheless, the use of multicast is an important element of the iNET specification. 
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Figure 1.  TENA Demonstration Test Bed 

 
An expanded form of the test bed was created for “large scale” tests (see XXFigure 2XX).  This 
configuration simulated significant traffic of about 500 Mbps on a 1 Gbps network (Test Article 
Segment [TAS]) with simulated sources and simulated sinks (e.g., recorders).  The TAS included 
a number of simulated DAU devices such as the SBC.  The data from several of these simulated 
DAUs were directed over the wireless link to the ground segment. 
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Figure 2.  Large Scale Test Bed 

 
In contrast to the limitations of network simulators (e.g., poor latency simulation and their 
inability to simulate hard timing situations), the test bed used realistic hardware to measure 
TENA performance in a meaningful way.  The demonstration team focused on identifying the 
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system elements that contributed to those critical performance attributes.  Thus, as the team 
identified aspects of the configuration that performed as expected or in uninteresting ways, the 
team redirected testing efforts to new areas that had not been as thoroughly explored or appeared 
more interesting. 

As part of this process, the demonstration team worked with the TENA Software Development 
Activity (SDA) to use the most beneficial versions of TENA middleware in the tests conducted.  
The demonstration team used Beta versions where appropriate to achieve the best TENA 
performance possible.  One of the issues uncovered in this process is that the middleware is not 
explicitly targeted at any real-time operating systems (e.g., VxWorks).  Most flight test systems 
depend on real-time operating systems to achieve deterministic behavior, and this could not be 
validated for TENA. 

RESULTS 

Initial results showed overheads (see XXTable 1XX) with TENA messaging in excess of 85% even for 
rather large numbers of measurands (500 or more).  The flight test community has achieved link 
efficiencies of up to 99% data and 1% overhead.  TENA efficiency is currently two orders of 
magnitude away from this standard.  In an effort to establish which portions of TENA produced 
this high overhead, the demonstration team worked to find a way to “tune” TENA for lower 
overhead.  The demonstration team has shown that the TENA Object Model (OM) can be 
“tuned” to accomplish significantly reduced overhead (XXTable 1XX).   

Table 1. TENA Object Model Overhead 

Measurements Per 
Message 

Size of Measurement 
(bytes) 

UDP Payload Wire 
Size (bytes) Percent Overhead 

“Robust” TENA Object Model Overhead 

1 10 320 97% 

10 64 752 91% 

100 604 5,072 86% 

500 3,004 24,272 86% 

1,000 6,004 48,272 86% 
“Tuned" TENA Object Model Overhead 

1 2 292 99% 

10 20 310 94% 

100 200 490 59% 

500 1,000 1,290 22% 

1,000 2,000 2,290 13% 

 
The following equations were developed to describe the size of the robust (Equation 1) and tuned 
(Equation 2) TENA messages and the average throughput of the system.  The variables making 
up each equation are described in XXTable 2XX. 
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 UDPPayloadSize = TMH + ( NM * MeasH ) + ( MDS * NM ) + SN (1)  
 
 UDPPayloadSize = TMH + ( MDS * NM ) + SN (2) 
 

Table 2.  Payload Size Equation Variables 

Variable Description Var. Description 
UDPPayloadSize Size of the UDP payload (bytes) MeasH “Header” for each measurement contained in the 

message* 

TMH Size of the TENA “header” (bytes)* MDS Measurement data size (bytes) 

NM Number of measurements sent per message SN Size of sequence number (bytes) 

 
Equation 3 gives the latency equation for the system while XXTable 3XX defines the variables that 
make up the equation. 

 ∆t = AD D  + GICD + SWD + TENAD + StWD + StPD + HWID + NetD 
 + HWID + StPD + StRD + TENAD + SWD + GOCD + DAD (3) 
 

Table 3. Explanation of Latency Equation Variables 

Variable Description Var. Description 

ADD Delay caused by A/D converter HWID Delay caused by Network Interface Card (NIC) 

GICD Delay caused by getting data into computer NetD Delay caused by network 

SWD Delay caused by user-space software StRD Delay caused by reading data from network stack 

TENAD Delay caused by TENA middleware GOCD Delay caused by getting data out of computer 

StWD Delay caused by writing data to the network stack DAD Delay caused by D/A converter 

StPD Delay caused by network stack processing   

 
Throughput tests consist of a series of messages sent at a specific requested rate.  Equation 4 
shows that the individual throughputs are averaged for each test; these averages are further 
averaged across a large number of tests to arrive at an overall average throughput number.  

 

 
n m

mn nmtptp
1 1

, /)/)((  

 (4) 
 

Having established the throughput shown in XXFigure 3XX, the team evaluated this data for both 
TENA and raw User Datagram Protocol (UDP) messaging.  As can be seen from XXFigure 3XX, total 
throughput for messages containing less than 1288 bytes of payload size is limited by system 
performance.  This occurs because there is a limit to the number of network writes the system 

Where 
tpn,m is an individual throughput 
n is the test number  

m is the message number within a test 
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can perform per second.  In order to make the latency tests independent of the system throughput 
limitations, the demonstration team used 500 measurands as the measurement count for latency 
testing.  This assured that network packets were generally consistent with a message size in the 
linear region (see XXFigure 3XX) of throughput performance.  Note: As packets grow in size, they 
exceed the maximum size for an individual Ethernet packet.  This requires that some packets 
used to “make up” for the remnants of data that could not be fit into the maximum size Ethernet 
packet will occasionally be needed.  This explains why the packets are “generally” in the desired 
range rather than being guaranteed to be in that range. 

Large Scale Tests - Throughput
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Figure 3.  TENA Throughput Results 

 
Based upon latency measurements, the demonstration team concluded that the TENA OM 
overhead has a large impact on latency.  XXFigure 4XX shows a latency continuum.  On this 
continuum, shorter latencies are to the left and longer ones are to the right.  Experiments were 
run using non-TENA UDP messages as a control.  As can be seen in XXFigure 4XX, the “tuned” TENA 
OM is very close in latency to the UDP control.  In contrast, TENA using the robust OM shows 
latencies more than 10 times longer than the UDP control.  The higher latencies result from the 
significant increase in the amount of message traffic needed to send the measurements with the 
robust TENA OM as compared to the number of messages needed with the tuned TENA OM.   
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Figure 4.  Latency Continuum 

 
To send an equivalent amount of data on the network, the software that controlled the test needed 
to compute the “equivalent UDP payload”.  The software would determine how many 
measurement messages needed to be sent in order to fill the network to an equivalent degree.  
Given that at 500 measurands the tuned TENA OM would require approximately 22% overhead 
while the robust TENA OM would require approximately 85% overhead, the robust TENA OM 
would send about 7 messages for every one tuned TENA OM message.  The difference in 
latency for a measurement would be a factor of 7 for this alone.  However, there is a further price 
to be paid for the high overhead of the robust TENA OM.  The message size for the robust 
TENA OM messages will exceed the maximum size of an Ethernet packet.  Thus, in addition to 
the 7 times factor simply for the amount of data that must be transmitted with the robust TENA 
OM to send an equivalent number of measurements as the tuned TENA OM, there is additional 
cost associated with breaking the robust TENA OM message into pieces at the source and 
reassembling it on the sink.  Altogether, these factors account for the more than order of 
magnitude in latency difference between the robust TENA OM and the tuned TENA OM.   

In addition to the performance issues noted above, artifacts were seen that are directly 
attributable to non-deterministic aspects of the underlying operating systems used.  These issues 
caused infrequent but significant departures in measured latency times (up to ten times more for 
individual messages; see the full TENA/iNET demonstration study report [ XX2XX] for details). 

XXFigure 3XX compares the throughput performance of Tuned TENA vs. raw UDP in the large scale 
test setup; the graph shows performance with both a lightly loaded and heavily loaded TAS with 
7 Mbps data directed to the realistic hardware on the Ground Segment.   

The “tuning” performed on TENA has significant consequences.  Specifically, the tuning 
restricts the TENA messages within the OM such that the object oriented power of its messages 
is considerably reduced.  When the model was restricted to a single, simple data type (16-bit 
integers) the improved throughput and minimized latency shown were achieved (“tuned” 
behavior), but if any alternative representations of the data were added to the model, the 
previously identified throughput and latency returned (“robust” behavior).  Thus, the TENA OM 
shifted in a binary mode between being nearly as good as the UDP control (for the simplest type 
of data) and a uniformly high overhead/latency behavior when any complexity was added to the 
model.  One additional important consequence of this is that the “tuned” model does little to 
further software reuse, one of the chief goals of TENA. 
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Metadata is used in flight test systems to describe the underlying data model and system 
configuration of the realized flight test system.  TENA uses the TENA Definition Language 
(TDL) to describe its metadata.  The demonstration investigated the applicability of the TDL to 
satisfy iNET metadata requirements.  The iNET demonstration team worked with representatives 
from the TENA SDA, and consensus was reached with the SDA that the TDL by itself does not 
meet the metadata requirements of iNET, as the TDL provides a method for defining object 
types, but iNET needs a metadata language that provides descriptions of hardware and 
instrumentation setup.  These descriptions typically change for each test.  In its current form, the 
TDL cannot directly support the capabilities provided by the iNET Metadata Language (MDL), 
but the TDL could be modified to incorporate the MDL rather than reinventing a TENA unique 
alternative to meet similar needs. 

During the course of the work, the team investigated some additional issues in using the TENA 
middleware.  The realistic hardware (SBC) is similar in performance to the anticipated first 
generation iNET DAUs, particularly when its performance is downgraded to its minimum 
processor speed (600 MHz) and with a suitably reduced memory capacity (64 MB).  Table 4 
shows that latency with the constraints was increased by about 16% on average with a worst case 
of about 25%.  The absolute increase in latency was ½ ms.  XXFigure 5XX shows the throughput 
results.  As can be seen from the figure, the throughput was virtually identical between the 
constrained and unconstrained configurations.  Although the TENA middleware demands 
significant memory and processing capabilities of DAUs, the experimentation with the 
downgraded realistic hardware suggests that the current TENA middleware demands are in the 
range of compatibility with the current generation of hardware. 

Table 4. Tuned TENA OM Latency with Constrained Hardware 

Tuned TENA 100 Writes/s (600MHz - 64MB memory vs. 1 GHz – 1 GB memory) 

Measures 
Per Msg 

Payload Size 
(Bytes) 

Min Latency 
(ms) 

Min Latency Non-
Constrained (ms) 

Diff 
(ms) 

% Increase for 
Constrained 

500 1288 2.76 2.12 0.64 23% 

500 1288 2.72 2.52 0.2 7% 

500 1288 2.76 2.08 0.68 25% 

500 1288 2.76 2.24 0.52 19% 

500 1288 2.72 2.52 0.2 7% 

AVERAGES 2.74 2.30 0.45 16% 

 
Some other issues were noted during the investigation: 

 Control channels are needed in addition to data channels 
 There are difficulties with reconnection of TENA’s Stateful Distributed Objects (SDOs) 

in the event of intermittent network connections; intermittent connections are a very 
common situation with Radio Frequency (RF) networks 

 There are inefficiencies in multicast addressing (supported by TENA) 
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Figure 5.  TENA Throughput with Constrained Hardware 

CONCLUSION 

In summary, the demonstration effort has shown that:  

 TENA will be challenging for iNET to apply when using an object model that has a 
TENA Message with a vector of class objects (i.e., the robust model). Using a vector of 
class objects results in a networking overhead greater than 85%.  This is a binary 
condition: stepping away from a single, simple data type causes the overhead to increase 
by more than an order of magnitude. 

 By “tuning” the TENA OM, performance comparable to raw UDP can be achieved.  
However, significant object oriented functionality associated with the TENA Message is 
lost due to the tuning. Furthermore, the network overhead is still greater than 10% for 
messages with 500 measurements.  This level of overhead may not be acceptable under 
many conditions. 

 Data loss due to network dropouts is comparable to raw UDP; however, any proxies to 
SDOs are no longer able to interact with the SDOs after the dropout. 
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 The existence of significant traffic on the TAS has small effect (latency, throughput) on 
TENA data directed to a constrained channel; however, this is not a particularly fruitful 
area for further investigation, since it does not significantly affect the constrained 
channel. 

 Typical DAUs should be adequate to include TENA support. 
 Efficient multicast operations in TENA are needed to adequately support iNET. 

RECOMMENDATIONS 

This study suggests that the most important future area to focus Science and Technology efforts 
is to establish the cause of the overhead incurred when using the robust TENA OM.  This study 
has established that the low level ADAPTIVE Communication Environment/The ACE Orb 
(ACE/TAO) communication and underlying operating system mechanisms are not the cause of 
the overhead.  Rather, the overhead is somewhere in the ACE/TAO and TENA middleware 
interaction. 
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ABSTRACT 
 

The integrated Network Enhanced Telemetry (iNET) project was launched to foster 

network enhanced instrumentation and telemetry.  The program is currently 

implementing an operational demonstration.  That will involve installing and using a 

network enhanced instrumentation system on a helicopter.  This demonstration will be 

used as a learning exercise for the implementation of network technologies.  This paper 

will give a brief description of the operational demonstration. Then it will explore the 

need for an Authority to Operate (ATO) and describe how one was obtained.  
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PROGRAM BACKGROUND 

 

The Central Test and Evaluation Investment Program (CTEIP) has launched the 

integrated 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 Telemetry Network System (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 is divided into several elements 

and contains three key areas: the Radio Frequency Network (rfNET) element, the test 

Vehicle Network (vNET) element, and the Ground Network Interface (gNET) element.  

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 are being 
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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.  The current operational demonstrations are meant to expand on the 

previous demonstration and to be used as a test bed for incoming prototypes.  

Additionally the operational demonstration will allow for operational procedures to be 

developed and validated. 

 

 
Figure 1:  Telemetry Network System 

 

 

OPERATIONAL DEMONSTRATION 

 

One of the primary objectives of this operational demonstration is to give flight test 

engineers, instrumentation engineers, and range engineers the opportunity to get hands on 

experience with some of the advantages of using network enhanced telemetry.  This 

experience will help foster community use of network based telemetry systems.  It will 

also allow for the discovery of challenges that are associated with implementing and 

using a network based telemetry system.  With this experience, operational procedures 

will be developed to mitigate some of the risk involved with using networks for flight 

test.   

 

For this operational demonstration a traditional PCM based telemetry system and a 

network based telemetry system are going to be installed into a Test Pilot School (TPS) 
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H-60 helicopter as seen in the top half of figure 2.  This dual system approach was done 

to give TPS confidence that they would have uninterrupted flight test even if issues arose 

with the network technologies.  The dual systems facilitate pushing the limits of the 

network based telemetry system.  Network throughput and the distance at which the RF 

network can maintain consistent connectivity will also be monitored.  

 

 
Figure 2: Operational Demonstration System 

 

At the heart of the vNET is a multiplexer with a built in digital recorder.  The multiplexer 

collects PCM data from the traditional instrumentation as well as video data.  This unit 

also performs the data retrieval task.  Via the network, it receives a request for time slices 

of data, fetches them from the recorder and sends them to the ground station.  A system 

diagram is shown in figure 3.   

 

The rfNET consists of a RF power splitter, phase shifter, serial streaming transmitter, and 

a serial streaming receiver. It also has two of each of the following, one on the aircraft 

and one at the ground station; Harris SecNet 54 wireless network transceiver, transverter, 

diplexer, and phase shift processor.  The SecNet 54 links the RF network to both the 

vehicle network and the ground network.  The transverter shifts the frequency and 

amplifies the signal of the 802.11 based SecNet 54 to the telemetry L-Band.  The serial 

streaming transmitter, serial streaming receiver, and RF power splitter are parts of the 

traditional PCM based telemetry system.  It is planned to work in partnership with a 

science and technology effort to perform testing, using the phase shifter and phase shift 

processor for the future capability of steering the serial streaming telemetry antenna 

pattern.  The airborne phase shift processor receives feedback from the ground phase shift 

processor about the serial streaming telemetry signal strength through the network and 
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uses the phase shifter to add a delay to the aircraft’s upper serial streaming telemetry 

signal.  This delay will change the antenna pattern so that the signal strength at the 

ground station will remain strong.   The diplexer is used to combine the aircraft’s lower 

serial streaming telemetry signal with the RF network signal.  This can be seen in figure 

3.     

 

The gNET is built around a telemetry processing unit.  This unit receives both a network 

link and a PCM feed.  The processing unit decodes the PCM and fills in drop outs by 

making a request for time slices of data from the onboard recorder through the network.  

Also part of gNET is another phase shift processor that is used to send feedback to the 

onboard phase shift processor for beam steering.  This can be seen in figure 3. 

 

 

 
Figure 3: Detailed Block Diagram 

 

This system will demonstrate three major iNET objectives; data retrieval from the 

onboard recorder during flight, the ability to fill in telemetry drop outs during flight, and 

in-flight instrumentation control from the ground station.  To use this system and be able 
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to demonstrate these tools to the telemetry community it was necessary to acquire an 

ATO from the Patuxent River Designated Approving Authority (DAA).      

 

 

NEED FOR NETWORK SECUITY 
 

With the introduction of networks into aircraft instrumentation and of wireless networks 

into telemetry it becomes a requirement for all DoD owned or controlled information 

systems to become certified and accredited.  This requirement comes from the DoD 

directives 8100.02; “Use of Commercial Wireless Devices, Services, and Technologies in 

the Department of Defense (DoD) Global Information Grid (GIG)” and 8500.1; 

“Information Assurance (IA).”  It is stated that an accreditation is required even if the 

data being transmitted is unclassified and that the data being transmitted wirelessly must 

be encrypted.  It is also stated that regardless of Mission Assurance Category an 

accreditation is required.  These requirements are not only about protecting the data that 

is transmitted but also about protecting the Global Information Grid (GIG).  This comes 

from the notion that a vulnerability for one is a vulnerability to all.  Some of these 

requirements were more relaxed because the iNET Operational Demonstration is a stand 

alone system so it will not introduce vulnerabilities to the GIG but none the less an 

accreditation is still required.  Another part of the accreditation is to assess whether the 

system availability will meet the mission needs.  For the iNET team to move forward 

with its operational demonstration an Information Assurance (IA) accreditation was 

required that would give the team ATO.  

 

 

ACQUIRING ATO 

 

For the iNET operational demonstration to receive an ATO it followed DoD instruction 

8510.01; “DoD Information Assurance Certification and Accreditation Process 

(DIACAP).”  This process is used for authorizing the operation of DoD Information 

Systems (IS).  This is accomplished by using baseline Information Assurance (IA) 

controls to ensure that the system meets the standards set forth by the DoD.  These 

controls can be found in DoD instruction 8500.2; “Information Assurance (IA) 

Implementation.”  Each year a review of the IS must be completed to ensure that the IA 

posture of the IS is still acceptable.  This review must include a validation of the 

applicable controls and be documented in writing.   

 

A few key players in this process are the DAA, Program Manager (PM), and the User 

Representative (UR).  The DAA is tasked with ensuring the DIACAP package is initiated 

and completed.  Then he ensures that the IS complies with the applicable IA controls.  

Once he has completed these tasks he grants the IS an ATO.  The PM needs to plan and 

budget for the implementations of IA controls and sustain the IA posture of the IS.  He is 

also responsible for developing, tracking, resolving, and maintaining the DIACAP 

implementation plan.  The user community is represented by a UR that ensures the IS 

will fulfill their needs once an ATO is granted.      
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The specific steps that the iNET team needed to complete to receive an ATO are as 

follows.  The first was to complete a Customer Requirements Brief (CRQ).  This brief 

asked questions about the types of systems that would be used in the IS and needed a 

description of the overall IS that is being considered for an ATO.  Once the brief was 

complete the iNET team had a meeting with one of the Information Assurance specialist 

that work for the DAA.  In this meeting we discussed changes required to our planned 

system and the need for a System Administrator (SA) and Information Assurance Officer 

(IAO).  One of the changes was to use a wireless network transceiver that is on the 

National Information Assurance Partnership (NIAP) approval list.  This wireless 

transceiver also needed to have the proper encryption built into it.  The transceiver that 

was chosen by the iNET team was the Harris SecNet 54 because it already had approval 

from the National Security Agency (NSA).  The SA and the IAO for this project each 

needed to be a CompTIA Security+ certified professional.  This required two team 

members to get the required training.  After it was determined that our IS (the iNET 

Operational Demonstration System) was ready the iNET team proceeded to fill out the 

TEMPEST Requirements Questionnaire.  This gave a description of the physical security 

that our system would utilize.  A list of all system assets and software loaded on these 

assets was complied to ensure that they meet DoD standards.  The operational 

demonstration system then had to undergo system hardening steps before it could receive 

an ATO.  Once these steps were complete an Authority to Operate was granted by the 

DAA.  

 

 

CONCLUSION 

 

One of the lessons learned from completing this operational demonstration is that 

Network Security needs to be addressed from the start of designing a network enhanced 

telemetry system.  It has been stated in both DoD directives and instructions that when 

contracting for systems, services, and programs that cover information systems that 

clauses need to be included to comply with IA and that failure to include these clauses is 

not justification for non-compliance.  As iNET moves forward with deploying network 

enhanced telemetry systems at the ranges they will become more integrated with the GIG, 

making the accreditation process more complicated.  But with proper planning and 

working with the DAA and his team of security professionals these hurdles can be 

overcome.    
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ABSTRACT 
 

An integral component of networked Flight Test Instrumentation (FTI) and Health and Usage 

Monitoring Systems (HUMS) is the networked Data Recorder. The high data rates achievable in 

networked data acquisition systems put increased demands on the recorder to support ever faster 

read and write rates. Key to the success of the networked recorder is the format in which the 

data is recorded. The data recording file format should be network-centric with a low processing 

overhead to support the recording demands. In this paper the popular file formats, Chapter 10 

and the Packet CAPture (PCAP), that are used for recording networked FTI are analyzed and 

compared.  
 

I. INTRODUCTION 

 
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 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.  
 
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. These provide a standardized open common technology platform enabling fast data 
transfer and data mining rates. Not only does Ethernet provide high-speed data links but it also 
enables greater interoperability between devices and ease of connectivity. For example, an 
operator can use a standard laptop to remotely mine data from the recorder. The developments in 
high-speed data communications links alone are only part of the solution. These advances are 
coupled with increased memory capacities and faster read/write speeds. As a consequence of the 
paradigm shift towards a networked data acquisition and recording system, network-centric data 
recording file formats should be adopted. The most popular recording format used in the flight-



testing community is the IRIG-106 Chapter 10 standard. This is a multi-interface, sophisticated 
and complex recording standard that specifies not only the format of the data to be recorded but 
also the physical properties of the communications interfaces. Notably, Chapter 10 was not 
designed nor optimized for Ethernet based systems since Ethernet is specified as being an 
optional interface for the on-board recorder. In contrast, the most popular network data recording 
file format used in the networking and telecommunications domains is the Packet CAPture 
(PCAP) file format defines only the file format. PCAP files may be opened and viewed with 
Wireshark, the most popular network analysis tool.   
 
This paper presents a cross-section of the Ethernet technologies that are used for data recording 
systems. It is assumed that the reader is familiar with Ethernet networking technologies, 
background information can be found in [1]. In particular this paper focuses on the IP network 
recorder (abbreviated to NET/REC throughout the remainder of this paper), the storage formats 
and storage media used for multi-flight data recording solutions. In addition this paper describes 
the technologies and protocols that can be used for telecontrol and data mining activities. 
 
Section II of the paper describes the paradigm shift that is occurring within FTI as Ethernet 
network based multi-flight data acquisition solutions are becoming increasingly prevalent. 
Section III focuses on describing the benefits of Ethernet technologies for multi-flight data 
recording. Critical to the design of the networked multi-flight data recorder is the having the 
most appropriate and efficient recording file format and storage media. Section IV briefly 
outlines network based telecontrol technologies to facilitate non-intrusive system configuration 
and remote data mining with the networked data recorder. Finally, Section V describes how 
these network technologies can be practically applied to multi-flight Health and Loads 
Monitoring systems.  
 

II. DATA ACQUISITION SYSTEMS: PAST, PRESENT AND FUTURE 

 
Traditional FTI systems were based around the Master-Slave hierarchy whereby one DAU was 
designated the master and the rest were slaves. The Master was responsible for synchronizing the 
Slaves and gathering data from them for transmission as PCM. The Master-Slave configuration 
and PCM data transmission is highly deterministic in that it was possible to know in advance 
exactly how long it would take for a sampled parameter to reach its destination. However, this 
rendered the system inflexible. It was difficult to make configuration changes to a slave DAU 
without resulting ramifications and potential conflicts with the master DAU. Changing even a 
single configuration sometimes required stopping the data acquisition process and restarting the 
device with the configuration change. Furthermore, the technologies and protocols used in the 
Master-Slave topology were not fully standardized – creating integration and deployment 
challenges for multi-vendor systems.  
 
With the adoption of standardized networking technologies, there is much greater flexibility 
afforded to the FTI engineers, systems integrators and analysis engineers. A networked approach 
allows for DAUs to become independent devices that can be individually configured. Each 
networked-DAU is essentially a Master in its own right, responsible for its own configuration, 
data acquisition, synchronization, packetization and data transmission [2]. The use of open-
standard Ethernet provides a common technology that allows for multi-vendor systems to be 
more easily and readily deployed. Since Ethernet is a ubiquitous data transmission technology, it 
is future proof.  
 
In particular for multi-flight data acquisition and recording, this autonomy allows the FTI system 
to be flexible and easily adapted to satisfy the changing logging and recording requirements of 



each flight. The IEEE-1588 Precision Time Protocol (PTP) is one of the more important standard 
network technologies that provided the enabling platform for Ethernet technologies to be 
adopted [3]. Before the development of PTP, the time synchronization accuracy of the standard 
Network Time Protocol (NTP) was insufficient to meet the timing requirements of networked 
FTI. By using the PTP protocol, all distributed DAUs in a networked FTI system may be 
synchronized to within 100ns [4]. Additionally, developments in wireless IP technologies are 
further driving the move towards networked-based data acquisition and recording solutions. In 
time, PCM/FM links may be replaced with such IP-centric wireless technologies. There has been 
much development of bi-directional IP centric mobile wireless technologies that should provide 
greater bandwidth over the air-to-ground links. However, it is unlikely that wireless IP 
technologies will have sufficient capacity to carry the ever increasing bandwidth demands of 
flight test data acquisition and HUMS. Moreover, due to the error prone and fallible nature of 
wireless links, particularly at high velocities and long ranges, on-board networked data recording 
systems will be required to support real-time read-while-write interactivity.  
 

III. ON-BOARD NETWORKED DATA ACQUISITION AND RECORDING SYSTEMS 

 

In networked data acquisition systems, the 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 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. Moreover, the DAU must be capable of being synchronized 
using the IEEE-1588 PTP protocol to ensure that the telemetered data is transmitted reliably and 
without interruption in real-time to the IP network recorder and ground analysis stations. 
Network switches are used to interconnect networked DAUs, NET/REC and data processing 
analysis stations. The primary function of the switch is to relay and forward Ethernet frames 
between source and destination reliably and with minimal latency. 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. 
 

A. Networked Data Recorder 

 

Since the telemetered data is transmitted as IP packets over the network, the recording device 
must also be IP-network centric. The NET/REC developed by ACRA CONTROL is a 
ruggedised dedicated stand-alone Ethernet recorder as shown in Figure 1. Incoming Ethernet 
frames are written to a Compact Flash (CF) card 
with a FAT32 file system. The NET/REC may be 
configured via the Ethernet port to enable/disable 
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. For multi-flight 
recording, it may be necessary to Start/Stop 
recording so that specific test maneuvers are 
recorded across multiple flights. This may be 

 
Figure 1. NET/REC/001  

IP Network Recorder 
 



achieved by Starting and Stopping the recording or equally by pressing the Event button that 
injects Event markers into the data-recording stream. During post-processing these Event 
markers can be easily found so that the data for the specific maneuver can be analyzed. The 
features of the NET/REC include high speed; high capacity memory storage with an efficient 
network-centric recording file format that enables read-while-write functions.  
 

B. Recording Formats – IRIG 106 Chapter 10 and PCAP 

 
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 [5] 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 [6] 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 defines a similar mechanism to record Ethernet frames to 
file [7]. 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 capture timestamp and frame length field. 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. The NET/REC/001 from ACRA CONTROL is a 
ruggedized native IP recorder that stores IP packetised data using the PCAP file format. 
Therefore, PCAP files recorded on the NET/REC may be opened, viewed and processed using 
Wireshark. 
 
Figure 2 illustrates the similarities between the formats used by Chapter 10 Ethernet Format-0 
and Wireshark PCAP file format; for example, both contain the capture timestamp of the 
Ethernet frame and the length of frame. It is important to note that Figure 2(a) shows only the 
data structure and format of the Ethernet data packets in a Chapter 10 file and does not show the 
full Chapter 10 file format nor the full Chapter 10 file hierarchy and structure. The primary 
disadvantage of Chapter 10 is that for a device to be considered fully Chapter 10 compliant, it 
must implement the standard in full supporting Fiber Channel and/or Firewire interfaces in 
addition to the optional Ethernet interface for on-board recorders. Although the Chapter 10 
Ethernet format-0 data packet bears resemblance to the PCAP file format with similar per-packet 
recording overheads, Chapter 10 mandates a complex directory structure for the Chapter 10 



Ethernet files that results in a significantly larger total overhead required to support Chapter 10 
compliance. PCAP defines only the file format as shown in Figure 2(b). A single PCAP file has a 
24Byte global header at the beginning of the file and a 16Byte PCAP packet header prepending 
each recorded Ethernet frame.  
 
 

C. PCAP Recording Efficiency 

 

In networked data acquisition systems with finite constrained bandwidth and storage resources, 
the transmission and storage format of data should be optimized. To minimize bandwidth 
utilization, it is good practice in Ethernet networks to design the packet streams such that the size 
of the packet is close to but not exceed 1500B 
in order to avoid packet fragmentation and 
minimize per-packet network header 
overhead. Figure 3 shows how the 
packetization and transmission efficiency 
increases with increasing numbers of data 
samples packed into a single packet. 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, Table 1 
calculates the efficiency of storage efficiency 
of recording an Ethernet frame in the PCAP 
file format. It is clear that although the packet 
headers are recorded, a storage efficiency of 
93% can be achieved by using large packets 
with 500 samples of data recorded in the 
packet. The additional packet header 
information may be useful for post-processing 

Chapter 10 Ethernet
Frame Header
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………………..
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Figure 2 (a): Chapter 10 Ethernet Frame Format 0 Structure 
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Figure 2 (b): PCAP File Format 
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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. 
 

Table 1 Structure and Storage Efficiency of PCAP Data 
Abstract Packet Encapsulation Layer Layer overhead (Bytes) 

PCAP Packet header 16 

Link Layer – Ethernet MAC 14 
Note: Ethernet FCS need not be recorded in PCAP files 

Internet Layer – IPv4 20 

Transport Layer - UDP  8 

Minimal Application Layer 16 
Note: Generic application layer assuming: 

- 4B Stream Identifier 
- 8B PTP Timestamp 

- 2B Sequence Number 

- -2B Payload Length in Bytes 
500 x 16-bit Data Samples 1000 

Total Packet Size 1074B 

Storage Efficiency 93% ≈ (500 * 2B) / (74B + (500*2B)) 

 

D. Storage Media 

 
There have been many advances in Compact Flash (CF) 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 CF cards supporting higher capacities and faster read/write 
speeds and with extended temperature range support. CF is suited to on-board data acquisition 
recording with its 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. For example, the ruggedized 
Pretec 100GB card supports a write 
speed of 35MBps and is housed in a 
ruggedized metal enclosure making it 
10 times more durable and resistant to 
impact and shock over a standard CF 
card. By combining the use of CF 
technology with an efficient file 
format such as the PCAP file format, 
months of uninterrupted, continuous 
and multi-flight recording is possible. 
For example, Figure 4 shows that a 
64GB CF card can hold 
approximately 1086 hours of data of 
8000 samples per second (i.e. 500 
samples per packet with 16 packets 
recorded per second). Coupled with 
an efficient storage format and the 
rapid developments in storage 
capacities of solid state in the order of 
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terabytes of data, more data than ever before can be recorded. Some of the possibilities for long-
term multi-flight recording systems include: 

• The ability to record all the data (raw and processed) for post flight processing. 

• Monitoring multiple processes such as engine and fatigue performance. 

• Recording high-speed data such vibration, flutter and video snapshots commanded by an 
external event. 

• Recording the aircraft life history. 

• Reduces chance of errors in calibration. 

• Usage model comparisons for airframe, engine etc. 
 

IV. TECHNOLOGIES FOR TELECONTROL AND ON-DEMAND DATA MINING  

 
On-demand data mining is a core function that a NET/REC should support – particularly for 
multi-flight recording systems where the IP recorder may hold hours or weeks of archived data 
that may need to be historically processed at any time and compared with the latest 
measurements. Telecontrol and remote data mining requires the existence some bi-directional 
communication path between the ground control and analysis stations and the on-board data 
acquisition network. There has been much research in recent years in the development of open 
standard, off-the-shelf mobile wireless IP technologies. These technologies are advancing at a 
rapid rate allowing for higher data rates, greater coverage distances and higher mobile velocity 
support. For example, the Worldwide Interoperability for Microwave Access (WiMax, IEEE 
802.16E standard released in 2005) is a bi-directional IP-centric technology that allows for 
coverage distances of up to 50km or data rates of 70Mbps [8]. Similarly the Mobile Wireless 
Broadband Access (MBWA, IEEE 802.20 standard released in 2008) [9] allows for low latency 
(<20ms), lower rates at 1Mbps and ranges less than 15km. 
 

By taking advantage of the emerging wireless technologies, 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 [10]. 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 NET/REC. 
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 packetised 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 NET/REC 
ensures the read-while-write functions are possible. Read-while-write is the ability of the 
NET/REC to continue recording and writing data whilst in parallel it can satisfy ad-hoc 
asynchronous data mining read requests as shown in Figure 5. 
 



 

Figure 5: Read-while-Write 
 
 

In addition to mining data, it is possible using standard network protocols to remotely configure 
and manage networked DAUs. This may be beneficial for multi-flight recording systems 
whereby the recording requirements may change over time. The Simple Network Management 
Protocol (SNMP) is a simple but powerful utility that can be used to telecontrol or configure 
(SET) and query (GET) devices for key information on-demand [11]. In addition, a device can 
be configured to set a trap for key events (TRAP), for example, send an SNMP event message 
when the temperature of the device exceeds some set threshold. This trapped event can then be 
directed to an analysis station monitoring such events or equally it could be recorded on the IP 
recorder for post-processing analysis.  
 

V. APPLICATION AREAS FOR NETWORKED MULTI-FLIGHT RECORDING 

SOLUTIONS 

 
One such application area for network based multi-flight recording solutions is the area of 
Prognostic Health Monitoring (PHM) systems. Within the PHM domain there are many variants 
with distinct degrees of specialization for example Adaptive HUMS (A-HUMS), Engine HUMS 
(E-HUMS) and so on.  Owing to the versatility and flexibility of networked-based systems, a 
single Ethernet solution can meet specialist PHM system requirements. A vital requirement 
common to all PHM systems is the need for data management, inclusive of acquisition, storage, 
archival, retrieval and analysis. Interfacing to and accessing the data management system is 
facilitated through open standard Ethernet technologies. Moreover, standard COTS Ethernet 
equipment simplifies and eases systems integration between the on-board multi-flight PHM 
networked components and the ground based management and monitoring systems.  
 
The greater capacities of networked based multi-flight recording systems allow for more 
parameters to be monitored over time. These parameters include sensor data (e.g. RPM, wheel 
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speed, pressure, temperature, vibration, airframe stress), bus monitoring (e.g. Mil-Std-1553, 
Arinc-429, Arinc-573/717, mission computer), video, audio, cockpit ergonomics etc. Recording 
and monitoring more parameters over multiple flights has numerous benefits including  

• Maintenance benefits: condition-based maintenance, profitable Power By The Hour 
(PBTH), reduced mission aborts, less AOG, simplified logistics for fleet deployment. 

• Cost: “maintain as you fly” maintenance flights are not required. Performing repairs 
when the damage is minor increases the aircraft MTBF and decreases the MTTR. 

• Operational: improved flight safety, improved mission reliability and effectiveness, less 
unscheduled maintenance, improved fleet availability, fewer maintenance flights, lower 
fleet operational cost,  

• Performance: improved aircraft performance, reduced fuel consumption.  
 
In addition to the ability to interface to the PHM system it is necessary to provide a Maintenance 
Management Information System (MMIS) to provide a comprehensive interface to the complete 
fleet maintenance system. By using an Ethernet-based system, MMIS can be realized using open 
standard networking protocols such as SNMP.  
 

VI. CONCLUSIONS 

 
Ethernet technology offers many benefits to the FTI community including open standards-based 
technologies, greater vendor inter-operability, system design flexibility and simplicity. This 
paper presented an overview of networked FTI systems and the motivating factors behind its 
adoption. In particular this paper focused on networked multi-flight recording systems. The key 
features of a networked multi-flight recording system are high data rates, fast read/write rates 
and an efficient network-centric file format. One such recording device is the NET/REC which 
records networked data in 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 multi-
flight recording systems. In particular, it facilitates telecommand and read-while-write 
possibilities using standard networking technologies such as RTSP.  Networked multi-flight 
recording solutions are particularly suited to Prognostic Health Monitoring systems where 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 to warn the PHM of critical events and states 
detected in the aircraft.   
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Abstract 

 

Telemetry data recorders are not immune to the effects that a number of disruptive technologies 

have had on the telemetry industry.  Data recorder designs today make use of data buses, storage 

types and graphical user interfaces that are constantly evolving based on the advances of 

personal computer and consumer electronics technologies.  Many of these recorders use 

embedded designs that integrate disruptive technologies such as PCI Express for realtime data 

and signal processing, SATA interfaces for data storage and touchscreen technologies to provide 

an intuitive operator interface.  Solid state drives also play a larger role in the latest recorder 

designs. 

 

This paper will explore the effects of these technologies on the latest telemetry recorders in terms 

of the benefits to the users, cost of implementation, obsolescence management, and integration 

considerations.  The implications of early adoption of disruptive technologies will also be 

reviewed.       

 
 

Introduction 

 

Telemetry data recorders are designed with a combination of established and leading-edge 

technologies that offer the telemetry community a versatile platform for the recording of data.  

Over time, however, even the most innovative of designs fall victim to the ever-changing 

technologies driven by the personal computer and consumer electronics industries.  Many of 

these changes can be considered disruptive technologies. 

 

A disruptive technology is one that improves a product in unexpected ways.  More importantly, 

it is an innovation that can cause an upheaval for a particular market.  Classical examples include 
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the telephone or personal computer.   In an effort to use the most modern and innovative designs, 

telemetry recorders utilize leading edge technologies that often fall into the disruptive category. 

 

 

A Look at Telemetry Recorder Architectures 

 

Telemetry data recorders were once known as “strip-chart recorders” due to the nature of the 

recording medium which was a continuous strip of paper on which signals were printed.  The 

earliest recorders were galvanometer-based instruments.  The microprocessor and the thermal 

array printhead were the main disruptive technologies behind the revolution in telemetry 

recording over 20 years ago.  Today’s telemetry recorders are open-platform devices where the 

digital data is stored electronically for the user to visualize, analyze and print if necessary. 

 

The early microprocessor-based architectures of these telemetry recorders relied on dedicated 

electronics designed for specific functions.  These functions included the signal conditioning of 

analog data, digital signal processing, bus management, user I/O, data storage, and print-specific 

functions.  A typical block diagram is as follows: 

 

 
Figure 2: Block diagram of an early telemetry recorder design 

 

 

The design of the modern telemetry recorder replaces many of these dedicated controllers with 

embedded PCs – or single-board computers (SBC) – that serve as the main system controller.  

This system controller is connected to a proprietary data acquisition controller   A typical block 

diagram is shown below. 
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Figure 2: Block diagram of a current telemetry recorder design 

 

 

There are many benefits to using an embedded design such as standard form factors, wide 

availability of suitable vendors, scalability, and a natural upgrade path for existing designs.  The 

main drawback to the embedded design is the likelihood of a disruptive technology changing the 

basic system design.  This is especially true of the communication interface between the 

embedded SBC and the data acquisition controller as well as the interface to the storage medium. 

 

 

Disruptive Technologies 

 

There have been many innovations in signal processing, recording technologies, data busses and 

drive interfaces that have proven to be disruptive to the design of the telemetry recorder.  

Because the designs today rely on the embedded SBC industry – which can change quickly 

based on technology advances – the telemetry data recorder is more susceptible to these 

disruptive technologies than previous generations of systems were.   

 

The following sections focus on some of the innovations that have affected the telemetry data 

recorder. 

 

PCI Express 

One of the major design choices in the telemetry data recorder is the data link between the SBC 

and the proprietary controller board.  Recorder designs have evolved from using SCSI to USB 

2.0 for this communication.  The latest product designs, however, utilize PCI Express (PCIe) for 

this interface.  PCIe can be considered a disruptive technology due to the nature of the 

interconnect to the SBC. 

 

PCIe was originally specified by Intel in 2004 as a new expansion card interface for PCs.  A key 

reason for this innovation is that the older PCI interface was being taxed by graphics controllers 
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and other devices in the traditional PC and more bandwidth was needed.  PCIe is a high-speed 

serial interface, with up to 16 lanes for data links.  Each lane is capable of a data rate of 250MB/s 

(v1.0).  A 16-lane interface can transfer 6.4GB/s.     

 

The PCIe interface is ideal for telemetry recorder designs, where moving large amounts of data 

quickly is crucial.  The disruption occurs because of the different physical and interface 

characteristics of PCIe that required the redesign of the SBC and data recorder controllers. 

 

Serial ATA 

Another disruptive technology for the telemetry data recorder is the Serial ATA (SATA) 

interface.  Telemetry data recorders rely on hard drives on which to record data. The standard 

interface for embedded SBCs for many years was the Parallel ATA (PATA) interface.  While 

PATA proved to be successful as a hard drive interface, its limitations became apparent  as drive 

technology improved and the demand for bandwidth increased.  PATA uses a single-ended 

signaling method in which signal noise became a problem at higher bandwidths (greater than 

100MB/s).  PATA also uses 5V signal levels, which is increasingly being phased out in favor of 

lower voltages for both power and cooling considerations. 

 

SATA offers a substantial improvement over the older PATA interface in terms of bandwidth, 

signal integrity, physical cabling, and power requirements.  SATA uses low-voltage differential 

signaling (LVDS) with a level of 250mV.  This offers the benefit of noise reduction, improved 

signal integrity, and the elimination of TTL-compatible (5V) signal levels. 

 

The SATA interface also improves on the physical cable connections required to the hard drive.  

Where PATA utilized a 40-pin (80-wire) ribbon cable for data, SATA uses a 7-wire cable.  The 

SATA cable can also be up to 1 meter in length, compare to the 18-inch maximum for the older 

PATA standard.  These changes vastly improve the flexibility in cable routing in an integrated 

telemetry recorder. 

 

Solid State Storage 

While solid state storage has been used for many years for airborne telemetry recorders, the 

relatively recent innovations in NAND Flash technology have lead to the practical replacement 

of hard drives with solid state drives (SSD) in ground-based telemetry data recorders.  In 

addition, the portable telemetry recorder can now be cost-effectively ruggedized for applications 

that require both onboard and lab-based data recording. 

 

The consumer electronics industry was the catalyst for the development of NAND flash-based 

drives.  NAND technology has faster program and erase times than its counterpart NOR memory 

technology.  NAND provides over 5 Mbytes/s of sustained write performance. The block erase 

times are an impressive 2 ms for NAND versus 750 ms for NOR.
1
  Because of this speed 

increase, NAND technology was used for a wide variety of removable media such as Secure 

Digital (SD) and Memory Stick.  The USB-based flash drive, a truly disruptive technology for 

the PC industry, was also NAND-based.   

 

One of the main concerns regarding the flash-based SSD from a data recording standpoint is the 

fact that the solid state drive technology has limitation on the number of read/write cycles.  The 
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telemetry recorder can write data to a hard drive at speeds of up to 32MB/s sustained.  This 

volume of data can quickly fill even large hard drives, especially when using a pre-trigger FIFO 

mode of operation where the data can be constantly overwritten.  SSD manufacturers, however, 

use intelligent wear-leveling technologies that distribute data evenly over each memory block of 

the flash device.  This increases the write endurance of the SSD to a point where the useful life 

of the device is several years. 

 

Touchscreen 

The first telemetry data recorder with a touchscreen user interface was introduced to the 

telemetry community in 2000.  The touch-panel graphical user interface (GUI) made an 

immediate impact on how the user interacted with the instrument and provided for intuitive 

customization of the front panel.  With the increasing emphasis on touchscreen controls found in 

the consumer electronics industries, the innovation known as “multi-touch” is the latest 

disruptive technology. 

 

Multi-touch technology is designed to sense more than one touch on the panel.  This can be used 

for two or more fingers to make gestures on the screen such as a pinch, rotate, or swipe.  For the 

telemetry recorder, these gestures could be used for zooming in on particular area of interest, 

rotating an on-screen control, or opening/closing files. Development is being pursued on larger 

multi-touch panels that would allow users access to these types of controls, leading to an entirely 

new way in which to visualize and analyze telemetry data.      

 

 

Adoption of Disruptive Technologies 

 

Whether or not to migrate to a new technology is a key decision that affects not only the 

instrumentation being updated, but also the integration of that system in a telemetry facility.  

Those innovations that can be absorbed by a change in the internal system design or architecture, 

with no effect on the end user or installation, are more practical to employ.  The industry 

acceptance of a new technology can also be a factor in this decision.  Consider the classic 

innovation adoption curve
2
 in figure 3 shown below. 

 

 

 

 
 

 

Figure 3: Rogers Innovation Adoption Curve 
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The innovators are those who would first employ a new technology, while the early adopters 

would follow their lead if the innovation proves somewhat successful.  The early majority is 

more risk averse than the previous groups, but is willing to adopt the technology once proven.  

The late majority is more skeptical and will only move to a new technology when it is considered 

mainstream.  The laggards are those who resist change and will only adopt when previous 

solutions are obsolete.   

 

While this model is based on the sociology behind the consumer adoption of innovations, it is 

useful in discussing the implications of employing disruptive technologies.  As the curve is 

traversed from left to right, the amount of risk is inversely proportional to the normalized value.  

The risks of innovators and early adopters of a new technology are higher cost, potential for the 

technology to not be fully developed, and the possibility of the stagnation of the innovation 

where it never enters the mainstream.  The risk of the laggards is that the technology is no longer 

new and there is a real possibility that a newer technology is already being developed as a 

replacement. 

 

For the telemetry community, system designers must weigh these risks when deciding on how 

and when a disruptive technology should be employed.  The technical advantages of 

implementing a new technology often outweigh the risks, especially if the technology is a 

significant advancement for telemetry. 

 

 

Obsolescence Management 

 

One of the major implications of disruptive technologies for data recorders is the issue of 

obsolescence management.  These recorders are often integrated into larger telemetry systems 

that require support for many years.  The embedded industry is typically prepared to supply data 

recorder manufacturers and telemetry system integrators with the components that are specified 

into current designs, but the supplies are finite.  Telemetry recorder designers must have 

obsolescence plans in place that not only support existing installations, but are able to offer drop-

in replacements as necessary. 

 

Disruptive technologies, by their nature, do not offer the telemetry manufacturer or system 

integrator an expected change.  Rather, the unexpected must be dealt with by a combination of 

open communications with component vendors, direct involvement with procurement resources, 

and the constant education for engineers on the latest technologies.  Obsolescence management 

tools are available that can help execute a robust plan that includes engineering, procurement, 

and production techniques to mitigate the impact of a required change. 

 

 

Conclusion 
 

The telemetry data recorder, as well as many other areas within telemetry, is susceptible to the 

impact of disruptive technologies.  The benefits of implementing these innovations include 

increased performance, improved ease-of-use, new features/capabilities and an overall better 

product.  The risks of using disruptive technologies include the cost of redesign, the possibility 
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of increased product cost, the potential for technology stagnation and the risk of adopting a 

technology too early or too late. 

 

Data recorders today strike a good balance between using both innovative and established 

technologies to provide the telemetry user a platform that is useful and productive.  The 

identification and use of disruptive technologies must continue to play a role in order to provide 

for the current and future requirements for telemetry applications. 
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ABSTRACT

In this paper, we present an implementation of the Viterbi algorithm using the functional programming
language Haskell. We begin with a description of the functional implementation of the algorithm. Included
are aspects of functional programming that must be considered when implementing the Viterbi algorithm
as well as properties of Haskell that can be used to simplify or optimize the algorithm. Finally, we evaluate
the performance of the Viterbi algorithm implemented in Haskell.

INTRODUCTION

Forward error correction(FEC) codes allow a receiver to correct errors in a received bit sequence by
introducing parity bits into the transmitted signal. FEC codes are commonly used in wireless communi-
cations but have not yet been fielded in the telemetry world. However, FEC codes offer benefits to the
telemetry world including the ability to provide reliable communication at very low signal-to-noise ratios.
Additionally, FEC codes have already taken a role in the migration from serial streaming telemetry (SST)
to integrated Network Enhanced Telemetry (iNet). Future communication systems will used trellis-based
demodulators that will require an FEC decoder.

This paper focuses on one type of FEC code: convolutional codes (CC). Specifically, we focus on
the Viterbi algorithm, a decoding algorithm for convolutional codes [1, Ch 12]. This paper is the first
step in a larger project, to implement the CC decoder on field-programmable gate array (FPGA) hardware.
Traditionally, a software model is first implemented in an imperative programming language such as MAT-
LAB or C++. This model can later be used for equivalence checking with the hardware implementation.
However, in general none of the coding done on the software model is reuseable in the hardware imple-
mentation. The hardware implementation is generally written in a hardware description language such as
VHDL1, which is very different syntactically and semantically from an ordinary programming language.

In this paper, we discuss a Viterbi algorithm implementation in the functional programming language,
Haskell. Functional programming languages offer many benefits over imperative languages like C or
MATLAB. Functions in Haskell are more like mathematical expressions than a list of steps for the com-
puter to iterate through. Additionally, functions can be passed as arguments very easily and neatly. These

1VHSIC (Very High Speed Integrated Circuits) hardware description language

1
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Figure 1: Block diagram of Viterbi algorithm simulation.

properties make Haskell appealing as a hardware description language as well. In fact, a tool called Lava
already exists to describe digital circuits in Haskell. Haskell has a library called QuickCheck available that
simplifies and automates equivalence checking [2]. So, designing our software model in Haskell and the
hardware description in Lava will allow us to easily check the hardware implementation for correctness.
Additionally, we will be researching methods of transforming normal Haskell functions into Lava.

In summary, our contributions are as follows:

• We implement the Viterbi algorithm in the Haskell programming language.

• We investigate the advantages and caveats of implementing the Viterbi algorithm in Haskell.

• We compare bit error rate (BER) performance of our implementation with a known implementation
to give evidence of correctness.

VITERBI ALGORITHM

The Viterbi algorithm is a decoding algorithm for convolutional codes [1, Ch 12]. A simple block
diagram of the system used to simulate the algorithm is presented in Figure 1. The simulation program
first generates a block of 4096 bits and encodes the bits using a rate 1/2 (5,7) convolutional code (CC)
encoder [1, Ch 12]. The encoded bits are then modulated using binary pulse-amplitude modulation (PAM),
essentially just turning them into antipodal bits. The modulated data are then sent through an additive white
Gaussian noise (AWGN) channel. Finally, the noisy data are supplied as input to the soft decision Viterbi
algorithm (SDVA) decoder which, by definition, takes antipodal data as input and outputs decoded bits.
Further details of the simulation process are included in the PERFORMANCE VALIDATION section.

The Viterbi algorithm is implemented in two steps. First, we generate a trellis from the received bits.
An example trellis is shown in Figure 2. At any point in the transmission, there are four possible states.
Each dot corresponds to a state. Each edge corresponds to a state transition, or branch. Each branch is
assigned a branch metric, which is related to the Euclidean distance between the branch state and the last
transmitted symbol. The equation we used to calculate the branch metric is simple:

BM(rr, bb) = (r0 − b0)
2 + (r1 − b1)

2 (1)
= r2

0 − 2r0b0 + b20 + r2
1 − 2r1b1 + b21

= �
�r2
0�

�−2r0b0 + �
�b20 + �

�r2
1�

�−2r1b1 + �
�b21 (2)

≡ r0b0 + r1b1. (3)

In (1), rr corresponds to the received symbol while bb corresponds to the branch symbol, which is
dependent on the convolutional encoder used. In (2), all scalar terms (including −1) are cancelled out.
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Figure 2: Viterbi Algorithm Trellis

We are able to simplify the calculation because we are not concerned with finding the actual value for
Euclidean distance. Basic properties of equality state that argmin(a× x+ b, a× y + b) == argmin(x, y).
Assuming that there is no noise, for values of r and b between -1 and 1, the branch metric will be between
-2 and 2. If rr = bb, then the branch metric will be 2. Likewise, if r0 = −b0 and r1 = −b1, the
branch metric will be −2. Thus, the minimum Euclidean distance in (1) corresponds with the maximum
correlation in (3).

Each state in the trellis contains an ordered pair of Floating point numbers, which represent the path
metric (λ) for each branch entering the state:

λnew = λprev + r0b0 + r1b1. (4)

The path metric at any state is a cumulative value representing the path of minimum distance to that
state. Remember, to minimize distance, we maximize the branch metric. Thus, λprev is simply the path
metric of the previous state, which is equal to the maximum value in the ordered pair at the previous state.
The second part of the path metric equation is the branch metric derived in Equation (3).

Once the trellis is generated, the next step is to find the survivor path. The survivor path is the path
with minimal Euclidean distance (and maximum path metric). To find the survivor path, we start at the
end of the transmission and find the branch with the highest path metric. We then follow that branch to
its previous state. At this state we once again pick the path with the highest path metric and follow that
branch to it’s previous state. This process continues until we reach the starting state. In Figure 2, the solid
black line represents the survivor path. The branch symbols for that path are includeded at the top of the
figure. The Viterbi algorithm is discussed in much further detail in [1, Ch 12].

HASKELL IMPLEMENTATION

Traditional programming languages such as C or Java are considered imperative languages. Algo-
rithms are expressed in an iterative fashion. Functional programming languages, like Haskell, express
algorithms more as mathematical expressions than as a lists of steps [3]. Normal Haskell functions and
variables have no side effects. In computer science, a side effect is a change of state or an interaction with
the outside world. This means that all functions are deterministic: the output is dependent only on the
input. Also, variables do not change. In an imperative language a variable is a label for a block of memory
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or the value stored in that block of memory. In Haskell, a variable is a label for some value. This means
that Haskell variables do not actually vary at all! Unsurprisingly, functions are a very important part of
functional programming. Functions are values just like variables. A function can have another function
as input or output. While all of this may seem unnatural at first to the C or MATLAB programmer, it
allows for higher levels of abstraction and much more concise code. An example of a Haskell function for
calculating the branch metric is presented below:

ed :: (Float,Float) -> (Float,Float) -> Float
ed (x1,y1) (x2,y2) = x1*x2 + y1*y2

First, the type of the function is given. Function types are listed in order from the first argument to the last
argument followed by the type of the output. The Euclidean distance function, ed, accepts two-tuples as
arguments, each containing two floating point numbers, and returns a floating point number. A tuple is a
data structure similar to a list with a few exceptions. A list in Haskell can only contain elements of a single
type, while a tuple can contain elements of different types. Also, a list can be of variable length, while the
number of elements in a tuple must be known. In this case, each tuple contains a pair of values. The line
after the type contains the actual function. We simply multiply the x and y values from the two ordered
pair inputs and sum the results. This function, ed, is used to calculate the branch metric discussed in the
previous section.

Haskell has a built-in type called Array, which can be used to create indexed multi-dimensional
arrays. Haskell includes functions to get/update elements of an array. However, for this project we wanted
additional functionality. We wanted to be able to use many of the matrix operations such as reshape, cross
product, add, and subtract that are available in MATLAB. So we created a matrix module including a new
type called Matrix and wrote functions that performed these operations on our new data structure. The
newtype Matrix contains a ”boxed up” two-dimensional Array:

newtype Matrix a = Matrix (Array (Int,Int) a)

newtype is a keyword in Haskell used to declare a new data type. In this case, we are building a new data
type called Matrix which can contain elements of any type. The pair, (Int,Int) correspond to row
and column indices in a two-dimensional array. In our Haskell implementation of the Viterbi algorithm,
the trellis is represented as a 4 × N matrix of ordered pairs, where N is the number of symbols in the
received data. Each row in the matrix corresponds to one of the four states, and each column corresponds
to a symbol. Each element contains the path metric data at that state. An example path metric matrix is
presented below:

(Just 2.0,Nothing) (Just 0.0,Nothing) (Just 0.0,Just (-2.0)) (Just 0.0,Just 2.0)
(Just (-2.0),Nothing) (Just 4.0,Nothing) (Just 0.0,Just (-2.0)) (Just 0.0,Just 2.0)

(Nothing,Nothing) (Just (-2.0),Nothing) (Just 2.0,Just 0.0) (Just (-2.0),Just 8.0)
(Nothing,Nothing) (Just (-2.0),Nothing) (Just 6.0,Just (-4.0)) (Just 2.0,Just 4.0)

This matrix was generating using the four symbol sequence described in Figure 2. Haskell contains a
built-in type called Maybe which is essentially an optional value. A value of type Maybe Float, for
example, either contains a value of type Float (called Just Float) or Nothing. The Maybe type is
discussed further in [3]. The Maybe type was used in the Viterbi algorithm to denote invalid branches in
the first two symbols. The first column in the matrix above corresponds to the states at t = 1 in the trellis
in Figure 2. The Nothing values correspond to states which have zero or one branch entering them.
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The vaTrellis function is presented below:

vaTrellis :: Matrix Float -> Matrix ((Maybe Float),(Maybe Float))
vaTrellis rx = (Matrix a)

where a = array ((0,0),(3,un-1))
$[((x,0), (bm1 x 0,Nothing)) | x <- [0,1]] ++
[((x,0), (Nothing,Nothing)) | x <- [2,3]] ++
[((x,1), (((bm1 x 1) ‘mAdd‘ p1 x 1),Nothing)) | x <- [0..3]] ++
[((x,y), (((bm1 x y) ‘mAdd‘ p1 x y),(bm2 x y) ‘mAdd‘ p2 x y))
| y <- [2..un-1], x <- [0..3]]

bm1 x y = Just $ ed (list2Tuple (getRow bs (l2r@@(x*2,0)))) (list2Tuple (getRow rxDat y))
bm2 x y = Just $ ed (list2Tuple (getRow bs (l2r@@(x*2+1,0)))) (list2Tuple (getRow rxDat y))
p1 x y = max (fst (a!(l2r@@(2*x,0) ‘div‘ 2,y-1))) (snd (a!(l2r@@(2*x,0) ‘div‘ 2,y-1)))
p2 x y = max (fst (a!(l2r@@(2*x+1,0) ‘div‘ 2,y-1))) (snd (a!(l2r@@(2*x+1,0) ‘div‘ 2,y-1)))
un = numRows rxDat
rxDat = matReshape rx (numRows rx ‘div‘ 2) 2
l2r = genL2R gcc
bs = matMap antip $ genBS gcc

This function accepts a list of received symbols in the form of a 1× 2N matrix of floating point numbers,
and outputs a 4 × N Matrix of type (Maybe Float, Maybe Float) where N is the number
of transmitted (2-bit) symbols. Haskell allows the programmer to include a where clause containing
defintions of local functions and variables. In the code above, the where clause includes the majority of
the functionality. The variable a is defined as the array inside the matrix that is returned by the function.
The first line array ((0,0),(3,un-1)) includes the array bounds. The lower bounds are (0,0)
and the upper bounds are (3,un-1) where un is equal to the number of symbols in the transmission.
The next four lines build the contents of the array. The contents of an array are stored in a list where each
element is of the form ((idx,idy),v)) where idx is the column index, idy is the row index, and
v is the value stored in that element. To build this list, we use a series of Haskell list comprehensions,
which are similar to set comprehensions (or set-builder notation) in mathematics. A complete explanation
of Haskell list comprehensions is beyond the scope of this paper. We encourage the reader to read the
appropriate section in [3] for more information. Suffice it to say that a list comprehension is a syntactic
shortcut for building a list from one or more lists. In this case, we are building a list of matrix elements
from lists of row and column indices. After a is defined, we define a series of helper functions which are
used to get the branch metric and path metric data. bm1 and bm2 are used to calculate the branch metric
for even and odd branches respectively. The type of the bm functions is given below:

bm :: Int -> Int -> Maybe Float

The functions accept an x and y index for a state in the trellis and calculates the branch metric data
at that state. The functions p1 and p2 determine which path metric (referred to as λprev in the previous
section) to use at a given state. Their type is the same as the bm functions. They accept an x and y index
for a state and return the maximum value of the previous state. rxDat reshapes the input data (a single
column matrix) into a two column matrix so that there is one 2-bit symbol on each row. l2r generates
a list of left-to-right indices that are used to determine a branch’s left index, given its right index. bs
generates antipodal branch state data.
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After the trellis is generated, the next step is to determine the survivor path. We wrote a function that
accepts a matrix generated by the vaTrellis function and outputs decoded bits. That function is called
getSym:
-- getSym takes a viterbi algorithm matrix (see vaTrellis) and a starting column
-- and generates symbol data by walking back through the matrix.
--getSym :: Matrix (Maybe Float, Maybe Float) -> Int -> [Int]
getSym m y = flatten $ reverse $ getSym’ ss m y

where possSS = getCol m y
ss = foo possSS
getSym’ x m y

| y >= 0 = issueBS x (m@@(x,y)) : getSym’ (st x (m@@(x,y))) m (y-1)
| otherwise = []

The function getSym relies on three helper functions: foo, st, and issueBS. The type of foo is given
below:
foo :: [(Maybe Float, Maybe Float)] -> Int

This function accepts a column from the trellis and returns the index of the row containing the highest
value. This is used to determine the starting state in the last column of the trellis (the first symbol to be
decoded).

The type of st is given below:
st :: Int -> (Maybe Float,Maybe Float) -> Int

st takes a current state (an Int) and an ordered pair containing path metric data, and outputs the next
state. This function is used to move from right to left in the trellis, following the survivor path.

The type of the function issueBS is given below:
issueBS :: Int -> (Maybe Float, Maybe Float) -> [Int]

This function takes a current state and an ordered pair of path metric data, and outputs the branch state.
The branch state is the decoded bit(s) and is dependant on the convolutional encoder used. In the getSym
function, we use the where clause to define some functions and variables used in main function definition.
The variable possSS contains the last column in the trellis. The variable ss determines the starting state
by running foo on possSS. Finally, getSym’ combines all of the functions discussed above to move
from right to left in the trellis, generating a list of decoded bits. The type of getSym’ is included below:
getSym’ :: Int -> Matrix (Maybe Float, Maybe Float) -> Int -> [[Int]]

The first argument to getSym’, x, is the row index of the current state. The next argument is the trellis
matrix, and the final argument, y, is the column index of the current state. There are two things that must
be considered before the result of getSym’ is output to the user. First, since getSym’ is recursing from
the beginning to the end of the data transmission, we must reverse the decoded bit sequestion. Seond, the
function returns a list of lists of Int because issueBS returns the decoded bits for each symbol in the
form of a list. Even though the rate 1/2 convolutional code only has one decoded bit per 2-bit symbol,
other convolutional encoders may have multiple bits. Thus, we return a list of bits. To solve these two
problems we call the built-in function reverse to reverse the bit sequence returned by getSym’ and
we call the function flatten which turns a list of type [[Int]] into a list of type [Int].

The two functions vaTrellis and getSym make up the majority of our Viterbi algorithm imple-
mentation in Haskell. By calling vaTrellis on a column matrix of encoded data, and then calling
getSym on the trellis data structure, we are able to decode a sequence of convolutionally encoded bits.
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Figure 3: Bit error rate as a function of Eb/N0 of Rate = 1/2 convolutional code.

PERFORMANCE VALIDATION
We used simulation to measure algorithm correctness. In the simulation, a rate 1/2 (5,7) convolutional

code was used with 4096 bit codewords. We ran the simulation using input data with energy per bit to
noise power spectral density ratios (Eb/N0) of 3dB to 6dB in 0.5dB increments. For each Eb/N0 value,
we ran the simulation until at least 25,000 bit errors were recorded. Results are shown in Figure 3. This
curve matches the curve presented in [4, Ch 11], giving confidence that our implementation is correct.

CONCLUSIONS AND FUTURE WORK
The final goal of this research project is to implement a transmitter and receiver with error correction

coding on a field-programmable gate array (FPGA). We are planning to use Lava for the hardware design.
Lava is a Haskell tool for hardware design and verification. Lava circuits can be simulated directly or
compiled into VHDL (VHSIC (Very High Speed Integrated Circuits) hardware description language) or
EDIF (Electronic Design Interchange Format) code. Unlike traditional hardware description languages
such as VHDL, Lava has the ability to describe circuit layout as well as behavior. Lava uses Haskell
abstractions to provide abstractions in the circuit description. For example, it is difficult to understand how
circuits are connected together in VHDL. In Lava, a circuit is represented as a function. Haskell functions
can take functions as arguments making it easy to describe how circuits are connected without the need to
name intermediate signals [5]. The Lava design is available in [6]. Haskell has the QuickCheck library that
allows for easy equivalence checking [2]. Having the Viterbi algorithm implemented correctly as a regular
Haskell program will allow for easy equivalence checking with our Lava implementation. Additionally,
we will be researching methods of transforming regular Haskell functions (like the algorithm presented in
this paper) into Lava circuits.
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ABSTRACT 

 

The nXCVR-2000G transceiver is an 802.11a OFDM-based system undergoing performance 

studies that uses both simulation and laboratory tests. The multi-path channel model used in the 

simulation experiments is based on a telemetry multi-path channel model described in the iNET 

Telemetry Experimental Standard document. 

 

To date, the results using the simulation have been confirmed by outdoor laboratory tests. They 

show that multi-path has less impact on the OFDM performance when the channel spread is 

within a limit of 800ns; the same specified guard interval (GI) used by 802.11a. For example, 

with a channel spread of 144ns ( 1 ) and a reflection coefficient of -0.26dB ( 1 ), the Error 

Vector Magnitude (EVM) is on the order of 2.5%. As the channel spread expands beyond the 

standard GI 800ns, the demodulated signal degrades. The performance penalty depends upon the 

channel spread factor and the total Signal to Interference plus Noise Ratio (SINR). .  

 

 

KEYWORDS 
 

iNET, OFDM, telemetry, networking, wireless, multi-path, performance 

 

 

INTRODUCTION 
 

The TTC nXCVR-2000G is the first iNET-ready OFDM-based IP transceiver available to the 

U.S. telemetry industry. The transceiver has been undergoing evaluation and testing since the 

early design phase. This paper reports on the unit’s performance, based on recent outdoor 

laboratory tests held under various heavy wireless multi-path channel conditions. 

 

It is known that a wireless radio channel places fundamental limitations on the performance of 

wireless communication systems; we will first review the theoretical fundamentals of wireless 

channel estimation and estimation methodology. Following that discussion, we will discuss the 

results of tests held under various outdoor channel conditions.  
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PERFORMANCE EVALUATION: THEORETICAL CONSIDERATION 

 

Wireless channel fundamentals: Review [1-5] 

 

The concerns of wireless communication channel impairment may differ depending on the 

application. In this report we assume, (i) communication links have Line-of-Sight (LOS) 

transmission condition and (ii) the channel is resolvable, i.e., the Channel Impulse Response 

(CIR) can be represented in discrete time. Those presumptions are reasonable for airborne 

telemetry wireless communication applications [6].  

 

It is known that virtually all radio transmission medium may be regarded as random time-variant 

linear channels [1]. Denoting x(t), y(t) as the input and output of the channel, respectively, the 

output of the channel may be expressed as: 






  dthtxty ),()()(      (1.1)  

),( th  is the Channel Impulse Response (CIR) and t and  denote the real time-variable and the 

channel excitation time, respectively. 

 

The rate of variation of the channel can be characterized by its Doppler frequency-spread and the 

channel time-spread. The product of the frequency spread and the time-spread is an important 

quantity in wireless communication time-variant-channels. A discussion is given in the following 

section titled “Channel detectability and sampling rate consideration”. 

 

Channel estimation: a simple method  

 

A simple method to perform channel estimation is to employ a random sequence as a channel 

sounding signal, then determine CIR at the output of the cross-correlator of the receiver.  

Let tR ,  denote a cross-correlation function between channel input )(tx  and its output )(ty , by 

eq.(1.1), it can obtain: 






 dstxstxsthtxtytR t )()(),()(),(),(    (2.1) 

In practice, a repetitive random sequence is utilized. Let T and )(txo denote the repetition 

period and a finite length elementary random sequence, respectively. A channel sounding signal 

may be expressed as: 

 
k

o Tktxtx )()(       (2.2) 

If )(txo  is white, by equation (2.1) and (2.2), the channel impulse response can be obtained at the 

receiver cross-correlator output as: 

 

),(, tR t  =  
k

Tkth ),(       (2.3) 
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Channel detectability and sampling rate consideration 

 

1. Channel detectability 

 

Let maxf  and maxL  denote the maximum Doppler-frequency spread and the maximum time-

spread, respectively. A necessary and sufficient condition for a detectable channel is given by [1-

5] 

1max BL       (2.4) 

423.0/maxfB        (2.5) 

 

Within a CW channel excitation signal, maxf  is the maximum frequency dispersion due to 

Doppler motion and maxL  represents the maximum “memory” length of the channel. A physical 

intuition of the channel detectability condition given in equation (2.4) is that the sampling rate of 

the statistical samples of the channel measurement is constrained by Nyquist Sampling Theory. 

If the maximum channel time-spread BL /1max  , by Sampling Rate Theory, the channel 

measure will be aliased in an unpredictable way depending on the shape and the strength 

measured. Previous studies have found that the detectablility exhibits a sharp deterioration for 

1max BL  [2]. 

 

2. Channel unambiguous measure 

 

Notice the maximum channel spread 0max L , with a sounding signal shown equation (2.2), it 

could cause the channel measurement to be smeared if the repetition period maxLT  . To ensure 

correct channel estimation, the channel sounding repetition period T  should satisfy the 

unambiguous channel estimation condition [1][2]. 

 

BTL /1max        (2.6) 

 

 

 

PERFORMANCE EVALUATION: METHODOLOGY 

 

 

The specifics of the test boundary conditions were as follows: 

 

1. Wireless point-to-point link performance test setting 

a) Signal bandwidth: 16.25MHz; fc 2.4GHz 

b) Data: 1024byte/frame 

c) Modulation: OFDM/QPSK  

d) FEC: ½ Convolutional code 

e) MAC: TDMA with ARQ mechanism 

f) IP data transfer: FTP, TCP/IP protocol; 
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2. Channel estimation test setting 

a) Sounding signal (as part of preamble): repetitive sequence of 3.2 s chirp signal; 

msTsT 1;2.3 maxmin     

b) Payload modulation: 802.11a OFDM/QPSK  

c) Bandwidth: 16.25MHz 

d) Channel resolution (ADC sampling rate): 8ns 

 

3. Test site environment presumptions 

a) Reflector/scatter mobility: < 4 m/s (10 miles/hour); Doppler-frequency spread 

Hzf 30max  (@2.4GHz), i.e. the coherent time = max16/9 f =6ms 

b) Channel time-spread maxL < s10  

 

4. Theoretical justification of the channel sounding parameter setting 

a) Channel detectability condition: maxmax /1 fL   

b) Channel measure unambiguous condition: maxLT   

 

5. Outdoor field test description as shown in Figure 1 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

    Figure 1: Test site description 
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a) Building #1: office building; brick walls, two floors 

b) Building #2: office building; brick walls with metal roof 

c) Building #3: office building; brick walls, flat level 

d) Building #4: office building; brick walls, metal roof, four floors 

e) Building #5: manufacturing building; complex exterior with metal tanks, brick walls 

 

 

 

 

 

    Figure 2: Antenna locations 

 

6. Two-node link setting: 

 

a) Node #1: Tx omni. antenna is located on the building roof (30ft high, 200ft away from 

Rx antenna);  

 

b) Node#2: Rx omni./directional antenna is located in the parking lot as shown in figure 2; 

the directional antenna used is a wideband DRG horn antenna. 
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PERFORMANCE EVALUATION: RESULTS 

 

 

1. Channel sounding results: see Table 1, Figure 3 and Figure 4 

 

 

Table 1 

 

Rx antenna 

direction 

Echo#1 

%/ AMns  

Echo#2 

%/ AMns  

Echo#3 

%/ AMns  

Echo#4 

%/ AMns  

Echo#5 

%/ AMns  

Total C/I 

Power(dB) 

LOS(0deg) N/A      

Left 90deg 121/0.62 

(-4.2dB) 

315/0.093 

(-20.6dB) 

   4dB 

180deg 145/0.125 

(-18dB) 

290/0.2 

(-14dB) 

776/0.08 

(-22dB) 

1,040/0.26 

(-11.7dB) 

1,600/0.085 

(-21.4dB) 

8.6dB 

Right 90deg 97/0.24 

(-12.4dB) 

751/0.12 

(-18.4dB) 

921/0.053 

(-25.5dB) 

1042/0.214 

(-13.4dB) 

 9.2dB 

 

 
 

 

 

 

 
 

Figure 3: CIR estimation for LOS off by left-turn 90° 
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Figure 4: CIR estimation for LOS off by 180° 
 

 

 

2. Wireless link performance test results: 

 

Case A 

 

Modulation: OFDM/QPSK with FEC ½ rate 

Tx antenna: Omni-directional located on roof.  

Rx antenna: Omni-directional located in parking lot 

Link condition: LOS 

Rx power: –65dBm 

 

 

 

 

 

 

 

 

 

 

 

 

Trail Link 

Time(sec) 

Total  

Tx. 

frame 

Total  

ARQ 

frame 

Pkt 

Drop 

rate 

#1 17.13 11,249 1 8.9E-5 

#2 17.03 5,100 0 0 

#3 17.05 5,093 0 0 

Total 51.21 21,442 1 4.7E-5 
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Case B 

 

Modulation: OFDM/QPSK with FEC ½ rate 

Tx antenna:  Omni-directional located on roof.  

Rx antenna: Directional horn, located in parking lot 

Link condition: LOS (0 deg.) 

Rx power: –55dBm 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Case C 

 

Modulation: OFDM/QPSK with FEC ½ rate 

Tx antenna:  Omni-directional located on roof.  

Rx antenna: Directional horn, located in parking lot 

Link condition: 80deg. Right turn off LOS 

Rx power: –55dBm 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Trail Total 

Comm.. 

Time(sec) 

Total  

Tx  

Frame 

Total 

ARQ 

Frame 

Pkt 

Drop 

rate 

#1 17.06 5,095 0 0 

#2 17.05 5,092 0 0 

#3 64.48 19,347 0 0 

#4 64.56 19,353 0 0 

#5 64.51 19,613 0 0 

Total 227.66 68,500 0 0 

Trail Total 

Comm.. 

Time(sec) 

Total  

Tx  

Frame 

Total 

ARQ 

Frame 

Pkt 

Drop 

rate 

#1 64.56 19,356 0 0 

#2 64.56 19,486 0 0 

#3 117.16 20,692 72 3.5E-3 

Total 246.28 59,354 72 1.2E-3 
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Case D 

 

Modulation: OFDM/QPSK with FEC ½ rate 

Tx antenna:  Omni-directional located on roof.  

Rx antenna: Directional horn, located in parking lot 

Link condition: 90deg. Left turn off LOS 

Rx power: –66dBm 

 

 
 

 
 

 

 
 

 

 
 

 

 
 

 
 

 

 

Case E 

 

Modulation: OFDM/QPSK with FEC ½ rate 

Tx antenna:  Omni-directional located on the roof.  

Rx Antenna: Directional horn, located in parking lot 

Link condition: 175deg. Right turn off LOS 

Rx power: –68dBm 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

CONCLUSIONS 

 

In this paper we present the outdoor wireless channel estimation result and the iNET 

transceiver performance under various wireless outdoor channel conditions. It can be 

observed that:  

 

Trail Total 

Comm.. 

Time(sec) 

Total  

Tx  

Frame 

Total 

ARQ 

Frame 

Pkt 

Drop 

rate 

#1 64.85 19391 2 1E-4 

#2 64.66 19361 1 5E-5 

#3 70.56 19605 24 1.2E-3 

Total 200 58,357 27 4.6E-4 

Trail Total 

Comm.. 

Time(sec) 

Total  

Tx  

Frame 

Total 

ARQ 

Frame 

Pkt 

Drop 

rate 

#1 64.56 19378 0 0 

#2 64.5 19366 0 0 

Total 129.06 38,744 0 0 
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(i) Using LOS, the packet drop rate in the test is well below 10^-4. 

 

(ii) Using Non-LOS (due to off-angle directional antenna), the packet drop rate varies 

depending on the multi-path conditions. For example, in test case D, the packet 

drop rate is correlated with its low signal to interference (C/I) ratio; however, in 

test case E, with a strong reflection signal, the C/I is relatively higher, and the 

performance is as good as LOS case B. 

 

(iii) Using LOS and the omni-directional antenna as shown in test case A, the link 

performance is well below the benchmark 10^-4, which is consistent with the 

comment (i). 
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ABSTRACT 
 

Multi-h Continuous Phase Modulation (CPM) is a promising waveform for aeronautical 
telemetry because it is a compact spectrally efficient constant amplitude modulation. It has been 
selected as the Advanced Range Telemetry (ARTM) tier II waveform owing to these qualities. 
However, it is also a complicated waveform that has the reputation of suffering from complex 
demodulation processing and high sensitivity to transmission impairments and in particular 
synchronization aspects. In this paper we review a set of complexity reduction techniques that 
intend to bring this waveform into the domain of operational telemetry waveform, by allowing 
low complexity hardware implementation without sacrificing performance or robustness. Most 
techniques are adjustments of recent literature results, concerning both demodulation and 
synchronization. Computer simulation of a receiver implementing theses techniques shows 
negligible performance loss compared to optimal coherent demodulation with perfect 
synchronization. Hardware implementation confirms that nearly optimal performance can be 
achieved with hardware resource currently available in middle range FPGAs. 
 
Keywords: Multi-h CPM, ARTM tier II, demodulation, synchronization, hardware 
implementation 
 
 

I. INTRODUCTION 
 
Aeronautical telemetry is likely to require more and more spectrally efficient waveforms as the 
radio spectrum is a scarce, expensive and shared resource, and because the amount of data to 
transmit is constantly increasing. Not only the selected waveforms shall have a constant modulus 
to put up with onboard amplifier constraints but also they shall require a rather low Eb/N0 
operating point and provide fast locking capabilities. Multi-h CPM has been selected as the 
ARTM tier II waveform [1] because it rather well fulfils these specifications [2]. However, the 
related optimal demodulator implementing maximum likelihood sequence estimation (MLSE) 
suffers from a large complexity that is hardly compatible with the hardware resources existing on 
nowadays programmable components. Therefore, much effort has been made in the research 
community to propose complexity reduction techniques that would allow reasonable 



implementation complexity [3][4]. Besides, as traditional synchronization techniques based on 
signal constellation and eye diagram considerations fail to provide a workable solution in the case 
of multi-h CPM, some research has also been accomplished in this domain [6][7][8]. 
 
This paper aims at reviewing relevant complexity reduction and synchronization techniques to 
achieve a feasible implementation of an operational receiver. Most techniques require 
adjustments compared to what is proposed in the literature. However,  these adjustments present 
too many details to be accurately described in the present paper. Instead, we highlight simulation 
results of the designed techniques, and give preliminary measurements of hardware prototyping 
based on these adjustments. 
 
The paper is organized as follows: section II presents the signal model and section III recalls the 
optimal MLSE demodulation scheme. Then, section IV reviews complexity reduction techniques 
for demodulation based on recent literature results. Section V deals with synchronization aspects. 
Section VI focuses on implementation results and section VII draws conclusions.  
 
 

II. SIGNAL MODEL 
 

The transmitted ARTM tier II baseband signal is given by the following equations: 
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where E is the symbol energy, T is the symbol duration, hi ∈  {4/16,5/16} is the toggling 
modulation index, αi are the modulated symbols taking values in the M=4 elements alphabet {-3,-
1,1,3}, α={α0,α1,α2,…} is the sequence of transmitted modulated symbols, q(t) is the phase 
shaping function defined as: 
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where L=3 is the support of the frequency shaping function f(t). 
 
The received baseband signal r(t) is given by: 

( ) ( )( ) ( )( ) ( )exp 2 , exp 2
E

r t j t j ft t
T

πϕ τ α π θ ν= + ∆ + +  (3)  



where τ, ∆f  and θ are respectively the delay error, the carrier offset and the carrier phase shift 
between the transmitter and the receiver. These impairments are considered as compensated 
except in the section dedicated to synchronization aspects. ν(t) is the Additive White Gaussian 
Noise (AWGN) with double sided power spectral density N0. 
 
 

III. OPTIMAL DEMODULATOR 
 
The optimal receiver seeks the candidate sequence αML such that (see e.g. [2]): 
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This maximum likelihood sequence decoding is achieved in a recursive manner by the so-called 
Viterbi algorithm, which consists in finding the candidate sequence that maximizes the cumulated 
metrics λn recursively defined as: 
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The branch metric is obtained using the fact that in the interval [nT,(n+1)T] the signal s(t,α) can 
be expressed as: 

( ) ( )( )( ), exp ,n L ns t j t nTα θ θ α−= + −  (6) 
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is a cumulated phase rotation term at instant t=nT, having p=32 possible values and 
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is the phase trajectory in the interval [nT,(n+1)T], and αn ={αn-L+1,…,αn} is the length L 
modulated symbols sequence determining the phase trajectory in [nT,(n+1)T]. Hence, the branch 
metric is given by: 
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Equations (6), (7) and (8) give the size of the Viterbi decoder trellis. Indeed, the phase value at 
t=nT is fully defined by {θn-L,αn-L+1,…,αn-1}, which gives pML-1=512 trellis states. Besides, the 
phase trajectories in [nT,(n+1)T] are fully defined by {θn-L,αn-L+1,…,αn}, which gives pML=2048 
branches (M=4 branches leaving each state). 
 
Figure 1 illustrates the corresponding optimal demodulator architecture. The N=ML=64 complex 
filters are matched to the 64 possible phase trajectories θ(t,αn) in a symbol time interval. This 
architecture leads to 256 real filters and 2048 branch metric computations per symbol interval.  
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Figure 1 : simplified architecture of optimal demodulator 

 
 
Considering an implementation with 4 samples per symbol, a baud rate of B=1/T=25MBd, a 
100MHz internal clock, this demodulation scheme requires a total of 1280 multipliers, which is 
still a lot for commonly available FPGAs, all the more so as a similar amount of hardware is 
required for synchronization. 
 
The simulated Bit Error Rate (BER) performance of the optimal receiver is represented on the 
curve “Optimal MLSE” of Figure 4. It is consistent with what is predicted by the union bound 
[3]. 
 
 

IV. LOW COMPLEXITY DEMODULATOR 

1. Reduced dimension representation 
 
The first technique allows a drastic reduction in the number of matched filters at the expense of 
small performance degradation. It is based on reduced dimension representation of the 
transmitted signal, similarly to what has been proposed in [4]. 



 
The candidate transmitted signal portion of s(t,α) in [nT,(n+1)T]  expressed in (6) can be written 
as a linear combination of elementary functions: 
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where {ϕj(t)=exp(j2πθ(t,αn))}j=1..64 is the ensemble of all ML possible signal portions related to 
the corresponding phase trajectories, Cj(αn) is a scalar equal to 1 when the index j of ϕj(t) 
corresponds to the symbol sequence αn, and equal to 0 otherwise. C(αn) is a ML line vector made 
of all Cj(αn), ΦΦΦΦ(t-nT) is a ML column vector made of all functions ϕj(t-nT). 
 
The ensemble {ϕj(t)=exp(j2πθ(t,αn))}j=1..64 is represented on Figure 2. 
 

 
 

Figure 2 : real and imaginary parts of all possible signal portions in [0,T] 
 
Moving to discrete time representation with K samples per symbol duration, ΦΦΦΦ(t-nT) becomes a 
MLxK matrix ΦΦΦΦ with a rank upper bounded by min(ML,K). 
 
From the singular value decomposition of ΦΦΦΦ, it appears that more than 99% of the signal energy 
is contained in the 2 dominant eigenmodes, which are real valued. Hence, matrix ΦΦΦΦ can be 
approximated using reduced dimension representation as: 

' ' 'H H= ≈Φ UΛV U Λ V  (11) 

where U is a MLxML unitary matrix, ΛΛΛΛ is a MLxK diagonal matrix, V is a KxK unitary matrix, U’ 
is a MLxK’ matrix made of  the K’<K vectors of U related to the K’ main singular values, ΛΛΛΛ’ is a 



K’xK’ diagonal matrix made of the K’ main singular values, V’ is a K’xK matrix made of  the K’ 
vectors of V related to the K’ main singular values. 
 
This representation of ΦΦΦΦ allows reducing the number of matched filters to the number K’ of 
selected main singular values. Using the two main eigenmodes, and hence only two real matched 
filters instead of 64 original complex matched filters in the reference optimal receiver, it appears 
from simulation that the performance degradation is less than 0.1 dB with respect to the optimal 
receiver described in previous section, see the curve “MLSE 2MF” of Figure 4. 
 

2. State Space Partitioning (SSP) 
 
The second main simplification consists in reducing the trellis size by partitioning the signal state 
space, similarly to what is presented in [3][5]. 
 
As explained in [5], two states of a trellis can be grouped together into the same part of the state 
space partition with reduced performance impact, provided that two paths emerging from a given 
state and arriving in these two states are separated by an Euclidean distance that is larger than the 
intrinsic code Euclidean distance. Such a configuration is illustrated on Figure 3.  

 
Figure 3 : two paths arriving in different states of a same part 

 
Applying an exhaustive search algorithm on the trellis makes it possible to identify a partition of 
{θn-L,αn-L+1,…,αn-1}, that reduces the state space as much as possible without sacrificing the BER 
performance. A 64 parts partition has been identified that induces negligible BER degradation, as 
shown on the curve “MLSE 2MF SSP” of Figure 4. 



3. Performance evaluation 
 
The performances are evaluated with AWGN channel. 

 
Figure 4 : simulated and measured BER performance (state-of-the-art product, see [9]) 

 
 

V. SYNCHRONIZATION ASPECTS 
 
Synchronization is as critical as demodulator complexity to achieve operational multi-h CPM 
reception. 

 
Figure 5 : constellation and eye diagram of a multi-h CPM signal (no distortion) 



 
Indeed, four levels of synchronization are needed to perform coherent multi-h CPM 
demodulation: carrier frequency, carrier phase, timing  and index. These synchronization 
operations must be fast, accurate and robust. Besides, considering the signal characteristics (see 
Figure 5), “traditional” techniques based on signal constellation and eye diagram can obviously 
not be applied. 
 

1. Frequency and phase synchronization 
 
Frequency and phase synchronizations are crucial for coherent demodulation. We designed a 
robust and low complexity frequency synchronization by deriving a frequency error estimator 
based on [6]: 
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where Pr(r(t)|s(t,α,∆f,θ,τ)) is the probability density of the received signal r(t), conditioned on a 
transmitted signal with carrier frequency error ∆f, carrier phase error θ, timing error τ and 
carrying a symbol sequence α. 
 
The metric λ(∆f) is obtained by marginalizing this conditional probability with respect to α,θ and 
τ. Its derivative with respect to ∆f  can then be estimated as discussed in [6]. When combined 
with dimension reduction techniques similar to section IV.1, we obtain a derivative estimate that 
features very low complexity. The derivative is then used in a loop that implements a gradient 
search algorithm to converge towards the expected value of ∆f: 
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where γ is a loop parameter that is chosen in order to trade-off residual estimation error and 
convergence speed. We optimised this synchronization algorithm so that only few thousands of 
symbols are required to achieve reasonable residual unbiased carrier error. 
 
In order to coherently demodulate the signal, accurate phase synchronization must be 
implemented. As suggested in [7], decision-directed phase estimation techniques provide an 
appropriate solution. 
 

2. Timing synchronization 
 
Timing synchronization must both correct baud rate errors and activate sampling at the right 
instants in the symbol time interval. 
 



Reference [8] presents a robust non decision-aided timing acquisition technique that is 
appropriate for CPM. The estimator is given by: 
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It needs some modifications in order to take into account the index alternation of multi-h CPM.  
These modifications also naturally provide index synchronization. 
 
The designed frequency and timing synchronization techniques were validated through computer 
simulations. The BER performance degradation due to residual synchronization errors is in the 
order of 0.2 dB, as can be seen on the curve “MLSE 2MF SSP with synchro” of Figure 4. The 
reported BER performances are measured after a synchronization lock is detected. The 
impairments set for these simulations are: a frequency offset of 10% of the baud rate 1/T, a 
random timing offset in [0, 2T], and a baud rate error of 50 ppm. The minimum Eb/N0 required 
for locking is 4 dB.  
 

VI. IMPLEMENTATION RESULTS 
 
Table 1 summarizes preliminary prototyping results of a stand-alone baseband mutli-h CPM 
demodulator without synchronization logic, based on the techniques reviewed in the previous 
sections for various hardware targets. 
 

Target Virtex2 
XCV6000FF1152-4 

Virtex4LX80FF1148-
10 

Virtex5vsx95t-2ff1136 

Number of Mult18x18s  68 (47%) 68 (85%) 68 (10%) 
Number LUTs 42298 (62%) 47662 (66%) 36768 (62%) 
Number of RAMB16s 76 (52%) 75 (37%) 70 (28%) 
Number of occupied 
slices 

24575 (72%) 28244 (76%) 12058 (81%) 

Rate Max 25 Mbps 25 Mbps 40 Mbps 
 

Table 1 : implementation summary for various FPGA targets 
 
Performance evaluation of the corresponding implementation is reported on Figure 4. A 
performance loss of 0.5 dB is observed compared to the optimal MLSE. 
 
 

VII. CONCLUSION 
 
This paper gives an overview of complexity reduction and synchronization techniques for multi-h 
CPM reception. Reduced dimension description of the multi-h CPM signal provides a reduction 
in the number of matched filters by a factor 64 compared to optimal processing, while state-space 
partitioning makes it possible to reduce the number of trellis states by a factor 8. Non data-aided 
frequency and timing synchronization combined with decision-oriented phase synchronization 
enable accurate and robust synchronization that makes coherent demodulation feasible at an 



affordable hardware cost. We foresee deploying these techniques into a rather low complexity 
hardware implementation of an operational ARTM tier II compliant coherent receiver performing 
within 0.5 dB from the optimal coherent MLSE decoder, without sacrificing signal acquisition 
time.  
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ABSTRACT 

Existing telemetry ground receivers typically operate in a bandwidth between 215MHz to 
2485MHz, while the new C-Band covers 4.4GHz to 5.15GHz. Additionally, some installations 
are choosing to incorporate down converters in the antenna as an alternate approach. This paper 
describes an innovative approach to solving all of these problems, by enhancing the capabilities 
of existing range assets. 

The plan is to upgrade existing fielded receivers without impacting their existing functionality to 
also include C-Band reception. The upgrade module along with the software revision will 
provide the user with a fully functional receiver in the existing bands and the newly added bands. 
This will be accomplished by the development of an advanced down converter sections with 
coverage across all bands that will replace existing modules within the telemetry receivers. It is 
the details of this development that will be presented. 

Introduction: There has been a new requirement for C-Band Telemetry Receivers recently. In 
order to satisfy this demand in a timely and cost effective manner, it is decided to upgrade the L-
3 line of telemetry receivers to direct C-Band and C-Band IF while retaining their existing bands 
of operation. This is achieved using a novel additional module in the receivers. The majority of 
existing receivers operate in E, LU and LL bands; after the upgrade the user will have the full 
functionality of these existing bands in addition to operation in C-RF and C-IF bands also. 

1 



OPERATION 

The Input RF signal received on the antenna port is routed through this additional module which 
allows the existing bands to propagate through the signal chain un-affected whereas for the 
newly added bands will be down-converted or up-converted to the existing bands to be 
processed. The challenges to do as described are the following. 

1. Physical space limitation: Since the receiver is already densely packaged, finding a place 
to add this module without affecting the performance. 

2. Down-Converter phase noise: The new down-converter' s phase noise has to be 
substantially better in order not to degrade the total cumulative phase noise of the 
receiver considering the fact that the LO operates at relatively higher frequencies. 

3. Spurious products: The extra down/up conversion should not introduce any spurious 
products in-band which will degrade receivers performance. 

4. LO replacement: Since the new module is going to physically take the place of the 
existing first LO, miniaturizing the LO to accommodate with the down/up converter. 

5. C-Band LNA NF: The Noise figure inC-Band should be low enough to meet the overall 
NF of the receiver. 

6. AGC: The throughput characteristics of the newly added down/up converter should 
match the existing chain such that the AGC loop does not require modification. 

The major specifications after the upgrade are as shown in Table-1. 

Frequency of Dynamic Noise Phase 
operation Band Range Figure Noise 
400MHz to Noise floor to Less than 

460MHz C Band IF -lOdBm 8dB Tier-11 
610MHz to Noise floor to Less than 
llSOMHz C Band IF -lOdBm 8dB Tier-11 

4400MHzto Noise floor to Less than 
4940MHz C Band RF -lOdBm 8dB Tier-11 

5090MHz to Noise floor to Less than 
SlSOMHz C Band RF -lOdBm 8dB Tier-11 

Noise floor to Less than 
Existing Bands E, LU,LL etc. -lOdBm 8dB Tier-11 

Table- I 
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The block diagrams of the existing blocks in the receiver and the added upgrade module 
is as shown in Figure-1 and Figure-2 respectively. 
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MODIFICATION OVERVIEW 

The RF connection which existed between the Input connector and the RF front-end will be 
disconnected and routed through the upgrade module. From Figure-1, the RF signal from the 
antenna or the block down-converter enters the upgrade module and is separated by the duplexer. 
The duplexer separates the signals to various paths as following. 

1. C-Band RF: If the signal falls between 4400MHz to 5150MHz, it goes through a C
Band LNA, filters, variable attenuator and a down conversion stage and gets 
converted to LL Band. 

2. Rest of the Bands: If the signal is, 
a. In E Band, LL Band or LU Band then the signal from the signal from the duplexer 

is routed by the following SPDT to the existing RF front end. 
b. InC-Band IF, the following SPDT puts the signal through LNA, BPF's, variable 

attenuator and an up-conversion stage. 

C-Band RF Chain: The chain consists of Band pass filters, LNA, down converter, variable 
attenuator, and Low noise synthesizer working in the range of3000MHz to 3600MHz. The 
throughput linear gain of this section is matched to that of the existing front end gain so that the 
AGC works irrespective of the band the receiver operates. 

The Low noise synthesizer operates as given in Table-2. 

C-Band Converted IF 
Frequency LO Frequency Frequency 

4400MHz to 1400MHz 
4600MHz 3000MHz to1600MHz 

4600MHz to 1400MHz 
4800MHz 3200MHz to1600MHz 

4800MHz to 1400MHz 
SOOOMHz 3400MHz to1600MHz 

SOOOMHz to 1400MHz 
SlSOMHz 3600MHz tolSSOMHz 

Table-2 
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The filter loss and the noise figure of the LNA are designed such that the overall noise figure is 
as given in Table-1. 

The LO frequency can be tuned to any frequency from 3000MHz to 3600MHz in smaller steps 
without sacrificing phase noise to avoid any spurious arising out of the mixer conversion which 
may reduce sensitivity. 

C-Band IF chain: The chain consists of two paths. 

1. For frequencies from 400MHz to 460MHz. 
2. For frequencies from 610MHz to 1150MHz. 

Both the paths have separate band pass filters to improve jamming immunity and low 
noise amplifiers for meeting the Noise figure specifications. The variable attenuator is a 
wide band block which is common to both the paths. 
The signals go through an up-conversion stage and get translated to E band. The 
synthesizer which enables this translation operates as given in Table-3. 

C-Band IF LO Converted IF 
Frequency Frequency Frequency 
400MHz to 2400MHz to 

460MHz 2800MHz 2340MHz 
600MHz to 2400MHz to 

BOOM Hz 3000MHz 2200MHz 
BOOM Hz to 2400MHz to 
lOOOMHz 3200MHz 2200MHz 

lOOOMHz to 2400MHz to 
1150MHz 3400MHz 2250MHz 

Table-3 

Local oscillator: The synthesizers for both up and down conversion processes use an 
Integer/ Fractional architecture. The phase noise of the added LO has to be sufficiently 
better than the existing LO's so as not to degrade the cumulative phase noise. This is 
shown in Figure-3. 
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The designed synthesizer is lOdB better than the existing LO's so as to contribute less 
than 0.5dB to the cumulative phase noise. Since we have a margin of 3dB or better in the 
existing LO are, meeting Tier-II performance should not be an issue. 

REFERENCE MODULE 

The reference module for the synthesizers is built with a higher frequency crystal 
oscillator (I OOMHz) which in turn is phase locked to the receiver reference of 1 OMHz. 

6 



This provides the low phase noise reference required for the LO's and at the same time 
phase synchronized with the receiver' s master reference or an external reference. 

The signal after Up/Down conversion stages goes to further conversion stages in existing 
bands as shown in Figure-1 . 

SOFTWARE 

The software is designed as an application running on the processor as shown in Figure-4. The 
application will interact with the existing "Tuner control board" software which receives the 
frequency setting from the GUI to set appropriate frequency setting. The block diagram for this 
module is as shown in Figure-4. Operation of any band will be accessible via the front panel user 
interface or through the remote access which will ensure seamless operation and integration with 
existing systems. 
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The tuner control software has to be updated to implement a new protocol to send the 
frequency setting in the upgrade module. The list of available bands and configurations 
will also be changed. 
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CONCLUSION 

With the introduction of advanced technology, miniature and newer devices, we are able to add 
substantial capability to the existing platform resulting in a faster and less expensive solution for 
the added bands while retaining all the existing bands and functionality. 
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ABSTRACT 

 

During the program researching on airborne telemetering transmitter of a certain remote 

telemetry system, small size and a variety of voltage on board are design difficulties. Due 

to the above important factors, the performance of power supply makes a big affect to the 

parameters of BPSK modulated signal, especially the EVM (Error Vector Magnitude). The 

author analyzes the cause of power supply noise and puts forward some suggestions to 

damp the noise. With these methods, the EVM of modulated signal is improved. Finally, 

we can conclude the related principles about the suppression of power supply noise. 

 

KEY WORDS: power supply noise, suppression, transmitter 

 

 

INTRODUCTION 

 

In the remote telemetry system, the BPSK modulation signal is transmitted from the plane 

in the air to the ground. EVM is one of the most accepted modulation quality metric, which 

is the magnitude of the vector error between the measuring signal and reference signal. It 

mainly depends on these factors, nonlinear compression and LO phase noise. The ideal 

BPSK modulation signal is constant enveloped. Therefore the nonlinearity parameters of 

amplifier and mixer, such as 1-dB gain compression point and third-order intercept point 

IP3, have little impact on EVM. In practice, the deterioration of EVM caused by nonlinear 

compression will be overcome if considering these nonlinearity parameters carefully. The 

LO phase noise is generated by on-chip phase-locked loop (PLL) and outside interference. 

It is impossible to improve the internal structure of on-chip PLL easily. In our experiment, 

we find that the outside interference is mainly from power circuit. What we can do to damp 

the phase noise, in order to improve EVM, is reduce the power noise. 
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THE GENERATION OF POWER NOISE 

 

There are many reasons to cause power noise, such as on-chip power noise, inductance 

radiation, and voltage ripple coupling and so on. Unreasonable wiring and device layout 

will also increase the noise and degrade the transmitter performance.  

 

In the design of this paper, the oscillator frequency of buck switching regulator is about 54 

kHz. By the experimental result on Figure 1, though a 100μH wire wound chip ferrite 

inductor is used, we observe glitches noise 54.8 kHz from carrier frequency, 2250MHz. 

The phase noise should be reduced by filtering the power noise. 

 

 

Figure 1. LO Phase Noise 

(Agilent N9020A Spectrum Analyzer) 

 

In this design, due to the limit of volume and cost, compact layout of the chips leads to 

serious interference. The doublesided printed circuit board, without dedicated power layer 

or ground layer, makes wires easier the coupling channel. Therefore, the power circuit 

design goal is to provide a nearly constant and 'clean' DC voltage to load even the load 

current changes frequently. 

 

 

POWER NOISE IMPROVEMENT 

 

The use of power noise filter is a very necessary and easy way to effectively decrease the 

power noise and improve the immunity and reliability of system. There are two main forms 

of power noise filter, namely resistor-capacitor filter and inductor-capacitor filter. 

 

Resistor-capacitor filter is an absorption filter. The noise voltage is converted into heat and 

dissipated out. And there is no new interference generated. It is a very effective and 
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economical way to remove power noise. However, resistance voltage-drop makes the 

power voltage-drop, which restricts the use of this filter. The filter is only used when the 

load current is about 10-20mA 
[1]

 and does not affect the quality of power. 

 

Inductor-capacitor filter can provide a better quality of power in the same power 

voltage-drop circumstance, especially in high frequency. Since the inductor-capacitor filter 

is a reflective filter, the noise voltage is not in the load, but the inductor. It may be radiated 

and cause problem to other circuit. Moreover, the inductor-capacitor filter has a resonant 

frequency. The signal will be more significant through the filter than before. So, the 

resonant frequency of the filter must be well below the pass band of the circuit. 

 

In this design, 3.3V DC power supplies to LO chip and crystal. In order to get less LO 

phase noise, the power noise should be eliminated as much as possible. Based on the 

analysis above, as a result of the total load current is about 32mA, and the chip’s operating 

voltage can be as low as 2.7V, the capacitor-resistance power noise filter is used in the 

circuit. In Figure 2, the upper one is the power noise before the use of resistor 

(10Ω)-capacitor (4.7μF) filter and the lower one is after the use. The filter has attenuation 

of about 23dB. See Figure 3. 

 

 

Figure 2. Power Noise Before And After The Use of Filter  

(Horizontal Scale: 10Ωμs/div, Vertical Scale: 100mV/div) 

(Agilent 8064A Infiniium Oscilloscopes) 
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Figure 3. The Insertion Loss of Resistor-Capacitor Filter 

(Agilent Advanced Design System) 

 

Such filter can be effective in preventing interference from the power circuit. At the same 

time, the interference generated by high frequency chips must be eliminated, too. The 

crosstalk through power lines will be a great impact on other circuit. Therefore, the chip 

decoupling is important in high frequency circuit. Decoupling capacitor allocation is 

widely used to reduce power noise, which can reserve electronic charge and release it while 

chips make switches 
[2]

. The correct choice of decoupling capacitor is crucial. As the 

different materials, the parameters of capacitance are also different. In general, the 

electrolytic capacitor and solid tantalum capacitor is for low-frequency decoupling while 

the high-frequency decoupling effect of ceramic capacitor and monolithic capacitor is 

better. In most cases, the noise of the whole PCB is added to the power lines, which 

includes not only low-frequency noise, but also a number of high-frequency noise. In order 

to filter out the noise in this design, a large tantalum capacitance (typical for μF) and some 

small ceramic capacitances (typical for pF) are in parallel to decouple, which would greatly 

increase the noise filtering frequency range. 

 

Choosing a suitable decoupling capacitor is important, and reasonable to place decoupling 

capacitor is also very important. If the decoupling capacitor placed improperly, the line 

impedance will be increased and the resonant frequency will be reduced, thereby affecting 

the quality of power. The inductor of decoupling capacitor, chips or power supply can be 

calculated by : 

r

d
lL ln0




  

Where, l: wire length between chip and capacitor, r: wire radius, d: the distance between 

power line and ground. To reduce the inductance L, l and d must be reduced. That means 

the loop area formed by decoupling capacitor and chip should be decreased. So the 

decoupling capacitor must be as close as possible to the chip's power pin. 

 

In this design, the transmitter operating frequency is 2200 to 2300MHz. We calculate the 

decoupling capacitor
 [3]

 : 
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C
f

5400
  

where the unit of C is pF and the unit of f is MHz. In practice, the power is decoupled 

effectively by placing 4.7μF tantalum capacitor and 5pF and 10pF ceramic capacitors near 

the power pin of amplifier in parallel. The EVM of BPSK modulation signal is also 

improved in Figure 4.  

 
Figure 4. The Measuring BPSK Modulation Signal 

(Agilent N9020A-89601A Vector Signal Analyzer) 

 

The carrier frequency is 2250MHz and the base band digital signal rate is 4.3MHz. In 

Figure 4, we can observe that the EVM is about 6%, and carrier suppression is 25.6dB, 

which meets the requirement of design: EVM less than 7% and carrier suppression more 

than 25dB. 

 

In addition, there are other methods to avoid power noise interference, such as isolation of 

sensitive components, the use of linear voltage regulator instead of switching voltage 

regulator and so on. 

 

 

CONCLUSION 

 

The paper presents the cause of power noise and some methods to damp it. Power noise is 

arising from power circuit directly or indirectly and interference on the circuit. In inhibiting 

the effects to circuit, it should follow a general principle. On the one hand, it is necessary to 

prevent the impact of power noise on the circuit as far as possible. On the other hand, we 
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must minimize the interference from other chips or circuits in order to avoid power noise 

for the worse.  
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ABSTRACT 

 

The aircraft, satellite, missile and launch vehicle industry suffer from catastrophic infant 

mortality failures rate at ~25% even after exhaustive and comprehensive factory acceptance 

testing is completed causing unreliable systems, program delays and cost overruns. The 

discovery of the presence of deterministic behavior in equipment analog telemetry generated 

during factory acceptance testing preceding all equipment failures, which is identifiable using 

prognostic analysis, eliminates infant mortality failures resulting in increased equipment 

reliability, lower program cost, shorter test and delivery schedule and increased equipment 

usable life ensuring mission success. The addition of a single, embedded analog telemetry 

measurement to all active equipment allowing all equipment to be identified during factory 

testing that fails, and all equipment that will fail within the first year of use, to be identified will 

allow vehicle builders to lower program cost, use less equipment, use less testing and have a 

shorter delivery schedule and more reliable equipment and longer equipment usable life 

expanding the use of telemetry to identifying equipment that will fail well into the future. 

INTRODUCTION 

 

Catastrophic equipment failures immediately after the completion of exhaustive and 

comprehensive factory acceptance testing demonstrates that the factory acceptance test process is 

inadequate to identify 100% of the equipment that will fail within one year of use. The presence 

of deterministic behavior in completely normal appearing data (telemetry) from fully functional 

equipment was documented in published CDRLs on the Air Force Global Positioning System 

(GPS) program. The source and reliability of the deterministic behavior was confirmed to exist 

on other Air Force, NASA and commercial satellites and launch vehicles.  

 

This means that telemetry can be responsible for financial, schedule, reliability and usable life 

improvements by allowing all equipment that fails during test and the presence of deterministic 

behavior in all equipment that will fail from an infant mortality failure while it is still at the 

factory, eliminating infant mortality failures. Using prognostic analysis, telemetry can be 

processed such that deterministic behavior, embedded in completely normal appearing test data 

from fully function equipment, can be illustrated for engineers, trained in identifying 

deterministic behavior (prognostics-pro-active diagnostics), can identify 100% of the equipment 

that will fail from an infant mortality failure during factory test. The identified equipment can 

then be repaired or replaced while it is at the factory expanding the value of telemetry for 

mission success. 



 

Some vehicle equipment has no telemetry available to minimize the vehicle weight and power 

requirements which translate directly into increases in program cost and test schedule delays. If 

vehicle designers provide at least one analog telemetry measurement embedded into equipment, 

it can be used to avoid infant mortality failures, reduce the amount of redundant equipment, 

lower cost, shortening testing and delivery schedules, increase reliability and increase usable life 

expanding the traditional role of telemetry from an overhead cost, and a cost of doing business to 

a vehicle design driver.  

 

With electrical and electro-mechanical equipment having at least one embedded analog 

measurement, prognostic technology is available today to identify all satellite and launch vehicle 

equipment that will fail within 1 year of use. The addition of prognostic technology to the space 

equipment and space vehicle factory acceptance testing process will identify all unreliable 

equipment prior to shipment to the launch pad allowing repair or replacement before shipment 

for launch and offers to eliminate launch failures, launch pad delays, on-orbit infant mortalities 

and normal life-time surprise in-orbit failures and extend in-orbit equipment usable life. By using 

prognostic technology to increase equipment and vehicle reliability, redundancy can be lowered 

resulting in less equipment testing and reducing overall space vehicle size, program cost, a 

shorter delivery schedule while increasing vehicle/equipment reliability. 

 

Prognostics 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. Components of a prognostic system are the algorithms for anomaly detection, 

isolation, prediction and recovery. Some approaches for equipment anomaly 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.  

 

Vehicle telemetry gained wide-spread use after use in jet aircraft testing in the late 1950’s. 

Telemetry was back-fitted to missiles and added to launch vehicles and satellites. Without any 

identifiable payback to the vehicle builders for telemetry, it remains overhead, a cost of doing 

business.  

 

Telemetry developed an industry reputation as expensive, complex, unreliable and unnecessary 

and so telemetry is used sparingly unless the customer requires more to be used. The more 

measurements, the more delays in vehicle test and vehicle delivery occur if all unknown 

telemetry behavior is researched and resolved. The more information to evaluate, the more time 

spent evaluating it. During equipment and vehicle test, it is highly advantageous for test 

personnel to simply ignore unusual telemetry behavior since test engineers are working to a tight 

delivery schedule. Major financial penalties can occur if delivery dates are not met. When 

anomalous telemetry measurement behavior occurs, it requires engineering time to troubleshoot 



the circuit/equipment the measurement is associated which slows progress and jeopardizes the 

test schedule.  

Often telemetry measurements will fail during test needing failure analysis to verify it is the 

measurement rather than the circuit it is attached to which is expense and time consuming. The 

MTBF for the piece-parts in telemetry measurement circuits are just as unreliable/reliable as any 

other circuit’s piece-parts. Telemetry has been relegated to diagnostic techniques for determining 

system/equipment test status, performance, equipment operational status and configuration.  

Believing that improvements vehicle reliability performance with low cost wasn’t possible, the 

highly unreliable missiles, launch vehicles and satellite suppliers were never required by their 

customers to predict vehicle reliability and performance and so the wide spread use of telemetry 

was minimized.  

Satellite owners and operator who both operate their own spacecraft will pay for more telemetry 

measurements than the vehicle supplier want to provide because they have the experience that 

more information to identify, isolate and diagnose a suspected problem, the more successful the 

failure analysis will be. 

 

Figure 1. Chronology of the Development and Use of Telemetry, Diagnostics and 

Prognostics 

PROGNOSTIC TECHNOLOGY 

Prognostics is the illustration of deterministic behavior and the identification of the deterministic 

behavior from equipment that is going to fail within the first year of use
1
. Prognostics is 

necessary because current diagnostic technology is inadequate to identify 100% of the equipment 

that will fail from an infant mortality failures during factory acceptance testing. Prognostics 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.  

Telemetry prognostic algorithms were developed and used to predict failures in atomic clocks 

first on the U.S. Air Force Global Positioning System (GPS) Block I satellites. Unable to 

understand the success of these algorithms, many years of research was completed into the 

failures of complex electronic and electro-mechanical systems. For many decades, failure 

analysis used information around the time of the equipment failure to identify the characteristics 

of the data at the time of the failure ignoring telemetry from up to 1 year before the failure. This 

information was used to understand and quantify the failure process at the time of failure and be 

used to make an improvement in subsequent units. 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.  

Failure Analysis’ telemetry prognostic algorithms are unique and their performance will be 

different than prognostic algorithms from another source. Failure Analysis’ algorithms were 

developed from analyzing telemetry from failures on satellites and launch vehicle telemetry. 

 

The following table is a list of the algorithms in alphabetical order developed and used on the Air 

Force GPS program to identify failure behavior in normal appearing telemetry. 

 

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 3. Failure Analysis’ Telemetry Prognostic Algorithms 



The behavior of these characteristics of this new found 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. 

 

Fig. 3.  Example of a Long-Term Piece-Part/Circuit/Telemetry Behavior for Complex 

Electronic and Electro-Mechanical Equipment from Start of Deterministic Behavior (First 

Blip) to Complete Unit Failure  

The development and use of prognostic algorithms on satellite and launch vehicles is extremely 

difficult. [2] It was accomplished with the funding paid by the U.S. Air Force over 6 years, who 

was extremely motivated to have the GPS program exceed performance expectations during 

multi-service testing. The Air Force was willing to pay for all facilities, technical resources and 

management resources requested by Boeing GPS space and ground system manager and program 

management from many companies and organizations. This is why prognostics wasn’t 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. Prognostics requires properly trained and 

experienced prognosticians to identify behavior in data that appears exactly 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.  

Amplitude 



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
2
. 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 prognostics is the use of telemetry as an engineering data source in data-driven 

prognostic technology. Prognosticians, using prognostic algorithms identifies telemetry behavior 

that are transient, unrepeatable, and have gone undetected by the most experienced design and 

test personnel for the past 60 years.  

 

Data-driven telemetry prognostics uses previously recorded and real-time telemetry to illustrate 

behavior that can be used to predict electronic and electro-mechanical circuit/systems failures. 

Satellites, spacecraft, missiles and launch vehicles are well suited for prognostics since telemetry 

is available, collected and stored regularly. A data-driven approach, utilizes telemetry to improve 

the reliability of space equipment beyond all expectations making current reliability analysis 

obsolete. 

 

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 

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. 

 

Prognostics uses 2 major improvements to diagnostic analysis; proactive diagnostics and active 

reasoning.   

 

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 Identifies failures that have occurred and 



occurred, is occurring and will occur and when 

it will occur 

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  Common  throughout many industries 

Stops life threatening situations from occurring  Inadequate for mission critical events 

 

Table 1.  Comparison of Characteristics Between Prognostics and Diagnostics  

 

 

ACTIVE REASONING PASSIVE REASONING 

Reduces fault detection time as well as 

improve the accuracy of fault diagnosis. 

Evaluates symptoms after the fact 

Evaluates symptoms continuously Records the data and look at it later 

Does fault reasoning Spurious symptoms could mislead fault 

localization analysis. 

Does fidelity evaluation Spurious symptoms are also regarded as 

observation noise 

Does action selection Depends on monitoring agents to detect and 



report abnormality using alarms or symptom 

events 

Takes passively observed symptoms as 

input and returns fault hypothesis as output. 

Search for root faults based on the observed 

symptoms 

Process of searching for the best fault 

explanation of the observed symptoms. 

Diagnostic explains a failure based on observed 

symptoms 

Improves the robustness of fault localization 

system by analyzing lost, positive and 

spurious symptoms. 

Diagnostics Improves the robustness of fault 

localization system by analyzing lost, positive 

and spurious symptoms. 

Assumes each event is a failure precursor Assumes an event is noise 

 

Table 2.  Comparison Between Active Reasoning and Traditional Passive Reasoning 

 

Telemetry prognostics grew out of the need to augment diagnostic techniques that fell short in 

understanding equipment failures and what occurred when equipment failed. Traditional 

diagnostic techniques were developed in the 1930’s and 1940’s and expanded during the cold 

war based on the understanding that equipment failed when it failed. As a result, very little 

analysis occurred that tried to identify if there were any tell-tale signs of the impending failure 

present in data prior to the actual catastrophic failure. As a result, knowledge of failure behavior 

prior to an actual failure is not recognized as occurring. 

 

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 prognostics is 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. 

 

ADVANTAGES OF DATA-DRIVE PROGNOSTICS 

 

 The same algorithms are used for every circuit, unit, satellite and launch vehicle (no NRE) 

 Can be deployed quicker and cheaper compared to other approaches 

 Can provide system-wide coverage 

 Vehicle/system independent 

 No additional information required than normally collected 

 Insensitive to the amount of data available 

 Insensitive to noise 

 Insensitive to the number and resolution of measurements available 

 Best suited for aerospace equipment where quantities are few, designs are unique and subject 

to change based on piece-part availability 

 

DISADVANTAGES OF DATA-DRIVEN PROGNOSTICS 

 

 Extremely difficult to be successful 

http://en.wikipedia.org/wiki/Prediction


 Requires significant training and experience 

 Mistakes can be costly 

 May not be used real-time 

 Encourages more measurements to be added to increase the number of circuits it can be used 

with increasing initial cost 

 

Model-based prognostics is the use of 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; 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. 

 

ADVANTAGES OF MODEL-BASED PROGNOSTICS 

 

 Best suited for high volume, consumer electronic products, where equipment manufacturers 

produce millions of units requiring modeling but the cost is spread over many units.  

 Can be used with pattern recognition systems. 

 Disadvantages of Model-based Prognostics 

 Requires system modeling which is expensive, time consuming and requires experts. 

 Models must be rewritten for every design change or modification 

 Uses simple limit checking software 

 

HYBRID PROGNOSTICS 

 

Hybrid approaches attempt to leverage the strength from both data-driven approaches as well as 

model-based approaches. It is rare that the fielded approaches are completely either purely data-

driven or purely model-based. Hybrid approaches can be categorized broadly into pre-estimate 

fusion and post-estimate fusion. 

 

BENEFITS AND USE FOR PROGNOSTIC TECHNOLOGY 

 

Electrical equipment across all industries suffer from infant mortality failures. Surprise 

equipment failures force the delay in many launches. The more complex the equipment, the 

higher the return rate of failed equipment in the field to the company. When equipment that is 

going to fail in the near future can be identified, many benefits exist such as: 

 

 Reduced number of equipment returned to the builder 

 Reduction in the time to integrate and test space vehicle equipment 

 Lower cost to produce space vehicles 



 Shorten testing schedule 

 Stop launch vehicle failures from occurring  

 Stop in-orbit infant mortality failures from occurring 

 Manage and control equipment failures 

 Offer higher reliable payload services 

 Reduction in payload down-time for critical payload services 

CONCLUSION 

Telemetry is used to identify equipment functional performance and status during factory testing 

activities and in the field. Using prognostic analysis, telemetry can be used at the factory to 

identify the equipment that will fail within one year of use, eliminating equipment infant 

mortality failures. The cost and added complexity of embedding telemetry in all active circuits 

and assemblies can be justified from the financial paybacks, increase reliability, lower program 

cost, shorter test and delivery schedule and longer equipment usable life and the elimination of 

infant mortality failures in the field using prognostic technology. 
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Abstract 
 
Efforts are underway to develop Infrared countermeasure (IRCM) systems to defend aircraft 
against IR guided surface-to-air (SAM) and air-to-air (AAM) missiles.  One such system is the 
Large Aircraft Infrared Counter Measure (LAIRCM) which employs temporal, spatial, and 
spectral missile warning techniques.  There is no current technique however, for installed system 
flight testing of such countermeasures in a realistic temporal, spatial, and spectral environment.  
This paper is an introduction to the Towed Airborne Plume Simulator (TAPS), a system 
designed to address this test shortfall. The TAPS operational concept is described as well as 
techniques for simulating missile signatures. 
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Introduction 
 
The TAPS system is an airborne towed body containing a specialized burner system capable of 
ejecting atomized pyrophoric fluid in a highly controlled manner.  This material, which burns in 
the presence of air, is modulated in such a way as to mimic the infrared temporal characteristics 
of a threat missile approaching an aircraft. In addition to emulating the temporal signature, the 
TAPS system will approximate the spectral and spatial behavior of threat missiles.  Specifically, 
the advanced capabilities of TAPS are as follows. 
 

• Simulate the movement of a threat with respect to the background – a key spatial feature 
used for detection of a threat by a modern MWS 

• Simulate threats moving against actual IR clutter backgrounds at low, moderate and high 
levels 
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• Simulate threats in close proximity to sources such as the sun, solar glint, industrial IR 
clutter, transitional boundaries such as the earth horizon, clouds, and potential false 
alarm sources  

The overarching purpose of TAPS is to provide the test agency with a means to assess the 
operational functionality of MWS and IRCM systems through estimation of the probability of 
counter measure (Pcm) shown in equation 1. 

 
 
The end result is increased confidence that these systems will work even under adverse 
conditions of severe IR background, increasing the survivability of countermeasure equipped 
aircraft. 
 
 

TAPS Program Background 
 
The TAPS development is sponsored by Central Test and Evaluation Investment Program 
(CTEIP) and is under the direction of the Center for Countermeasures (CCM) in White Sands 
NM.  The prime contractor for TAPS is NewTec with subcontractor SAIC, serving as the 
technical lead.   
 
The TAPS was born out of two major Test and Evaluation Studies sponsored by the Office of the 
Secretary of Defense (OSD); the OSD Test and Evaluation Capability End-to-End Study to 
identify shortfalls in EO/IR Missile Warning System (MWS) testing and the OSD Threat Plume 
Simulator Development Study which identified TAPS as a potential approach to addressing the 
test capability shortfalls. 
 
A proof of principal effort was successfully completed in May 2005. Since that time, a series of 
flight tests have been completed demonstrating key system functionality in relating to Pcm.  The 
latest of these efforts was the Flight Characterization Experiment number 2 (FCE II) occurring in 
March of 2009.  During these tests, the TAPS system demonstrated the ability to replicate 
desired temporal IR signatures in an operationally relevant environment. Limited results from 
FCE II are presented herein.  
 
Subsequent flight tests are scheduled during which measurements will be taken needed to 
develop control laws which capture the influence of airspeed, altitude and aspect angle on the 
output intensity of the TAPS plume.  A final set of tests will accomplish verification and 
validation in advance of the scheduled LAIRCM Initial Operational Test & Evaluation. 
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TAPS System description & Concept of operations 
 

The basic concept of the TAPS system is depicted in Figure 1.  The TAPS Towed Vehicle (TTV) 
is carried aloft by a towing aircraft and is lowered via cable several hundred meters below.  Since 
TAPS is airborne, it can be placed in the battle space at positions below, at, and above the local 
horizon of the system under test, simulating both SAM and AAM threats.  TAPS can maintain a 
threat-like line of sight (LOS) to the System Under Test (SUT) while operating in an actual IR 
background.  Another key attribute of TAPS is the ability to characterize the tracker/jammer 
performance of laser countermeasures installed on an operational aircraft.   Radiometers on-
board TAPS measure the received energy from the IRCM laser jammer.  Upon declaration of 
TAPS as a threat, a laser-based countermeasure will direct its jam beam towards the radiometric 
Centroid of the TAPS plume.  Radiometers placed at the aft end of the TTV will capture the laser 
energy needed to assess countermeasure effectiveness. 
 
  

 
Figure 1.  TAPS Operational Concept 

The TAPS Towed Vehicle (TTV), the towing aircraft and an airborne radiometric witness 
aircraft (not shown) are integrated via C-band telemetry.  This link provides control of the 
system from the towing aircraft or a chase aircraft as well as the means to transfer a wide range 
of real time or near real time measured data.  

An illustration of the TAPS Towed Vehicle (TTV) is shown in Figure 2.  The principal 
components are the Burner System, the Jam Beam Radiometers (JBR) and the electronics vessel.   
 
The generation of a missile-like IR signature is accomplished with the TTV Burner system which 
includes fuel vessels containing a pyrophoric fluid which is pressurized with gaseous nitrogen.  
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This development is lead by Arnold Engineering Development Center (AEDC).  The fuel used in 
all testing to date has been Tri-Ethyl Aluminum (TEA).   
 

 
Figure 2  TAPS Towed Vehicle (TTV) 
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Infrared Temporal and Spectral Signature Emulation 
 
Located at the base plate of the burner assembly are two valves (shown in Figure 3) from which 
the TEA is ejected under pressure, atomizing the material.  These valves are each designed to 
produce different range of mass flow rates giving the TAPS TTV a radiometric range of 
approximately 20w/sr to 3000 w/sr.  Figure 4 is a 2 dimensional snapshot of a plume produce in 
flight during the FCE II.   This image is a side-view of the plume and was taken by the Airborne 
Radiometric Instrumentation System (ARIS) also developed by SAIC as a component of the 
TAPS system.   The ARIS includes an external pod containing optical instruments, mounted on 
an aircraft which is flown in the vicinity of the TTV for plume characterization and independent 
witness during operational tests.  The location of the plume centroid is an important measure as 
this represents the expected target point for the countermeasure’s laser jam beam.   
 
The time-varying (temporal) behavior of a threat missile’s IR signal strength as seen by the SUT 
MWS has a number of characteristic features generated by the missile’s motor event sequence. 
These include an eject spike (if shoulder launched), a boost motor onset, a sustain phase and a 
rapid growth in intensity as the threat missile approaches its target. 
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Figure 3  TTV Burner System 
   

 
 

Figure 4  TAPS IR Plume Side View 
 
The output of the TAPS TTV plume is programmed to emulate these temporal threat missile 
features.  Figure 5 gives an example simulation executed during FCE II showing the intended 
(“desired”) radiant intensity along with the measured (“achieved”) radiant intensity.   
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Figure 5  Temporal Signature Emulation by the TAPS System 

 
The “desired” output radiant intensity of the TAPS plume is specified through modeling of a 
specific threat scenario.  The flight path of a notional target aircraft is first specified along with a 
threat missile type and shot geometry (azimuth and range).  The flight path of the missile is 
modeled using the Threat Modeling and Analysis Program (TMAP).  Using this information, the 
resulting irradiance at the SUT’s MWS is then modeled by the Infrared Missile Signature Model 
(IRMSig) and Moderate Transmission (ModTran) atmospheric propagation model.  This basic 
relationship is shown in equation 2.   
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The spectral content of the pyrophoric TAPS plume is comparable to a missile plume in the 
infrared.  Figure 6 shows the spectral content of a typical aluminized solid propellant tactical 
missile.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6  Tactical Missile Spectrum 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7  TAPS Tri-Ethyl Aluminum Spectrum 
 
Figure 7 shows the spectrum of the TAPS plume.  Note the strong resemblance with the 
exception of the reduced intensity of the blue spike.  During the initial development (to date), 
TAPS focused on the Red spectral band.  Since this time, an elevated importance has been placed 
on the ratio of red band to blue band signal.  The fuel used to present (TEA) is deficient in color 
ratio.  Efforts are underway at the time of this report to modify the pyrophoric fuel to overcome 
this issue.  Ground test results indicate that a specific blend of TEA and Tri-methyl Aluminum 
will achieve the appropriate ratio. 
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Spatial (Line of Sight) Signature Emulation 
 
Along with the Temporal and Spectral simulation of a threat missile, the TAPS system can 
estimate the line of sight behavior of a threat.  The towing aircraft will fly in a parallel path to the 
SUT and emulate the elevation and azimuth angles of a missile in proportional navigation mode.  
This typically manifests in a near constant azimuth angle and an increase in elevation angle.  
Figure 8 shows the elevation angle time-history modeled by TMAP for a typical missile 
engagement.  Figure 9 shows the same for a measurement made during FCE II.    
 
 

 
Figure 8  Example Time-Dependent Threat Elevation Angle from TMAP 
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Figure 9  Measured Time-Dependent TTV Elevation Angle during FCE II 
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TAPS Control and Data Acquisition Systems 
 

The operation of the TAPS system requires active control of the TTV, the tow aircraft, the chase 
aircraft, and the SUT. Control and diagnostics of these elements is accomplished with the 
Mission Control Computer (MCC) located on either/or tow and chase aircrafts shown in figure 
10. Currently, both aircraft host MCCs for redundancy. The option exists for a ground station as 
well. The RF communication subsystem consists of the C-Band wireless local area network 
(WLAN) radio telemetry (TM) system, a UHF TM and an emergency control (EC) element. The 
C-Band TM element is the primary communication link between the TTV and operates in the 
4.447 gigahertz (GHz) range; the UHF TM element operates in the 298.8288 megahertz (MHz) 
range.  The UHF TM element is the secondary path for recovery and recording TAPS mission 
results (in the event of a C-Band TM element failure).  More importantly, the UHF TM element 
is the backup link for commanding a fuel dump in case of emergency. 

 
Figure 10  TAPS Telemetry 

The airborne and ground station TM hardware are the same except for the ground tracking 
station antennas and the prime power source.  Both UHF and C-Band links use a bidirectional 
packet format and operate in one direction at a time on the same frequency.  Figure 11 gives a 
block diagram depiction of the TAPS telemetry subsystem.    Figure 11 provides a block diagram 
of the C-Band TM element showing the path to communications with the TTV Onboard 
Computer System (OCS).   
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Figure 11  TAPS Telemetry Systems 

 
 

Conclusions 
 
This paper provides an introduction to the TAPS concept and limited measurements from recent 
flight tests.  The TAPS system has demonstrated initial successes in key areas indicating it’s 
viability as an important test asset with as yet, unattainable characteristics.  Development has 
been essentially completed for the primary sub-systems with continued flight testing ongoing.  
The continuing efforts will focus on refining control of the burner system and refining 
operational procedures.     
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ABSTRACT 

 

Current equipment and vehicle 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 isn’t 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. Prognostics is used to identify 

equipment that has failed and is going to fail. Prognostics 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 were 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 new found 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 

Boeing GPS space and ground system manager and program management from many companies 

Amplitude 
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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 exactly 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 

identify equipment that has failed, is failing, and will fail for up to one year in advance. 
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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 

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; 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 

http://en.wikipedia.org/wiki/Prediction
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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. 

 

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 

than 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 
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TABLE 2FAILURE ANALYSIS’ TELEMETRY PROGNOSTIC ALGORITHMS 

VEHICLES 

 

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. 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. 

 

 

FIGURE 3 PROGNOSTIC ALGORITHM'S ACCURACY FOR REMAINING-USABLE-

LIFE ESTIMATE BASED ON FIXED-TIME SAMPLING FREQUENCY 

The highest reliability using telemetry prognostics is obtained by having telemetry from all 

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. 
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FIGURE 4 PROGNOSTIC ALGORITHM’S RELIABILITY VS OPERATING 

CONDITIONS AND ENVIRONMENTS AVAILABLE IN DATA  

 

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. 
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FIGURE 5 RELIABILITY OF TELEMETRY PROGNOSTIC TECHNOLOGY 

REMAINING-USABLE-LIFE ALGORITHM BASED ON FIXED DATA SAMPLING 

FREQUENCY DURATION 

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. Prognostics provide the capability to identify 

equipment that has failed and is going to fail across any vehicle regardless of design. Prognostics 

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 

 

Even after rehabilitation, patients with lower-limb amputation may continue to exhibit 

suboptimal gait. A wireless telemetry system, featuring force sensors, accelerometers, control 

electronics and a Bluetooth transmission module was developed to measure plantar pressure 

information and remotely monitor patient mobility. Plantar pressure characterization studies 

were performed to determine the optimal sensor placement. Finally, the wireless telemetry 

system was integrated with a previously developed haptic feedback system in order to allow 

remote monitoring of patient mobility during haptic system validation trials. 

Keywords: gait analysis, patient monitoring, lower-limb amputation, prosthesis, rehabilitation 

 

INTRODUCTION 

Traditional gait analysis is performed by measuring the motions of the head, upper body, trunk 

and lower body, along with temporal-spatial parameters (Fig. 1). Commercial software packages 

are used to collect and process data and calculate kinematic and kinetic parameters for models of 

subject gait. Critical temporal-spatial parameters (TSP) such as walking velocity, cadence, stride 

length, step-length, single stance and step-width are collected. The TSPs allow the measurement 

of gait vital signs for screening, monitoring and as a performance measure. For lower-limb 

amputees, the TSPs typically deviate from normal gait behavior (Table 1). Three-dimensional 

gait kinematics and kinetics measurements allow the characterization of joint motion and 

moments during the gait cycle.  Kinematic characteristics include bilateral pelvic obliquity, 

pelvic tilt, pelvic rotation, hip abduction/adduction, hip flexion/extension, hip rotation, knee 

varus/valgus, knee flexion/extension, knee rotation, foot rotation, dorsiflexion/plantarflexion, 

foot progression angle, trunk obliquity, trunk tilt, and trunk rotation. Kinetic variables include 

bilateral ground reaction forces (vertical force, fore-aft shear and medial lateral shear), lower 

extremity moments and powers.  

The operating costs of gait laboratory use has motivated the development of telemetry system to 

complement traditional analysis (#$%&'(&'! )**"+! Morris 2002 and Bamberg 2008). Several 

academic and commercially available systems integrate pressure sensors, accelerometers and 

gyroscopes into standalone wearable devices. These systems aim to perform gait analysis while 
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maintaining portability to achieve remote patient monitoring. For patients with lower-limb 

amputations, the variations in the loading characteristics and movement of the prosthetic limb 

may prevent proper monitoring by current telemetry systems. A wireless telemetry system was 

developed to specifically monitor critical prosthetic gait characteristics.  

Table 1. Temporal Spatial Parameters for a subject 

with transtibial amputation collected using the 

protocols described. 

TSPs Patient Values % Deviation 

from Normal 

Velocity 118 cm/sec -5% 

Cadence 103 steps/min +4% 

Stride Length 138 cm -9% 

Step Length, 

Right 

73 cm +12% 

Step Length, 

Left 

64 cm -2% 

Step Width 18 cm +51% 

Single Stance 

Support, Right 

32% -19% 

Single Stance 

Support, Left 

37% -6% 
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Fig. 1 Example of subject with markers used to 

acquire motion data (left) and the resultant stick 

figure in Cortex (MAC, Santa Rosa, CA) from the 

marker data used to perform gait analysis. 

 

PLANTAR PRESSURE CHARACTERIZATION 

In order to properly capture the gait behavior of patients with lower-limb amputation, detailed 

plantar pressure measurements are required to determine the optimal configuration and 

implementation of force sensor elements. Although normal gait can be effectively measured 

using critical pressure points under the hallux, 1st and 5th metatarsal heads and the center heel, 

those anatomical landmarks may not have analogues on an artificial foot. The F-Scan (Tekscan, 

Boston MA) system was used to measure reaction forces and the center of pressure vectors 

during gait (Fig. 2) in an initial test with 1 subject. 

Schmid et. al found that, compared to normal gait patterns, the gait patterns of patients with 

lower-limb amputation contained several asymmetries. Most significantly, it was shown that the 

center of pressure vectors deviate compared to normal, implying differences in the way a 

prosthetic foot loads during gait. Due to these variations it is possible that systems designed to 

capture the movement of normal human feet would not be able to characterize the behavior of 

prosthetic limbs. Variations in these pressures are also expected throughout rehabilitation, as gait 

improves. In order to develop a platform to properly measure meaningful data while also 

allowing for real-time processing, more detailed study will be required.  
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Fig. 2 Detailed plantar pressure distributions and progressions of a patient with a right-side below knee amputation 

SYSTEM DESIGN 

The wireless telemetry system for gait analysis featured the application of force sensors and 

accelerometer elements to monitor both plantar pressure and joint moments of the prosthetic 

limb. System electronics perform data acquisition and a microcontroller unit encodes the data 

and interfaces with a Bluetooth module. Low power design and the use of a small battery pack 

allowed the system to be worn outside of the gait lab. 

Piezoresistive force sensors were implemented with a biased-inverting amplifier driving circuit 

to allow data capture over the relevant plantar forces. Sensor placement was governed by the 

pressure distributions recorded by the F-scan system. A tri-axial accelerometer provided 

information regarding the movement of the shoe and the prosthetic ankle moment throughout the 

gait cycle.   

Inputs from both the piezoresistive force sensing elements and the accelerometers were captured 

using an analog-to-digital converter (ADC), and processed by a microcontroller unit (MCU) 

(Fig. 3). A thresholding algorithm quantized the captured data. Thresholds were calibrated using 

previously conducted perceptual tests.  The MCU interfaced with a Bluetooth module using the 

RS-232 serial protocol.  

 

Fig. 3 Electronic control board featuring driving circuitry, ADC, microcontroller and output driver 

In this initial work, a commercially available Bluetooth module was used (Fig. 4). This allowed 

for quick implementation through the use of well-established RS-232 protocols, although future 

systems will include an internally integrated Bluetooth module. The use of a Bluetooth link 

allows for instant connectivity to a PC and capture of measured data, without the need for wired 

tethering. The whole system is shown in (Fig. 5). 
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Fig. 4 Commercially available Bluetooth module 

 

Fig. 5 Integrated gait telemetry system

The wireless telemetry system components were then integrated into our previously developed 

haptic feedback system. This feedback system worked to translate forces measured on the 

prosthetic foot into tactile stimuli at the sensate mid-thigh. The tactile stimuli were provided by a 

haptic feedback cuff typically worn 14 cm above the superior pole of the patella. Each feedback 

actuator within the cuff consisted of a robust, thin-film silicone membrane placed on a rigid 

polydimethylsiloxane (PDMS) base to allow for consistent and conformal tactile feedback to the 

skin surface. The integration between the telemetry and feedback systems allows for the 

monitoring of patient mobility while also providing augmentative sensory feedback.  

CONCLUSIONS 

This telemetry system is intended to work in parallel with trials associated with the original 

haptic feedback work. Planned biomechanical gait analysis will be used to validate both systems. 

Results from traditional gait analysis regarding the impact of the haptic feedback system will be 

compared to results recorded by this telemetry platform, and it is intended that the development 

of both monitoring and interventional technologies will work synergistically.  
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ABSTRACT 

 

The field of Terahertz (THz) radiation, electromagnetic energy, between 0.3 to 3 THz, has seen 

intense interest recently, because it combines some of the best properties of IR along with those 

of RF. For example, THz radiation can penetrate fabrics with less attenuation than IR, while its 

short wavelength maintains comparable imaging capabilities. We discuss major challenges in the 

field: designing systems and applications which fully exploit the unique properties of THz 

radiation. To illustrate, we present our reflective, radar-inspired THz imaging system and results, 

centered on biomedical burn imaging and skin hydration, and discuss challenges and ongoing 

research. 

 

Keywords: terahertz, biomedical, imaging, hydration, burns 

 

 

INTRODUCTION 

 

Recently, there has been intense interest in the study of Terahertz (THz) radiation, 

electromagnetic energy in the range of 0.3 to 3 THz. This traditionally unexplored area of the 

EM spectrum, sandwiched between IR and RF, shares some key properties with both, as well 

mitigates some of the disadvantages found in those spectrums.  By exploiting these properties, 

the THz field holds promise for unique and revolutionary applications. In this paper, the 

engineering aspects of developing a THz imaging system for skin burns, a promising but not yet 

fully developed application, are presented.  

 

A key disadvantage associated with IR is scattering, which occurs due to several phenomena, but 

in particular, resonant scattering is induced by objects close to the wavelength of the impinging 

radiation. THz, in contrast, is at a longer wavelength over that of IR, extenuating the associated 

scattering. In previous work, we have shown that at THz frequencies, the attenuation of common 

fabrics can be more than 20 dB less than at IR frequencies. This can be explained in that the 

longer wavelength of THz radiation results in less scattering by the threads of clothing than that 

of IR. (Bjarnason, 2004).  Also, unlike x-rays that also can penetrate clothing, the non-ionizing 

photon energy of THz radiation allays safety concerns.  While its longer wavelength has the 
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advantage of reducing scattering, it is still short enough, ~ 0.5 mm, for high resolution imaging, 

in comparison to RF and mm-wave systems.  The associated THz wavelength is an example of 

the compromise between IR and RF.    

 

There are disadvantages shared with IR and RF that are not mitigated in the THz band.  Outside 

of absorption lines, water has a higher dielectric constant at THz frequencies than at IR owing 

simply to the lower frequency. This gives rise to significant attenuation in air over distances, as 

short as 10 cm.  But, this property can be exploited in reflective imaging, since the higher 

dielectric constant translates into a higher reflectivity, and therefore a high sensitivity to water 

and changes in concentration. Using simple models, the skin depth for water is around 75 µm at 

500 GHz, and 40 µm at 2 THz.  

 

These properties can be exploited for THz medical imaging. However, significant challenges 

remain before THz imaging can become mainstream. Rather than simply modifying established 

mm-wave or IR systems to THz, new architectures, applications, and paradigms must be 

developed to truly reap the benefits of this range of the EM spectrum, as well as the development 

of advanced devices (more powerful sources and more sensitive detectors). Our research group at 

UC Santa Barbara has developed an innovative, low complexity reflective THz imaging system, 

and in collaboration with the Center for Advanced Surgical and Interventional Technology 

(CASIT) at the UCLA School of Medicine, and we have undertaken studies in biomedical 

imaging. We present our results of this work, focused in the fields of skin hydration and burn 

imaging. Finally, we discuss our ongoing research and unsolved challenges in the field. 

 

SCANNING THZ IMAGING SYSTEM 

 

 
Figure 1: Photograph of system THz components 

 

Our research in THz systems has led to the creation of a versatile reflective, high speed THz 

imaging system. This system (Figure 1) is well suited for biomedical applications. This system 

operates with solid-state devices at room temperature, with a footprint of approximately 0.4 

square meters. The simple architecture of the system is depicted in Figure 2. 
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The source is a photoconductive switch (Figure 3), which is mounted to the backside of a silicon 

hyperhemisphere. The switch was designed and produced at UCSB on an erbium arsenide active 

layer, with a gold square-spiral antenna, with a total size of 500 by 50 µm. A DC bias of up to 

190 V is applied to the antenna.  The gap in the center of the antenna is excited by a pulse from a 

femtosecond laser, operating at 780 nm wavelength. This pulse causes a decrease in resistance 

and an increase in current, creating a broad pulse of electromagnetic energy, similar to a spark 

gap. Our switch is capable of producing an average power of 103 µW, with a peak power of 3.0 

W with a usable range of 100-800 GHz (Taylor, 2006).  

 

This silicon hyperhemisphere lens aids in the effective coupling of the THz radiation to 

freespace, which is then collimated and focused by two parabolic mirrors to a 1.8 mm diameter 

spot. The sample is translated under the spot by two high-speed screw-drive stages. The THz 

beam is then reflected off the sample and collected thru two similar parabolic mirrors, again the 

first collimates the beam and the second focuses the beam into the waveguide of a zero-bias 

Schottky detector diode. The detector has a center frequency of 500 GHz and a 3 dB bandwidth 

of 150 GHz, a video bandwidth of 10 GHz and an average responsivity of 950 V/W. 

 

 
Figure 2: System block diagram 

 

As in visible imaging, a broadband, incoherent source and detector is desired to reduce fringing 

and reflection-induced interference effects. The center frequency of the system was chosen as a 

compromise between imaging resolution, favored by the short wavelength at high frequencies, 

and available source power, increased at lower frequencies. The system operates in an 

atmospheric transmission window. Finally, water has a higher dielectric constant at lower 

frequencies, leading to higher absorption and therefore image contrast. 
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Figure 3: Photoconductive switch cross section and micrograph 

 

The receiver architecture is based upon a radar-inspired boxcar integrator architecture. The 

signal from the detector diode is amplified  by a wideband amplifier (40 dB gain, 10 GHz 

bandwidth) and fed to the RF port of a mixer. A photodiode samples the laser pulse, which is 

amplified and delayed to arrive at the mixer LO port synchronously with the RF pulse. The 

resulting DC signal is integrated and sampled by a digital multimeter at 60 Hz. The system 

achieves a 40 dB postdetection SNR and an overall speed of 1 pixel per second. This is a 

dramatic increase over existing time-domain systems, which require hours to produce a single 

image. Further, these systems require expensive, fragile, and bulky Ti:sapphire lasers, nonlinear 

optical crystals, and optical delay lines. 

 

THZ MEDICAL IMAGING 

 

In recent studies into THz medical imaging, time domain imaging systems have been used to 

image by transmission through biological tissues.  These studies have shown promise, including 

advantages previously described, such as high resolution, the ability to penetrate fabrics and the 

use of low energy non-ionizing radiation. These studies have suggested the imaging of skin 

abnormalities, burns, scars, wounds, and cancer (Siegel, 2004). Other studies have reported on 

THz imaging and spectroscopy of carcinoma, melanoma (Woodward, 2003), skin burns 

(Dougherty, 2007), inflammation, and scarring. 

 

While these studies have provided an insight into the possible applications of future THz 

imaging systems, none have provided sufficient data to conclusively evaluate the benefits of the 

technology. Biological samples naturally contain a high fraction of water. As previously 

discussed, water is highly reflective in the THz range, with penetration on the order of hundreds 

of microns. Therefore, transmissive systems require that biosamples be thinned and dried to 

allow the THz energy to penetrate. Not only is this impractical for in-vivo imaging, it destroys 

useful information provided by water concentration.  Therefore, reflective imaging systems are a 

natural fit for biological applications. These systems appear to be well suited for monitoring 

water concentration, such as when monitoring skin burns under bandages. Other applications 

include monitoring of skin disorders such as eczema and skin cancers. 

 

Water Sensitivity  

To help interpret images from the system, the water sensitivity of our imaging system was 

characterized by measuring the THz reflectivity of a piece of paper as it dried. The noise-
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equivalent water concentration difference (NEΔWC) was 0.054% by volume.  This is the change 

in water concentration produces the same output change as system noise, and therefore is the 

smallest detectable change in the sample. While this experiment was used in order to 

characterize the system, it also demonstrates the performance available for reflective, non-

contact process monitoring (Taylor, March 2008).  This result illustrates a fundamental strength 

of reflective THz imaging: an extremely high sensitivity to water concentration.  

 

Skin Hydration 

From the success of measuring small changes in water concentration, it was investigated if 

relative skin hydration levels were measureable and with what level of sensitivity.  Experiments 

were performed to detect the water concentration in biological samples.  The hydration levels of 

five samples of chicken skin were modified. Water concentration was increased using a 

phosphate buffered saline solution, while diluted ethyl alcohol reduced water levels. Owing to its 

structure, chicken skin is not an ideal surrogate for human skin. Nonetheless, it provided a 

medium rich in organic lipids and proteins seen in biological samples. 

 

The fully dehydrated samples showed a 3.2x decrease in THz reflectivity from the unprocessed 

sample, while the fully hyperhydrated samples exhibited a 2.7x increase in THz reflectivity over 

the unprocessed skin. This showed that low-level, bulk changes in water content of skin samples 

could be easily detected with our reflective THz system, in the same way that water 

concentration in paper was detected. This also provided further evidence that water concentration 

is the primary contrast mechanism in reflective THz biomedical imaging. Additionally, many 

medical conditions are associated with changes in skin hydration, such as basal cell carcinomas 

and melanomas, and skin disorders such as eczema (Suen, 2009). 

 

Skin Burn Imaging 

As previously discussed, the high water concentration sensitivity, ability to penetrate common 

fabrics, and lack of destructive sample preparation suggest skin burn imaging as a natural 

application. The ultimate vision for such a technology is the ability to monitor skin burns 

underneath dressings without disturbing the burn or the patient. Porcine (pig) skin samples were 

chosen, due to their similarity with human skin.  A UC Santa Barbara logo brand was made from 

brass and heated to 315° C and lightly pressed for 3 seconds on the skin. The resulting burn was 

imaged uncovered and under five and ten layers of gauze (Figures 4 and 5) 

 

 

 
       (a)                             (b) 

Figure 4: Visible images of (a) skin burn, and (b) mounted sample with gauze. 
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Figure 5: Terahertz images of (a) unburned skin, (b) burned skin, (c) burn under five and 

(d) ten layers of gauze. Lighter values represent higher THz reflectivity. 

 

The images show a clear burn region. While the thread is visible, the burns are still recognizable 

under ten layers of gauze. Also of note is the ring surrounding the UCSB burn, which does not 

correspond to visible burn damage. To our knowledge, this effect was first discovered in our 

research (Taylor, 2008), though the exact mechanism has yet to be determined.  

 

FUTURE THZ MEDICAL IMAGING 

 

These results give promise to a future clinical, in-vivo THz imaging and a path for future system 

developments. One major limitation of our current system is the need to translate the imaging 

target. While such movement is suitable for ex-vivo laboratory applications, it presents an 

impediment for clinical use. Based on the small footprint of our existing system, we have 

designed, constructed and are testing a next-generation system which integrates all the optical 

and THz components into a compact, lightweight moveable imaging head (Figure 6). This head 

is then translated in all three axes over the stationary target. The size of the head remains similar 

to the current THz source and shares its general architecture and layout. Major changes include 

the miniaturization of optical components and ensuring system performance will not be affected 

by the vibration, shock, and contamination present in a clinical setting. The entire head weighs 

3.5 kg and measures ~ 15 by 15 by 10 cm. The head is currently being tested by CASIT at 

UCLA and preliminary reports indicate system performance substantially unchanged from our 

previous design.  
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Figure 6: Imaging head under test 

A second active area of research is the design of a new receiver architecture. We are working 

towards a phase-sensitive receiver for the THz system. While the phase of the THz wave is 

destroyed by the diode detector, quadrature detection at baseband will differentiate between a 

delayed reflection and an attenuated signal, as well as detecting pulse dispersion. Compared to 

time-domain THz systems, phase detection at baseband eliminates the need for complicated laser 

optics and retains the high speed of our existing system. The extremely broadband (10 GHz) 

nature of the baseband signal poses a challenge. Our proposed architecture (Figure 7) upconverts 

the baseband pulses, before the lower sidebands are filtered. The gated signal is then integrated, 

and a DC value is digitized. A 90 degree LO shift provides an exact quadrature reference, 

eliminating the need for complex broadband matched filters. 

 

 
Figure 7: Quadrature receiver in development 
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Preliminary simulations suggest that this will be useful in imaging samples which are curved or 

differ significantly in height. The full breadth of applications, such as providing contrast between 

different materials and tissue types, is unknown and will require experimentation to determine. 

By coupling the designs of both the THz system and the RF receiver, we can utilize off-the-shelf 

components as well as maximize system SNR and therefore speed. 

 

 A long-term area of active research is the development of a THz focal plane detector array. Such 

an array would bring immense benefits to THz imaging. The ultimate detector would be a two-

dimensional array operating similarly to a visible CCD or IR bolometer array, which would 

quickly enable video-rate imaging without moving components. However, active research by 

multiple groups in this area has yet to produce a reasonable room-temperature array with useable 

sensitivity. An intermediate goal is a one-dimensional array. With an appropriate design, both the 

THz source and detector can be scanned across a target, much like a photocopier or some digital 

x-ray systems. This would also allow for faster, smaller THz imaging systems, and open up 

applications such as THz security imaging and routine clinical screening use of THz systems. 

 

CONCLUSION 

 

It is clear that along with its many challenges, there are many unique benefits when harnessing 

terahertz radiation. As it resides on the electromagnetic spectrum between the infrared and mm-

wave regions, it is not surprising that much of THz science requires the clever combination of 

RF and optical techniques, many of which have yet to be developed. There are clear benefits for 

THz radiation in its ability to penetrate clothing, provide high-resolution images, and explore a 

wide range of unique phenomena.  

 

In our future experimental work, we seek to image a wide range of skin abnormalities, and 

correlate water content measurements with THz reflectivity, towards an ultimate goal of in-vivo 

imaging of skin burns. We are continuing our development of innovative and unique imaging 

systems, geared towards speed and simplicity. In addition, there are a very wide range of 

applications yet to be explored and THz phenomena yet discovered. Beyond our experience with 

burns, we seek to study skin cancers in various stages to determine if THz imaging can be used 

as an early detection tool, and avoid unnecessary biopsies. We also are exploring dental imaging, 

as well as imaging of the cornea in order to detect disease. 

 

The challenges that face the field are the development of practical and novel systems, as well as 

work to fully understand the rich phenomenology in the THz region. Undoubtedly, as these 

challenges are solved and new applications arise, THz systems will become an integral part of 

sensing in the future. 
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ABSTRACT 

With the cost of microprocessor systems dropping steadily, sensor networks are becoming more 

and more viable for replacing traditional “dumb” sensors. This presents a host of advantages to 

the system collecting data, and allows for unprecedented system flexibility. In parallel to these 

developments, RFID “tagging” has come a long way and has also entered the realm of 

affordable sensor solutions. The merger of these ideas enables transient, modular, and 

reconfigurable asset identification and tracking systems. In this paper, we explore the feasibility 

of implementing such a network with commercial off-the-shelf (COTS) parts for real world 

applications. Specifically, we create a drop-in system for managing documents and records in a 

medical triage center, based on identifying assets and personnel by means of RFID. A self-

reconfiguring sensor network provides the foundation, allows for the system to be deployed in 

minutes, both on a battlefield or in a hospital, and once deployed, the hospital beds may move 

around freely. The advantages of this platform will be discussed alongside the unique 

requirements that are introduced in this type of project. 

INTRODUCTION 

The spectrum of technologies that are commercially available provides only a few decent 

methods for identifying assets of an organized system. Old and proven methods such as bar 

codes are very effective at the task, but they are clumsy in the sense that they require a human 

operator or carefully aligned machine to almost directly interface the printed bar code, and bar 

codes are too easy to duplicate or modify. Newer technologies such as biometric identification 
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make the identification of people more secure, and optical recognition such as face recognition 

make the identification process much faster and more flexible. 

Radio-frequency identification (RFID) and its ancestors date back to the 1970s, but only recently 

have the manufacturing costs of RFID "tags" (the passive device that returns information to the 

reader) become affordable enough that RFID is a cost-effective system for identifying tagged 

objects. The current decade has seen widespread RFID implementations for identifying 

catalogued vehicles on toll roads, so that the toll can be paid as a driver enters the road, and for 

identifying international travelers by the inclusion of RFID tags inside of passports. This system 

has advantages over bar codes, biometrics, and other competing systems because tags have the 

ability to store digital information within the tag, limit access to the information using 

cryptography, and be read at a reasonable distance. 

Designing a new system to identify or track objects is beyond the capabilities of many 

engineering teams, and certainly beyond the scope of most projects. For applications with 

ordinary requirements or goals that do not break new ground in this market, it is usually most 

beneficial to integrate commercial off-the-shelf (COTS) products with a customized controller. 

In order to explore the feasibility of using commercial RFID solutions, we designed a novel 

telemetering application for hospital document management.  By using only COTS materials in 

our solution, we were able to study the unique requirements of using COTS products in a 

telemetering project. 

THE EXPERIMENTAL APPLICATION 

In today’s battlefield triage situations, doctors and corpsmen cannot count on accuracy, speed of 

delivery, and security of patient data and treatments. Usually, these doctors rely on a primitive 

form of record keeping, such as jotting notes down onto a clipboard. While it is a proven system, 

the clipboard has inherent flaws including, but not limited to, lack of speedy access, secure data 

storage and transmission, and a high probability of misinterpretation of information. These flaws 

can easily be remedied by engineering a COTS telemetering and RFID system to replace the 

clipboard. The strengths of RFID include accuracy and security, and by incorporating wireless 

sensor networks, a medium for telemetering, data can be made available where it is needed, 

when it is needed. 

This project set out to completely replace the current system for managing data in a battlefield 

triage center and provide a mobile system that manages, stores, and provides quick and secure 

access to patient data to authorized doctors. Because this application decreases the one-on-one 

time staff has with each patient, it must be done safely. A loss in medical data or access typical 

of that seen in common wireless networks cannot be tolerated. This project will seek to provide 

instant verification of patient and practitioner proximity and provide patient data access to 

authorized personnel within range of the patient. Thus, accuracy is a critical quality to the 

solution. 

Besides highlighting the benefits of an RFID system, this project also depends on the underlying 

wireless sensor network that reads RFID tags and passes data to a central location for storage in a 

database. It is essential that the network be capable of independent movement of each node so 
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that the entire system can be deployed and maintained in a mobile environment, such as one 

where patient beds move from room to room or within a battlefield triage center. We chose the 

Crossbow system, a COTS wireless network, because it provides features that allow for mobility 

and scalability. The sensor nodes used SkyeTek RFID readers, because they provide a reading 

range that does not hinder the effectiveness of our solution in the environment for which it is 

intended. 

THE RESULTING DESIGN 

The design produced for this experiment focuses on a multi-hop wireless sensor network 

composed of many Crossbow MICAz Motes, which host radio frequency identification (RFID) 

reader and are capable of RF communication. The system is responsible for two distinct features. 

The first is remotely supervised patient information via RFID and a central workstation/database. 

The second is the accurate remote transmission of a patient’s data using Motes for wireless error 

recovery. In order to effectively communicate between Motes and base station, Software is 

needed to query the RFID reader and interpret the results. The RFID reader is connected to the 

Mote via the UART (universal asynchronous receiver/transmitter), so this software module 

generates and interprets serial data. The Mote runs TinyOS, an open source operating system 

which targets wireless sensor networks. It was primarily developed by the University of 

California, Berkley in cooperation with Intel Research and is written in the specialized 

programming language nesC. It has a component-based architecture and is able to operate within 

the severe memory constraints imposed by a sensor network. The database software runs on the 

same PC that belongs to the base station or a dedicated machine. It runs an off-the-shelf SQL 

database, which we will use to store patient records, medication allowances, doctor information, 

and a permissions matrix. The base station sits between a Mote and a PC. It enables a Mote to 

communicate with the PC over a serial channel (our choice is USB). The base station software is 

split into two parts. The base station Mote has to have unique software to handle sending 

relevant information to the PC, and the PC must be running software to receive the information 

and handle it. 

With wireless sensors offering impressive computational resources for processing data, in this 

project, hardware only represents the first half of the system design; software embedded in the 

wireless Motes represents the second half. With computational power coupled with the sensor, 

wireless sensors Motes are capable of autonomous operation. Without a physical link existing 

between individual wireless sensors and the remainder of the wireless sensor network, wireless 

sensors must know when to act autonomously or collaboratively. Software embedded in the 

wireless sensor’s computational core is responsible for its autonomous operation including the 

collection and storage of data, computation of measurement data, and deciding when and what to 

communicate to other wireless sensors in the wireless sensor network. 

REQUIRED CUSTOM HARDWARE 

Very little hardware modification was needed to make the systems work together. They were 

chosen because they both support UART serial transmission, thus only simple wiring and power 

circuitry was needed. One of the small, but essential components that enabled the two devices to 
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operate from a single power source is a small voltage regulation circuit.  The custom power 

circuit was built around the commercially available LM117 variable voltage regulator in the 

circuit shown in Figure 1.  This enabled the Crossbow Motes to run from a 3.2 volt rail and 

enabled the SkyeTek M7 module to run on a 5 volt rail while the entire assembled device ran off 

of a single plug. To achieve this in a small space, we employed the Crossbow MDA100 

prototyping sensor board. Using the MDA100 hardware, which is designed specifically to plug 

directly into the Motes, it was possible to build the power supply and the UART interface 

between the MICAz Mote and the M7 RFID module.  Without the use of the prototype board, it 

would have been rather difficult to provide an interface for dual device power and Mote to RFID 

reader communication. The completed hardware design is shown in Figure 2. 

 

Figure 1: The customized LM117-based power regulation circuit 

 

Figure 2: The assembled and operational RFID scanning system. 
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SOFTWARE CONTROLLER 

A key element to the project was the software that went into it.  Using the Crossbow system, we 

developed a software system that would gracefully interact with the SkyeTek M7 module to read 

and broadcast RFID tag data back to the base station.  The Mote software was designed to 

initialize the attached M7 on startup using simple commands and listen for all tag data read by 

the M7, regardless of the rate of tags being read.  The Mote software would then package each 

datum into a simple packet format that would wrap the RFID tag data and broadcast the packet 

back to the base station.  RFID tag data collision is inevitable when tags are scanned in close 

proximity, so tags are read very quickly, making it impractical to process the data on the Motes.  

All of our data processing is then done by the computer attached to the base station, where we 

created an Application Programming Interface (API) that would let managing programs listen for 

our decoded RFID tag data from all the currently connected base stations, thus allowing the 

utilizing programs to listen to multiple sensor networks from the same computer for RFID tag 

data being passed around.   

To truly utilize the capabilities of the Crossbow mesh network, the Mote software utilizes the 

built-in ad-hoc network connection to send the RFID tag data to the base station by way of 

hopping the data from Mote to Mote until the data reaches a Mote that has a reliable connection 

to the base station.  Since our method of transmission utilizes the existing Crossbow technique, 

not only can additional Motes be added to the network to increase the number of RFID readers, 

but the additional Motes can even have unique programming, so long as ad-hoc networking is 

enabled.   

Since the Motes themselves are wireless, management becomes tricky when the number being 

utilized grows large.  Since some Motes may be broadcasting RFID data infrequently or not at 

all, it was necessary to include a method of checking for life.  Periodically, each Mote sends out 

a “heartbeat” signal that hops just like the RFID packets back to the base station.  Like the RFID 

packets, our API includes a method for the managing programs to listen for this signal so that the 

managing program can update its timers and react when a Mote loses power or strays too far 

from the network.  This was necessary to ensure that reliability can be kept high and is built into 

our Mote software so that installation can be expedited.   

For our particular implementation, we created an application to use our API and store the tags 

and heartbeats in our SQL database.  The program simply used Microsoft’s C# and .NET 

platform to connect to our API and listen for incoming RFID data and heartbeats.  Whenever tag 

data is received, it is immediately stored in the database.  The same occurs for the heartbeat to 

ensure that all data is up to date.  Since processing would be done on the cached data by 

whatever clients were listening, rather than on the live data, we could then expand the system 

further to use any kind of database and even store the data on a different location from the 

computer connected to the base stations.   

For our experimental implementation, we created a web based API that helped to present the data 

being logged in the SQL database to users in a manner that would allow for up-to-date record 

retrieval.  Since the implementation was designed for triage patient record retrieval, we 

associated each RFID tag datum with a patient’s record and stored the extra data in the SQL 

database as well.  We designed the web API to contain links to the patient records as well.  To 
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demonstrate this web API, we created an iPhone Web App and a Silverlight 2 web page, the 

latter of which is shown in Figure 3.  Both interfaces were designed to regulate access to records 

by requiring authorization.  They were also designed to display only relevant records by listing 

only the patients nearest to the last location that the currently logged in user last visited.   

 

Figure 3: The fully implemented patient identification system as shown through the Silverlight 2 

web implementation. 

MANAGEMENT TECHNIQUES FOR A COTS SYSTEM 

One of the primary tasks of the project was to ensure the optimization of the design process in 

order to truly discover the benefits of using off-the-shelf parts. A typical team which included 

electrical engineers, computer engineers and a systems engineer were assigned the task of 

completing the project and began with a complete understanding of the desired system 

functionality. Since requirements definition is a critical step in the design process, our team 

carefully researched the technology marketplace for telemetering technologies in order to find 

what useful systems could be purchased for integration into a working solution. The design 

process continues from analysis of current design goals and investigating similar design solutions 

in the field or related topics.  

Market research relied on an ongoing cost-benefit analysis considering the advantages, 

limitations, and prices of available technologies. This phase of design is not present in typical 

engineering product cycles, but was essential for a project such as this. Once hardware was 

selected, less time was spent creating and documenting new interfaces, and more time was 
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dedicated to understanding the interfaces already enforced by existing hardware. In several ways, 

the process tended to be more experimental than usual, with the movement through the product 

cycle being governed by the success of systems integration.  

The design process in place resembled a waterfall design process, where first requirements are 

understood, and then a design is conceived, built, and tested, with verification following each 

stage of the cycle. The modifications required to this methodology were all preliminary to the 

actual construction of prototypes, and mostly just elaborate the time spent understanding the 

requirements of the customer. It should not be difficult to elaborate this phase in any kind of 

design process in order to adapt a process to use COTS parts as heavily as this one. 

CONCLUSION 

The experimental project was completed on time and without noteworthy disasters. At times, 

scheduling around potential risks was clumsy, but proper risk assessment could have held the 

reins of the project tightly enough to avoid calamity. In short, any other organization wishing to 

repeat the steps taken here should be cautioned to schedule enough time for proper assessment of 

the technology market and an effective cost-benefit analysis of available technologies. 

Further improvement to our results may be possible by adopting a more modern design process 

than the waterfall method. For instance, a method that reiterates prototypes until a suitable 

solution has been found could avoid the risk of available technologies being incompatible for 

integration or ineffective at reaching a suitable solution for the customer. 

Finally, the experiment undergone does indeed verify that a solution for identification and 

tracking of assets from an organized system can in fact be realized by heavy dependence on off-

the-shelf parts. The market for such technologies has matured to the point of making this a 

possible and cost-effective method for engineering new telemetering systems of this type. 
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Abstract 
 

In this project, a telemetry system is implemented to save firefighters from potential danger in 
their working environment. Each Firefighter has a “node” or “unit” attached to them which 
contains temperature, oxygen, and carbon-monoxide sensors, and a transceiver.  Each node 
constantly transmits data collected by the sensors to a central “base station.”  The base station 
consists of a laptop which is monitored by the Fire Chief at a safe distance from the scene, and it 
displays gas levels. The base station monitors the sensor readings, and sets off an alarm locally 
and also at the node if a reading has reached a predetermined critical value.  
  

Keywords 
Telemetry System, Saving firefighters, oxygen, carbon monoxide, and temperature monitoring. 

 
 

INTRODUCTION 
 

Currently an average of one hundred firefighters dies every year after being exposed to 
dangerous conditions. This is due in part to an incomplete monitoring system.  Firefighter’s 
equipment includes handheld radios, pagers, and other communication devices which do not alert 
them of dangerous conditions.  Current firefighter equipment does not alert other firefighters and 
the base station that a firefighter is in danger. 
 
The purpose of the project was to build a Telemetry System. Telemetry Systems can be used to 
remotely transmit and receive data. Components that are found in these systems include: signal 
source, data acquisition, data encoding, data modulation, transmit amplifier, transmit antenna, 
receive antenna, receive amplifier, demodulator (which includes carrier recovery, timing 
recovery, data decisions), and data decoding. Some of these components were designed by the 
team and some were purchased from different vendors.  
 
This document discusses the system requirements, the design concepts and analysis, and design 
results followed by conclusions and recommendations, and acknowledgements for the project. 
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SYSTEM REQUIREMENTS 
 
The system requirements have been listed in Table 1. 
 

Table 1: Specification Chart for Firefighter Wireless Monitoring System 

 
 

 

SYSTEM DESIGN 

I) Design of Circuits 
 

This telemetry system, as shown in Fig 1, collects data from the environment of the firefighter 
using two analog sensors and one digital sensor. Oxygen sensors and Carbon monoxide sensors 
are analog sensors. These typically have outputs as currents in the range of 1uA to 100 uA. Since 
these currents are very small in magnitude and contain a lot of noise, active filters are used to 
amplify and filter the signal obtained from the sensors. The following is a description of the 
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design of the filters used in the project. Separate designs are given for the Oxygen sensor and the 
Carbon monoxide sensor. 
 

 
Figure1: Diagram of Firefighter Monitoring Telemetry System. 

 

a) Oxygen Sensor Circuit 
 
The O2-A2 sensor from Alphasense is used as an Oxygen sensor for this project. The output 
current from the sensor is collected over a 50 Ω resistor, which then produces voltages in the 
range of 1mV. This output from the sensors produced by electro-chemical reaction, is very noisy. 
Due to this, an active filter is essential to amplify the signal in the circuit and also to filter the 
noise. The schematic shown in Fig 2 is the circuit diagram for the low-pass filter implemented 
for the Oxygen Sensor and Fig 3 shows the Bode plot for the Oxygen sensor. 
 
The active filter uses two op-amps OPA2376. This is a low-noise, low-quiescent current and 
high-precision operational amplifier with a very little offset voltage (5uV). It has a gain 
bandwidth product of 5.5GHz, and very low power consumption.  
 
This active filter circuit has a gain of 52dB. The circuit consists of two parts: a pre-amplifier, and 
an active filter. The preamplifier as shown in the schematic has a DC gain of 26.89V/V. The 
input voltage to this circuit is the voltage across the resistor, over which the output current of the 
Oxygen sensor is collected. This part of the circuit produces an output which is in phase with the 
input. The output of this pre-amplifier is fed to the second part of the circuit which implements 
an active filter.  The gain from the active filter is 14.52V/V. The resistors on the closed loop of 
both the stages have been kept low, which minimizes noise in the circuit. The cutoff frequency of 
the active filter is designed to be 50 Hz. This provides fast transient response of the circuit as it 
has a phase margin of 120˚, and also filters the undesirable noise from the circuit. The figure 
below shows the simulation of this circuit in LTSpice.  
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Figure 2: Diagram of low- pass filter for the Oxygen sensor.  

 

 
Figure 3: Simulation of the low-pass filter in LTSpice. 

 

In the figure above, the upper panel shows the output of the pre-amplifier, which has 30 dB gain. 
The lower panel shows the final output of the filter. The desirable bandwidth and gain is 
achieved for the filter. The output of this filter is fed to the motes which then convert this analog 
data to digital for transmission to the base station. 
 

 
b) Carbon monoxide sensor circuit 

 
The Carbon-monoxide sensor used for the project is the CO-AE from Alphasense. This sensor 
also has current output in the range of 1uA to 100uA. It is a three pin sensor. The circuit shown 
in Fig 4 is implemented to make the sensor functional.  The sensor has a working electrode, a 
counter electrode and a reference electrode. For a quick startup of the circuit, it is essential that 
the reference electrode and working electrode are at the same potential when the circuit has no 
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power. But, when the power is on, they have to have impedance across them. For this reason, 
JFET Q1 is used in the circuit. 
 

 
Figure 4: Diagram of Potentiostat circuit for zero bias toxic gas sensors. 

 

Op-amp IC2 is used to supply current to the counter electrode, which completes the circuit loop 
when current flows out of the Working electrode dropping a voltage across Rload. Op-amp 
OPA2376 is used for this circuit as well. This sensor provides an output current in the range of 
1uA at normal levels of CO in the atmosphere. This current is very low and sensitive to noise. 
So, a low pass filter of the first order is used to amplify the voltage across the resistor Rload. The 
gain of this filter can be set by varying resistor R4. An Rload resistor of 57 Ω is used in this 
project. The cutoff frequency of the circuit can be adjusted by varying the capacitor C3 in the 

circuit. The cutoff frequency is given by . The gain of the circuit is given by 

. 
 
 

II) Design of Software 
 
The software components of our project include two parts; the Crossbow Motes and the Base 
Station.  The motes, which required modified firmware, run an open source embedded operating 
system called TinyOS.  The Base Station consists of a custom Graphical User Interface (GUI) 
based application to display the sensor reading from the motes, to the user. Both of these 
components will be described in detail below, starting with the Crossbow Motes.  
 
As mentioned earlier, the Crossbow Motes are wireless transceivers that can transmit data 
collected from attached sensors.  The micro controller that is on the motes runs the TinyOS 
embedded operating system.  Since the motes have TinyOS, programs can be written to run on 
the motes by using the programming language nesC. 
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Since nesC is object-oriented, it takes advantages of using interfaces that are used to control the 
various components on the motes.  As shown in Fig 5, each nesC program that is written must be 
comprised of two files, a configuration file and a module file.  The figure below shows a visual 
representation of how a nesC program is comprised of the two files. 
 

Figure 5: This is a diagram of a typical program written in nesC.  Note how the module file has 
access to the components through the configuration file.  
 

The configuration file is used to “wire” the different interfaces of the components that will be 
used in the program. This “wiring” is used so that the program being written can use different 
components on the motes without having to know exactly how the component is programmed.  
This enables new programs to be created faster and enables reuse of code so that the overall size 
of the program is reduced.  The module file is used for the actual implementation for the 
program.  It uses interfaces that were wired in the configuration file in which implementations of 
the events in the wired components has to be given.  The module can also “provide” interfaces of 
its own.  Using this programming language we interfaced the sensors that we built for the motes.   
 
The other part of the software component is the Base Station.  The GUI based interface is 
programmed in Java.  The interface is responsible for displaying the sensor readings, sent from 
the motes, to the user. This is shown in Fig 6.  We used Java, which is also an object oriented 
language, because it is portable and has a well documented API.  Being portable indicates that 
the final application will be run on different computer platforms, without any modifications.  
This was important since some team members used the OSX operating system, while others used 
the Windows operating system.  Having a well documented API was also important in our 
project because it enabled us to use a variety of libraries so that we could create a powerful 
interface without writing too many lines of code. 
 

Figure 6:  A rough sketch of the GUI for the Base Station. 
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The Base Station can be thought of being a way for user to monitor the wearer of the Crossbow 
Motes.  While keeping the Base Station simple, we also want it to be reliable and expandable.  
The Base Station is kept simple by having a clean, easy to use GUI.  A rough drawing of the GUI 
is shown in Figure 6.  The data of each of the sensors on each mote can easily be seen therein.  
Also note that the user will quickly be able to see if any sensors read dangerous levels of 
temperature or gases according to a color coded system. 
 
The Java application is well documented and takes advantages of the object oriented design so 
that the Base Station, if need be, can be easily modified.  These two components make up the 
software part of the final design. 

  
 

DESIGN INTEGRATION 
 
This section discusses the interfacing between the sensors and the mote.  The physical interface 
between the sensors and the motes is facilitated by the Crossbow MDA100 sensor board shown 
in Fig 7. 
 

 
Figure 7: MDA100 Sensor Board from Crossbow. 

 

It has a 51pin connector that matches the connector on the mote. The sensors and their peripheral 
circuitry were constructed on this board. The analog voltage output of the sensors after 
amplification and filtering is fed to the input of the ADC of the mote.  We connected the 
temperature sensor, oxygen sensor, and carbon monoxide sensor to sockets F13, F14, and F15 on 
the MDA100 respectively.  These three sockets correspond to ADC3, ADC4, and ADC5 ports of 
the mote.  The sensor is powered directly from the battery of the node and this ensures the sensor 
output will never go above the limit of the analog to digital converter on the mote (0V – 3V).   
 
 

RESULTS 

I) Sensors 

a) Carbon monoxide sensor 
 

The carbon monoxide sensor was tested in two environments.  When exposed to the regular 
atmosphere, the output voltage of the sensor read approximately 1.791V after stabilization.  This 
voltage corresponds to about 0.5ppm CO in the atmosphere.  When the carbon monoxide sensor 
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was placed at the opening of a car’s exhaust pipe, the output voltage peaked at approximately 
3.036V.  The amount of carbon monoxide from a car exhaust pipe can be estimated to be 
1000ppm. Fig 8 shows the model for the sensor. 
 

 
Figure 8:  The sensors should be operating linearly from 0 to 2000 ppm.  The equation that is 
obtained from this plot should allow for derivation of the voltage value that is at the critical 
level.  Since the critical level is above 500ppm, according to the derived equation, this would 
equate to approximately 2.3904V. 
 

 

b) Oxygen sensor testing and calibration 
 

The Oxygen sensor and the signal processing circuit associated with it was tested for different 
levels of Oxygen in the atmosphere. An Oxygen tank with gas flow control was used to blow gas 
with varying Oxygen concentration into the sensor circuit.  The following test data were 
obtained. The output of the Oxygen sensor went up with various oxygen levels according to the 
equation shown in Fig 9. The Oxygen sensor worked well, and the output current of the Oxygen 
sensor increased with the level of Oxygen concentration in the atmosphere.  
 

 
Figure 9: This graph represents the test data obtained for Oxygen levels. 
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Similar tests were done for Oxygen deficient atmosphere by blowing exhaled air which contains 
approximately 16% Oxygen. Using this data, calibration of the Oxygen sensor was done, and the 
equation for the model is listed in Fig 10, and used in the software to display Oxygen 
concentration for various levels of output voltage. The sensor and the circuit proved to be fully 
functional and successful. The circuit can be used to measure Oxygen levels from 0% to 40% in 
the atmosphere, which meets the functional requirements of the project. 
 
 

 
Figure 10: Linearized model of the Oxygen sensor. 

 
 

II) Motes 
 

The motes were tested at distances of about 200 feet, or approximately 60 meters.  Data was 
easily transmitted with no delays.  Furthermore, the motes were placed in different rooms to test 
transmission through indirect paths.  Data was also obtained with no problems.   
 
 

III) Overall System 
 
In addition to testing individual components, the overall system was tested as well.  While 
measuring oxygen and carbon monoxide data, voltmeter readings matched the data that was 
shown on the GUI display after wireless data transmission.  Any noted differences were in the 
order of mVs. Consequently, data transmission for the overall system was accomplished. 
 
Furthermore, when the data that transmitted reached certain threshold values, previously defined 
in the code, the “alarm” system was set off.  The background color of the GUI successfully 
changed to demonstrate that critical values were reached. 
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CONCLUSION 
 

With the use of motes, this telemetry system transmitted data successfully for at least fifty 
meters, even in the presence of walls, doors, and other obstructions.  Data collected from sensors 
were successfully transmitted wirelessly and displayed on the base station GUI. The temperature, 
oxygen, and carbon monoxide gas sensors passed all tests, in which the output values changed 
according to the levels of temperature and gases in the environment.  After each of the individual 
subsystems were interfaced together, data from the nodes were successfully transmitted to the 
base station.  Thus, the project was implemented successfully and the overall system 
requirements and goals were achieved.  
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ABSTRACT 

 

 

As new products are developed for the telemetry market, network interfaces are being used for 

set-up and control.  This paper describes the programmability of various telemetry components 

that are now available and discusses the internal status functions that can be returned to the user 

or telemetry system via the same interface that are good indicators of system health.  Possible 

control interfaces are discussed that could be used to interface many different components.  Also 

discussed is the need for the Range Commanders Council to address the total programmability 

protocol issues related to connecting multiple components into a common setup and control bus. 
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INTRODUCTION 

Commonality is a concept whose time has come in many areas of the telemetry field.  Common 

Airborne Instrumentation hardware led the way 20 years ago.  Today, Chapter 10 recorders are 

available from several vendors.  Tunable telemetry transmitters have been available for several 

years.  The Enhanced Flight Termination Receiver (EFTR) CTEIP development led to the first 

digitally tunable flight termination receiver.  Digitally tunable telemetry receivers, radar 

transponders, and transmitters are now available.  The Range Commanders Counsel, Inter-Range 

Instrumentation Group (IRIG) has published Appendix N to IRIG 106
[2]

, which defines the 

protocol for telemetry transmitter programming.  However, other than telemetry transmitters and 

the EFTR receiver, a set of common programming protocols does not currently exist.   

 

 

TELEMETRY TRANSMITTERS 
Digitally programmable telemetry transmitter control is now defined by IRIG-106 appendix N

[1]
.  

The following tables were extracted from appendix N and define the basic command set and the 

extended command set.  The commands are typically linked from a computer in a hyper-terminal 

mode to the transmitter using a full-duplex digital interface with one start bit, one stop bit, no 



parity, LSB first, at a default rate of 9600 baud.  The appendix N abbreviated commands are 

shown in Table 1.  

 
Table 1 IRIG 106 Appendix N 

BASIC COMMAND SET EXTENDED COMMAND SET 

Command  Function Command  Function 
FR(EQ)  Sets or queries the carrier frequency.  DP(OL)  Sets  data polarity  

MO(D)  Sets or queries the modulation mode.  DS(RC)  Sets or queries the data source 

DE  Sets differential encoding (ON or OFF).  ID(P)  Sets or queries the internal data pattern  

RA(ND)  Sets data randomization (ON or OFF).  CS(CLKS)  Sets or queries the clock source (INT or 

EXT).  

RF  Sets or queries the RF output. IC(R)  Sets or queries the internal clock rate.  

QA(LL)  Queries status of all basic commands.  FC(FEC)  Sets or queries forward error correction 

(ON or OFF).  

VE(RS)  Queries manufacturer’s name, model 

number, and serial number. 

FC(FEC) 

YYYY  

Set specific forward error correction (ON 

or OFF).  

SV(SAVE)  Saves the current set-up  RP(RPWR)  Sets or queries the output RF power (HI 

or LO).  

RL(RCLL)  Retrieves a transmitter set-up  TE(MP)  Queries the internal temperature.  

RE(S)  Resets the transmitter  DV(DEV)  Deviation sensitivity for PCM/FM mode.  

  SP(SLP)  Low power consumption mode, sleep 

mode.  

 

These command sets provide a common interface definition that improves interchange of 

transmitters from various vendors but does not address common form factors, standard 

connectors or pin outs.  It also does not define the actual electrical interface.  Typical serial 

interfaces include RS-232, RS-422, RS-485, and TTL.  Also missing is a standard format for a 

transmitter serial number (“US” as an example), which is required if several components are 

daisy-chained together using a common, “multi-drop” RS-485 programming interface.  

 

 

FLIGHT TERMINATION RECEIVERS 

The EFTR program was the first attempt at defining a digital programming interface for flight 

termination receivers.  Prior receivers were typically set for center frequency and tone sets at the 

factory and had to be returned to the manufacturer for retuning if these parameters required 

changing.  With the advent of high density Field Programmable Gate Arrays (FPGAs), digital 

tuning became possible and was implemented in the EFTR design.  The set-up programming 

commands were developed by the prime contractor and have not been released to date.  

However, the EFTR project office in working on an RCC standard so that future receivers that 

may be developed will have common set-up and operational commands and be compatible with 

existing range safety set-up hardware 

 

A digitally tunable flight termination receiver is also available from Teletronics Technology 

Corporation that allow the range safety officer to digitally set the center frequency, up to four 

tone decoders, and the failsafe conditions.  The FTR-100 command set is shown in Table 2. 

 

 

 



 
Table 2 FTR-100 Terminal Commands 

Command Function Command Function 
FR_xxx or FRxxx Sets Frequency  LOV  Loss of Voltage status query 

FR? or FR Frequency query   TMA  Tone Monitor A status query 

ToneA X Selects Tone A Frequency 1-11   TMB  Tone Monitor B status query 

ToneA? or ToneA Tone A query  TMC  Tone Monitor C status query 

ToneB X Selects Tone B Frequency 1-11  TMD  Tone Monitor D status query 

ToneB? or ToneB Tone B query  RF  RF Carrier status query 

ToneC X Selects Tone C Frequency 1-11  FPGA  Request FPGA code No. and version 

ToneC? or ToneC Tone B query  MICRO  Requests microcontroller version and  rev 

ToneD X Selects Tone D Frequency 1-11  QP  Query for operational parameters 

ToneD? or ToneD Tone D query  QT   Query Temperature 

FSSI Failsafe System Input Status 

query 

 QI   Query for Identity. When powered up      

automatically sends this to serial port 

FSSO Failsafe System Output Status 

query 

 QS   Query for status signals 

FST Failsafe Timer count query  CMDxxxxxxxxxx   Password Access  

FSEI Failsafe System Enable Input 

Status query 

 DC   Date code query 

FSEO Failsafe System Enable Output 

Status query 

 DCxxxxxxxx   Date Code Set Command. 

Mon Monitor Output Command 

status query 

 PSxxxxxxxx   Password Set Command 

Arm Arm Output Command status 

query 

 SN   FTR Serial Number query 

Term Terminate Output Command 

status query 

 SNxxxxxxxx   Serial Number Set Command 

Opt Optional Output Command 

status query 

 MN   Model Number query 

SS Signal strength  value query,  0 

– 5 volts 

 MNx   Model Number Set Command 

 

 

AIRBORNE TELEMETRY RECEIVER  

Tunable telemetry receivers are now available that can be digitally tuned at any time, prior to 

flight or dynamically, during flight.  The programming of these receivers has not been 

standardized at this time.  Since these receivers are capable of demodulating both PCM-FM and 

SOQPSK, and can support bit rates from less than 1 to more than 20 Mb/s, there are many 

programmable parameters. Many of the commands are used for both setting parameters and as a 

query to check the values previously loaded.  An example of a receiver command set is shown in 

Table 3. 

 
Table 3 Airborne Telemetry Receiver Terminal Commands 

Command Function Command Function 
BO Bit Offset query QD   DC Power Health query 

BR Bit Rate Set/query QL   Local Oscillator Lock query 

CL Carrier Limit Set/query QT   Temperature query 

CF Carrier Frequency Set/query RH   Receiver Health query 

CO Carrier Offset Set/query RI   Receiver Information query 

CP Clock Polarity Set/query RL   Receiver locked query 

DP Data Polarity Set/query SQ   Receiver quality query 

DR De-randomizer Set/query SS   Signal Strength query 

MO Modulation Mode Set/query US   Force to Listen Mode 



 

RADAR TRANSPONDERS  
The RCC IRIG published IRIG-262

[2]
, in 2002 to attempt to standardize the performance and 

testing of radar transponders.  The specification includes connector and size requirements but 

does not address digital programmability of the units.  Current transponders are now capable of 

digitally adjusting such parameters as the transmit frequency, the receive frequency, the pulse 

spacing, the reply delay, and other factors.  A typical set of control and query functions is shown 

below in Table 4.  The connector pin connections and the programming protocols are vendor 

defined at this time.   

 
Table 4 Radar Transponder Command Terminal Commands 

Command Function Command Function 
FT Transmit Frequency Set P 0 to 9 Test Mode PRF 

FR Receiver Frequency Set QP Query for Set-up 

PC Interrogation Code Spacing QS Query for Operational Status 

RD Reply Pulse Delay QI Query Transponder Identification 

PW Reply Pulse Width PS Parameter Save 

 

 

INTEROPERABILITY ISSUES  
New technologies are now available, or are in development, that will enable quick configuration 

changes to airborne telemetry systems.  Systems such as EFTR and iNET will allow for control 

messages to be easily linked into complex telemetry systems to reconfigure frequencies and 

formats of many components.   As additional vendors introduce programmable components with 

different programming protocols, the complexity of trying to keep telemetry components 

interoperable will increase accordingly.  Once telemetry-wiring harnesses are defined, it is 

expensive and complex to change it to accommodate another telemetry component that has 

different connector pin connections. 

 

 

OPERATIONAL ISSUES 

At the System level, there is a large cost savings to be able to configure the sub-components at 

the Telepack level, instead of the current approach of removing and replacing components.   

With the “Multi-drop” RS-485 approach as shown in  

Figure 1, the system controller can interrogate the individual component of a telemeter and 

reconfigure them as needed by the test.  In addition, this approach eliminates the need for 

individual communication ports, reducing wiring, while providing electronic serial number 

accounting of the equipments are supported by this implementation.  To achieve this level of 

operation the command structures must be interoperable allowing Transmitters, Transponders, 

and Flight termination Receivers to communicate on a common bus. 
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Figure 1 Multi-Drop Configuration 

 

 

RECOMMENDATIONS 

The RCC should address the standardization of telemetry components as quickly as possible.  

The standardization should not only include the case sizes, as was done in IRIG-262-02
[2]

,but the 

data protocol and command sets needed to program digitally controllable components.  The 

longer the RCC waits the more difficult, and costly it will be for manufactures to change the 

interface designs of their existing components and the greater variety of incompatible interfaces 

will be fielded.  An added benefit will be the drop-in replacement of components manufactured 

by various vendors, which will foster competition and reduce system costs. 
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ABSTRACT 
 
Configuring a modern, high-performance data acquisition system is typically a very time-
consuming and complex process.  Any enhancement to the data acquisition setup 
software that can reduce the amount of time needed to configure the system is extremely 
useful.  Automatic format generation is one of the most useful enhancements to a data 
acquisition setup application.  By using Automatic Format Generation, an 
instrumentation engineer can significantly reduce the amount of time that is spent 
configuring the system while simultaneously gaining much greater flexibility in creating 
sampling formats.    
 
 This paper discusses several techniques that can be used to generate sampling formats 
automatically while making highly efficient use of the system’s bandwidth.  This allows 
the user to obtain most of the benefits of a hand-tuned, manually created format without 
spending excessive time creating it. One of the primary techniques that this paper 
discusses is an enhancement to the commonly used power-of-two rule, for selecting 
sampling rates.  This allows the system to create formats that use a wider variety of rates.  
The system is also able to handle groups of related measurements that must follow each 
other sequentially in the sampling format.  
 
This paper will also cover a packet based formatting scheme that organizes measurements 
based on common sampling rates.  Each packet contains a set of measurements that are 
sampled at a particular rate.  A key benefit of using an automatic format generation 
system with this format is the optimization of sampling rates that are used to achieve the 
best possible match for each measurement’s desired sampling rate. 
 

KEYWORDS 
 
Automatic Format Generation, Networked Data Acquisition, IENA 

INTRODUCTION 
 
Creating a PCM Format is one of the most complicated and error prone aspects of 
configuring a high-performance data acquisition system.  Data acquisition systems that 
are designed to collect data from a wide variety of sources typically require a sampling 
format that specifies the exact sequence of measurements that the system collects.  By 
running this format at a particular bit rate, a desired sampling rate can be achieved for 
each measurement.  The deterministic nature of PCM sampling formats greatly simplifies 
the analysis of the data that is collected by the data acquisition system.   



 
Proper sampling format creation depends on the instrumentation engineer’s ability to 
satisfy a large set of requirements for each measurement.  The instrumentation engineer 
receives a set of requirements that specify the rate of the measurement and any other 
special restrictions such as periodicity.  The format must be laid out so that each 
measurement is sampled at or slightly above the rate that is required.  The engineer must 
satisfy all of the system’s rules and other requirements such as limited transmission 
bandwidth.  Some of the requirements may even be contradictory which will require the 
engineer to make tradeoffs in the design of the format.  In order to do this, the 
instrumentation engineer must determine which requirements are more important and 
must be satisfied completely.  The other less important requirements can be partially 
satisfied.   
 
Automatic format generation is a technology that simplifies the process of creating a 
PCM sampling format.  This allows instrumentation engineers to configure data 
acquisition systems more rapidly.  Instead of manually handling all of the measurement 
and system requirements, the engineer only has to specify the desired sampling rate and 
restrictions for each measurement.  The format creation software can then use this 
information to generate a sampling format automatically.   
 
The principle benefit of automatic format generation is analogous to the benefit of a 
programming language’s compiler.  A compiler allows a programmer to focus on the 
logic of their program rather than the implementation details of the computer’s assembly 
language.  Similarly, automatic format generation allows the instrumentation engineer to 
focus on collecting measurement data without worrying about lower level 
implementation details.  While there are situations where engineers can write better 
assembly code or sampling formats then a computer, the time savings from using 
automatic format generation more than makes up for the slight decrease in efficiency. 
 
This paper discusses a number of issues involved in creating a highly efficient automatic 
format generator.  It suggests several solutions to these common issues.  In addition, this 
paper shows how automatic format generation techniques can be applied to non-PCM 
data acquisition systems.  A common example of a non-PCM system where automatic 
format generation can be applied is one that groups data by sample rate and outputs 
Ethernet packets. Each packet consists of a set of measurements that are sampled at a 
particular rate.  Since each measurement in a packet is sampled at the same rate, the 
packet is much easier to analyze than a conventional PCM Format that contains 
measurements sampled at different rates.   
 

GETTING STARTED WITH AUTOMATIC FORMAT GENERATION 
 
In order to discuss some of the more complex issues involved in the creation of an 
automatic format generator, we must describe the basic operation of a format generator.  
The most common method that is used for automatic format generation is called the 
power-of-two rule. This rule restricts the set of available sampling rates for 
measurements to the set of rates that are powers of two.  For example, some of the 
supported rates are 1, 2, 4, 8 and 16 samples per second.  Each of these rates can be 
represented by the formula 2n where n is any positive integer. The key advantage of 
applying this rule is that it makes it much easier to lay out the measurements in the PCM 



format. If a measurement needs to appear in a format one time in order to achieve one 
sample per second, then the measurement needs to appear twice for two samples per 
second and four times for four samples per second. If we setup the format so that it 
contains a power-of-two number of total words then it is very simple to place the 
individual measurements in the format to achieve the power-of-two sampling rates. 
 
There are several key steps to the process of automatically generating a format.  The first 
step is to gather all of the information about the measurements that need to be sampled.  
For each measurement, the automatic format generator needs to know the user’s desired 
sampling rate.  The system must also know whether the measurement needs to be 
sampled periodically.  The instrumentation engineer must also tell the system about any 
special restrictions and limitations that apply to the measurement.  These restrictions may 
exist because of the design of the data acquisition card that actually collects the data. The 
system must also know the length of each data word that is acquired so that it can create 
extended or residual read parameters automatically.  
 
Once the instrumentation engineer specifies all of the sampling rates, the software can 
determine the best sampling rates to use in the actual format based on the power-of-two 
rule.  In the next step, the software adds the measurements to the sampling format at the 
proper intervals.  Finally, the software sets the format’s bitrate so that all of the 
measurements are sampled at the proper rates. 
 

PROBLEMS AND LIMITATIONS OF THE POWER-OF-2 RULE 
 
The basic implementation of the power-of-two rule that is described above has several 
serious limitations.  These problems can be solved by making the automatic format 
generation system slightly more sophisticated.   Historically, formats have been created 
manually because instrumentation engineers want to achieve a precise set of sampling 
rates while also following the system’s rules and satisfying other requirements.  These 
limitations have to be addressed because they prevent the automatic format generation 
system from achieving the same performance that an instrumentation engineer can 
achieve with a manually created format. 
 
One of the most serious limitations that a simple automatic format generator suffers from 
is the need to use power of two rates.  This can become a problem for higher rate 
measurements because the gap between the allowable sampling rates can grow quite 
large.  For example, if I have a parameter that needs to be sampled at 9000 samples per 
second, it is very inefficient to have to sample the parameter at 16384 samples per second 
as required by the power-of-two rule.   
 
This problem also becomes readily apparent for common sets of sampling rates that are 
not based on powers-of-two. For example, many projects have measurements that need to 
be sampled at 10, 100, 1000 and 10,000 samples per second.  This set of rates is not 
easily supported without significant oversampling of either the high or low rate 
measurements.   
 
In order to achieve power-of-two sampling rates, some measurements will typically need 
to be over-sampled.  Deciding which measurements can be oversampled and which 
measurements must be sampled at exactly the specified rate is one of the more complex 



aspects of automatic format generation.  For some types of data, oversampling is 
harmless and the extra samples do not affect the analysis of the data.  Other types of data 
have stricter requirements and there can be problems if the data is oversampled.  Another 
complication is that most data cannot be under-sampled without losing critical 
information.  Some types of data are stored internally in FIFOs and can compensate for 
over-sampling by inserting fill words.  However, FIFO based data cannot be under-
sampled without losing data.  
 
Although some oversampling is inevitable with an automatically generated format, a key 
goal is minimizing the amount of oversampling.  Oversampled data results in wasted 
transmission bandwidth and/or recorder disk space.  It is also important that the sampling 
format have a minimal amount of unused data words.  The goal is to create as small a 
sampling format as possible while still achieving the desired sampling rates for all 
measurements. 
 
Finally, the automatic format generator must take in to account the fact that some 
measurements need to be sampled periodically in order to facilitate time based data 
analysis.  These measurements must be placed into the sampling format at the proper 
intervals so that they are sampled periodically.  Other measurements like video or bus 
data do not have this restriction.   
 

ENHANCING THE POWER-OF-2 RULE 
 
There are several ways to enhance the power-of-two rule so that it produces better 
sampling formats.  By improving the sampling formats, the amount of oversampling can 
be reduced and the format will be much more efficient.  The first technique for improving 
the power-of-two rule is to add scaling.  Essentially this involves multiplying the power-
of-two sampling rates by a constant scaling factor.  This retains all of the benefits of 
having power-of-two sampling rates while also significantly reducing the amount of 
oversampling that is required.  By scaling the sampling rates, it is possible to select a set 
of sampling rates that are much closer to the desired sampling rates that are specified by 
the instrumentation engineers. 
 
In order to scale the sampling rates, it is necessary to determine the best scaling factor.  
The best way to do this is to analyze the set of desired sampling rates and select one of 
the rates to be the base for the power-of-two rule.  This base rate is sampled at exactly the 
desired rate while all of the other sampling rates are raised so that they have a power-of-
two relationship with the base rate.  An easy way to determine the base rate is to use a 
brute force approach.  This method involves taking each unique desired sampling rate and 
calculating the amount of oversampling that would be required if that rate was the base 
rate.  By considering the entire set of possible base sampling rates, it is straightforward to 
select the best rate to use.  The calculation can also consider the fact that some rates are 
much more common than other rates.  Therefore, if most measurements have similar 
desired samplings rates and only a few have significantly higher or lower desired 
sampling rates then the system will choose a base rate that satisfies the majority of the 
desired rates.  The few outliers will end up being oversampled more than the average 
measurements but this is acceptable because the average measurement is not oversampled 
very much. 
 



The best way to see the scaled power-of-two approach in action is to consider a simple 
example.  Suppose that we want to create a sampling format for eight measurements with 
the following desired sampling rates: 3, 6, 10, 12, 15, 30, 30, and 60 samples per second.  
First, we will consider the standard power-of-two rule.  The first seven power-of-two 
rates are 1, 2, 4, 8, 16, 32, and 64 samples per second.  We can use oversampling to map 
the desired rates on to the set of power-of-two rates.  If we then use these sampling rates 
to create a format, the format will oversample the measurements by approximately 23%.   
 
In order to apply the scaled power-of-two rule to our example, we need to determine the 
best base sampling rate.  This can be done by computing the oversampling percentage for 
each of the seven distinct rates.  The result of this calculation is that 30 samples per 
second is the best base rate because it is used twice and the rates 15 samples per second 
and 60 samples per second will be satisfied exactly.  The only oversampling will occur on 
the four measurements that are sampled at lower rates.  By using the scaled power-of-two 
rule, the oversampling percentage can be reduced to 15.6%.   
 
In order to improve the efficiency of the automatic format generator further, we need to 
devise a mechanism that allows a larger set of possible sampling rates.  This will allow us 
to satisfy the desired sampling rates for a greater percentage of the measurements.  One 
approach that achieves this goal is the factorized power-of-two rule.  This rule takes 
advantage of the fact that some integers have a much larger set of factors than others do.  
If we use one of these integers as our base sampling rate then we can reduce the amount 
of oversampling significantly.  Crucially, this increase in the number of allowable 
sampling rates does not interfere with our ability to sample all of the measurements 
periodically.   
 
The key to making the factorized power-of-two rule work is the fact that the entire 
sampling format does not need to use the same set of sampling rates.  Each subcom in the 
format can use its own set of sampling rates that are based on the power-of-two rule.  As 
long as the sampling rates for each subcom are all factors of the same base rate, it will 
still be possible to lay out the format in a manner that samples all of the measurements 
periodically. 
 

 
Figure 1: Using 60 samples per second as the shared base sampling rate 

 
Figure 1 shows the result of using the base rate of 60 samples per second for the 
factorized power-of-two rule.  In this example, the sampling format has 60 minor frames 
per major frame.  Word 2 contains a main frame word that is sampled in every minor 



frame resulting in 60 samples per second.  The measurements 15 SPS and 30 SPS are 
sampled in word three.  In word four, the measurements 20 SPS and 10 SPS are sampled.  
All of these sampling rates are divisors of the base rate of 60 samples per second.  This 
means that by varying the frame increments that are used in each subcom, it is possible to 
sample measurements at all of these sampling rates periodically.  If we apply the 
factorized power-of-two rule to the example that we discussed above then it is possible to 
achieve a perfect match for the desired sampling rates. 
 

Desired 
Sampling Rates 

Power-of-two 
Rule 

Scaled 
Power-of-two Rule 

Factorized 
Power-of-two Rule 

3 SPS 4 SPS 3.75 SPS 3 SPS (Exact) 
6 SPS 8 SPS 7.5 SPS 4 SPS (Exact) 
10 SPS 16 SPS 15 SPS 6 SPS (Exact) 
12 SPS 16 SPS 15 SPS 10 SPS (Exact) 
15 SPS 16 SPS 15 SPS 12 SPS (Exact) 
30 SPS 32 SPS 30 SPS (Exact) 30 SPS (Exact) 
30 SPS 32 SPS 30 SPS (Exact) 30 SPS (Exact) 
60 SPS 64 SPS 60 SPS (Exact) 60 SPS (Exact) 

Oversampling 
Percentage 23.3% 15.6% 0% 

Figure 2: Sampling Rate Example 
 
The factorized power-of-two rule can also be used to solve the problem of automatically 
generating sampling formats for sets of sampling rates that are not related by powers-of-
two.  For example, a set of measurements that are sampled at the rates 1, 10, 100, 1000 
and 10000 samples per second cannot be arranged by the power-of-two rule without a 
significant amount of oversampling.  If we apply the scaled power-of-two rule, we can 
reduce but not eliminate the oversampling.  However, the factorized power-of-two rule 
makes it possible to sample measurements at any of these five rates in the same format. 
 

AUTOMATICALLY PLACING MEASUREMENTS IN THE FORMAT  
 
The basic approach to laying out the sampling format that is used in automatic format 
generation is to place the highest rate measurements first and then to fill in the gaps with 
the lower rate measurements.  This method ensures that there is enough room in the 
format for the highest rate measurements.  If required, this also allows the highest rate 
measurements to be placed into the format periodically.  Generally, all measurements that 
need to be sampled periodically should be laid out first and then non-periodic 
measurements should be added.   
 
This method of laying out sampling formats can be extended for groups of related 
measurements.  This is needed to accommodate measurements that are longer then the 
common word length.  Typically, extended read measurements must be placed 
immediately after the original measurement in order to read the residual bits.  The 
automatic format generator can handle these measurements by adjusting the order that the 
measurements are added to the format.  Measurements that require more than one word 
per sample need to be added before measurements that only need one sample. This 
feature can also be useful for sampling bus data.  All of the data words from a bus 
message should be sampled sequentially in order to guarantee time coherency and make 
the message easier to interpret during data analysis.   



 
In addition to sampling rate and periodicity requirements, the automatic format generator 
must take other system restrictions and requirements into account. An example of these 
restrictions is the fact that some data acquisition cards require a minimum amount of time 
between consecutive samples.  While this time interval is typically quite small it is still an 
issue that the must be checked when laying out measurements in a sampling format.    
 
One issue that applies mainly to network-based data acquisition systems is minor frame 
latency.  The automatic format generator needs to consider this when generating 
sampling formats for network-based systems.  A network based PCM system 
encapsulates each minor frame of a sampling format as a network packet.  Typically, 
users will want to ensure that the data in packets is no more than 50 to 100 ms old before 
it is transmitted over the network.  To achieve this goal, the total time needed for 
capturing a minor frame must be kept to a minimum.  The automatic format generator can 
accommodate this restriction by emitting more minor frames and placing less data in each 
minor frame. 
 

NON-PCM APPLICATIONS OF AUTOMATIC FORMAT GENERATION  
 
Automatic Format Generation has applications beyond the realm of standard PCM based 
data acquisition systems.  Some network-based systems have non-PCM based sampling 
schemes.  One example of a non-PCM based sampling system is the Instrumentation 
d'Essais des Nouveaux Avions (IENA) system used by Airbus on the A380 program.  
This sampling system generates a set of network packets containing data acquisition 
samples.  Each packet contains data for one of several keys.  A key is defined as 
containing a repeating pattern of one or more measurements.  The key’s data consists of 
the repeating sequence of data acquisition samples for the measurements that are assigned 
to the key.  Typically, the user will define the sampling rate for each key.  Each 
measurement that is assigned to a key will be sampled at the same rate.  Since all of the 
measurements are collected at the same rate, they are implicitly collected simultaneously.  
This greatly simplifies data analysis because multiple measurements that are collecting 
data on a particular event can be easily sampled in the same IENA packet. 
 
A typical IENA system supports 16 distinct keys.  Each key runs at its own sampling rate.  
However, the system requires that the sampling rate for all of the keys be a divisor of a 
common base rate.  The IENA system can use automatic format generation to help the 
instrumentation engineer to determine the optimal set of sampling rates to use for the 16 
keys.  By using automatic format generation, the engineer could simply enter the desired 
sampling rate for each measurement and then the software will select the best set of rates 
to use for the IENA keys.  

CONCLUSION 
 
Automatic format generation is an extremely useful and versatile technology.  It can 
greatly simplify the setup of a data acquisition system.  The power-of-two rule provides a 
basis for generating sampling formats that approximate a desired set of sampling rates.  
By applying the scaled and factorized power-of-two rules, software can be used to 
generate efficient sampling formats.  These sampling formats are able to sample most 
measurements at or slightly above the user’s desired sampling rates.  This allows the user 



to save the time that would be required to manually create a similar sampling format.   In 
addition, to its use for standard PCM based sampling formats, automatic format 
generation can be used for other sampling systems.  In these systems, the components of 
the automatic format generation that are used to determine the optimal set of sampling 
rates can be reused. 
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ABSTRACT 
 

The demands for accurate, phase coherent, data acquisition is increasing with the 
advances in data analysis and data mining techniques.  In addition, the space that data 
acquisition equipment and its wiring can use is getting smaller as structures become more 
efficient and space available is absorbed by new capabilities.  Thus, there exists a need 
for instrumentation systems that can be distributed such that it reduces size, wire count, 
weight and cost.  Boeing has developed a feature-rich multi-point transducer bus suitable 
for highly time deterministic, multiple sample rate, data acquisition systems.  The new 
technology enables the use of emerging high-performance analog and digital signal 
conditioning integrated circuits into miniature, low-cost modules and smart transducers 
suitable for flight-test, ground-test, and laboratory applications.  This paper explores the 
development of this technology, the technical challenges it addresses, the benefits the 
technology brings, and its current applications.   
 
 

INTRODUCTION 
 

In the past 10 years the demands of data acquisition systems has increased dramatically.  
This is largely due to the availability of large memory storage devices that are small and 
low cost.  These memory storage systems are doubling in size per unit volume every few 
years.  Additionally, the capability of processor systems to analyze data has sharply 
increased.  As a result, the demand for data acquisition systems that can provide more 
data has increased as well.  Another demand on systems is the ability to phase correlate 
data between parameters.  As data mining and analysis techniques get more sophisticated 
there is a greater need for data to be time aligned.  This alignment can reveal 
relationships in structural and system performance that can assist in the development of 
models useful in determining structural performance, predictions and projections in 
structural fatigue and the creation condition based maintenance metrics.  As a result there 
is increasing demand to collect more sensor-based data and to collect it with an 
increasing amount of fidelity and phase alignment. Existing systems are centrally based, 
meaning that these systems condition sensor data at collection points often requiring long 
runs that come together in large cable bundles.  These bundles can be significant, causing 
weight problems and even structural issues when the amount of cable exceeds the 
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available penetrations through the aircraft structure.  Any structural modification that is 
not part of the final flight configuration is undesirable, so collecting the data without any 
modification is the best solution.  In the past several years programs have made 
compromises or limited the system because of these demands.  It was clear that there was 
a need to create a system that provided synchronous data acquisition, increased 
scalability and a reduction in cable volume and weight.  
 
 

DEVELOPMENT 
 

The shear volume of parameters became evident with the F/A-18 E/F dynamic fatigue 
test article in 1995.  While flight test systems were very challenging, the ground test 
article wiring was daunting as Figure 1 below illustrates.  The quantity of cabling 
required for centralized data systems created numerous problems in complexity and 
logistics.  In some cases labels were lost when cables were pulled and repairs to these 
channels were prohibitive due to the volume of cables required to connect to centrally 
located racks of signal conditioning.  This often forced redundant transducers to be 
installed on critical parameters which made the problem worse.  Flight test articles also 
resulted in fit problems.  Flight test systems typically require the sacrifice of a bay, such 
as a weapons bay, to hold the centralized data system.  Even systems that can be 
connected together still had some amount of centralization as shown on the left side of 
Figure 2. 
 

 
Figure 1 – F/A-18 E/F Dynamic Fatigue Test Article.  This is 1 of 5 sets of signal conditioning farms 

serving 1000 (250 per rack) of 5000 sensor parameters 
 
Another aspect of the short fallings of legacy systems was phase correlation.  While 
systems today are starting to introduce systems capable of some level of simultaneous 
sampling there are very few systems that offer full simultaneous sampling correlation.  
The emergence of relational databases generated from neural networks and data mining 
has reduced fidelity in its results when data is not time correlated very well.  Most data 
collected up to this point lacked phase correlation often because it was not perceived as 
critical or necessary and it was not easy to correlate all the data due to system limitations.  
Older data sets were not optimal for trend analysis or creating relational models. Better 
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data would allow modern modeling algorithms to simulate numerous sensors used during 
flight and ground testing allowing the need for just a select few real sensors on fleet 
aircraft thus simplifying and improving the implementation of condition based 
maintenance systems.      
 

 
Figure 2 - Illustration of the change in architecture from centralized to distributed 

 
From these shortcomings, and others, a set of requirements were created that identified 
critical features of a data acquisition system that were desired.  These included 
simultaneous sampling, multiple sample rates, scalability, distributed architecture to 
reduce wiring, high parameter count capacity, high sample rate support, ability to handle 
all transducer types, on-board electronic data sheet support, lower cost, smaller volume 
consumption and lower weight.  The goal of implementing these features was to reduce 
the cost per data channel, system design cost, system installation cost, data system 
volume, and data system weight. 
 
As the concept developed, several attributes of the system were established.  The 
distributed architecture meant that the signal conditioning would be located out near the 
sensor.  This is illustrated on the right side of Figure 2.  Each signal conditioner would be 
tied back to the collection system through a bus.  The concept design would include 
excitation, gain, offset, and filters that could offer programmable selections.  These signal 
conditioners would use a common communication language that was geared toward 
instrumentation and could be easily implemented by other data acquisition companies.  
The language would be simple enough to be supported by a low cost and low power 
digital state machine that would have speeds fast enough to support high data sampling 
rates from multiple devices on the bus.  The bus would use currently available physical 
layer technologies that were proven and simple to implement.  Processing would be 
limited at the signal conditioning nodes to minimize cost, power and size.  Data from 
analog signal conditioners would be moved in raw integer form.  This permits the 
reconstruction of data if any parameters used to create the engineering units are missing 
or malfunctioning.  Conversion to engineering units is assumed to be done at post 
processing or possibly at the central collection point by a processor scaled to that duty 
that is not as constrained by size or available power.  These remote signal conditioners 
would contain on-board electronic data sheets capable of storing any necessary 
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configuration data, transducer parameter information, or scaling data that could be used 
to convert the raw data into engineering units.  While memory would not be large, it 
would be sufficient to handle the necessary data.   
 
The original idea was to borrow a bus technology that was already available.  During the 
study in 1996 there was no bus approach that had the necessary attributes to make a 
system as described above. All technologies were either geared toward large volume data 
transfers, were too complicated for a digital state machine, intruded on the physical layer, 
or intruded on the triggering scheme.  Other buses were too slow to support significant 
channels, the overhead was too high, the language too complicated, there was no 
mechanism for data acquisition type commands (trigger, etc.), did not support single 
word and block transfers, did not handle multiple nodes, the length was too short, did not 
have a robust physical layer, or it required a complicated, large, or expensive physical 
layer. 
 
A suitable protocol was deemed not available, so development began on a 
communication standard that would maximize the hardware state-of-the-art both for logic 
and physical layer yet stay in a minimized package that would not significantly grow a 
transducer’s size if placed within a sensor.  The protocol was designed to utilize the 
bandwidth of the communication interconnection wires fully by not allowing significant 
pauses in communication.  This forced the use of digital state machine such as digital 
Application Specific Integrated Circuit (ASIC) or a Field Programmable Gate Array 
(FPGA).  This choice would also permit the logic engine to be in a small package suitable 
for eventually using the technology in smart sensors. Anticipating that applications would 
demand small size devices, most implementations would not have a processor but 
implement everything in the state machine.  This did not preclude putting a processor out 
at a signal conditioner where it made sense, but data signal processors where data could 
be output as a reduced data sets (such as Power Spectral Density (PSD) curves) was not 
considered to be the majority of the parameters in a typical data acquisition system. 
 
The resulting system is a command-response architecture that had one bus controller and 
multiple client devices and starting around 2000 was called IntelliBus™.  The bus 
controller is referred to as an INIC or IntelliBus™ Network Interface Controller.  Clients 
are referred to as IBIMs (IntelliBus™ Interface Modules) or CIMs (Chassis Interface 
Modules).  The terms IBIM and CIM were created to differentiate between stand-alone 
signal conditioning devices and devices that could be integrated into a chassis 
respectively.   IBIMs and CIMs can have up to 16 independent addressable channels and 
contain the IntelliBus™ communication engine, signal conditioning, and necessary 
excitation to connect to a transducer.  IBIMs and CIM chassis units can co-exist together 
on an IntelliBus™ bus cable that contains both data communication and power 
distribution. 
 
The protocol and the hardware state-machine were developed concurrently.  Each 
element of the protocol was tested immediately in simulation and then empirically.  This 
allowed refinement of the standards to optimize it to the hardware and physical layer.  It 
was decided to utilize an RS-485 physical layer for aerospace applications due to its 
larger voltage transitions, adequate speed, and maturity in the industry.  A physical layer 
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standard was developed around the characteristics of a Texas Instruments RS-485 Profi-
Bus transceiver.  These Texas Instruments transceivers provided an excellent strong and 
clean signal and worked well in a multipoint configuration over an Ethernet cable.  
Standard Category 5 100 ohm Ethernet cable can be used, but for aerospace applications 
a commonly used rugged aircraft-grade cable is available.  Miniature connectors from 
Lemo are used to connect devices together.  These connectors provide a high quality 
connection to the IBIM and CIM devices.  The bus cable contains two pairs of wires.  
Half-duplex data is passed on one pair of wires and 28 Vdc power is passed on the other.  
The data pair uses a driven tristate bias (often referred to as a fail-safe bias) from the 
INIC to assist in the settling of the bus between transmissions. This bias is set slightly 
negative to improve noise immunity and to allow a pulsing scheme used during 
membership services arbitration routines.  Signaling is based on the Manchester (bi-
phase) encoding with differing leading sync patterns for command and data.  While 
similar to the MIL-STD-1553 signaling method, IntelliBus™ has a modified sync pattern 
and is one bit longer.   This modified sync pattern minimizes the need for the local device 
clock to be extremely accurate during message decoding.  Decoding is done using a 
simple 6X or 10X over-sampling technique. 
 
Communication is based on a simple command-response approach.  While processes 
within the nodes on the bus can be active, communication on the bus is controlled solely 
by the bus controller (INIC).  The signal conditioners (IBIMs or CIMs) on the bus wait to 
be instructed on their next action from the bus.  The IntelliBus™ command set is divided 
into house-keeping commands (Service), port commands, and memory commands.  The 
house-keeping commands permit configuration of the IBIMs and CIMs specific to how 
they communicate on the bus.  Other configurations would be set up according to 
manufacturer specific methods or standards that would build on the IntelliBus™ 
communication standard.  The IntelliBus™ port commands provide the sample trigger 
mechanism and the commands for reading from (sensor acquisition) or writing to 
(actuator control) collection First-In-First-Out (FIFO) registers used for data movement.  
The IntelliBus™ memory commands provide for communication with Electronic Data 
Sheet (EDS) memory, Current Value Tables (CVTs), power-up/reset boot schedules used 
to configure devices, and other manufacturer configuration spaces for operational 
coefficients.  All data acquisition functions are launched or maintained using these 
command sets.  Special manufacturer commands can be implemented within the 
command set using an IntelliBus™ custom command that allows commands to be 
embedded within other commands.   
 
 

TECHNICAL ACHIEVEMENT 
 

The resultant system has rather impressive capabilities.  Sample jitter is maintained 
within ±1 nS on a bus and less than ± 9 nS among all buses on separate INICs.  Bus 
lengths of up to 200 feet with 32 nodes placed anywhere on the bus can be supported.  
Advanced bus designers can achieve greater than 200 feet and 32 nodes.  
Implementations of 400 feet with up to 46 nodes have been achieved.  Complete 
environmental and EMC testing has been completed on implemented IntelliBus™ IBIM 
and CIM devices.  IBIM and CIM devices have also been tested to temperature extremes 
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from -55 to +93 degrees C.  Expectations for effective data rates on a 15 Mbps bus can 
range from 5 Mbps for trigger and single word reads from all devices to 10 Mbps for 
trigger and block reads from devices. For simple trigger and read operations, which 
defines over 80% of all data acquisition applications, the aggregate sample rate per bus 
can exceed 250,000 samples per second.   Documentation of the communication 
standards, memory and boot standards, and the physical layer standard allow for 
implementation with little technical assistance.  Implementation of the devices can be 
used in both ground test and flight test applications.  Also developed is a Windows 
environment based standardized Application Programmer’s Interface (API).  This API 
abstracts the IntelliBus™ communication into functions and tasks that can be adapted to 
data acquisition and control applications.  The API has several levels of interfacing that 
allow the application programmer to interface to IntelliBus™ at a near hardware level or 
utilize the abstraction layers at the functional level.  A development environment called 
IBManager is built on this API which allows data acquisition like functionality along 
with complete configuration, control, performance validation and troubleshooting 
through the INIC.    
 
 

APPLICATION 
 

 In early 2005 the Multi-Mission Maritime Aircraft (MMA), today known as the P-8A 
Poseidon, was under development.  The P-8A flight test program needed a system that 
would not alter the structure of the aircraft but yet provide thousands of measureands of 
data.  It was determined that the bundles of instrumentation cables that are typically 
routed from wings and empennage surfaces to locations within the fuselage were just not 
possible in this system without significant structural modification.  The IntelliBus™ 
technology provided a viable solution.  Development of suitable signal conditioning 
modules as IntelliBus™ IBIMs and CIMs began in mid 2005.  At first the idea was to 
develop a few types of high-quality signal conditioners and add external local signal 
conditioning to address all the different types of transducers.  Eventually this list 
developed into 19 designs that could interface to nearly all currently available transducers 
and several older legacy transducers popular on older aircraft systems.  A few of the 
developed IntelliBus™ devices are shown in Figure 3 and Figure 4. 
 

 
Figure 3 - IntelliBus™ CIM chassis.  Holds 8 CIM modules supporting up to 24 channels. 
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Figure 4 –  A few of the variations of IntelliBus devices. 

 
These IBIMs and CIM signal conditioners are designed to interface with almost any type 
of transducer available today.  Some devices are designed to interface to Wheatstone 
bridges such as foil strain gages, piezo-resistive and capacitive transducers.  Most analog 
signal conditioning IBIMs and CIMs contain multiple gain stages, programmable 6-pole 
Butterworth filters, DC and AC coupling, test modes to permit zero inputs (Z-test), 
known voltage inputs (E-test), or a known resistance (R-test).  While most units have 
voltage excitation sources there are a few units that offer 4 mA current excitation.  One 
unit offers a 6-pole Chebyschev filter for microphone transducers.  Other devices 
available include a 32-signal digital input IBIM, a 12-signal thermocouple IBIM, a 12-
signal RTD IBIM, a 1-channel AC Synchro IBIM, a 1-channel AC VDT IBIM, a 
frequency-totalizer IBIM and a 3-channel high voltage (280 volt peak) input IBIM 
(ACV).  Very low sample rates to rates up to 50 Ksps can be supported.   
 
 

IMPLEMENTATION ON THE P-8A 
 

The P-8A flight and ground test systems both use the IntelliBus™ instrumentation system 
for gathering data during the Systems Development and Demonstration phase of the 
aircraft.  This instrumentation is only used on the flight test and ground test airplanes and 
is not part of the production systems.  All of the IBIM and CIM types identified were 
used to instrument this aircraft.  Five aircraft are being instrumented; 3 flight test aircraft, 
T1 through T3, and two ground test aircraft, S1 and S2.  The networked approach 
permitted devices to be installed in all parts of the aircraft from the empennage and wings 
to the fuselage and weapons bays.  The single cable distributed architecture allowed 
wiring to be routed into small locations throughout the aircraft.  The P-8A will have 
installed about 2500 IBIMs and CIMs representing over 10,000 analog instrumentation 
channels when all systems are fully operational.  Each aircraft serves a different purpose 
thus the instrumentation systems are scaled for that need.  Table 1 illustrates the quantity 
of devices used per aircraft and the number of channels supported.  
 

 Flight A/C Ground A/C 
 T1 T2 T3 S1 S2 

# of IBIMs 780 250 180 780 380 
Analog Channels 2500 873 473 4752 2123 

Table 1 - IntelliBus usage by aircraft 
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As design and installation progressed on the aircraft, many the goals that IntelliBus™ 
was trying to achieve were also seen.  Weight savings on the aircraft was more significant 
than even expected.  Table 2 illustrates the savings by aircraft.   
 

 T1 T2 T3 S1 S2 
Weight Savings 

(lbs) 
3633 1221 687 6909 3085 

Table 2 – Weight savings by aircraft 
 
Both ground test and flight test applications have shown significant reduction in wiring 
complexity and weight. An example of the simplified wiring is illustrated in Figure 5 (P-
8A ground test article designated S-1) as a contrasting photo to Figure 1 (F/A-18E/F 
ground test article).  It should be noted that both of these articles had the same number of 
parameters monitored and that the P-8A installation is much less complicated.  One 
resulting benefit is troubleshooting and repair (though hopefully rarely needed) is notably 
easier. 
 

 
Figure 5 – P-8A S1 Fatigue Test Article.  Rack represents connection to 4752 sensors. 

 
The P-8A systems have also achieved sizable cost savings and design simplifications.  
Installation cost reductions amounted to more than $3M across all test aircraft.  Material 
cost reductions in wiring and connectors saved $670K.  Fabrication costs for installations 
were reduced by $2.3M.  These reductions included simpler and smaller wire bundles and 
cable assemblies and a reduction in the quantity of required chassis and tray assemblies.  
In addition, no structural modification was required for any of the aircraft to support the 
data system.  As shown in Table 1 the T1 flight test aircraft has 2,500 IntelliBus™ 
supported parameters using 780 IBIMs and CIMs on only 46 buses.   These buses run 
from tip to tail through existing structural penetrations to a central data combiner within 
the fuselage developed by NetAcquire.  Each bus uses a cable that is no greater than 
3/16s of an inch in diameter.  The largest cable bundle diameter existed just feet from the 
data combiner rack and was no larger than 3 inches in diameter.  Figure 6 and Figure 7 
illustrate a few installations on the T1 aircraft.  The S1 ground test article has 4,752 
IntelliBus™ supported parameters using 780 IBIMs on only 40 buses.  Like T1, the size 
of the 40 IntelliBus™ cable bundle, as seen in Figure 5, was no larger than 3 inches in 
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diameter, including the power wiring.  Figure 8 illustrates a clean, low clutter installation 
on S1. 

 
Figure 6 - IntelliBus™ CIM chassis located in the horizontal tails of the T1 flight test aircraft. 

 

 
Figure 7 – A 6-channel IBIM located in the wing of the T1 flight test aircraft 

 

 
Figure 8 - Numerous IBIMs located along the inside fuselage of the S1 ground test aircraft 

illustrating the minimal visible wiring 
 
 

OTHER PROGRAMS AND THE FUTURE 
 

Currently IntelliBus™ has been base-lined on 2 other Boeing programs and has also 
licensed the technology to other companies.  Current licensees include L3 

8 CIM Chassis (panels open) 



 NAVAIR Public Release number 09-910. Approved for Public Release: Distribution is unlimited 
10 

Communications – Telemetry East, Aeroflex, VIP Sensors, and Ampex Data Systems.  
Boeing and L3 currently offer the IBIMs and CIMs discussed here.  L3 Communications 
also offers an INIC that works with their NetDAS data system.  Ampex offers an INIC 
that works with their mini700R recorder.  Aeroflex also offers an IntelliBus™ ASIC 
solution that contains the IntelliBus™ engine for interfacing with peripheral devices that 
also include integrated analog sections that will move IntelliBus™ toward one of its 
original goals of supporting networked smart sensor applications.  The first application 
for the ASIC is a sensor scanner that will be offered by PSI-Esterline that will contain the 
Aeroflex IntelliBus™ analog ASIC. VIP Sensors offers INICs and other types of IBIMs.   
 
As interest develops for IntelliBus™, the movement toward a supported defacto standard 
is desired.  Boeing is interested in becoming involved with a Standards Development 
Organization (SDO) as a method of shedding the proprietary moniker and proliferating 
the technology in a way that can establish an organized method of communicating and 
expanding the technology into the numerous applications as originally intended.  The 
SDO would provide a platform for distributing information about the technology and also 
create a consortium of interested parties that could provide more input and power into the 
technology and carry it well beyond its current state.     
 
 

SUMMARY AND CONCLUSION 
 

The IntelliBus™ distributed network signal conditioning technology offers a change in 
the way instrumentation has been historically done. As a disruptive technology it offers a 
different approach to instrumentation that is very unconventional but offers advantages 
not seen in any other systems currently available.  IntelliBus™ was created to answer a 
need for a data acquisition bus that could network transducers and signal conditioners and 
satisfy the needs of high performance data sampling including simultaneous sampling, 
multiple sample rates, potentially low cost and potentially small size.  The outcome 
resulted in a system that reduces cable count, reduces weight and volume, is easier to 
install, and is more maintainable.   
 
The Boeing Company holds numerous patents on the IntelliBus™ technology and offers 
it as a Reasonable and Non Discriminatory (RAND) licensable technology to any and all 
markets at a very minimal cost.  End users purchasing IntelliBus compliant hardware 
from licensees can use the technology without a license.  Boeing’s developmental 
interests currently focus on aerospace technologies with the current emphasis in the area 
of data acquisition.  However other markets such as industrial control and automotive 
telematics and multimedia are also reasonable areas of interest.  The technology would be 
offered to any and all parties with the intention of producing product that contained the 
IntelliBus™ technology.  End users and/or licensees are open to develop software to 
support the IntelliBus™ technology.   
 
For inquires into the IntelliBus™ technology please contact Philip Ellerbrock at 
philip.j.ellerbrock@boeing.com . 
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ABSTRACT 
 
In an experimental flight test campaign, the usage of a real time Ground Telemetry System (GTS) 
provides mandatory support for three basic essential services: a) Safety storage of Flight Tests 
Instrumentation (FTI) data, in the occurrence of a critical aircraft failure; b) Monitoring of critical 
flight safety parameters to avoid the occurrence of accidents; and c) Monitoring of selected 
parameters that validates all tests points. At the operational side the test ranges typically works in 
two phases: a) In real time where the GTS crew performs test validation and test point selection 
with Telemetry data; and b) In post mission where the engineering crew performs data analysis 
and reduction with airborne recorded data. This process is time consuming because recorded data 
has to be downloaded, converted to Engineering Units (EU), sliced, filtered and processed. The 
main 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. it contains more noise and some 
dropouts). With the introduction of new technologies (i.e. i-NET) the telemetry link could be 
very reliable, so the GTS could perform data reduction analysis immediately after the receipt of 
all valid tests points, while the aircraft is still flying in a quasi-real time environment. To achieve 
this goal the Brazilian Flight Test Group (GEEV) along with EMBRAER and with the support of 
Financiadora de Estudos e Projetos (FINEP) started the development of a series of Decision Aid 
Tools that performs data reduction analysis into the GTS in quasi-real time. This paper presents 
the development and the evaluation of a tool used in Air Data System Calibration 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 HTML formatted tests 
reports. The tool evaluation was carried out with the instruction flights for the 2009 Brazilian 
Flight Test School (CEV). The results present a great efficiency gain for the overall Flight Test 
Campaign. 
 
 

KEY WORDS 
Flight Tests, Air Data Calibration, Data Analysis, Telemetry, Decision Aid Tool. 
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INTRODUCTION 
 
The minimum applicable requirements for the execution of an experimental flight tests campaign, 
includes a test aircraft equipped with a Flight Tests Instrumentation System (FTI) and for safety 
purposes a Ground Telemetry System (GTS) that performs real time data acquisition and 
processing. The services provided by the GTS include FTI Engineering Units (EU) data 
monitoring and storage. To accomplish that the GTS has to receive, identify, select, convert, 
distribute and store all income data in a real time environment that requires a dedicated processor.  
 
Nowadays it is possible to use processors with a very high computing capability (e.g. quad core 
processors), so the real time tasks could include test point validation. This feature avoids flight 
repetition, which is very expensive and improves the overall flight test safety level mostly in the 
hazardous flights test campaigns (e.g. Flutter).  
 
Typically signal noise and dropouts, which are inherent characteristics of the GTS Air-to-Ground 
radio link, limits the GTS real time reliability and this is a major technical issue faced at the test 
ranges. Due to this, even today, the primary data source used at the engineering staff for data 
reduction analysis is retrieved from the airborne recorder that composes the FTI. This process is 
time consuming because it is necessary to download, convert and to select data slices before the 
data reduction analysis. So in general the efficiency of the Flight Tests Campaign is not optimum.  
 
But there is a light, the upcoming iNET technology [1] could provide a reliable Telemetry link so 
the data reduction analysis could be performed immediately after the acquisition of the last valid 
tests point, while the aircraft is flying in a quasi-real time environment. So the GTS capabilities 
could include the post mission analysis that will increase the test range efficiency. To do this it 
will be required the development of several processing tools. 
 
 

GTS SYSTEM ARCHITECTURE 
 
The current GEEV GTS (Figure 01) receives the FTI Pulse Coded Modulation (PCM) stream and 
it performs real time data processing into several layers as follows: 

1. Initially at the Telemetry Front End (TFE), the PCM data is filtered, synchronized, 
decomutated, converted to Engineering Units (EU), distributed to a ring network (i.e. 
SCRAMNet), and stored into a RAID disk; 

2. Then SCRAMNet data is received at any LINUX telemetry workstations, which performs 
TFE control, data processing and serves real time data. The received data will be locally 
processed, displayed, stored and distributed over a TC-IP Local Area Network (LAN); 
and 

3. Finally, using the telemetry protocol, a Personal Computer (PC) which is connected to the 
telemetry LAN establishes a sockets connection to gather real time data over either the 
TCP-IP or the SCRAMNet networks. Income data will be locally processed, displayed 
and stored. 

 
It should be noticed that SCRANet network provides a better reliability and a lower delay 
solution as compared with the TCP-IP, but it requires the use of specific hardware and the 
development of customized software. 
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Figure 01 – GTS Architecture 

Many flight tests campaigns requires the merging capability of the FTI data along with data 
acquired from other sensors (e.g. Global Navigation Satellite System - GNSS base receiver or a 
Weather Reference System - WRS). To accomplish that the only additional need is the 
development of a custom data server to transmit such dataset over the TCP-IP LAN. Based on the 
specific data processing requirements, it should be noticed that data correlation/ synchronization 
should be enforced. This need applies mostly for data acquired from multiple independent 
sources. 
 
 

TOOL DEVELOPMENT 
 
The requirements for the development of a quasi-real time decision aid tool should include 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; 
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To allow the execution of these tasks, it was developed two applications that woks together 
(Figure 02): 

1. A data gathering application; and 
2. A customized data processing application. 

 
The first 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. WRS data server); 

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. 

 
Figure 02 – Quasi-Real Time Tool Block Diagram 

The second application is basically a data processing algorithm that will perform the data 
analysis. The implementation of a quasi-real time data processing tool for the analysis of the 
flight test parameters uses three operational modes as follows: 

1. Continuous real-time mode, for the entire flight where it is performed: 
a. Data appending into the Matlab workspace; 
b. Measurement validity check based on user defined conditions; and 
c. Results presentation into real time graphics. 

2. Buffered mode, at each test point, which can be commanded locally by the user or 
remotely from the Test Bed (e.g. using the FTI event marker), where it is performed: 
a. Buffered data pre-processing, using a customized algorithm (i.e Matlab compiled 

script) to validate the current test point and to compute the partial results; 
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b. Data presentation into real time graphics; and 
c. Preliminary data storage. 

3. Post-mission mode, after the execution of the last valid test point, where it is performed: 
a. The full data reduction analysis, using the previously stored pre-processed data that 

contains all test points of a given mission; 
b. Final test results presentation into graphical displays; 
c. Final report generation, as a HTML file format for printing and/or storage; and 
d. Resulting processed data storage. 

 
Then as a prototype application, the Flight Test Group (GEEV) along with EMBRAER and 
FINEP are developing three quasi-real time decision aid tools, to be used at the following flight 
tests campaigns: 

1. Air Data System (ADS) Calibration; 
2. Flight Qualities; and 
3. Performance. 

 
As a case study, it will be presented the development and the evaluation of the first tool. 
 
 

ADS CALIBRATION 
A - Background 
The aircraft altitude and speed are derived from the aircraft static and dynamic pressures 
provided from the pitot-static anemometric system. In ideal conditions the True Airspeed (Vt) [2] 
is computed as follows: 
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Where: 
o γ  is equal to 1.4 (adm); 
o ap  is the static pressure (mb); 
o tp  is the free stream impact pressure (mb); 
o a  is the speed of sound (kt); 
o R  is the gas constant for the dry air, ( R  = 3,089.67 ft2/ºK.s2); 
o icT  is the corrected indicated temperature (ºK); 
o aρ  is the air density (slugs/ft2) 
o M  is the Mach Number (adm); 
o iT .is the impact temperature (ºK); and 
o K  is the temperature probe recovery factor (adm). 

 
But calibration, lag [3] and installation errors corrupts pt and pa so, the aircraft Air Data System 
(ADS) receives at its inputs the corrupted pitot total (pp) and basic static (pb) pressures instead of 
pt and pa and Ti instead of Tic.  
 
Then the ADS algorithm (Figure 03) should perform the following data processing sequence: 

1. Using the correction coefficients, which are computed at the Calibration Laboratory, the 
instrument and lag errors are minimized to allow the determination of the Basic Airspeed 
(Vb) and altitude (Zpb) values; 

2. Taking into account the installation error model, (∆pb and ∆pp) which are experimentally 
computed at the ADS Flight Test Campaign, these errors are minimized to allow the 
determination of the Calibrated Airspeed (Vc), the altitude (Zp), M and the Pressure (pa) 
measurements; 

3. Now, using the ∆Vc value provided by the Standard Atmosphere [4], the equivalent sea 
level airspeed (Ve) could be computed from Vc; and 

4. Finally using the air density ratio (σ) and Tic, Vt could be computed from Ve. It should be 
noticed that the determination of Tic requires the actual value of K factor which is also 
experimentally computed at the ADS Flight Test Campaign. 

 
In summary, the computation of Vt, Zp and M requires the execution of calibration laboratory 
runs and a flight tests campaign.  
 
B – ADS Calibration Method. 
As presented, Vt, Zp and M are computed with measurements of pt, pa and Tic. Then, the 
determination of the required parameters will require the execution of several procedures as 
follows: 

1. The anemometric system calibration; and 
2. The free air temperature calibration. 

 
For the first procedure it is considered that the total pressure pickup location is properly chosen. 
In this case the resulting pressure field is almost isentropic and does not affect the impact 
pressure then, the installation error at the impact pressure (∆pp) could be considered negligible.  
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As result, for most Flight Tests Campaigns, we could assume that all of the positioning errors 
originate at the static pressure source and the static pressure error modeling could be determined 
with experimental Flight Tests Data using the Tower Fly-By Method [5], where the aircraft pitot-
static pressure is compared to the reference static pressure. 

 
Figure 03 – ADS Algorithm Block Diagram 

For the second case the temperature recovery factor can be computed with the knowledge of the 
free air temperature (Ta), the impact temperature (Ti) and the free stream Mach number (M). So, 
the same could be used to compute K. In this case Ta will be determined from a Ground 
Reference System. 
 
C – ADS Calibration Flight Test Basic Requirements. 
The Tower-Fly-By method used for ADS calibration flight consists of several test points (ranging 
from the minimal up to the maximum allowable speed) with stabilized speed, altitude and 
attitude. At each test point it should be registered the following parameters: 

1. The values of pt, pb and Ti taken from the test bed through the FTI system; 
2. The values of the ground static pressure (pag) and temperature (Tg) which are acquired at a 

ground Weather Reference System (WRS); and 
3. The aircraft relative altitude (Hi) to the WRS which is determined using photogrammetric 

techniques from the images produced by a Hi-speed video camera. 
 
At each test point the required parameter values should be in conformance with the test order 
requirements (e.g. speed stabilization up to ± 5kt). Also the flight clearance requires low wind 
condition (e.g. up to 5kt tail wind). 
 
 

TOOL DEVELOPMENT 
 
To allow the execution of this Campaign a novel quasi-real time tool was developed and 
evaluated to work with GEEV’s GTS. The core of this tool merges real time data acquired from 
the aircraft Flight Tests Instrumentation System (FTI) with data acquired from two other 
auxiliary sensors: 

1. A High-speed video camera system, which provides Hi; and 
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2. The WRS, which provides pag and Tg and wind data (i.e. speed and direction) which is 
used for flight clearance. 

 
A – Video Data Acquisition / Processing 
The hi-speed video processing will provide Hi. To do this the aircraft path is considered to be 
aligned with the tarmac central axis and the camera lens distortion error has been previously 
modelled and it will be properly minimized. 
 
So, with the knowledge of the exact position of two fixed visual reference points it is possible to 
compute the aircraft altitude at its any camera visible point (e.g. The FTI Air Data Boom installed 
at the front of the Test Aircraft) using either a video tracking algorithm or, if a better resolution is 
required, frame by frame manually controlled by the user. To execute such tasks the application 
performs: 

1. The video data acquisition; 
2. The target coordinate extraction from each video frame; 
3. Target coordinate correction to minimize the lens distortion; 
4. The altitude computation; and 
5. The results displaying, storage and distribution over the TCP-IP LAN. 

 
The video processing application (Figure 04) presents: 

1. In its main screen the video frame with its corresponding video tracking reference points; 
2. At the bottom screen the resulting processed data; and 
3. At its right side all setup data, the error estimation and all available controls. 

 
B – Weather Data Acquisition / Processing 
The weather pre-processing will provide the reference ground pressure, temperature and the wind 
speed and direction. The wind parameters are used as a go no go condition for the flight. The 
other measurements are used for the ADS calibration application.  
 
The current used WRS is as stand alone equipment. This system gathers all required 
measurements from a remote station and transmits it to a central control station that is hosted into 
any GTS PC’s. The core of this system is a proprietary application that performs data acquisition 
control, displaying and storage. To allow the distribution of real time weather data over the GTS 
TCP-IP LAN, it was developed a custom specific data server application. 
 
C – Main Data Acquisition / Processing 
The main application merges FTI data acquired from GTS with Video and WRS processed data 
to evaluate all ADS calibration parameters.  
 
To allow the setup of the required stabilization condition customized for each planned test point a 
graphical interface (Figure 05) was developed where the user can setup, present, save or retrieve 
all required setup parameters. 
 
Then, the application presents the main window (Figure 06) where the user can: 

1. Select the current test point and/or manually readjust its associated setup parameters; 
2. Visualize the FTI real time data along with its acceptance limits; 
3. Visualize current WRS and Hi-speed camera parameters;  
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4. Perform mission and data control and visualize current data acquisition status; and 
5. Visualize the preliminary and final (upon the execution of the last test point) test results. 

 
 

Figure 04 – Video Processing Screen Figure 05 – Application Setup Screen 
Once validated all data is stored into temporary files to allow the execution of the data reduction 
analysis where it is performed: 

1. The determination of the static pressure position error (∆pb); the position error pressure 
coefficient (∆pb/qc) and the Mach (M) number corrected for instrument error; 

2. The graphical displaying of the resulting parameters (∆pb/qc x M) and the associated 
fitted curve with its coefficients; 

3. The determination of Free Air Temperature (Ta) and the ratio between Ta and Ti; 
4. The graphical displaying of the resulting parameters (Ti/Ta x  M2) and the associated 

fitted curve with its coefficients and K factor; 
5. The ADS calibration flight tests final report generation into a HTML file, which includes 

all processed data formatted into tables, all resulting graphics and related coefficients; 
and 

6. Controlled by the user, the storage of all results formatted as a Matlab® array data file 
(.mat). 

All application was developed into Matlab® environment and with Microsoft .net® development 
tool. 
 
 

TOOL EVALUATION 
 
The tool evaluation was carried out along with the ADS calibration flight test campaign of the 
2009 class of the Brazilian Flight Tests School (CEV). This campaign comprised several flights 
with the Xavante Jet Trainner (XAT-26) manufactured by EMBRAER. The test bed was 
provided with a complete FTI with two independent ADS sensors: 

1. The first one tapped from the aircraft secondary static and impact pressures nozzles; and 
2. The second, formed by a Flight Test Boom that was installed in the front of the aircraft 

(Figure 07), which also includes the measurement of the impact temperature (ti), the 
angles of attach (αG) and sideslip (βG). 
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The FTI System was composed by an Airborne PCM data acquisition System, 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 carried out a static calibration at the Flight Tests Division Calibration 
Laboratory fully compliant with EA-4/02 Standard [6].  
 
To minimize most of the systematic errors, the calibration process is carried out using the 
SALEV System [7] that takes into account complete measurement chain, including the sensor, 
the signal conditioning amplifier and filters, the data acquisition system, and the RAW-to-EU 
conversion coefficients which are loaded into GTS data base for EU data conversion. 

  
Figure 06 – Application Main Screen Figure 07 – FTI Boom Sensors 

 
For evaluation purposes the computed altitude (Hi) parameter was compared against a post 
mission differential phase GPS system and the results were considered satisfactory. 
 
The tool evaluation during the CEV ADS flight tests campaign presented satisfactory results 
(Figures 08 and 09) and it was successfully validated.  

  
Figure 08 – Test Results (∆pbboom/qcboom x M) Figure 09 – Test Results (Ti/Ta x M2) 

It should be noticed that the ADS flights are performed in a short range (i.e. less than 10 Nm), so 
the usual problems inherent to the Telemetry Link (e.g. signal noise and dropouts) were not 
observed during the tests points. Due to the Link characteristics, the tool evaluation provided the 
test results immediately after the end of the flight which in fact is its major benefit. 
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CONCLUSIONS 
 
As presented the development of a real time data processing tool for the ADS calibration flight 
test was successfully achieved and evaluated. 
The major achieved objectives are the capabilities to: 

1. Validate all test points in real time; 
2. Merge real time data from different sources; 
3. Perform post-mission data analysis at the end of the last valid test point; and 
4. 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. 
Among other solutions to solve the Telemetry Link problem, there is the upcoming iNET 
technology which could be used to correct noise corrupted or lost data into a quasi-real time 
environment. 
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ABSTRACT:  Several navigation technologies exist, which can facilitate the generation of Time 
Space Positioning Information (TSPI) in urban environments.  These include GPS, image-based 
localization, radio-based localization and dead reckoning. This paper first presents a basic 
overview of these techniques including advantages and limitations of each. We present an 
approach to localization in urban environments, based on environment learning and collaborative 
navigation using multiple homogeneous and non-homogeneous localization technologies, fused 
to form a multi-sensor system. 
 
 
1. INTRODUCTION 
 
The U.S. military has an immediate need for a robust Joint Urban Operations (JUO) testing and 
training capability. An important component of such a capability is accurate Time Space 
Positioning Information (TSPI) for combat soldiers operating in urban environments.  However, 
urban environments present substantial physical occlusions and electromagnetic anomalies 
restricting the use of GPS currently used for localization.  Urban environments make tracking, 
identification, and localization of friendly and hostile forces difficult. Further, soldiers maneuver 
in these environments with a variety of dynamics adding complexity to the problem. 
 

It is becoming increasingly apparent that no-single navigation technology will emerge in the near 
term to fulfill the most central requirements in urban environments (Fax and Volk, 2007).    
Recent research has focused on novel integration of existing sensors and technologies to satisfy 
the requirements. In this context, the generation of accurate TSPI in modern urban combat 
requires careful selection of navigation sensors and localization approaches. In this paper we 
provide a basic overview of several techniques useful for generating TSPI in urban 
environments, highlighting the advantages and limitations of each.  Next, we present a multi-
sensor fusion architectural framework and present two new technical concepts: collaborative 
navigation and environment learning, which are added to the architectural framework. This new 
infrastructure is designed to address the immediate needs of military urban navigation 
requirements.  
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2. NAVIGATION TECHNOLOGIES 
 
Several navigation techniques exist, predominantly in research or prototypes, which combine a 
variety of sensors for tracking a soldier operating in urban environments.  These techniques can 
be divided into four main categories as listed in Table 1. 
 

Positioning 
system 

Technique Required sensors Measurements 

GPS - Reference network GPS 
- Assisted GPS (A-GPS) 
- High Sensitive GPS (HS-GPS) 

- Transmitter 
- Receiver 
- Antenna 

- Position 
- Velocity 
- Time 

Image-based - Feature matching 
- Map-aided using laser range 

- Optical image 
- Laser image 

- Range, attitude 
- Intensity 

Radio-based - Short-range communication 
- Ultra-Wideband (UWB) 

- Tag, reader 
- Server 

- Time 
- Direction  

Dead 
Reckoning 

(DR) 

- Point-to-point navigation 
- Locomotion-based navigation 
 

- MEMS IMU 
- Barometer altitude 
- Magnetometer  
- Step switch 

- Acceleration 
- Attitude 
- Locomotion 
- Step event 

Table 1: Approaches to localization. 
 
In what follows, we provide a basic overview of the techniques listed in Table 1, highlighting the 
advantages and limitations of each. 
 
2.1. GPS Navigation 
 
High-accuracy TSPI, predominantly provided by GPS, is one of the key enablers of precision 
and net-centric warfare. However, GPS is not effective in electromagnetically and physically 
impeded environments or in environments where GPS is significantly degraded or not available. 
However, Test and Evaluation (T&E) as well as training operations have become more focused 
specifically on these types of environments. 
 
One promising technique in GPS navigation is based on the Epoch-by-Epoch® (EBE) processing 
(Bock et al., 2004).  EBE technology performs Precise Instantaneous Network (“PIN”) 
positioning utilizing data from one or more GPS reference receivers and the soldiers GPS 
receiver to produce a rigorous network solution at each measurement epoch. Unlike traditional 
RTK approaches, there is no need for re-initialization immediately following loss-of-lock 
problems such as occurs when GPS satellites are occluded from the antenna’s view. This feature 
of instantaneous integer ambiguity resolution is of utmost importance when trying to position a 
soldier operating in environments which disrupt GPS reception such as in foliage and structures 
in urban environments. 
 
Another approach to accelerate GPS position fixes in urban environments is using Assisted GPS 
(A-GPS) capable receivers. In urban environments, the ability to download almanac and 
ephemeris data from the GPS constellation is limited. A-GPS receivers can assist this 
shortcoming using a wireless reference network, which communicates with the GPS receiver and 
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transfers the required data (LaMance et al., 2002). Similarly, when GPS signals are weak, extra 
processing power is necessary to integrate weak signals to the point where they can be used to 
provide TSPI data. High Sensitivity GPS (HS-GPS) receivers use large banks of correlators and 
digital signal processing techniques to search GPS signals very quickly (Lachapelle et al., 2006). 
 
The GPS modernization program, including the development of HS-GPS or A-GPS, will enable 
operation with much weaker signals (even indoors), and has shown significant improvement in 
the past few years; however, there are still situations where even these techniques cannot provide 
a sufficiently accurate position fix within an acceptable time interval. It is expected that soldiers 
in high multipath or extremely weak signal environments may experience low positioning 
accuracy and/or long delays in achieving a position fix. Even when the above mentioned 
strategies are fully implemented to provide the soldiers with a gracefully degrading position fix 
service, the position fix will eventually become unavailable. 
 

2.2. Image-Based Navigation 
 
Another method of navigation is based on image processing, (e.g., Moafipoor, 2006; Koch and 
Teller, 2008).  This approach recognizes the surrounding environment through feature matching 
and tracking. An area map is built by the system using this information, which is used to locate 
the soldier as he navigates the environment.  The general algorithms use the geometry of images 
and feature tracking over consecutive images. As an example, Figure 1 shows a sequence of 
images taken by the soldier with image overlap sufficient to track features and reconstruct the 
trajectory. In this algorithm, when GPS data is available, top-left corner in Figure 1, the captured 
images are geo-referenced. When the soldier leaves the GPS coverage area, the new captured 
images that overlap with the geo-referenced images are used to estimate the soldier’s position. 
The problems in the transition from one image to the next are: image registration, feature 
extraction, feature tracking, mosaic generation, and detection of targets and moving features in 
the subsequent images. Applying this algorithm to a sequence of overlapping images can 
reconstruct the navigation solution along that strip. Image resolution is the crucial key to 
improving the performance of this technique; however, by increasing the resolution, the 
computational burden of the process for real-time performance is increased. 
 

 
 

Figure 1: Image-based navigation using feature tracking;  the user started moving from an 
outdoor to an indoor environment; in the figures several features of interest are extracted and 

tracked from one image to the next, facilitated the position fix. 
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Another type of image-based tracking technology is based on laser ranging, which provides 
range measurements to dynamic or static targets (Heikkilä, 2005; Farley and Chapman, 2008). 
The laser scanner performs well in environments with many apparent geometrical features, 
where it can measure distances from several meters (with mm-level accuracy) to a few hundreds 
of meters (with dm-level accuracy). The laser scanner also has the capability for online 
landmark-based map building and simultaneous utilization of the generated map to constrain the 
errors in the Inertial Measurement Unit (IMU) (Guivant et al., 2000).  
 

Another promising technique in this category is based on the integration of a wide field of view 
passive 2D imager with an active laser radar 3D imaging (Naikal et al., 2009). The goal is to 
create tools that support cooperative navigation enabling distributive imaging sensors to share 
data in meaningful ways, and to examine the impact of their navigation solution.  
 
2.3. Radio-Based Navigation 
 

The third navigation technique is radio-based navigation designed for a pre-instrumented 
environment using active and passive tracking technologies. Several radio-based positioning 
techniques are available on the market (Yoneki and Bacon, 2006). According to our application, 
they can be categorized into two systems: short-range wireless, and ultra-wideband (UWB).  
 
Short range wireless communication is, by any measure, the fastest growing segment of the 
wireless communications industry. However, it is very difficult to provide TSPI information 
using technologies such as WLAN, RFID, ZigBee (IEEE802.15.4), Bluetooth, and WI-FI 
(Rantakokko et al., 2007). These systems usually require pre-installed infrastructure in the 
operational environment. They may also be deployed and pinpointed during an operation. The 
result is a navigation network consisting of a number of sensors, i.e. transmitters and receivers, 
spread across geographical area; each sensor has wireless communication capabilities and 
sufficient intelligence for networking of data. The reading range of these networks is less than 
15m in the proximity of each node, and cm-level accuracy requires dense deployment of sensors 
(Parikh et al., 2004).  
 

The UWB signals, created by a direct-sequence spread-spectrum (DSSS) have been used in 
ranging systems for many years. UWB transmits the radio frequency, RF, in a series of narrow 
pulses that reach their destination within a very short time, i.e., a few ns. The UWB spreads these 
pulses over a very large spectral bandwidth; typically from 3 to 10 GHz (Pittet et al., 2008). 
Because of these attributes, i.e., low transmit power, large bandwidth, low frequency (which 
improves the penetration of the radio signal through walls, etc), and short pulse duration, UWB 
is considered as one of the most accurate and highly regarded technologies for location 
estimates. Several types of observables based on RF transmissions have been used for indoor 
localization. These include 1) the angle of arrival (AOA) indicating the direction from which the 
signal was received, 2) the received signal strength (RSS), 3) the time of arrival (TOA) of the 
received signal, and 4) time-difference-of-arrival (TDOA) of the received signals for the 
estimation of distance to the mobile user (Bouet and Santos, 2008).   However, users in high 
multipath environments may encounter low positioning accuracy and/or long delays in achieving 
a position fix. These factors have a more significant impact on the AOA/RSS observables than 
on the TOA/TDOA, and consequently these observables will not be considered for this effort. 
The range of UWB is about 10m, which can be extended by increasing the transmitter power and 
antenna gain.  



 5 

2.4. Dead Reckoning Navigation 
 
Dead Reckoning (DR) navigation is a relative measurement approach, the fundamental idea of 
which is to integrate incremental motion information over time. Starting from a known position, 
successive position displacements, derived in the form of changes in step length (SL) and step 
direction (SD), are accumulated. DR systems are usually designed on the basis of a range of self-
contained sensors including MEMS IMU (3-axis accelerometers, gyros), magnetometers, 
barometric altimeters, and step-sensors. These sensors are integrated into a sensor package suite, 
carried by the soldier, usually on a backpack or on the feet.  
 
The SL is defined as the distance between two successive points of heel-ground contact made 
during walking. The primary sensor enabling easy determination of step events is a set of step-
sensors, located in the shoe soles, used to sense impact, i.e., the instances when the operator’s 
shoes hit the ground (Toth et al., 2008). They can also be used as a reliable indicator of whether 
the operator is in motion or at rest. In many DR systems, the SL is simply approximated by an 
average distance for each user, because in the range of existing self-contained sensors, SL cannot 
be measured directly. With shoe-mounted placement, it is possible to measure SL using zero-
velocity updates (ZUPT) (Ojeda and Borenstein, 2007). However, this schema has two 
shortcomings: first, the shoe direction is difficult to measure and is also unstable.  Second, it is 
more difficult to engage the lever-arm in the process because of frequent changes as range of 
movement increases. The proper approach, applied here, is to use the human body as a 
navigation sensor to facilitate SL prediction (Grejner-Brzezinska et. al., 2008).  
 
Instead of SL, the SD can directly be measured using the magnetometer compass. The 
magnetometer compass operates based on sensing and measuring the Earth’s magnetic field; 
therefore it is sensitive to any ferrous materials close to the sensor and can be easily degraded by 
uncompensated magnetic anomalies, requiring a substantial calibration effort. To improve the 
reliability of heading determination in urban environment, a high quality gyro should be added to 
the system configuration. The current MEMS-gyro technology has not yet demonstrated stand-
alone performance accurate enough for providing heading; hence, requiring aiding and constant 
calibration. However, recently developed research appears to provide the possibility of meeting 
the difficult tactical grade (e.g., Waters et al., 2002; Panhorst et al., 2006).  
 
The main limitation of DR navigation is that by propagation of the DR position, uncertainty 
grows with time and is unbounded because of the errors in estimation of SL and SD, 
respectively. So a reliable navigator must be protected by a mechanism of controlling the 
accumulation of errors. For this purpose, independent and external reference information in 
terms of position, direction, or velocity should be periodically assigned to the system. Images 
(e.g., optical cameras or laser scanner images) and maps are two typical sources of this 
information, which can represent references (landmark) points. Simultaneous Localization and 
Mapping (SLAM) algorithm is a landmark-based navigation system that has the capability for 
online map building and simultaneous utilization of the generated map to bound the errors in the 
DR system (Guivant, et al., 2000).  
 
 
 



 6 

 
3. NAVIGATION STRATEGY 
 
In previous sections we provided an overview of several navigation technologies.  Table 2 below 
provides an evaluation of these technologies in terms of limitation, advantage, coverage, 
operation time, and accuracy: 
 

Position 
module 

Limitation Advantages Coverage 
range 

Operation 
time 

Accuracy 

GPS - Line-of-sight 
- Cycle slip 
- jamming 

Absolute  
navigation 
information 

City  
0-10 km 

 

unlimited 
 

~ cm 

Optical 
image 

- Require images overlap   
- Image orientation 

target  
identification 

Building  
1-100 m   

1-10  
minutes 

~ dm 

Laser 
image 

- Feature extraction 
- Feature association 

Learning  
environment  

Building  
1-30 m   

1-15  
minutes 

~ cm 

Radio-
based 

- Multipath 
- Pre-install 
- Time synchronization 

Provide 
unique 

identification 

Building  
10-20 m  

Restricted 
to 

location 

Variable  
~ dm-km 

DR - Error growth unbounded    
- Stringent environmental 
requirement 

Self-
contained 

performance 

Several 
blocks  
0-2 Km  

1-10  
minutes 

 

~ dm 

Table 2: Characteristics of different military position modules 
 
As shown in Table 2, each localization approach has its own advantages as well as limitations.  
A robust solution is increasingly pointing to an integrated system using combinations of these 
techniques rather than any single technique.  Substantial research and conceptual work have been 
conducted in recent years to develop reliable and ubiquitous multi-sensor navigation system for 
military personnel (Fax and Volk, 2007; Filjar, et al., 2008). The main advantage with multi-
sensor integration is in increasing redundancy, integrity, and availability, as well as robust 
estimation of the TSPI parameters. In this work, we adopt a multi-sensor fusion “layered” 
architecture which abstracts sensors, modules and module fusion techniques.  This architecture is 
illustrated in Figure 2 below.  
 
The first layer, Sensor Hardware, represents sensors required for each technique, also shown in 
Table 1 (last column). The second layer, Sensor Abstraction, takes advantage of advances in 
sensor technologies without having to re-invent the wheel on integration for each advance. The 
third layer is the Positioning Module layer. The primary modules are GPS, DR, and RF-ranging 
systems. The GPS module is utilized when GPS is available.  It is mainly intended to perform 
two tasks: first, to provide TSPI data in outdoor environments, and second, to calibrate the self-
contained sensors. Once the self-contained sensors are calibrated, two interconnected procedures 
are performed as a byproduct of the outdoor navigation solution: first, training a knowledge-
based system to support the human locomotion modeling and predict the SL/SD parameters for 
DR module (Grejner-Brzezinska et al., 2007), and second, deploying reference stations for radio-
based (RF-ranging) infrastructure. Later, in the absence of GPS signals, the last two modules are 
augmented to provide TSPI data. Together, these modules have the potential to deliver accurate 
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TSPI information to the soldier but for a limited time due to drift in internal components and 
environmental effects. In order to expand the performance duration, the system must be 
augmented with non-inertial data, such as optical image, laser range, or map data. These modules 
can provide absolute position information by which the accumulated errors in the DR module 
can be removed or bounded.  
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Figure 2: Hierarchical and layer architecture for TSPI determination 
 

The forth layer of the architecture, the Control Module layer is designed to check the consistency 
between the modules and increase the redundancy of much of the information required to 
constrain the soldier navigation. A quality assurance/quality control (QA/QC) mechanism is used 
in this layer to monitor their integrity during navigation in real time and to test methodologies 
that identify any inconsistency or mis-specification in their measurements (Moafipoor et al., 
2008). If there is any mis-specification in the DR/RF measurements, a redundancy check is 
made, and a suitable adjustment is assigned to the measurements. The estimation problem 
involves the determination of the extent of system failure and engages the back-up plan, i.e., 
image, map data, to compensate for the error caused by the failure.  
 

The fifth layer, the Collaborative Module layer, implements collaborative navigation, explained 
in the next section. The final layer, the Fusion Module layer,  is designed to implement different 
multi-sensor fusion techniques such as the centralized Extended Kalman Filter (EKF), Particle 
Filter, or Voting techniques (Fayman et al., 1999), enabling us to construct reliable TSPI from a 
multitude of navigation modules.  
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4. COLLABORATIVE NAVIGATION 
 
Collaborative navigation is an approach in which independent users have their own 
complementary navigation modules, but as a team, they share their common resources and 
cooperate in order to address navigation goals for the whole team (Fox et al., 2008). 
Collaborative strategies can be implemented in many ways, e.g. (Vydhyanathan et al., 2007; Cui 
and Cao, 2008). In our design, collaborative navigation relies on resources coming from 
dismounted soldiers, radio-based networks, and map-data of the scene created in an off-line 
process from optical/laser image data.  The use of shared resources provides advantages over 
single resource navigation systems in terms of efficiency, tolerance to possible failures, and 
capability of merging varied information, thus compensating for sensor uncertainty. Another 
advantage of this strategy is that different soldiers can be equipped with different navigation 
performance levels, enabling the reduction of the total cost of navigation for the whole team. For 
example, if the line of sight to satellites is blocked for a single soldier, through collaboration, the 
satellite information can be provided by other soldiers. These soldiers may then transmit their 
own positions and estimate the range to the soldier lacking GPS visibility.  In this context, 
soldiers outside the building act similarly to GPS satellites (dynamic pseudolites) (Rantakokko et 
al., 2007). The common scenario for collaborative navigation is possible if: 1) some units have 
access to open sky and have a GPS solution or other stated reference information, 2) 
communication between soldiers can be established through radio communications, and 3) 
soldiers relative range-to-range vectors can be measured. 
 
Another technical concept, Collaborative Environment Learning, can enhance the collaborative 
navigation performance and is based on environment learning. 
 
 

5. COLLABORATIVE ENVIRONMENT LEARNING NAVIGATION 
 
In light of the stringent military requirements for providing TSPI for periods of up to several 
hours, with high-accuracy in the absence of GPS, a collaborative architecture was proposed. The 
complement to this architecture is environment learning. Here, ‘learning’ implies the ability to 
identify certain spatial features of the environment, e.g., interest points, corners, walls to some 
extent, so that a map can be created from these features. Because of complexity of real-time map 
building, this task can be performed in off-line mode, separate from current navigation operation. 
Figure 3 shows the algorithm proposed for real-time map building and environment learning.  
 
 

Soldiers Navigation crew
- Measure environment
- Deploy radio-based network
- Pinpoint the deployed points

Learn Environment
Build map Commander
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- Update map dataAutomatic mapping
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behavioral modeling

Soldiers Navigation crew
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Incorporate
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Figure 3: Collaborative environment learning architecture. 
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Referring to Figure 3, it is assumed that a group of soldiers with different sensor systems, as 
discussed in Figure 2, exchange information between themselves and a command center. Next, 
range and bearing data are collected by these units and transferred to the control commander. 
Once enough data is gathered, a map is built, and then, it is transferred back to the personnel. 
This feedback routine can also be updated while the navigation is in progress. This task can also 
be undertaken by a separate team, called navigation crew. This team is responsible to not only 
learn the ongoing environments, but also deploy the radio-based network structure and pinpoint 
them. 
 
 

6. CONCLUSION  
 

Accurate and reliable TSPI generation in modern urban combat requires careful selection of 
navigation sensors, technologies and corresponding infrastructure.  It is increasingly apparent 
that no-single navigation technology will emerge in the near term capable of providing accurate 
location/navigation data to meet our purpose. In this paper, a new navigation architecture is 
proposed. This architecture is layered and based on a collaborative structure including, multi-
sensor fusion, collaborative navigation, and environment learning. Navigation in urban 
environments requires that the environment be learned.  This information, together with 
collaborative navigation, can provide information about the state of a soldier without the need for 
a priori infrastructure, such as GPS, ground beacons, or a preloaded map in urban environments. 
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ABSTRACT 
 

Once the test is complete, the job of the Data Analyst has begun.  Files from the various 
acquisition systems are collected.  It is the job of the analyst to put together these files in a 
readable format so the success or failure of the test can be attained.  This paper will discuss the 
process of breaking down these files, comparing data from different systems, and methods of 
presenting the data. 
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INTRODUCTION 
 
The Raytheon Missile Systems (RMS) Telemetry and Data Analysis Community of Practice 
(CoP) has been researching various telemetry analysis tools that exist within our community.  
Best practices are being accumulated by the CoP.  Recommendations will be provided on the 
preferred analysis guidelines and tools for future programs.  These tools must be flexible and 
supportable to meet our programs analysis requirements. 
 
This paper will discuss post processing practices and tools currently in use by one RMS program 
submitted for recommendation to the CoP. 
 
Topics discussed will be: 

• How data sampling issues are handled in the development of the telemetry frame using a 
combination of IRIG 106 Chapter 4 and packets modeled from a CCSDS standard 

• How data captured from various sources is converted to one format 
• How large data files are converted into smaller, more manageable files utilizing this 

telemetry frame structure 
• How various tools are utilized for data analysis 
• How the data is flowed to the appropriate team members for analysis 

 
Due to the propriety nature of the telemetry frame and the data within, examples will be used 
throughout this paper. 
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CREATION OF THE MAJOR FRAME 

 
In the early stages of the program, engineers from the Systems Test Integration & Verification 
Center, the Systems Test Test Systems Solutions Center, Electrical Subsystems Directorate, and 
the Software Engineering Directorate were brought together to evaluate the telemetry needs of 
the program.  The Telemetry and Data Analysis CoP had not been established and could not give 
recommendations at the time.  Therefore, best practices and methods were evaluated for all 
telemetry needs from test equipment to post processing.  Early involvement from these various 
Centers and Directorates greatly attributed to the success of the methods that have been 
developed. 
 
With respect to the frame definition, it was determined that the Chapter 4 of the IRIG-106 
Standard telemetry frame was not going to be sufficient for the data sampling needs.  A Chapter 
4 IRIG-106 frame was requested by our Range Safety Officer for range safety data.  This placed 
a constraint on the type of frame used.  A solution previously used by another program was 
evaluated and determined to be the best.  A hybrid of the Chapter 4 IRIG-106 with a section of 
the frame dedicated to “packet” data was developed.  The packet data section of the frame can 
simply be thought as one large data word within the Chapter 4 IRIG-106 frame.  This packet data 
is delivered to the telemetry encoder from the system’s main processor, the MP.  These internally 
developed packets are a derivation of The Consultative Committee for Space Data Systems 
(CCSDS) Space Packet Protocol (Blue Book.Issue 1.September 2003).  An example frame will 
be used to show this method.  The example frame has the following structure: 
 

SFID Chapter 4 Formatted 
Data (Ch4) Packet Data (Pkt) SYNC

SFID Ch4 Pkt SYNC
SFID Ch4 Pkt SYNC

…
 

…
 

…
 

…
 

 
This allowed the Electrical Subsystems telemetry team to utilize Commercial off the Shelf 
(COTS) products for data capture and transmission of a Chapter 4 standard frame.  The Test 
Systems Solutions Center was also free to use COTS telemetry gathering equipment for data 
capture.  Finally, the packets within the Pkt data buffer allow the Software Engineering 
Directorate to sample the packets however the data needs are for the various stages of the test or 
flight.  They are no longer bound by the sampling rate determined within the Chapter 4 IRIG-106 
frame.  This is similar to the freedom offered by the CCSDS type frame.  Since this hybrid frame 
had been used on previous programs, internally developed software was available for 
modification for post processing and analysis. 
 
The frame is assembled within the telemetry encoder and then transferred to the ground stations.  
The Packet Data is transferred to the telemetry encoder via a set size buffer from the MP.  The 
encoder simply sees the buffer from the MP as another measurement instrument within the 
system.  The Chapter 4 practices of subframes with a subframe ID (SFID) is used with the SFID 
being numbered from 0 to n.  The subframe sync (SYNC) is utilized at the end of every 
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subframe.  The Chapter 4 Formatted Data consists of various sensor inputs the encoder collects 
that are not collected by the MP.  The encoder uses commutation, sub commutation, and super 
commutation methods for outputting this data at different rates. 
 
 

DATA FLOW 
 
Now the history of this non-standard frame has been established, how is the data extracted from 
this hybrid frame?  The flow diagram below is a visual representation how the data goes from 
test to post test reports. 
 

 
 
Only a limited amount of telemetry gathering and real time display test equipment could be 
purchased for this phase of the program.  Units were acquired from old programs and borrowed 
from internal sources.  Since these stations record the data in their own format, two different 
types of data formats could be seen on the program.  An evaluation of both formats, Test 
Equipment (TE) A and TE B, was performed.  It was determined that TE A format, or called a 
TFA file, would be used.  It has a simple header that provides the IRIG timestamp of when the 
data was collected by the ground station for every subframe.  All other COTS specific 
information in the header is stripped out.  Our first internal application converts the data from 
format B to the TFA format.  This application will be called A2BCONVERT.  A2BCONVERT 
is a command line application developed in Visual C++ .NET.  TE type A and TE type B are 
both common telemetry platforms used on various programs across RMS.  This application has 
the potential for future use in converting data files to whatever common platform is established.  
Now, only one type of file is needed for the remainder of the process.  The team now can modify 
existing tools that use TFA files. 
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BREAKING DOWN THE FRAME 

 
Within the subframes of the major frame, there are four different sections.  First is the SFID.  
Next is the data collected by the encoder, Chapter 4 formatted data (Ch4), and the packet data 
from the MP (Pkt).  Finally, the subframe sync (SYNC) is at the end.  Since the SFID and SYNC 
are well established words within a frame, they will no longer be addressed. 
 
The TFA data file is then processed by another application, FRAMEPARSE.  Like 
A2BCONVERT, FRAMEPARSE is a command line application developed in Visual C++ .NET.  
This application was internally developed and utilized on a previous program.  Modifications 
were made to the FRAMEPARSE application to meet our program’s specific needs.  The 
FRAMEPARSE program first separates the Ch4 data from the Pkt data in each subframe.  The 
Ch4 and Pkt data are then temporarily stored in two separate binary files.  After the Ch4 and Pkt 
data is separated, the FRAMEPARSE program evaluates the each binary file separately.   
 
Ch4 data can be parsed by location given the frame definition.  For example, Battery A voltage is 
the fourth word in every sixth subframe.  If the application knows what subframe it is in and 
what word is being evaluated, the application can establish the variable being collected.  The 
Ch4 data collected is saved into space delimited text files.  Each text file is determined by the 
rate to which the data comes across the frame.  For example, if sensor 1 and Battery A both come 
out of the frame at a 30hz rate, they are both saved in a file named Ch4_30hz.txt.  The file will 
look similar to: 
 
"IRIGTimestamp" "SENSOR1" "BATTERYA" 
"[UNK]" "[Deg C]" "[V]" 
 6.08860000000000e+003 1.27259994506836e-002 2.87315993905067e+001 
 6.08860200000000e+003 0.93849505847840e-002 2.88973456111800e+001 
 6.08860400000000e+003 1.19847039030848e-002 2.87287354850383e+001 
 6.08860500000000e+003 1.25837389303983e-002 2.86394739459483e+001 
 
Pkt data is a large buffer filled with predefined packets.  These packets are groupings of similar 
data.  Inertial Measurement Unit (IMU) data can be one packet.  Navigation data can be in 
another packet.  These packets have assigned packet ID’s and lengths.  Look-up tables of packet 
ID’s and lengths can then are created to define each packet.  Once FRAMEPARSE knows the 
packet it has, it can simply go through the routine of pulling out each data word given its defined 
location.  When FRAMEPARSE reaches the end of the packet, the next Packet ID and length can 
be evaluated.  An end packet with a unique ID has been created to let FRAMEPARSE know it 
has reached the end of valid data within the buffer.  The data from the end packet to the end of 
the buffer is fill data.  Once the end of the buffer is reached, the next buffer is ready to be 
evaluated.  Once all the buffers are processed, the packet data is put into space delimited text 
files with the packet ID in their name.  For example, Pkt49 has a length of 80 bytes.  Say it 
contains three data words.  The first is voltage, the second latitude, and finally longitude.  When 
the hex search string of 0x3150 (ID=49 and length=80) is encountered, FRAMEPARSE knows it 
has packet 49.  Now voltage, latitude, and longitude can simply be pulled out of the binary file 
since the length of those three words is also known.  Once all packet 49’s have been pulled from 
the binary file, the text file of Pkt49.txt is saved.  The file will look like: 
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"IRIG" "Timestamp" "BatteryVoltage" "latitude" "longitude" 
"[seconds]" "[seconds]" "[volts]" "[decimal degrees]" "[decimal degrees]" 
1.388561700200e+004  1.570982933044e+001  2.598800087653e+000 
  3.210593757307e+001  -1.109431461382e+002 
1.388562400200e+004  1.571649742126e+001  2.549879209285e+000 
  3.210593757307e+001  -1.109431461382e+002 
1.388563100200e+004  1.572483253479e+001  2.569289378408e+000 
  3.210593795133e+001  -1.109431461382e+002 
1.388563800200e+004  1.573150062561e+001  2.552892373930e+000 
  3.210593757307e+001  -1.109431458218e+002 
 
Because these are simple text files, several common applications can be used to open, read, and 
evaluate them.   
 
The FRAMEPARSE application also contains command line switches that allow the user 
flexibility.  The user can just request packet data by typing ‘-packets’ on the command line 
after the TFA file.  Other switch options include: 

• ‘-analog’ extracts the Ch4 data 
• ‘-irig’ adds the IRIG time to the Pkt data 
• ‘-count’ outputs the Ch4 data in counts, not applying any gain or offset 

 
In total, ten switches can be applied as the FRAMEPARSE application processes the TFA.  The 
most common switches used for this program are: 
 
c:\> FRAMEPARSE sample.TFA –analog –irig -packets 
 
 

ANALYZING THE DATA 
 
Now the TFA file has been broken into data specific text files, may different programs can be 
used to extract the data. 
 
Because these are text files, Microsoft Notepad, WordPad, Office Word, or any other type of 
word processing application can be used to open and look at the data.  However, due to the space 
delimitation of the file, it can be challenging. 
 
Another method for evaluating the files is using Microsoft Excel or any other spreadsheet 
application.  When the file is opened in the application, it must be specified that the file is space 
delimited.  The file becomes aligned within the cells of the application.  The allows for quick 
analysis of the data.  Using the Ch4_30hz.txt file as our example, it will look like this: 
 

IRIGTimestamp SENSOR1 BATTERYA 
[UNK] [Deg C] [V] 

6088.6 0.012726 28.73159939
6088.602 0.009385 28.89734561
6088.604 0.0119847 28.72873549
6088.605 0.0125837 28.63947394
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However, the preferred method of creating post test reports is to import the data into MATLAB.  
MATLAB M files were created on previous programs that use the format of the txt files, pull the 
data from the txt file into memory, and allow the user to plot the data.  For example, in 
MATLAB the user types the command: 
 
   p49 = GetTXT(‘Pkt49.txt’) 
 
And the output will be: 
 
   p49 =  
 
                    IRIG: [1x91578 double] 
               Timestamp: [1x91578 double] 
          BatteryVoltage: [1x91578 double] 
                latitude: [1x91578 double] 
               longitude: [1x91578 double] 
                   units: {2x5 cell} 
 
The GetTXT routine will load all the data from the file Pkt49.txt file into array structures based 
on the data type.  Typing the command: 
 
p49.BatteryVoltage 
 
Gives the user the data array of BatteryVoltage in the p49 structure. 
 
These array structures can simply be loaded into MATLAB plot and figure routines.  A visual 
plot of BatteryVoltage versus time can be created.   
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Note, there are two time references in the Pkt data text file.  One time is the “IRIG” time that 
matches the “IRIGtimestamp” from the Ch4 data.  The other time reference is “Timestamp”.  
This time reference is inserted into the packet by the MP when the packet is created.  This allows 
the analyst to correlate events in different packets based on this timestamp. 
 
For example, a report is generated to make sure that commands to the fins match the output from 
the fins.  The command and response will be in two separate packets, Pkt01 and Pkt02 
respectively.  Using MATLAB provided commands, the engineer can graphically see how well 
the commands tracked the response. 
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The main MATLAB routine used to generate the post test reports is a menu driven routine that 
looks like this: 
 
+---------------------------------------------------+ 
|            Main Menu v2.5                         | 
+---------------------------------------------------+ 
| Cmd  Plot Description                             | 
| ---  -------------------------------------------- | 
| ver   Configuration Version Report                | 
| pkt   Packet Report                               | 
| 30hz  30Hz Ch4 Data                               | 
| 60hz  60Hz Ch4 Data                               | 
| 120hz 120Hz Ch4 Data                              | 
| pkt55 IMU Data                                    | 
| pkt49 Voltage, Latitude, and Longitude            | 
| pkt35 Navigation Data                             | 
| pkt02 Fin Response                                | 
| pkt01 Fin Commands                                | 
|                                                   | 
| all  Plots all of the above plots for a dataset   | 
| hlp  Help Screen                                  | 
| Q    End Program                                  | 
+---------------------------------------------------+ 
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Enter a Plot Command -> 
 
By using this menu driven program, the user can pick and choose what data report they want to 
generate.  These MATLAB figure plots are also saved at jpg’s for insertion into presentations 
and reports. 
 
Once these reports are generated, the analyst along with the Subject Matter Expert (SME) can 
determine the success or failure of the test.  The entire process from A2BCONVERT to the 
MATLAB generated reports takes about one hour to process.  This relatively quick turnaround of 
the reports has especially benefited the program for flight tests.  Within the hour of the 
unclassified data being posted to a shared server from Eglin AFB, the engineers in Tucson, AZ 
have their critical parameters in hand and ready for evaluation.  If something needs to be 
analyzed that is not part of the MATLAB generated report, the txt files are available for the 
analyst or engineer to pull into the application of their choice.  Primary and secondary objectives 
for tests and flight tests are confirmed in the MATLAB report generator. 
 
Since all the data is not evaluated in this menu driven report generator, other MATLAB based 
routines exist.  These routines allow the user to input any Ch4 or Pkt text file and provides 
options for MATLAB figure generation.  They can also convert these txt files to a MATLAB 
MAT-file.  Various SME’s have also created their own plot routines using the txt and MAT-files 
as data sources.  These SMEs take a deeper look into their subsystems than just the overall health 
and test objective reports that the MATLAB report generator gives. 
 
 

CONCLUSION 
 
The data analyst on a given program needs a set of tools to help generate reports after the test.  
Many options exist that will assist this task.  Methods and tools from previous programs were 
employed for this program’s telemetry needs.  Utilizing a hybrid frame has given the engineers 
the data throughput needed while staying within the Chapter 4 IRIG-106 constraint.  This 
allowed other groups to utilize COTS products.  Applications generated by previous programs, 
modified to meet the program’s needs, provided cost savings versus developing all new tools 
from scratch.  Using this method, the data analyst can generate all the necessary reports to 
determine the success of a test.  
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Abstract 

It talks about a distributed net-based flight test raw data processing system, web-oriented and 

application oriented. The system likes a normal one, consists of database servers, web servers and 

NAS storage server, but with the particular distributed task scheduler servers and the calculation 

servers. Each type server can be a team. The user can use WEB browser with the help of OCX 

control to setup his own processing task according to his need, choose which plane, which flight 

no., and defining the parameters, flight time segments, extracting rate etc to be processed. The 

system can accomplish the processing using the embedded application middleware, various data 

processing modules in database, with the scheduler servers and processing servers. The system 

can meet many users’ demand of huge quantity non-structural flight raw data quickly and efficient 

processing at the short time, ensure the flight data enganced management, to keep from copying 

and distributing the great quantity raw data inefficiently and out-of-management. 

 

1 Introduction 

Flight test data processing is an important sector in flight test, being divided two types, real 

time data processing and post-flight data process. Real time data processing is going as flight test 

is executing, providing decision and evaluation information for flight test engineers, flight test 

commanders to monitor the test plane and system’s status, ensure the flight test securely and 

efficiently through communication with the pilot. Reality is the real time system’s main 

characteristics. Generally because of the limitation of the capability of the telemetry system and 

the hardware or software systems, the real time data system only process some necessary and 

primary data, receiving, demodulating, processing and displaying as multimedia, easily for them 

to understand these information to make decision. As the computer technology develop rapidly 
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and the newer telemetry structure is created to meet with the wide bandwidth demand, the real 

time systems may carry much more processing tasks, even belonging to post-flight processing 

before. In the coming future, the real time system will integrates with the post-flight data 

processing system. 

As soon as the flight test finishes, the focus is in post-flight data processing, processing and 

analyzing the all types of flight test data particularly, fully, roundly and synthetically, include 

general PCM and various bus system data. The primary characteristics of the post-flight test data 

processing are huge quantity data(10GB nearly now) and more users with different processing 

requirements. This paper introduces one web-oriented, application-oriented distributed processing 

networked system, for users to carry out their data processing tasks through network efficiently, to 

keep from copying and distributing the data inefficiently. In the meantime, the huge flight data are 

unified to be managed and stored in the database. 

Commonly, the post-flight data processing to do: 

 Engineering unit conversion; 

 Data smoothing and filtering, wild points eliminating, curve simulating; 

 Coordinate conversion; 

 Time synchronization and data coalition; 

 Test object subject data processing, e.g. performance, controllability and stability, power 

system etc.; 

 Frequency/time domain analyzing; 

 others; 

 

2 The system design 

The system structure is shown in Fig 1. 

 

Fig 1 the system structure 

 

a) The web-oriented database management sub-system(W-DBMS) manage the fully system 

data, including the flight information, flight data information; 

b) The web-oriented data processing sub-system(W-DPS) is in web server, provide for 

users facilities and interface to access and process the data; 

c) The distributed application middle wares are stored in database server, data processing 
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modules; 

d) The distributed calculation scheduler sub-system are responsible for arranging 

distributed network calculations; 

e) The distributed calculation execution sub-system are responsible for executing 

distributed network calculations. 

 

2.1 The web-oriented database management sub-system 

The web-oriented database management sub-system is the one of the main subsystem. The 

flight database includes two parts: test objects’ flight test data and users’ data processing 

information. 

Of course, the flight test raw data are important contents of the flight test database, it 

includes test plane attributes, flight test information and test flight test engineer documents and 

result data etc. The other important information is flight test measurements information, the 

identification information of the test raw data information, such as on-board measurement 

system’s data formation and PCM grid, measuring parameters, extracting rates, flight date and 

flight no. etc. Generally, the flight test raw data is a huge binary file in computer, different data 

different processing method module. It is incredible to save the data file in database as a data 

field(for example, blob field in Oracle), to import or export this data file when any users 

processing intolerably. 

Before we could setup an FTP server to share the huge flight test raw data file, users looked 

for the needed files by themselves, as more and more files added, more difficult to find, and the 

related measurement information were very difficult to be maintained, the flight test data had not 

integrity. 

This system manages the flight test measurement information through database, and the test 

raw data are saved as accessories files in NAS disks. Because of the disjunction of the indexed 

information and the data files, we design a tool on operate system to manage it, to avoid deletion 

by operators accidentally and damage by virus. NAS storage systems have advantages on storing 

and accessing data files with the uniform named service, this is the foundation of our distributed 

network calculation execution, and the users need not download the data files. 

Fig 2 shown the storage of the flight test raw data.  

 
Fig 2 flight test raw data storage 

2.2 Web-oriented data processing sub-system 
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Web-oriented data processing sub-system is the users’ interface with flight test database 

using IE to process and access the flight test raw data files. Of course the users must have the 

proper authority and the system can recorded all users’ actions when they use it. 

The users can: 

 Query the flight test information; 

 Define his own processing task, process any flight no. with any flight test time segments, 

parameters, rates; 

 Use the abundant data processing tools linked with IE, for example, flight test data 

replay, plotting, more and more math’s methods; 

 Use the defined standard flight test subject data processing modules, get the critical and 

valuation results quickly. 

 Etc. 

Various flight test data processing accomplishes through distributed network calculations, 

using ActiveX control, standard data processing toolkit too. Before the users use the system, they 

must install the necessary ActiveX controls. The distributed calculation ActiveX demonstration 

shown by fig 3,, designed with Delphi language. 

 

Fig 3  

a) ActiveX controls try to create socket communication according to the IP and Port of the 

scheduler lists circularly, transmit calculation request; 

b) Until the connection has created, the scheduler server return to ActiveX controls a 

calculation server IP and Port according to the calculation servers load balance status; 

c) ActiveX controls connection with the calculation server has created; 

d) ActiveX controls transmit calculation command to the calculation server; 

e) After received calculation command, the calculation server begins to start distributed 

data processing middle wares to execute the data process task. The monitor process in 

calculation server receives the application middle wares’ output as its input, and transfers 

these process status information to ActiveX controls with pipe channel technology; 

f) ActiveX receive and display the status information; 

g) As soon as the application middle wares complete the data processing, the monitor in the 

calculation server transfer the results to ActiveX controls; 

h) ActiveX controls receive the results and the distributed network calculation 

accomplished. 

2.3 The distributed application middle wares 
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The distributed application middle wares are various processing modules to flight test raw 

data, stored in flight test database related with flight test and measurement information, the pivotal 

portions of the system. For example, PCM processing modules, 1553B processing modules, data 

analyzing modules etc. A standard interface norm must be defined and complied before the 

distributed application middle wares are integrated to the system, so they can run accurately when 

the distributed ActiveX controls put out the start command. 

Table 1 show an defined interface example. 

 

Table 1 the distributed application middle ware -PCM processing module defined interface  

 File line Description  

@SYSINPUT@ Reserved word, system input information 

Y7 Plane name 

73 Plane No 

2008-8-1 Flight date 

1 Flight No 

DM6 Measurement system 

PCM Data property 

15000 Take-off weight  

4.3 Take-off center of gravity 

Null Structure status 

30.2 Airport temperature 

1.2 Airport pressure 

3.2 Wind velocity 

2 visibility 

Yanliang Test airport 

Take off Test subject 

Li jing Test pilot  

Z:\Y7\2008-08-01-PCM-1.dat Flight Data File 

Z:\Y7\2008-0801-PCM-1.inf Data calibration file  

Take off Subject Name 

Dang   UserID 

2008-08-02 Process Date 

@SYSINPUTEND@ Reserved word, input end 

@PARINFOR@ Reserved word, processed parameters 

Nx null -5.0 5.0 null note Parameter name, unit, upper limit, lower 

limit, measurement group, note 

…… …….. 

（n）  

@ParINforEND@ Reserved word 

@TIMEINFO@ Reserved word 

12 10 10 12 10 20 64 Processed time segments and rates 

…… …….. 

（n）  

@TIMEINFOREND@ Reserved word 

@SYSOUTPUT@ Reserved word 

Z:\work\Y7-2008-08-01-DHY-435822 Output data file name  

@SYSOUTPUTEND@ Reserved word 

 

As described above, the distributed application middle wares are called to run on calculation 

servers by users’ IE ActiveX controls giving command to scheduler servers. The distributed 

application middle wares are designed as Windows executable program, .exe or .dll program. The 

web-oriented flight test database management system manages and maintains the middle wares 



6 

functions and properties. The flexible frame can help to flight test data processing application 

standardization.  

2.4 The distributed calculation scheduler sub-system  

The distributed calculation scheduler sub-system is an application program, stored on 

scheduler servers. The distributed calculation scheduler program can register its host server IP 

automatically to flight test database, two scheduler servers make up a scheduler team to maintain 

the schedule service uninterruptedly, and they detect each other and judge whether to take over the 

scheduler task. In the meantime only one scheduler server is on duty. 

The distributed calculation server take the scheduler server IP from the database, book in its 

status about CPU, memory, calculation task etc, then the scheduler server arrange distributed 

calculation task requested from users. 

The distributed calculation scheduler sub-system is designed using Delphi. 

2.5 The distributed calculation execution sub-system 

The distributed calculation execution sub-system is an application program too, stored on 

distributed calculation servers. Two or more servers can run the distributed calculation execution 

sub-system and they can create a team automatically with strong capability for users’ distributed 

calculation tasks. They take the scheduler server IP from flight test database, and keep 

communication with it as what talked above.  

The distributed calculation servers perform the data processing- call the distributed 

application middle wares. They use the NAS uniform named service function to position the data 

file with the flight test database index information and process the needed data quickly and 

efficiently.  

3 CONCLUSIONS 

The web-oriented distributed post-flight data processing system rely on the Windows 

programming technology such as socket, ADO, accomplish flight test huge raw data processing 

quickly and efficiently, and enhance the flight test data management. Two scheduler servers can 

keep the scheduler uninterruptedly and more distributed network calculation servers can make up 

a great group with great capability to charge with the numbers of uses’ distributed calculation 

tasks. It has solved the problem about huge non-structural flight test raw data centrality 

management, processing, accessing and storing. Of course, the system has more limitations for 

application, for example, one distributed calculation task can run on only one calculation server at 

the same time, not use multithread technology to execute the processing on multi-servers, all these 

are future objects to aim at and realize.  
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ABSTRACT 

To properly evaluate and characterize the performance of a bit synchronizer we need to 

apply a known data stream and then adjust several interference parameters to measure the 

effect on synchronization performance: white noise, offset and gain variations and 

frequency and phase shifts.  

The task becomes more complex when we consider the performance of a best source 

selector (BSS) which combines the performance of two or more bit synchronizers to 

achieve better bit error rates and more consistent synchronization than can be achieved 

with one alone. Each of the parameters (noise, offset, gain, phase) are often different for 

each bit synchronizer, and may vary over time. In addition the incoming bit streams can 

drift in time (possibly 100s of bits) with respect to each other.    

This paper discusses how these parameters are measured, and looks in particular at the 

problem of evaluating a BSS. Results showing the performance that can be achieved 

when aligning and combining multiple streams are presented and discussed.  

 

1. INTRODUCTION 

The theoretical bit error rate (BER) for a bit synchronizer in the presence of additive 

white Gaussian noise has been understood since the 1940s. However, it is only in the last 

decade or so that devices operating close to that limit have been available. This was made 

possible due to the availability of high speed analog to digital converters and logic 

capable of implementing phase locked loops (PLLs), matched filters and Inter-symbol 

Interference (ISI) equalizers in real time.  

One approach to improving RF data links is to use superior bit shapes (for example 

ARTM Tier II) to send more bits across existing bandwidth allocations – perhaps using 

the additional bits for error correction.  

Another technique is to use diversity techniques to combine signals from multiple 

receivers and/or transmitters. This papers looks briefly at issues involved in testing 

traditional bit synchronizers and how these techniques can be applied to source 

selectors/combiners. 



2. ONE dB FROM THEORY 

In the 1940s Shannon et al showed that there is theoretical best case bit error rate (BER) 

for symbols transmitted in noisy channels – more noise means more bit errors for the 

same signal power. This is traditionally graphed as in Figure 1 below, where Eb is the 

energy per bit and No is the white noise power. 

 

Figure 1 Bit Error Rate (BER) versus Eb/No – Theory, Theory + 1dB, practice 

 

The graph also shows the BER for a device “1dB of theory” – a decade ago this was 

about the limit of what was technically achievable at acceptable cost. The graph also 

shows the typical BER for a modern bit-synchronizer using state-of-the-art techniques 

(shown in red). To put these noise levels and bit error rates in context the graphs below 

show oscilloscope displays of the same NRZ-L signal with noise levels (Eb/No) of 3.7 

dB and 12.6 dB respectively. 

 



 

Figure 2 4Mbps RNZ-L PCM stream with Eb/No of 3.7dB and 12.6 dB 

 

Modern bit-synchronizers rely on two techniques to achieve results close to theory: 

matched filters and decision directed equalization.  

From the start it was known that to achieve close to theory a matched filter was required, 

for example the traditional “integrate and dump” technique matches a rectangle pulse 

shape well. When “integrate and dump”  is applied to PCM shapes filtered using a 6
th
 

order Bessel filter, or a root raised cosine shape, it will cause a BER curve typically 

0.5dB from theory. It is also worth mentioning that today’s fast A/Ds mean that matched 

filters can be implemented digitally. 

Another source of error in traditional bit synchronizers is due to the inherent inter-symbol 

interference (ISI) of many PCM pulse shapes. Rectangle shapes and root raised cosine 

shapes do not have this problem but “real life” shapes such as those caused by Bessel 

filters do. If a bit is preceded by a “1” and followed by a “0” then the effects cancel – 

however, if the bit ahead and behind are the same then the threshold used to choose 

between “1” and “0” changes. 

One method to combat this is knows as decision directed equalization. Here the decision 

threshold used for each bit depends on what the previous and following bit is assumed to 

be. Often these bit values are also not known with great confidence so the bits before 

those have to be used we work backwards and so on. 

 

3. OTHER METRICS 

When implementing these techniques, the task of testing and validating a bit-sync 

presents some problems. For example, when graphing BER curves we found that in 



certain circumstances our results were “better than” theory. Spectral analysis of the so-

called white noise sources from three vendors showed that they were not true White 

Gaussian Noise. In the end, equipment from a fourth vendor provided good results.  

Additive white Gaussian noise (AWGN) is not the only metric associated with bit 

synchronizers. What follows is a brief discussion of some other metrics.  

Acquisition range and number of bits 

This metric is concerned with the number of bits required to achieve an appropriate BER 

after a signal has been applied to the input of bit synchronizer and its dependency on 

signal bitrate variance. For example if a bit synchronizer is programmed for 4Mbps and 

you suddenly apply a signal at 4Mbps ±1, 2, 3 or 5% of that, this metric measures the 

number of bits it takes to achieve a target BER.  

Tracking range 

This metric is concerned with the bit sync’s ability to track a percentage deviation from 

the bit rate. For example, if a bit synchronizer has acquired a signal that subsequently 

varies to ±20% of the bit rate with a modulation frequency of 0.1%, this metric measures 

how well the bit-sync responds.  

Baseline drift 

This metric is used to determine the bit sync’s response to a baseline drift. For example, 

if a sinewave of 0.1% of the bit rate is added with the same amplitude as the signal this 

metric determines the effect on the BER.  

 

 

Figure 3 PCM with baseline drift 

 



Gain drift 

This metric is used to determine the bit syncs response to a gain drift. For example, if the 

amplitude is modulated so that it varies from 50% to 200% with a frequency of 0.1% of 

the bit rate, this metric measures the effect on BER.  

 

Figure 4 Amplitude modulation or fading 

 

Consecutive “1”s 

This metric is concerned with how a bit sync reacts to patterns of 1s and 0s. Take the 

three scenarios for different encoding schemes as examples: 

• If, for NRZ-L, there is 128 consecutive “1”s or “0”s will the bit synchronizer see 

127 or 129?  

• If for NRZ-L there are consecutive ”1100” bit patterns will the PPL lock to half 

the bit rate. 

• If, for BI0-L, there are consecutive ”1010” bit patterns will the PLL lock to half 

the bit rate.  



4. TEST SETUP 

The tests were conducted using a single channel modern bit synchronizer which was fed 

from a custom designed and built test jig. This jig is shown in Figure 5 below. It consists 

of a PCM encoder with programmable PCM code (RNRZL, BIO-L), programmable bit 

shape (rectangle, Bessel, RRC) and programmable bit rate. The PCM encoder outputs 

128 consecutive 1s every 1023 bits. 

 

PCM Encoder +

White Noise

No

Eb

A/D
Delay
(FIFO)

X + D/A

Delay modulation
OffsetGain

 

 

Figure 5 Simple test jig to add Noise, delays, gain and offset drifts 

 

This is followed by a programmable noise source where Gaussian white noise is added. 

The high speed A/D samples the signal plus noise and delays it by a number of bits, then 

modulates the amplitude and adds an offset. The number of bits delayed, the modulation 

amplitude and offset amplitude are each programmable as is the rate of change of each. 

Two tests were conducted to examine the effect of different metrics on the BER. 

The BER rate graph shown if Figure 6 was obtained for the following test conditions 

• a 4Mbps RNRZ-L stream 1088 bits long  

• an offset of ±100% amplitude @ 4kHz (baseline drift) 

• a delay of ±20 bits @ 10Hz 

 



 

Figure 6 Bit Error Rate (BER) versus Eb/No – Theory, Theory + 1dB, signal with offset 

of ±100% amplitude @ 4kHz   

The BER rate graph shown if Figure 7 was obtained for the following test conditions 

• a 4Mbps RNZ-L stream 1088 bits long  

• a 30% amplitude modulation @ 200kHz  

• a delay of ±20 bits @ 10Hz 

 

 



 

Figure 7 Bit Error Rate (BER) versus Eb/No – Theory, Theory + 1dB, signal with 30% 

gain modulation @ 200kHz 

 

5. SOURCE SELECTION 

As mentioned above there is a theoretical limit to how few bit errors can be obtained 

from single PCM stream in the presence of noise, but what if there were more than one 

PCM stream with the same information? 

Some FTI programs transmit data on two carrier frequencies, one transmitter on the top 

front of the plane and one on the bottom, this is called frequency diversity. Some 

receivers on the ground are placed apart or at different altitudes, this is called spatial 

diversity. Some receivers support polar diversity. 

On the ground there is hardware that uses these two sources to recover the transmitted 

signal. “Best source selectors” switch to the stream with the best signal to noise ratio 

while “best data selectors” 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 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 is the term given to devices that do not simply switch or vote but 

rather use the best of both worlds – plus soft bit values. 

A smart source selector first selects only those channels with a signal level above a 

certain threshold, then selects only those within 5dB of the best Eb/No ratio. The selected 

streams are then time aligned and each bit combined using the soft bits for each stream. 

Note: this scheme works with encrypted data and downstream decoms are not affected by 

stream switching.  

 

6. SMART SOURCE SELECTION IN ACTION 

TO test the effectiveness of smart source selection, a single PCM stream was split in two 

and, using two test jigs, independent white noise, offsets, gains and delays added to each 

instance of the stream. The two new streams were used as inputs to the smart source 

selector and the resultant BER is graphed. The result is shown in Figure 8 below. 

 

 



 

 

Figure 8: BER for a smart source selector compared to either input on its own 

For two channels the resultant error rate is approximately 3dB better than for either 

channel on its own. For 4 channels it would be 6dB, for 8 it would 9dB. This is an 

improved strategy over best source or best data selectors as they output a resultant BER 

that is equal only to the better of the two, not better than either. 

One explanation for this is that if both channels have one error per thousand and these are 

independent, then the combination would usually only be wrong when both are wrong 

(one per million). Put another way, with two channels you have twice the signal power 

but the noise power, being independent, remains the same. 

 

7. SOME LESSONS LEARNT 

Tests show that if the “poorer” signal has an Eb/No within 5dB of the “better” signal than 

the results of combining remain better than either signal alone. Because the aligner is 

designed to operate with encrypted data it is better to ensure that there no long strings of 

“1”s or “0”s if NRZ-L are used so that “false” alignment is avoided when the signal is 

first acquired. However, even if this does happen the correct alignment will happen on 

the first transition. 

The additional improvement with two inputs combined takes approximately 1000 bits 

due to the time taken to align the two streams initially. Until aligned, BER performance is 

the same as a single channel bit-sync. 

Initial results indicate that any benefit in incorporating best data techniques for stream 

selection may not justify the additional complexity. 

 

8. CONCLUSION 

With modern digital techniques, today’s bit synchronizers achieve errors rates very close 

to theory. In particular high speed A/Ds, 100% digital PLLs, matched filters and modern 

equalization techniques mean that to improve performance other techniques must be 

explored. One approach is to use digital transmitters and receivers to transmit more bits 

over the same bandwidth and perhaps use the extra bits for error correction. Another 

approach explored in this paper is to use frequency, spatial or polar diversity techniques 

and smart source selection to obtain fewer errors with existing RF infrastructure. 
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ABSTRACT

In this paper we present an implementation of a low density parity check (LDPC) decoder in the
functional programming language Haskell. We describe the LDPC code in a very general sense and show
how it is used in our implementation. We then discuss the advantages of using a functional programming
language like Haskell to model this decoder, as well as the implications of doing so. Finally, we evaluate
our model in terms of algorithm accuracy.

INTRODUCTION

In many communication systems, forward error correction (FEC) coding schemes are used to improve
link reliability and increase the range of operation. As the telemetry world begins to move toward in-
tegrated network enhanced telemetry (iNET), FEC codes become an obvious choice. Recent work has
shown that low density parity check (LDPC) codes are very promising, as they have been shown to be
capable of closely approaching the channel capacity [1]. In addition to that, the iterative decoding algo-
rithms used in LDPC codes are highly parallelizable in hardware. This is advantageous for the hardware
designer because the speed of the algorithm can be increased without changing the algorithm itself. How
does one go about building such a system in hardware?

When designing any system that is destined for the hardware world, it is necessary to create some sort
of model that can be simulated. Tools such as MATLAB are great for building simulations, but taking a
MATLAB implementation of something and converting it into hardware description is not easily done. The
functional programming language known as Haskell [2] is quite different, however. There are extensions
which allow for high-level simulation-oriented models, as well as tools aimed at very low-level structural
models which can be directly converted to VHDL.1

Generally speaking, Haskell offers expressive facilities comparable to MATLAB. Both allow for the
rapid creation of high-level models, but simulation is typically where their capabilities end. These sim-
ulations are useful for analytical purposes and can help the engineer understand the system better. Once

1VHDL - VHSIC (Very High Speed Integrated Circuits) Hardware Description Language

1



the engineer is satisfied with the results, the real hardware must be built. Typically a whole new approach
must be taken because there is no concept of structure or the wiring together of components.

For simpler systems, Haskell’s extension Lava [3] is an effective tool. It gives the engineer the ability
to rapidly build the structure of a system at the gate level, taking advantage of Haskell’s features along
the way. Structures can be pieced together to create more complex systems, and a few function calls can
act as a form of simulation. Lava can take this low-level representation and output it in VHDL form.
Unfortunately, current versions of Lava only allow the engineer to build a system from the gate level,
something which can already be done in VHDL.

There is a strong desire for a way to build a high-level model of a system and compile it down to a
hardware description language. The first step in the process is to create a high-level model of a real system.
In this paper, we take that step by working with an LDPC decoding algorithm that we intend to build in
hardware. The following are our contributions:

• We build a model of an LDPC decoder in Haskell.

• We explore alternative representations of the data structures within the decoding algorithm.

• We put the power of Haskell to the test by using concepts and operations that are not immediately
available in a traditional imperative programming language.

• We take a working implementation of the decoder that was written in MATLAB and compare it with
our own.

LDPC CODE

The purpose of this section is not to explain LDPC codes in detail, but to present necessary items for
other sections. For more information on the basics of LDPC codes, see [1].

The structure in the decoder that contains the code information is the parity check matrix, A, which
contains only 1’s and 0’s. From A, we deriveM andN , both of which are used in our decoding algorithm.
Using standard set notation, they are defined as

Mn = {m : Am,n = 1}, Mn,m = Mn\m, where \m means “excluding m” (1)
Nm = {n : Am,n = 1}, Nm,n = Nm\n, where \n means “excluding n” (2)

For this model, we have already been given a parity check matrix. We use the code with rate 2/3 and
information block size of 4096 that has been developed for deep space use [4].

LDPC DECODER ALGORITHM

We focus on the iterative log likelihood decoding algorithm for binary LDPC codes [1, p. 652]. Con-
sider the decoder as a system with four inputs (A, r, L, Lc) and one output (ĉ). A is the parity check
matrix of size M×N , r is the received vector of length N , L is the maximum number of iterations before
decoding failure, and Lc is the channel reliability. The output ĉ is a vector of length N containing the
decoded2 binary values.

2In some instances it is possible that the parity check passes and an incorrect codeword is found.
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Within the algorithm there are two main structures, η and λ. The matrix η is of size M×N and contains
the check nodes, and the vector λ is of length N and contains the bit nodes. The loop counter l keeps track
of the algorithm iteration on which we are working. For example, η

[5]
m,n means that l = 5. The initial states

of η, λ, and l are

η
[0]
m,n = 0 if Am,n = 1 for m = (0, 1, . . . ,M − 1), n = (0, 1, . . . , N − 1)

λ
[0]
n = Lcrn for n = (0, 1, . . . , N − 1)

l = 1

The decoding algorithm can be described as a loop that is split into three steps, shown below.

Step 1 - Update the check nodes: For each (m,n) with Am,n = 1: Compute

η[l]
m,n = −2 tanh−1


 ∏

j∈Nm,n

tanh

(
λ

[l−1]
j − η

[l−1]
m,j

2

)
 (3)

Step 2 - Update the bits nodes: For n = (0, 1, . . . , N − 1): Compute

λ[l]
n = Lcrn +

∑
m∈Mn

η[l]
m,n (4)

Step 3 - Perform the check: For n = (0, 1, . . . , N − 1):

ĉn = 1 if λ
[l]
n > 0, otherwise ĉn = 0

If(Aĉ) mod 2 = 0 then Stop and output ĉ. (5)
Otherwise, if l < L, increment l and jump to Step 1.

Otherwise, declare a coding failure, Stop, and output ĉ.

PARITY CHECK MATRIX

The parity check matrix we are given is of size 3072 × 7168, therefore having 22,020,096 elements.
Using a brute-force implementation of the algorithm with 32-bit integers would require at least 672 MB
of data memory. Even though memory is not at a premium on most systems anymore, that is a lot of
information to store and process. In order to figure out a way around this, we first need to understand what
kind of information is stored in A.

We know that A contains only 0’s and 1’s, and because this is an LDPC code, we know that A is
sparse [1]. In fact, out of the 22,020,096 elements within our instance of A, only 23,552 of them have
the value 1. From (5) we see that the only mathematical operation A is directly involved in is a matrix
multiplication (mod 2). This means that we are only concerned with the 1’s in A, as any 0 that gets
multiplied will zero out its fellow operand. Thus, we only need to know the locations of A that contain

3



a 1. For example, say we have a parity check matrix Â of size 5 × 6, shown below. If ŵ represents Â as
an array of (row, column) pairs of locations of 1’s, we have

Â =




0 1 0 0 1 0
0 0 0 1 0 1
1 0 0 1 0 0
0 0 0 0 0 0
0 1 1 0 0 1




=⇒

ŵ[0] = (0, 1)
ŵ[1] = (0, 4)
ŵ[2] = (1, 3)
ŵ[3] = (1, 5)
ŵ[4] = (2, 0)
ŵ[5] = (2, 3)
ŵ[6] = (4, 1)
ŵ[7] = (4, 2)
ŵ[8] = (4, 5)

Notice that this representation requires us to store 18 values. This is a decrease from the 30 that are
required for the original Â, but we can optimize even further. If we use the row number as the index of an
array, we only need to store the columns containing a 1. If x̂ is an array representing Â, then

x̂[0] = {1, 4}
x̂[1] = {3, 5}
x̂[2] = {0, 3}
x̂[3] = empty
x̂[4] = {1, 2, 5}

We have reduced our number of stored values from 18 to 9, which is exactly the number of 1’s in Â. If
we follow the same procedure for A, the number of values drops from 22,020,096 to 23,552. That is a
decrease of approximately 99.89% from a brute-force implementation. Even though we have a compact
version of A, we still must check to make sure it meets our needs for the algorithm. Besides the parity
check in (5), the only other main use of A is in (1) and (2), the derivation of M and N .

ObtainingN is trivial. Let’s say N̂ is the result of applying (2) to Â. We can see that N̂0 = {1, 4}. We
can obtain the same result by accessing x̂[0]. A simple array lookup in x̂ provides us with the information
needed for both N̂m and N̂m,n.

FindingM is not as easy, at least not with our current data structure for A. Since we are only focusing
on representing A by its rows, we have a harder time accessing a given column. A complex function can be
written to emulate (1) and findM on a row-by-row basis, but such a function would dramatically increase
the complexity of each algorithm loop. The way we solve this is by splitting our representation of A into
two parts: one for the rows, and one for the columns. If we apply this and have the array x̂1 indexed by
the rows of Â and the array x̂2 indexed by the columns of Â, then we have

x̂1[0] = {1, 4}
x̂1[1] = {3, 5}
x̂1[2] = {0, 3}
x̂1[3] = empty
x̂1[4] = {1, 2, 5}

x̂2[0] = {2}
x̂2[1] = {0, 4}
x̂2[2] = {4}
x̂2[3] = {1, 2}
x̂2[4] = {0}
x̂2[5] = {1, 4}

We have now doubled the number of elements that were in our compact version of Â. That puts the
number of values needed to store A at 47,104, but this is still an approximately 99.79% decrease from
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the brute-force method. All of the necessary information is still in the new data structure, but we have
something that takes up little space and can be processed very quickly.

CHECK NODE MATRIX

The check node matrix η holds vital information for each iteration of the decoding algorithm. We can
see in (3) that the only values in η we operate on are those that correspond to the locations of the 1’s
within A. Knowing this, we can start with our efficient representation of A as a base for η.

Examining (3), we notice that each value in η is the result of the tanh−1(·) operation multiplied by a
scalar, and therefore must be a floating point number. Combining that with our knowledge of the relation-
ship between η and A, we can create a single data structure containing all the important code information.
If every value within our array representation of A is paired with a floating point value, we then have a rep-
resentation for η. For instance, let’s reuse our example parity check matrix Â to show this new structure.
If ŷ1 and ŷ2 are arrays representing η̂, and if η̂m,n is the floating point value in η̂ at (m,n), then

Â =




0 1 0 0 1 0
0 0 0 1 0 1
1 0 0 1 0 0
0 0 0 0 0 0
0 1 1 0 0 1




=⇒

ŷ1[0] = {(1, η̂0,1), (4, η̂0,4)}
ŷ1[1] = {(3, η̂1,3), (5, η̂1,5)}
ŷ1[2] = {(0, η̂2,0), (3, η̂2,3)}
ŷ1[3] = empty
ŷ1[4] = {(1, η̂4,1), (2, η̂4,2), (5, η̂4,5)}

ŷ2[0] = {(2, η̂2,0)}
ŷ2[1] = {(0, η̂0,1), (4, η̂4,1)}
ŷ2[2] = {(4, η̂4,2)}
ŷ2[3] = {(1, η̂1,3), (2, η̂2,3)}
ŷ2[4] = {(0, η̂0,4)}
ŷ2[5] = {(1, η̂1,5), (4, η̂4,5)}

Obviously there is some redundancy introduced by storing each floating point value twice. After re-
examining (3), the values of η can be updated either row-by-row or column-by-column. Since both meth-
ods will give us the exact same result, we can discard one of the sets of floating point values. In this paper,
we remove the floating point values from the column representation, leaving our final representation of η̂
as

ŷ1[0] = {(1, η̂0,1), (4, η̂0,4)}
ŷ1[1] = {(3, η̂1,3), (5, η̂1,5)}
ŷ1[2] = {(0, η̂2,0), (3, η̂2,3)}
ŷ1[3] = empty
ŷ1[4] = {(1, η̂4,1), (2, η̂4,2), (5, η̂4,5)}

ŷ2[0] = {2}
ŷ2[1] = {0, 4}
ŷ2[2] = {4}
ŷ2[3] = {1, 2}
ŷ2[4] = {0}
ŷ2[5] = {1, 4}

(6)

This addition of a second array in the data structure of η provides us with all we need to discard A
from processing. After the arrays y1 and y2 have been initialized from A, we can completely remove A
from memory for the current decode operation.

BIT NODE VECTOR

Similarly to the check node matrix η, the bit node vector λ holds valuable information for the decoder.
After initialization, λ contains the product of the received vector and a scalar. The received vector is
modulated using binary phase-shift keying (BPSK) and therefore contains floating point values. We see
in (4) that we are required to store something for every value of n in λn. Because of that, we cannot do
much to optimize our representation of λ. In this paper we represent λ using an array of floating point
numbers, which allows us easy access to elements.
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HASKELL IMPLEMENTATION

In this paper, we do not intend to teach Haskell, nor do we provide all of the code used in our model.
Our intent is to provide a distant view of the code in order to focus on the architecture of the implementa-
tion. The Haskell language itself is described in great detail in [2], as well as numerous websites.

Storing the Check Node Matrix, η

data EtaMatrix =
EtaMatrix (Int,Int) (Array Int [(Int,Float)]) (Array Int [Int])

To start, the structure for η contains a pair of integers that hold the number of rows and columns in
the matrix A. These values are mainly used for indexing purposes. As mentioned previously, our data
structure for η consists of two very large arrays. Every location of each array contains a list, something
very trivial to store and process in Haskell.

The first array corresponds to y1. It is indexed by the rows of η (and therefore A), and each location
contains a list of tuples3. The first element of the tuple is an integer that holds the column number within η.
The second element of the tuple is the actual floating point value we are concerned with for its (row,
column) pair in η.

The second array corresponds to y2. It is indexed by the columns of A, and each location contains a
list of integers of row values for each column.

Storing the Bit Node Vector, λ

newtype Signal a = Signal (Array Int a)

For λ, we use a more general structure. Since it only contains an array of floating point values, we can
name a data type called Signal that holds an arbitrary type a. This allows us to use the same data type
for ĉ, as it contains an array of integers.

Updating the Check Node Matrix

updateEta :: Signal Float -> EtaMatrix -> EtaMatrix

Above is the type definition for the function updateEta, which is our implementation of (3). The
function takes a Signal Float (λ[l−1]) as well as an EtaMatrix (η[l−1]), and returns an EtaMatrix
(η[l]). The code for updateEta can be found in the Appendix.

To perform the operations shown in (3) in a typical imperative programming language, one would
likely use something like nested loops. These loops can become complicated, mostly because there are so
many things to keep track of. Haskell removes some of this complexity with its built-in functionality. Lists
and tuples are basics in Haskell, and operations such as map, product, zip, and list comprehensions
allow easy processing of those basics. Access to N is made easy by our storage of the information in η as
lists.

3A tuple is a basic structure in Haskell that can contain multiple types of data.
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Updating the Bit Node Vector

updateLam :: EtaMatrix -> Signal Float -> Signal Float

Above is the type definition for the function updateLam, which is our implementation of (4). The
function takes an EtaMatrix (η[l]) and a Signal Float (Lcr), and returns a Signal Float (λ[l]).
The code for updateLam can be found in the Appendix.

In this function we make use of the built-in sum, as well as list comprehensions. Access toM is made
easy by our storage of the information in η as lists.

Performing the Parity Check

eMatMultSigMod2 :: (Num a, Integral a) =>
EtaMatrix -> Signal a -> Signal a

The above function takes an EtaMatrix (η[l]) and a Signal a (ĉ), returning a Signal a (the
product vector, p). The code for eMatMultSigMod2 can be found in the Appendix.

What we actually need for this function is A instead of η, but since A’s information is embedded in η,
we can use it. This function represents the main operation in (5), the matrix multiplication (mod 2). Since
we are working with a parity check matrix, the operation can be performed using the following steps.

1. For row i in A, find the columns containing 1’s.

2. Grab only the locations in ĉ with the results from the previous step as the indexes.

3. Sum up the values from the previous step, apply (mod 2), and store the result in pi.

The first step is easily accomplished using the y1 array, the second step is a combination of array
lookups, and the third step is done using sum and mod. Once p is created, another call to sum lets us
know if the parity check has passed.

MODEL ACCURACY

In order for us to conclude that our implementation of the decoding algorithm was correct, we com-
pared it to a working model. The model given (built in MATLAB) was simulated over varying values of
the signal-to-noise ratio (SNR). In the simulation, the maximum number of decode iterations was set to
200, and a random frame was encoded, mixed with noise (according to the particular SNR), and decoded.
This was done 512 times for each SNR value, and the bit errors and frame errors were recorded.

To test our implementation, we ran the same simulation but replaced the MATLAB decoder with our
Haskell version. Figure 1 shows the results of the simulation. These results very closely resemble those
in [4], which tells us that our decoder works properly.
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Figure 1: Simulated Performance of LDPC Code with Rate 2/3 and Block Length of 4096

CONCLUSIONS / RELATED WORK

We have successfully modeled an LDPC decoder in the functional programming language Haskell.
We explored the capabilities of the language along with its powerful compiler to create a fairly efficient
representation. We can now use our Haskell LDPC decoder in an attempt to take a simulation-like rep-
resentation of a system and generate hardware from it. Along the way, we developed data structures that
can be used for this algorithm in a traditional hardware design process. Once we get working hardware
implementations from both methods, we can compare the two in order to see if our new method is advan-
tageous.
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APPENDIX

A. Update Function for the Check Node Matrix

updateEta :: Signal Float -> EtaMatrix -> EtaMatrix
updateEta lamPrev etaPrev =

EtaMatrix
(r, c)
(array (0,r-1)
[(i,(zip (etaPrev &#@ i) (helpUpdate i))) | i <- [0..(r-1)]])

(array (0,c-1)
[(i,(etaPrev &#@\ i)) | i <- [0..(c-1)]])

where
r = eMatRows etaPrev
c = eMatCols etaPrev
helpUpdate m =
[(-2) * (atanh (product (map tanh (
[((lamPrev $@ j) - (etaPrev &@@ (m,j))) / (-2)
| j <- (fNmn etaPrev (m,n))]))))

| n <- (etaPrev &#@ m)]

B. Update Function for the Bit Node Vector

updateLam :: EtaMatrix -> Signal Float -> Signal Float
updateLam eta lcr =

Signal
(array (0,(sigLen lcr)-1)
[(n, ((lcr $@ n) + (sum [(eta &@@ (m,n)) | m <- (fMn eta n)])))
| n <- [0..(sigLen lcr)-1]])

C. Multiplication Function for the Parity Check

eMatMultSigMod2 :: (Num a, Integral a) =>
EtaMatrix -> Signal a -> Signal a

eMatMultSigMod2 em s =
Signal
(array (0,(eMatRows em)-1)
[(i,(mod (sum (sigAtIdxs s (em &#@ i))) 2))
| i <- [0..(eMatRows em)-1]])
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ABSTRACT

We consider the performance of low-density parity-check (LDPC) codes, turbo codes and
convolutional codes over the binary-input AWGN channel with flat Rayleigh fading. LDPC
and turbo codes are capacity-approaching codes for long codewords. For short and medium
codewords we seek to determine if they still outperform the industry-standard memory-6,
rate-1/2 convolutional code. For a fixed SNR, the probability of error for the codes of
interest are plotted as a function of codelength. We find that for very short codewords, the
convolutional code performs best.

1. INTRODUCTION

LDPC and turbo codes are known to be capacity-approaching codes for long codewords.
As the length of the codeword is decreased, the performance gain over a convolutional code
is reduced. We consider these three classes of channel codes on the binary-input AWGN
channel with flat Rayleigh fading. For various codelengths we are interested in determining
which code class performs best. Results show that for very short codewords (lengths n =
408 or shorter), the convolutional code outperforms the LDPC and turbo code.

Section II describes the system models used in the simulations. Section III provides details
of the channel codes used in this study. Section IV presents simulation results and Section
V concludes the paper.

2. SYSTEM MODELS

Figure 1 depicts the system model used in our simulations. The three channel codes used
were convolutional, LDPC and turbo. The interleavers for the various code lengths were
designed using the “S-random” design algorithm [1]. Interleaving is done to help mitigate
correlated fading. The channel model assumed here is the binary-input AWGN channel with
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flat Rayleigh fading. Specifically, the model used is the slowly varying flat fading channel
with a coherent receiver.

A bandpass signal can be expressed as

s(t) = Re
[
g(t)ej2πfct

]
, (1)

where g(t) is the complex envelope and fc is the carrier frequency. When a signal is broadcast
from a transmitter, it undergoes multipath fading due to reflections as well as Doppler
broadening if there is motion between the transmitter and receiver. For relative velocity v,
wavelength λ and angle of incidence θn(t), the Doppler frequency is expressed as

fD,n(t) =
v

λ
cos θn(t) = fm cos θn(t). (2)

As a result, the received signal will be the summation of different paths. For N paths, the
signal is expressed as

x(t) =
N∑
n=1

αn(t)s(t− τn(t)) = Re

[
N∑
n=1

αn(t)e−jφn(t)g(t− τn(t))ej2πfct

]
, (3)

where τn(t) are the time varying delays for the different paths and

φn(t) = 2π {[fc + fD,n(t)]τn(t)− fD,n(t)t} . (4)

From equation (3), the baseband equivalent channel impulse response can be written as

c(τ, t) =
N∑
n=1

αn(t)e−jφn(t)δ(t− τn(t)), (5)

and the complex envelope of x(t) as

x̂(t) =
N∑
n=1

αn(t)e−jφn(t)g(t− τn(t)). (6)

Because the path delays due to the reflections are randomly changing with time, a random
process may be used to model the channel response c(τ, t). If there is no line-of-sight path,
the process is zero mean and the envelope |c(τ, t)| of the channel response has a Rayleigh
distribution expressed as

pα(x) =
2x

Ω
ex

2/Ω forx ≥ 0, (7)

where Ω = E{α2} is the average power of the impulse response. From the channel impulse
response c(τ, t), it can be seen that the signal will undergo fading. The sum of the N paths
will add up constructively or destructively as the phase φ(t) varies randomly with time for
each path.
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Figure 1. A block diagram of the system model.

A flat fading channel is frequency non-selective, meaning that all frequencies in the signal
are affected identically. The multiplicative form of the model seen if Figure 1 comes from
this fact. A channel is slowly varying if the fading is slow with respect to the duration of a
single channel symbol. For this type of channel, amplitude attenuation and phase distortion
are essentially constant during a symbol interval. Coherent detection can be implemented
to remove phase distortion due to drift of the carrier. The resulting discrete-time channel
model is expressed as

rk = αksk + nk

where sk ∈ {±1} is a channel symbol conveying one code bit, αk is the random amplitude
distortion and nk is noise. The random variables αk are Rayleigh distributed and can be
generated using various methods. Here we use the Jakes simulator [3]. It produces corre-
lated Rayleigh fading by modeling a multipath environment as a sum of sinusoids. For our
simulations correlation is maintained for 1× 1012 bits. The parameter fmT is often used to
describe this type of fading. The maximum Doppler frequency shift is fm and T is the chan-
nel symbol interval. Smaller values of fmT correspond to worse channel conditions [2], [3].
Here we use fmT = 0.004. Figure 2 is a plot of the autocorrelation function for the output
of the Jakes simulator.

3. CODE SIMULATIONS

3.1. Convolutional Code

The convolutional code used was the industry standard rate-1/2, memory-6 code. The
generator polynomials for this code are g(1)(D) = 1 + D + D3 + D4 + D6 and g(2)(D) =
1 + D3 + D4 + D5 + D6. For decoding, the BCJR algorithm was used because for short
codelength it is superior to the Viterbi algorithm in terms of bit error rate at the end of the
codeword. Details of this algorithm can be found in many sources so a description is not
given here [4], [5].

3.2. LDPC Code

The codes used were rate-1/2, regular LDPC codes available from the MacKay repository [6],
the most well-known repository of LDPC codes available. Codewords are transmitted in
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Figure 2. Autocorrelation function Jakes simulator output for fmT = 0.004.

bipolar form to model BPSK modulation, where zeros are mapped to +1 and ones to −1.
The corrupted bits were decoded using the min-sum-with-correction algorithm described
below [4].

The decoder uses the code’s parity check matrix H as a blueprint for decoding. That is, the
decoder is based on a Tanner graph, which is a bipartite graph whose adjacency matrix is
H. The two sets of nodes are the check nodes (CNs) corresponding to rows of H and variable
nodes (VNs) corresponding to columns of H. An (n, k) code will have n VNs and k CNs
in its Tanner graph representation. A one in row i and column j of H corresponds to a
connection between VN j and CN i.

Let VNs be indexed by j and CNs by i. Initialization of the decoder begins with the
computation of log-likelihood ratios (LLRs) from the channel samples y. Lj is the LLR
computed from channel sample yj as

Lj = L(vj|yj) =
2αjyj
σ2

, (8)

where αj is a Rayleigh RV and σ2 is the noise variance of the channel, both assumed known
by the decoder. Following initialization, VN-to-CN messages may be computed as

Lj→i = Lj +
∑
i′ 6=i

Li′→j. (9)
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CN-to-VN messages are computed as

Li→j = �
j′ 6=j

Lj′→i (10)

where L1 � L2 is a representation of

L1 � L2 = sign(L1)sign(L2)[min(|L1|, |L2|) + s(|L1|, |L2|)]. (11)

The term s(x, y) is the ‘correction’ term

s(x, y) = log
(
1 + e−|x+y|)− log

(
1 + e−|x−y|

)
. (12)

If the correction term in equation (11) is set to zero, the algorithm is the min-sum algorithm.
Code bit decisions are made based on the signs of the total LLRs. That is, for j = 0, 1, ..., n−1

Ltotalj = Lj +
∑
i

Li→j. (13)

The decoder decides 1 if Ltotalj < 0 and 0 otherwise. Let v be the vector that holds code
bit decisions. At this point, if vHT = 0, a codeword has been found and decoding stops;
otherwise messages are computed again. Iterations proceed in this fashion until a codeword is
found or a maximum number of iterations is reached [4]. For our simulations, the maximum
was set to 100.

3.3. Turbo Code

The turbo codes used were parallel concatenated convolutional codes (PCCCs). The con-
stituent codes are identical memory-4, rate-1/2 recursive systematic convolutional (RSC)
codes with generator matrix G(D) = [1 g(2)(D)/g(1)(D)] where g(1)(D) = 1 + D + D4 and
g(2)(D) = 1 + D + D3 + D4. The nominal rate of this turbo code is 1/3 as each RSC en-
coder will produce a parity bit for a single input bit. Let u denote systematic data and u′

denote permuted systematic data. Then p will be the parity produced from encoding u and
q will be the parity produced from encoding u′. The codeword consists of u, p and q. In
order to obtain the desired rate of 1/2, the even parity bits are punctured (deleted) prior to
transmission.

The turbo decoder consists of two soft-in/soft-out (SISO) BCJR decoders and an S-random
interleaver. The BCJR decoders are matched to the RSC codes used at the encoder. Also,
the decoder has the same interleaver and de-interleaver used at the encoder. The received
systematic data, yu, its corresponding parity yp, and extrinsic data L2→1 are input to the
first decoder (D1). Initially L2→1 is zero as the companion decoder hasn’t executed yet. The
input to the second decoder (D2) is yu′ , yq and the extrinsic data L1→2 produced by D1. yu′

is obtained by interleaving yu. The decoders continue to iterate until a maximum number
of iterations or some other stopping criterion is reached. We set the maximum number of
iterations to 15.

Code bit decisions are made based on the sign of the total LLRs where the total is computed
by adding extrinsic information produced from both decoders and the likelihood information
received directly from the channel [4], [5].
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Figure 3. Rate-1/2, n = 204 codes over the flat Rayleigh fading channel for fmT = 0.004.

4. RESULTS

For various codelengths, bit error probabilities for the three different channel codes were
plotted as a function of E{α2}Eb/N0, the average Eb/N0. Table 1 lists the code parameters
for the various codes where the notation is R(n, k). n is the codelength, k is the information
length and R is the code rate. The results for the n = 204 codes over the flat Rayleigh fading
channel are shown in Figure 3. In this plot we see that the convolutional and turbo codes
perfrom similarly and the LDPC code has the highest Pe(bit). For comparison, the results
for the AWGN channel with no fading are shown in Figure 4. Over this channel the LDPC
code has the highest Pe(bit) and the turbo code does the best. Similarly, Figure 5 shows
the Rayleigh channel results for the n = 504 codes on the fading channel and Figure 6 is the
corresponding AWGN channel results. In Figures 5 and 6 both show that for larger channel
SNRs the LDPC and turbo codes do best with the turbo code attaining the lowest Pe(bit).

Table 1. Parameters for Convolutional, Turbo and LDPC Codes Used
0.5(204, 102)
0.5(408, 204)
0.5(504, 255)
0.5(816, 408)
0.5(1008, 504)

We are interested in comparing the performance of the three code types for varying code-
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Figure 4. Rate-1/2, n = 204 codes over the AWGN channel.
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Figure 5. Rate-1/2, n = 504 codes over the flat Rayleigh fading channel for fmT = 0.004.
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Figure 6. Rate-1/2, n = 504 codes over the AWGN channel.

lengths. For a fixed average channel SNR, Pe(bit) was plotted as a function of codelength.
Figure 7 is a plot of the results for average channel SNR of 11 dB and fmT = 0.004. Figure 8
is a plot of the results for average channel SNR of 12 dB and fmT = 0.004. From Figure 8
it can be seen that for very short codelengths, the convolutional code and turbo code have
similar performance and the LDPC code is worse. For n = 408, all three codes have ap-
proximately the same performance with Pe(bit) ≈ 3× 10−4. For n = 504 and greater, the
turbo and LDPC codes achieve a lower Pe(bit) than the convolutional code. The larger the
codelength, the greater the discrepancy between the convolutional code and the turbo and
LDPC codes. The performance of the convolutional code improves as the codelength is made
larger, but this gain is small compared to the improvement achieved by the LDPC and turbo
codes of the same length. From Figure 8 it can be seen that the turbo code outperforms the
LDPC code. The LDPC codes considered here were not optimized (in particular they were
regular) and this explains why they are inferior to turbo codes in Figure 8.

5. CONCLUSION

Results show that for all but very short codelengths, n = 204 and 408, the turbo and LDPC
codes outperform the convolutional code on the channel considered here. It was seen that as
the codelengths were increased, the gap in performance between the convolutional code and
the turbo and LDPC codes increases as well. Further work could examine other channels,
such as the frequency selective fading channel.
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Abstract

In this paper, we give necessary and sufficient conditions for low-density parity-check (LDPC) codes with
column-weight four to correct three errors when decoded using hard-decision message-passing decoding. We
then give a construction technique which results in codes satisfying these conditions. We also provide numerical
assessment of code performance via simulation results.

I. INTRODUCTION

First introduced by Gallager [1], LDPC codes have been the focus of intense research in the past
decade and many of their properties are now well understood.The iterative decoding algorithms for
LDPC codes have been analyzed in detail, and asymptotic performance results have been derived [2].
However, estimation of frame-error-rate (FER) for iterative decoding of finite-length LDPC codes is still
an unsolved problem. A special case of interest is the performance of iterative decoding at high signal-
to-noise ratio (SNR). At high SNRs, a sudden degradation in the performance of iterative decoders has
been observed [3], [4]. This abrupt change manifested in theFER curve is termed as an “error-floor.”

The error-floor problem is well understood for iterative decoding over the binary erasure channel
(BEC) [5]. Combinatorial structures called “stopping sets” were used to characterize the FER for iterative
decoding of LDPC codes over the BEC. It was established that decoding failure occurs whenever all
the variables belonging to stopping sets are erased. Tianet al. [6] used this fact to construct irregular
LDPC codes that avoid small stopping sets thus improving theguaranteed erasure recovery capability
of codes under iterative decoding, and hence improving the error-floors. As in the case of BEC, a
strong connection has been found between the existence of low-weight uncorrectable error patterns and
error-floors for additive white Gaussian noise (AWGN) channels and binary symmetric channels (BSC)
(see [4] and [7]). Hence, studying the guaranteed error correction capability of codes under iterative
decoding is important in the context of characterization and improvement of the performance of iterative
decoding strategies.

In the past, guaranteed error correction has been approached from the perspective of the decoding
algorithm as well as from the perspective of code construction. Sipser and Spielman [8] used expansion
arguments to derive sufficient conditions for the parallel bit-flipping algorithm to correct a fraction
of errors in codes with column-weight greater than four. Burshtein [9] proved that for large enough
lengths, almost all codes with column-weights greater thanor equal to four can correct a certain fraction
of errors under the bit-flipping algorithm. Burshtein and Miller [10] derived the sufficient conditions
for message-passing decoding to correct a fraction of errors for codes of column-weight greater than
five. However, these proofs were not constructive, i.e., no explicit code construction which satisfied the
sufficient conditions was provided. Moreover, the code-lengths required to guarantee the correction of
a small number of errors (say3) is very high . Also, these arguments cannot be extended for message-
passing decoding of codes with column-weight three or four.

E-mail: {ananthak, shashic, vasic, marcellin}@ece.arizona.edu
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In order to construct codes with good error correcting properties under iterative decoding, progressive
edge growth (PEG) [11] and constructions based on finite geometries [12] have been used. However,
codes constructed from finite geometries typically have very high column-weight. Although, it has
been proved that minimum distance grows at least linearly for codes constructed using PEG, no results
proving guaranteed error correction under iterative decoding exist for these codes.

In this work, we derive the necessary and sufficient conditions for the correction of three errors in
four iterations of message-passing decoding of column-weight-four codes. We provide a modified PEG
construction which yields codes with such error-correction capability.

The remainder of the paper is organized as follows: We establish the preliminaries of the work in
Section II. The necessary and sufficient conditions for the correction of three errors in column-weight-
four codes are derived in Section III. In Section IV, we describe a technique to construct codes satisfying
the conditions of the theorem and provide numerical results. We conclude with a few remarks in Section
V.

II. PRELIMINARIES

In this section, we first describe the Tanner graph representation of LDPC codes. Then, we establish
the notation that will be used throughout this paper. Finally, we describe the hard-decision message-
passing algorithm that will be used for decoding.

A. Notation

The Tanner graph of an LDPC code,G(V, C), is a bipartite graph with two sets of nodes:V , the
variable (bit) nodes andC, the check (constraint) nodes. Every edgee in the bipartite graph is associated
with a variable nodev and a check nodec. The check nodes (variable nodes, respectively) connected
to a variable node (check node, respectively) are referred to as its neighbors. The degree of a node is
the number of its neighbors. In a(γ, ρ)-regular LDPC code, each variable node has degreeγ and each
check node has degreeρ. The girth g is the length of the shortest cycle inG. Let S ⊂ V such that
|S| = y. If for all choices ofS, there are at leastz neighbors ofS in C, then we say that they → z
condition is satisfied. In this paper,• represents a variable node,� represents an even-degree check
node and� represents an odd-degree check node.

B. Hard-Decision Decoding Algorithm

Let r = [r(1), r(2), . . . , r(n)], a binaryn-tuple, be the input to the message-passing decoder. Let
v ∈ V be a variable node withr(v) as its corresponding bit andc ∈ C be a check node neighboring
v. Let ωj(v, c) denote the message thatv sends toc in the first half of thejth iteration andωj(c, v)
denote the message thatc sends tov in the second half of thejth iteration.

Additionally, let ωj(v, :) be the set of all messages from a variablev to all its neighboring checks in
the first half of thejth iteration. Letωj(v, : \c) be the set of all messages that a variable nodev sends
to all its neighboring checks exceptc in the first half of thejth iteration. Letωj(:, v) be the set of all
messages received byv from all its neighboring in the second half of thejth iteration. Letωj(: \c, v)
be the set of all messages received byv from all its neighboring check nodes exceptc in the second
half of thejth iteration.ωj(c, :), ωj(c, : \v), ωj(:, c) andωj(: \v, c) are defined similarly.

The Gallager algorithms [1] can be defined as follows: The forward messages,ωj(v, c) (from variables
to checks), are defined as

ωj(v, c) =







r(v), if j = 1
m, if |{c′ : c′ 6= c, ωj−1(c

′, v) = m}| ≥ bv,j

r(v), otherwise
(1)
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where |{c′ : c′ 6= c, ωj−1(c
′, v) = m}| refers to the total number of messages which are of the value

m ∈ {0, 1}. The backward messages,ωj(c, v) (from checks to variables), are defined as

ωj(c, v) =





∑

mj∈ωj(c,:\v)

mj



mod 2. (2)

At the end of each iteration, an estimate of each variable node is made based on the incoming
messages and possibly the received value. The decoder is rununtil a valid codeword is found or until
a maximum number of iterations, sayD, is reached, whichever is earlier.

In Eqn. (1),bv,j is a threshold which is generally a function of the iterationnumber,j, and the degree
of the variablev. In this paper, we usebv,j = 3 for all v when1 ≤ j ≤ 3 and bv,j = 2 for all v when
j ≥ 4.

Remark: We note that Eqns. 1 and 2 then correspond to the Gallager-B algorithm [1]. For the Gallager-
A algorithm [1], bv,j = γv − 1, for all j, whereγv is degree of variable nodev.

A Note on the Decision Rule: Different rules to estimate a variable node after each iteration are
available, and it is likely that changing the rule after a certain number of iterations may be beneficial.
However, the analysis of such scenarios is beyond the scope of this paper. Throughout the paper, we
use the following decision rule: if all incoming messages toa variable node from neighboring checks
are equal, set the variable node to that value; else set it to its received value.

III. M AIN RESULT

The main result of this paper is summarized as follows:
Theorem 1: An LDPC code with column-weight four and girth six can correct three errors in four

iterations of message-passing decoding if and only if the conditions,4 → 11, 5 → 12, 6 → 14, 7 → 16
and8 → 18 are satisfied.

Remark: It is worth noting that if a graph of girth six satisfies the4 → 11 condition, then it satisfies
the 5 → 12 condition as well. However, the addition of this extra constraint aids in the proof of the
theorem.

Proof: First, we prove the sufficiency of the conditions of Theorem 1.
Let V 1 := {v1

1, v
1
2, v

1
3} be the three erroneous variables. LetC1 be the set of checks that are connected

to the variables inV 1. The variables inV 1 can induce only one of the five subgraphs shown in Fig. 1.
We prove that in each case, the decoding algorithm convergesto the correct codeword in four iterations.
For the sake of compactness, we give the proof only for subgraphs 1 and 2, and omit the proof for the
other subgraphs.

Subgraph 1: The variables inV 1 induce the subgraph shown in Fig. 1(a). At the end of the first
iteration,ω1(:, v) = {0} for all v ∈ V 1. Moreover, no variable receives four incorrect messages after
the first iteration as the existence of such a variable node would create a four-cycle. If a decision is
made after the first iteration, the decoder is successful.

Subgraph 2: The variables inV 1 induce the subgraph shown in Fig. 1(b). At the end of the first
iteration:

ω1(c, v) =







1 if c ∈ C1\{c1
4}, v /∈ V 1

1 if c = c1
4, v ∈ {v1

1, v
1
2}

0 otherwise.
(3)

For nov ∈ V \V 1, ω1(:, v) = {1} as it would introduce a four-cycle. For anyv /∈ V 1, ω2(v, c) = 1 only
if ω1(: \c, v) = {1}. This implies thatv is connected to three checks inC1\{c1

4}. Let V 2 denote the
set of such variables. We have the following lemma:
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(a)

(b) (c)

(d) (e)

Fig. 1. All the possible subgraphs that can be induced by three variable nodes in a column-weight-four code.

Lemma 1: There can be at most three variables inV 2. Furthermore, no two variable nodes inV 2

share any check in the setC\C1.
Proof: Let V 2 = {v2

1, v
2
2, v

2
3, v

2
4}. Then the set of variable nodesV 1

⋃

V 2 has at most 15 neighboring
checks. This violates the7 → 16 condition. Hence,V 2 can have at most three variables. Next, let
v2
1, v

2
2 ∈ V 2. Suppose they share a fourth checkc. Sincev1

3 can share at most two checks withv2
1 and

v2
2, assume thatc1

10 and c1
11 are not neighbors ofv2

1, v2
2 . The neighbors of the variable nodes in the

set{v1
1, v

1
2, v

2
1, v

2
2} all belong to the set{c1

1, . . . , c
1
9}
⋃

{c2
1} which has cardinality 10, thus violating the

4 → 11 condition.
Let the fourth neighboring checks ofv2

1, v2
2 andv2

3 bec2
1, c2

2 andc2
3, respectively. LetC2 = {c2

1, c
2
2, c

2
3}.

In the second iteration:

ω2(v, c) =







1 if v ∈ {v1
1, v

1
2}, c 6= c1

4

1 if v ∈ V 2, c ∈ C2

0 otherwise
(4)

ω2(c, v) =







1 if c ∈ {c1
1, c

1
2, c

1
3, c

1
5, c

1
6, c

1
7}, v ∈ V 1

1 if c ∈ C2, v /∈ V 2

0 otherwise.
(5)

For all v ∈ V 1, ω2(:, v) = {0}. For nov ∈ V 2, ω2(:, v) = {1}. We now have the following lemma:
Lemma 2: There exists no variablev /∈ V 1

⋃

V 2 such thatω2(:, v) = {1}.
Proof: The proof is by contradiction. Letv /∈ V 1

⋃

V 2 such thatω2(:, v) = {1}. Then, v is
connected to four checks in{c1

1, c
1
2, c

1
3, c

1
5, c

1
6, c

1
7}
⋃

C2. Note that only two neighbors ofv can belong
to {c1

1, c
1
2, c

1
3, c

1
5, c

1
6, c

1
7} without introducing a four-cycle. This combined with the fact that there are at

most three variable nodes inV 2 implies that there are only two cases:
(a) v has two neighbors in{c1

1, c
1
2, c

1
3, c

1
5, c

1
6, c

1
7} and two neighbors inC2, say c2

1 and c2
2. In this case,

the set of variable nodesV 1
⋃

{v2
1, v

2
2, v} has13 check nodes, violating the6 → 14 condition.
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(b) v has one neighbor in{c1
1, c

1
2, c

1
3, c

1
5, c

1
6, c

1
7} and three neighbors inC2. In this case, the set of

variable nodesV 1
⋃

V 2
⋃

{v} has14 check nodes, violating the7 → 16 condition.
Hence, if a decision is made after the second iteration, the decoder is successful.

The proof of correct decoding for subgraphs 3-5 is similar tothat of subgraphs 1 and 2.
Next, we prove the necessity of the conditions of the theorem. We prove this by giving subgraphs

which violateone condition and are not successfully decoded in four iterations. Since the validity of
these claims can be checked easily, a detailed proof is omitted.

Necessity of the 4 → 11 condition
Consider the subgraph shown in Fig. 2. In this case, the4 → 11 condition is not satisfied and the

errors are not corrected at the end of the fourth iteration. Hence, in order to guarantee the correction
of three errors in four iterations, the4 → 11 condition must be satisfied.

Fig. 2. A 4 → 10 subgraph.

Necessity of the 5 → 12 condition
There exists no graph of girth six which satisfies the4 → 11 condition but does not satisfy the

5 → 12 condition.
Necessity of the 6 → 14 condition
Consider the graph shown in Fig. 3. The graph shown satisfies the4 → 11 and the5 → 12 conditions

but not the6 → 14 condition. The errors are not corrected in four iterations.Hence, in order to guarantee
the correction of three errors in four iterations, the6 → 14 condition must be satisfied.

Fig. 3. A 6 → 13 subgraph.
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Necessity of the 7 → 16 condition
Consider the graph shown in Fig. 4. The graph shown satisfies the 4 → 11, 5 → 12 and the6 → 14

conditions, but not the7 → 16 condition. The errors are not corrected at the end of the fourth iteration.
Hence, in order to guarantee the correction three errors in four iterations, the7 → 16 condition must
be satisfied.

Fig. 4. A 7 → 15 subgraph.

Necessity of the 8 → 18 condition
Consider the graph shown in Fig. 5. The graph shown satisfies the 4 → 11, 5 → 12, 6 → 14 and

the 7 → 16 conditions, but not the8 → 18 condition. The errors are not corrected at the end of the
fourth iteration. Hence, in order to guarantee the correction of three errors in four iterations, the8 → 18
condition must be satisfied.

Fig. 5. A 8 → 17 subgraph.

In this section, we proved necessary and sufficient conditions to guarantee the correction of three
errors in column-weight-four codes using an iterative decoding algorithm. By analyzing the messages
being passed in subsequent iterations, it may be possible toget smaller bounds on the number of check
nodes required in the “small” subgraphs. However, we hypothesize that the size of subgraphs to be
avoided would be larger.
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IV. NUMERICAL RESULTS

In this section, we describe a technique to construct codes with column-weight four that can correct
three errors. Codes capable of correcting a fixed number of errors show superior performance on the
BSC at low values of transition probabilityα. This is because the slope of the FER curve is related to
the minimum critical number [14]. A code which can correcti errors has minimum critical number at
leasti + 1 and the slope of the FER curve isi + 1. We restate the arguments from [14] to make this
connection clear.

Let α be the transition probability of a BSC andck be the number of configurations of received bits
for which k channel errors lead to codeword (frame) error. The frame error rate (FER) is given by:

FER(α) =
n
∑

k=i

ckα
k(1 − α)(n−k)

wherei is the minimal number of channel errors that can lead to a decoding error andn is length of
the code.

On a semi-log scale the FER is given by

log (FER(α)) = log

(

n
∑

k=i

ckα
k(1 − α)n−k

)

= log(ci) + i log(α) + log
(

(1 − α)n−i
)

+ log

(

1 +
ci+1

ci

α(1 − α)−1 + . . . +
cn

ci

αn−i(1 − α)−i

)

.

For smallα, the expression above is dominated by the first two terms. That is,

log (FER(α)) ≈ log(ci) + i log(α).

The log(FER) vs. log(α) graph is close to a straight line with slope equal toi, the minimal critical
number. If two codesC1 andC2 have minimum critical numbersi1 and i2, such thati1 > i2, then the
codeC1 will perform better thanC2 for small enoughα, independent of the number of trapping sets.

Code Construction

The construction of column-weight-four codes with a guaranteed error correction capability involves
ensuring expansion on subsets of variable nodes as discussed above. This can be done only in time
which grows exponentially with the length of the code. Hence, we consider the4 → 12 condition rather
than the necessary and sufficient conditions discussed in Section III. It can be shown that the4 → 12
condition is sufficient for the4 → 11, 5 → 12, 6 → 14, 7 → 16 and the8 → 18 conditions. There are
only two graphs of girth6 with 4 variable nodes and11 check nodes. Fig. 6 shows these two graphs.
Avoiding these two subgraphs will ensure a code which can correct three errors. In order to construct
codes that avoid the subgraphs shown in Fig. 6, we use progressive edge-growth (PEG) which is a
modification of the PEG construction used by Huet al. [11]. The algorithm is outlined below.
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Algorithm 1: ConstructCode
Data: The set ofn variable nodes (V ) andm check nodes (C). The column weight of the code (γ)
. Result: Code with column weightγ
. for j = 1 to n do

for k = 1 to γ do
if k = 1 then

Connect thekth edge of variable nodej to the check node with the smallest positive
degree.

else
Expand the tree rooted at nodej to a depth of6.
Assimilate all check nodes which do not appear in the tree into Cj,T , the set of
candidates for connecting variable nodej to.
while kth edge is not found do

Find the check nodeci in Cj,T with the lowest degree. If connectingci to variable
nodej does not create a(4, 12) subgraph, set this as thekth edge. If it does,
removeci from Cj,T .

end
end

end
end

This algorithm was used to generate a code of length816, girth 6 and rate0.5. The code constructed
has a slight irregularity in that three check nodes have degree nine and three have degree seven.

Remark: For the code parameters given above, it was possible to generate a code which satisfied the
4 → 12 condition. However, it might not be possible to satisfy thiscondition for codes with higher rate
and/or shorter lengths. Should such a scenario arise, the set of subgraphs to be avoided should be changed
(e.g., to those specified in the necessary and sufficient conditions). However, the code construction time
will be larger. Hence, at the cost of code-construction timeand complexity, it is possible to achieve
shorter lengths and/or higher rates.

(a) (b)

Fig. 6. Graphs with girth 6 which have4 variable nodes and11 check nodes. Subgraphs with4 variable nodes and fewer than11 check
nodes do not exist.

Fig. 7 shows the performance of the code under message-passing decoding. The curve on the left
corresponds to four iterations of message-passing. The curve in the right corresponds to25 iterations of
message-passing. After only four iterations, all errors ofweight three were corrected. Errors of weight
four and above were encountered which were not corrected by the message-passing decoder. However,
after 25 iterations, the smallest weight error pattern still remaining had a weight of7. We note that the
average slope of the FER curve is8 which is the weight of the dominant error event at these probabilities
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of error. This suggests that analysis over a higher number ofiterations and on “larger” subgraph search
will yield a stronger result. However, this is beyond the scope of this paper. Also, it is worth noting
that the conditions of Theorem 1 avoid codewords of length4 through8 which improves the minimum
distance of the code.
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Fig. 7. Performance of the example column-weight-four codefor different numbers of iterations of message-passing.

V. CONCLUSION

In this paper, we provided a method to derive conditions thatguarantee the correction of a finite
number of errors by hard-decision decoding. Although more involved than the expander arguments used
in previous works, it results in better bounds. Moreover, incontrast to previous expansion arguments,
our results give rise to code-construction techniques thatyield codes with guaranteed error-correction
ability under message-massing decoding atpractically feasible lengths. This method can be applied (a)
to provide conditions for guaranteed correction of a largernumber of errors, and (b) to yield similar
results for higher column-weights and/or higher girths. However, such applications would be more
involved than the analysis here.
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PREAMBLE DESIGN FOR SYMBOL TIMING
ESTIMATION FROM SOQPSK-TG WAVEFORMS
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ABSTRACT

Data-aided symbol synchronization for bursty communications utilizes a predetermined mod-
ulation sequence, i.e., a preamble, preceding the payload. For effective symbol synchroniza-
tion, this preamble must be designed in accordance with the modulation format. In this
paper, we analyze preambles for shaped offset quadrature phase-shift keying (SOQPSK)
waveforms. We compare the performance of several preambles by deriving the Cramér-Rao
bound (CRB), and identify a desirable one for the Telemetry Group variant of SOQPSK. We
also demonstrate, via simulation, that the maximum likelihood estimator with this preamble
approaches the CRB at moderate signal-to-noise ratio.

Keywords: SOQPSK, symbol timing, preamble, Cramér-Rao bound, maximum likelihood.

1. INTRODUCTION

Shaped offset quadrature phase-shift keying (SOQPSK) is a continuous phase modulation
that is utilized in many bursty communication standards due to its spectral efficiency and
constant-envelope property.1 Variations on the phase pulse used in this modulation have re-
sulted in several versions of SOQPSK. The Telemetry Group version, referred to as SOQPSK-
TG, is a standardized partial-response version of SOQPSK,2,3 and is the primary focus of
this paper.

In wireless bursty communications, a typical burst packet begins with a set of bits, re-
ferred to as the preamble, to facilitate carrier phase, frequency offset and symbol timing
estimation. This is typically followed with another set of bits that facilitate frame synchro-
nization, which is followed by the payload (data). In this paper, we address preamble design
for data-aided symbol timing estimation from a SOQPSK-TG modulated waveform. We
first derive the Cramér-Rao bound as a function of the preamble sequence, which yields a
lower bound on symbol timing mean-square error (MSE) for a given preamble. Using this
expression, we compare the performance of several preamble sequences and identify one that
yields good performance. We then simulate the maximum likelihood (ML) estimator for this
preamble and verify that its MSE approaches the Cramér-Rao bound when the signal-to-
noise ratio is sufficiently high.

This paper is organized as follows. In Section 2 we define the SOQPSK notation used
in our analysis. In Section 3 we derive the Cramér-Rao bound and determine a sequence

Send correspondence to: baris.i.erkmen@jpl.nasa.gov.
c©2009 California Institute of Technology. Government sponsorship acknowledged.

1



that is well-suited for symbol-timing estimation. In Section 4 we simulate the ML estimator
for this preamble sequence to show that its MSE tracks the Cramér-Rao bound above a
signal-to-noise ratio threshold. Finally, Section 5 concludes the paper with a summary of
our results.

2. BACKGROUND

SOQPSK is a phase-modulated waveform with desirable spectral properties for transmission
over bandwidth-constrained channels.4 The continuous-time complex baseband waveform∗

can be expressed as5,6

s(t) =

√

Eb

Tb

exp
{

jπ
∑

k∈Z

αkq(t/Tb − k)
}

, (1)

where Tb denotes the duration of transmission per information bit, Eb is the waveform energy
per bit, q(t) is the real-valued and normalized phase function, and {αk ∈ (−1, 0, 1)|k ∈ Z}
is a sequence of ternary symbols that is obtained by precoding the binary information bit
stream {ak ∈ (0, 1)|k ∈ Z} according to

αk = (−1)k−1(2ak−1 − 1)(ak − ak−2) . (2)

Here {ak} represents an interleaved QPSK bit stream, i.e., the even time indices refer to the
in-phase (I) bits and the odd time indices refer to the quadrature (Q) bits. The precoding
operation from information bits to the ternary symbols can be viewed as a four-state trellis,
in which the permitted state transitions vary based on the even/odd parity of the bit index
k, as shown in Figure 1(a).

The phase function q(u) is often defined as the integral of a phase frequency function
g(u), i.e., q(u) is expressed as

q(u) ≡
∫ u

−∞
g(u)du . (3)

For SOQPSK-TG, this phase frequency function is given by2

g(u) = A
cos
(

πρB
2

(u − 4)
)

1 − 4
(

ρB
2

(u − 4)
)2

sin
(

πB
2

(u − 4)
)

πB
2

(u − 4)
w
(

(u − 4)/2
)

, (4)

where w(u) is a windowing function defined as

w(u) =

⎧

⎪

⎪

⎨

⎪

⎪

⎩

1, |u| < γ1

1
2

[

1 + cos
(

π
γ2

(u − γ1)
)

]

, γ1 ≤ |u| < γ1 + γ2

0, otherwise.

(5)

The parameters are given by γ1 = 3/2, γ2 = 1/2, ρ = 0.7, B = 1.25, and A is chosen such
that

∫∞
−∞ g(u)du = 1/2. This phase frequency function is plotted in Figure 1(b).

∗Our convention for the real-valued passband waveform is
√

2�{s(t)}.
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Figure 1. The SOQPSK (a) trellis diagram showing how the information bits ak ∈ {0, 1} are
converted to modulation symbols αk ∈ {−1, 0, 1}, and (b) phase frequency pulse for the Telemetry
Group variant (SOQPSK-TG).

We assume that the complex baseband waveform at the receiver consists of the trans-
mitted waveform from (1) with an unknown (but deterministic) timing offset, plus additive
white Gaussian noise. Because most receivers are equipped with digital processing, we shall
pass to a discrete-time model, by first filtering the received continuous-time waveform with
an anti-aliasing filter, and then sampling it at the Nyquist frequency. We shall assume a
high sampling rate, such that the anti-aliasing filter has negligible impact on the SOQPSK-
TG signal, and therefore, it only limits the bandwidth of the additive noise. With these
assumptions, the observed samples are given by

ym = [s(t − εTb) + n(t)]
∣

∣

t=mT
, (6)

for m = 0, . . . , N − 1, where T denotes the uniform sampling period, N is the number of
samples within the estimation window, ε is the timing offset normalized to Tb, and n(t) is
a zero-mean, complex-stationary, circulo-symmetric Gaussian random process with a ban-
dlimited power-spectral density†

Sn(ω) ≡
{

N0, for |ω| < π/T

0 , otherwise ,
(7)

with N0 > 0 denoting the power spectrum of the noise. Thus, the discrete-time samples
nm ≡ n(mT ), for m = 0, . . . , N − 1, are zero-mean, independent and identically distributed
Gaussian random variables, each with variance‡

σ2 ≡ En

[|nm|2
]

= N0/T . (8)

†The power-spectral density of a zero-mean, stationary complex random process is defined as
the Fourier transform of the covariance function Kn(τ) = En[n∗(t)n(t + τ)]. Circulo-symmetric
complex random processes have E[n(t)n(t + τ)] = 0 for all τ .

‡Our standard notation for indicating the expected value of f(X) with respect to the probability
density function of X shall be EX [f(X)].
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For analytic simplicity, we shall henceforth assume that the bit interval is an integer multiple
of the sampling period, and we shall denote their ratio as

K ≡ Tb/T ∈ N
+ . (9)

3. THE CRAMÉR-RAO BOUND

Using the signal model presented in the previous section, the joint probability density func-
tion of y = [y0 . . . yN−1]

†, where † denotes transpose, is

p(y|α; ε) =
1

πNσ2N
exp
{−‖y − s(α; ε)‖2/σ2

}

, (10)

in terms of the vector of signal samples, s(α; ε) = [s0 . . . sN−1]
†, and the noise variance σ2

from (8). In (10) we have listed α and ε as arguments of the probability density function to
emphasize that they are parameters: we have indicated the former as a conditional variable
because a probability distribution could be assigned to it, and we have separated ε with a
semi-colon to emphasize that it is the deterministic unknown quantity.

The Fisher Information for ε is defined as7

F(α; ε) ≡ −Ey|α

[

∂2

∂ε2
lnp(y|α; ε)

]

. (11)

Twice differentiating the logarithm of (10) and substituting it in (11), we find that

F (α; ε) =
2

σ2

N−1
∑

m=0

∣

∣

∣

∂sm

∂ε

∣

∣

∣

2

=
2Ebπ

2

Tbσ2

N−1
∑

m=0

∣

∣

∣

∑

k∈Z

αkg(m/K − k − ε)
∣

∣

∣

2

. (12)

The Cramér-Rao bound for estimating ε, with the knowledge of the preamble α, is given by
the multiplicative inverse of (12), so,

CCRB(α; ε) =
K

2π2(Eb/N0)

[N−1
∑

m=0

∣

∣

∣

∑

k∈Z

αkg(m/K − k − ε)
∣

∣

∣

2
]−1

, (13)

where we have substituted the expression in (8) for σ2. To emphasize that this is a lower
bound on the MSE conditioned on the knowledge of the preamble, we will refer to it as the
conditional CRB (CCRB).

Our treatment thus far applies to arbitrary α. However, in order to derive an analytic
Cramér-Rao bound expression, we shall assume that we observe a finite window of an in-
finitely repeating periodic sequence, such that transient effects that may arise due to the
finite duration of the preamble are not present. Let us denote the period of the preamble
with L, such that αk = αk+nL for all n ∈ Z and k ∈ Z. For simplicity, let us also assume
that the preamble corresponds to M ∈ N

+ full periods of this sequence, such that

N = KLM, (14)

where all terms are positive integers.
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In our subsequent derivation we shall find it useful to define the continuous-time function

h(u − ε) ≡
∑

k∈Z

αkg(u − ε − k) , (15)

for 0 ≤ u < L, and its sampled version

z[m; ε] ≡ h(m/K − ε) , (16)

for m = 0, . . . , LK − 1. Using Parseval’s relation,8 the Fisher Information from (12) can be
expressed as

F (α; ε) =
2π2(Eb/N0)

K

M

LK

LK−1
∑

k=0

|Z[k; ε]|2 , (17)

where Z[k; ε] represents the Discrete Fourier Transform (DFT) of z[m; ε], i.e.,

Z[k; ε] ≡
LK−1
∑

m=0

z[m; ε]e−j 2π
LK

mk , (18)

for k = 0, . . . , LK−1. If h(u) is approximately bandlimited to πK/2, sampling does not give

rise to aliasing, and we have Z[k; ε] ≈ KH(2πk/L)e−j2πkε/L, where H(ω) ≡ ∫ L

0
h(u)e−jωudu

denotes the (continuous-time) Fourier transform of h(u). Substituting this expression back
into (17) yields our near-final F (α; ε) expression:

F (α; ε) = 2π2(Eb/N0)LMε(α) , (19)

where

ε(α) ≡ 1

L

∫ L

0

|h(u)|2du (20)

is the average energy of the overall phase frequency function generated by the preamble α.
Thus, the Cramér-Rao bound achieved with a preamble of period L is given by

CCRB(α; ε) =
1

2π2ε(α)
× K

N
× 1

Eb/N0

. (21)

Suppose we fix the number of symbols, N/K, and the signal-to-noise ratio Eb/N0. Then,
via (21), CCRB(α; ε) is minimized when ε(α) is maximum. In Appendix A, we show that

arg max
α

ε(α) = {(1, . . . , 1), (−1, . . . ,−1)}, (22)

and the maximum achieved by these two preambles is maxα ε(α) = 0.25. Note, however,
that both of these preambles result in a pure tone waveform, i.e., s(±(1, . . . , 1), t) ∝ e±jπt/2.
So, symbol timing reduces to estimating the phase of the pure tone. This reveals a sig-
nificant shortcoming of these preambles: if there is any uncertainty in the absolute phase
introduced by the channel, it is impossible to extract timing information. In other words,
these preambles are not robust under carrier phase uncertainty, and therefore, we shall only
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Figure 2. (Color online) The phase frequency function h(u) (solid) and the individual contributions
αkg(u− k) (dashed) resulting from two preambles. The partial-response property of SOQPSK-TG
causes destructive interference of the antipodal main lobes in (a), which results in a smaller phase
modulation magnitude than that given by the preamble in (b).

consider their performance as a lower bound to the performance achievable with practical
preambles.

In Appendix B we show that the modified Cramér-Rao bound (MCRB) and the condi-
tional Cramér-Rao bound have the mathematical relation

1/MCRB(ε) = Eα [1/CCRB(α; ε)] . (23)

It immediately follows that there must exist at least one preamble for which CCRB(α; ε) <
MCRB holds. Because the MCRB is a lower bound on non-data-aided symbol synchroniza-
tion performance, this inequality gives a sufficient condition for preambles to outperform
non-data-aided timing. In particular, using the MCRB expression in (31), we find that the
set of preambles satisfying

0.09881 < ε(α) < 0.25 (24)

are suitable for SOQPSK-TG symbol synchronization, because they are guaranteed to out-
perform non-data-aided synchronization schemes.

In Table 1, we have listed various preamble sequences and their corresponding ε(α). We
see from this table that the periodically repeating (1, 0,−1, 0, . . . ) preamble sequence, which
is the preamble used in the full-response SOQPSK MIL-STD 188-181 modulation standard,9

is not suitable for the partial-response SOQPSK-TG modulation, because its ε is below
the lower bound in (24). The reason for the poor performance with this preamble can be
understood from its SOQPSK-TG phase frequency function

h(u) =
∑

k∈Z

g(u − 4k) − g(u − 4k − 2) , (25)

which is plotted in Figure 2(a). Due to the partial response property of SOQPSK-TG, alter-
nating between a ‘+1’ symbol and a ‘−1’ symbol results in significant destructive interference
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L (period) preamble ε(α)

4 1, 0,−1, 0, . . . 0.06489
4 1, 1, 0, 0, . . . 0.09492
6 1, 1, 0,−1,−1, 0, . . . 0.1428
8 1, 1, 1, 0,−1,−1,−1, 0, . . . 0.1733
8 (6 × 1), (2 × 0), . . . 0.1744
16 (7 × 1), 0, (7 ×−1), 0, . . . 0.2115
16 (5 × 1), (3 × 0), (5 ×−1), (3 × 0), . . . 0.1449
64 (31 × 1), 0, (31 ×−1), (3 × 0), . . . 0.2404
1 1, . . . 0.25

Table 1. Phase frequency energy per symbol, ε(α), for various preambles, α.

between consecutive antipodal phase-frequency pulses. As seen from the table, preambles
that repeat several ‘+1’ symbols prior to reversing the polarity, i.e., preambles with the form
(m × 1, 0,m × −1, 0, . . . ) for m = 2, 3, ... have higher ε(α). The constructive interference
between phase frequency pulses for the m = 7 (period 16) preamble is shown in Figure 2(b).
The ε of this preamble is only 0.73 dB away from the upper bound, and it is more than 5 dB
higher than the ε of the (1, 0,−1, 0, . . . ) preamble. In addition, its short period—compared
to preambles with larger m—can be beneficial in practical scenarios in which the receiver
may miss a fraction of the symbols at the beginning of the preamble. Thus, we shall adopt
the m = 7 preamble for the simulation that follows in the next section.

4. MAXIMUM LIKELIHOOD ESTIMATION

It is well know that the conditional Cramér-Rao bound derived in (21) is achievable by the
maximum likelihood (ML) estimator at high enough signal-to-noise ratio.7 To identify the
regime in which the ML estimator performance approaches this bound, we have performed
simulations for the m = 7 preamble from Table 1, with N/K = 128 ternary symbols.

The ML estimator for a known preamble is a minimum distance estimator, i.e.,

ε̂ML = arg min
ε∈[0,16)

N−1
∑

m=0

|ym − sm|2 , (26)

where sm are the components of the length-N vector s(α; ε) defined in (10). Noting that
|ym|2 and |sm|2 are independent of ε, we find that the ML estimator can be expressed as

ε̂ML = arg max
ε∈[0,16)

�
{

N−1
∑

m=0

y∗
msm

}

. (27)

i.e., the complex correlation of the received symbol vector y with that of s(α; ε), for different
ε, is a sufficient statistic for the ML estimator.

Figure 3 plots the mean-square error of this estimator, in comparison to the conditional
CRB and the modified CRB. The ML estimator tracks the conditional CRB closely when the
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signal-to-noise ratio Eb/N0 is above −7 dB. In this regime the ML estimator performance
is approximately 3.3 dB better than the modified CRB. Below the −7 dB threshold, the
performance rapidly degrades towards that of uniformly guessing the value of ε ∈ [0, 16).
This is a well-known behavior observed in nonlinear estimators.

-30 -20 -10 0 10 20
-5

-4

-3

-2

-1

0

1

2

Eb/N0 [dB]

lo
g 1

0
(M

SE
)

 

 

N/K ≡ 128 symbols
K ≡ 4 samples/symbol

1, 0, −1, 0
MCRB
7 × 1, 0, 7 ×−1, 0
128 × 1
ML

Figure 3. (Color online) The conditional CRB for symbol timing estimation with the 128-symbol
(7 × 1, 0, 7 × −1, 0, . . . ) preamble is plotted along with the simulated mean-square error attained
by the ML estimator for this preamble. The modified CRB (MCRB), the conditional CRB for
the 128 × 1 preamble, and the conditional CRB for the 128-symbol (1, 0,−1, 0, . . . ) preamble are
plotted for reference.

5. CONCLUSIONS

In this paper we have quantified the symbol synchronization performance with different
preamble sequences for SOQPSK-TG modulated waveforms, in terms of the (conditional)
Cramér-Rao bound achieved with each preamble. We have shown that the relative perfor-
mance of different preambles depends on their phase-frequency energy per symbol, ε(α).
We have determined an upper bound to this quantity by maximizing ε over all preamble
sequences, and we have derived a lower bound based on the modified CRB that is sufficient
to ensure that the preamble can outperform non-data-aided symbol synchronization.

Our comparison of ε for various preambles of equal length has lead us to conclude that
the (7× 1, 0, 7×−1, 0, . . . ) preamble is well-suited for symbol timing estimation: it yields a
phase frequency energy per symbol that is close to the maximum, and it has a relatively short
period, making it desirable for practical implementation. It is worthwhile to note however,
that our analysis assumes perfect knowledge of phase and frequency offset introduced by
the channel. To quantify the degradation due to any uncertainty in these parameters, our
analysis should be generalized to incorporate these additional parameters.
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To provide an independent verification of our theoretical analysis, we have also simulated
mean-square error performance of the ML estimator for the period-16 preamble mentioned
above, and we have compared it against the Cramér-Rao bound. The simulations have
demonstrated that the ML estimator performs near-optimally for Eb/N0 > −7 dB. Below this
threshold the estimation performance rapidly degrades, which is a well-known phenomenon
for nonlinear estimators.

APPENDIX A. MAXIMIZING THE FISHER INFORMATION

Expanding the square on the right-hand side of (12) and interchanging the order of the
summations, we obtain

F (α; ε) =
2π2Eb

N0K

N/K−1
∑

k,�=0

αkα�

(

∑

m∈Z

g(m/K − k − ε)g(m/K − � − ε)

)

, (28)

where we have assumed, for analytic simplicity, that {αk} repeats with period N/K. Let us
focus on the kernel

gk,� =
∑

m∈Z

g(m/K − k − ε)g(m/K − � − ε) . (29)

When K � 1, the sum will have a weak dependence on ε, so we can make the approximation

gk,� ≈ g′
k−� ≡ K

∫ ∞

−∞
g(u)g(u − � + k)du . (30)

Numerical evaluation of (30) shows that g′
k−� ≥ 0 for all k and �. Thus

F (α; ε) =

N/K−1
∑

k,�=0

αkg
′
k−�α� ≤

N/K−1
∑

k,�=0

g′
k−� , (31)

which is satisfied with equality if and only if αk for k = 0, . . . , N/K − 1 have the same sign,
i.e. the sequence of ternary symbols are all equal to 1, or they are all equal to −1.

APPENDIX B. THE MODIFIED CRAMÉR-RAO BOUND

For non-data-aided symbol synchronization, in which the ternary symbol sequence α is not
known apriori, a lower bound on the mean-square error is given by the modified Cramér-Rao
bound,10

MCRB(ε) =
1

Eα[F (α; ε)]
, (32)

where F (α; ε) is given in (12). If we assume that the ternary symbol sequence is gener-
ated from independent and identically distributed bits ak, via the relation given in (2), the
correlation function for the ternary symbols becomes4

Eαk,α�
[αkαl] =

⎧

⎪

⎨

⎪

⎩

1
2

k = �
1
4

|k − �| = 1

0 otherwise.

(33)
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Expanding the square on the right hand side of (12) and using this correlation function for
the {αk} symbols, we obtain

Eα[F (α; ε)] =
Ebπ

2

N0K

N−1
∑

m=0

∑

k∈Z

g2
(m

K
− k − ε

)

+ g
(m

K
− k − ε

)

g
(m

K
− k + 1 − ε

)

(34)

≈ π2 EbN

N0K

∫ 1

m=0

[

∑

k∈Z

g2(u − k) + g(u − k)g(u − (k − 1))

]

du , (35)

where the second line approximates the sum over m with an integral, making the assumption
K � 1. Numerically evaluating the integral we obtain the modified CRB as

MCRB(ε) =
1

2π2B
× K

N
× 1

Eb/N0

, (36)

where B ≈ 0.09881.
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ABSTRACT

We derive bounds on the performance of data-aided joint estimators for timing offset, carrier phase

offset, and carrier frequency offset for use in an APSK packet-based communication link. It is

shown that the Cramér-Rao Bound (CRB) is a function of the training sequence, the signal-to-

noise ratio (SNR), and the pulse shape. We also compute APSK training sequences of different

lengths that minimize the CRB for each of the parameters.
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INTRODUCTION

Synchronization is a fundamental task in a telemetry system. A receiver must correct for the

carrier phase, carrier frequency, and symbol timing offsets between itself and the transmitter. In

communication systems where transmission is continuous, carrier and timing tracking loops are

implemented to estimate the phase, frequency, and timing offsets and filter them out of the re-

ceived signal. In communication systems where transmission happens in bursts, as may be the

case in future telemetry standards, tracking loops with long acquisition times are ineffective. How-

ever, burst-mode or packet based communication allows the receiver to compute and correct for

the phase, frequency, and timing offsets between bursts. If the packets are small, then the offsets

will be approximately constant for the duration of the burst. The receiver can then form a constant
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estimate for each of the offsets and correct for them across the entire received signal.

How the receiver forms the estimate is a wide area of research. The techniques may be viewed as

belonging to one of two broad categories: “blind” estimators and “data-aided” estimators. Blind

estimators do not require knowledge of the data sequence to compute the estimate. In data-aided

estimators, on the other hand, some part of the data sequence (usually in the form of one or more

“pilot sequences”) is known to the receiver. The data-aided receiver exploits this knowledge to pro-

duce the estimate. In general, data-aided estimators perform better than blind estimators but they

require some signal overhead which reduces the overall information throughput. The performance

of a data-aided estimator is dependent on the properties of the data sequence. In this paper, we

consider data-aided synchronization for carrier phase, carrier frequency, and symbol timing and

how to choose sequences of APSK symbols that yield the best estimator performance.

Many techniques are available for estimating a single parameter, either carrier phase, carrier fre-

quency, or symbol timing offset [1]. Some techniques jointly estimate two of the three parameters.

Still fewer techniques exist that jointly estimate all three. Since all estimates are functions of

noise-corrupted signals, all estimates are random variables. The performance of an estimator is

often measured by its mean and variance. An obvious desirable quality of an estimator is that its

mean is equal to the true value of the deterministic parameter. An estimator that has this quality is

“unbiased.” Further, a desirable quality of an unbiased estimator is that its variance is be small. In

the context of estimation theory, there exists a notion of optimality called the Cramér-Rao Bound

(CRB). The CRB is a lower bound on the variance of any unbiased estimator and provides a useful

benchmark to which all estimation techniques can be compared.

Other work has been done in deriving the CRB for single parameter estimators [2], [3] and two

parameter estimators [4]. The modified CRB was derived in [5] which computes a lower bound on

the variance of a single parameter estimator and treats the other synchronization parameters, the

SNR, and the symbol sequence as unknown nuisance parameters. This work was extended in [6] to

include all three synchronization parameters in the bound on a three-parameter joint estimator but

still leaving the SNR and symbol sequence as unknown nuisance parameters. In [5] and [6], the

symbol sequence was considered an unknown nuisance parameter in order to compute the MCRB

for a blind parameter estimator. In contrast, in this paper we want to obtain a CRB for pilot-based

parameter estimation. Hence, since the symbol sequence is not unknown and is not a nuisance

parameter, we do not average or condition over possible symbol sequences. Instead, we want to

find the symbol sequence that minimizes the true CRB.
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SIGNAL MODEL

In order to compute the CRB, we must first derive an expression for a received APSK signal in

noise with a phase rotation, frequency shift, and timing offset. The complex baseband representa-

tion of the transmitted signal is

s(t) =

Lp−1
∑

l=0

a(l)p(t − lTs) (1)

where a(l) is selected from the APSK constellation, p(t) is the square-root raised cosine (SRRC)

pulse shape, and Lp is the length of the pilot.

The complex baseband representation of the received signal is

r(t) = ej(ωt+θ)

Lp−1
∑

l=0

a(l)p(t − lTs − τ) + w(t) (2)

where θ is the phase rotation, ω is the residual frequency shift, τ is the timing offset, and w(t) is

additive white Gaussian noise (AWGN). We assume the phase, frequency, and timing offsets are

constant for the duration of the pilot. Thus θ, ω, and τ are not functions of time t.

We assume that the receiver uses an analog-to-digital (A/D) converter either at IF or complex

baseband. After sampling and mixing, the received signal is

r(nT ) = ej(Ωn+θ)

Lp−1
∑

l=0

a(l)p(nT − lTs − τ) + w(nT ) (3)

where Ω = ωT . If we assume that the sample rate is some integer multiple of the symbol rate, i.e.

T = Ts

N
, then

r(nT ) = ej(Ωn+θ)

Lp−1
∑

l=0

a(l)p((n − lN − τ/T )T ) + w(nT ). (4)

Now construct the following:

r =













r(0)

r(T )
...

r((NLp − 1)T )













, (5)

D =













ejΩ(0) 0 · · · 0

0 ejΩ(1) · · · 0
...

...
. . .

...

0 0 · · · ejΩ(NLp−1)













, (6)
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a =













a(0)

a(1)
...

a(Lp − 1)













, (7)

and

w =













w(0)

w(T )
...

w((NLp − 1)T )













. (8)

Also define a matrix P where the ijth entry is

Pij = p((i − jN − τ/T )T ) (9)

for i = 0 . . .NLp − 1 and j = 0 . . . Lp − 1. We can now write (4) in matrix form as follows:

r = ejθ
DPa + w. (10)

where r is a vector of samples of the received signal, a is a vector of transmitted APSK symbols,

and w is a vector of noise samples.

MAXIMUM-LIKELIHOOD ESTIMATION

Since w(t) is a zero-mean, Gaussian random process with correlation function rw(τ) = N0

2
δ(τ),

the samples w(nT ) are zero-mean, uncorrelated Gaussian random variables with variance N0

2T
.

Thus the vector of samples w is a Gaussian random vector with zero-mean, and covariance matrix

Cww = N0

2T
INLp×NLp

. The Gaussian log-likelihood function is

Λ(θ, Ω, τ, a) = C −
1

2σ2

(

r − ejθ
DPa

)H (

r − ejθ
DPa

)

(11)

where σ2 = N0

2T
.

The maximum likelihood joint estimator for θ, Ω and τ finds the parameters θ̂, Ω̂ and τ̂ that maxi-

mize the log-likelihood function (11). One method of deriving the maximum likelihood estimator

is to take the gradient of the log-likelihood function and find the set of parameters that solve

∇Λ(θ̂, Ω̂, τ̂) = 0. The three first derivatives are

∂Λ

∂θ
=

2

σ2
Re

{

−je−jθ (DPa)H
r

}

(12)

∂Λ

∂Ω
=

2

σ2
Re

{

e−jθ (D′
Pa)

H
r

}

(13)
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∂Λ

∂τ
=

2

σ2
Re

{

e−jθ (DP
′
a)

H
r − a

H
P

H
P

′
a

}

(14)

where D
′ = ∂D

∂Ω
and P

′ = ∂P

∂τ
.

Setting (12) to zero and solving for θ gives the maximum likelihood estimator for θ,

θ̂ = arg
{

(DPa)H
r

}

. (15)

However, there is no closed-form solution for the parameters Ω̂ and τ̂ . Notice also that the max-

imum likelihood estimator for θ depends on the true values of the parameters Ω and τ embedded

in D and P respectively. Other techniques may be used to derive the maximum likelihood joint

estimator but we will not pursue them further in this paper.

CRAMÉR-RAO BOUND

The Cramér-Rao Bound (CRB) for an unbiased, three-parameter joint estimator is the inverse of the

3×3 Fisher information matrix. The Fisher information matrix is filled with the negative expected

values of the nine second derivatives of the log-likelihood function. Starting with the three first

derivatives given by (12)-(14), and using (10) for r, the nine entries in the Fisher information

matrix are

J11 = −E

{

∂2Λ

∂θ2

}

=
2

σ2
a

H
P

H
Pa

J12 = −E

{

∂2Λ

∂θ∂Ω

}

=
2

σ2
a

H
P

H
CPa

J13 = −E

{

∂2Λ

∂θ∂τ

}

=
2

σ2
Re

{

jaH
P

′H
Pa

}

J21 = −E

{

∂2Λ

∂Ω∂θ

}

=
2

σ2
a

H
P

H
CPa

J22 = −E

{

∂2Λ

∂Ω2

}

=
2

σ2
a

H
P

H
CCPa

J23 = −E

{

∂2Λ

∂Ω∂τ

}

=
2

σ2
Re

{

jaH
P

′H
CPa

}

J31 = −E

{

∂2Λ

∂τ∂θ

}

=
2

σ2
Re

{

jaH
P

′H
Pa

}

J32 = −E

{

∂2Λ

∂τ∂Ω

}

=
2

σ2
Re

{

jaH
P

′H
CPa

}

J33 = −E

{

∂2Λ

∂τ 2

}

=
2

σ2
a

H
P

′H
P

′
a
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where C = diag ([0, 1, 2, . . . , NLp − 1]) The inverse of the Fisher information matrix is a 3 × 3

matrix whose diagonal entries are the Cramér-Rao lower bounds for the error variances of the joint

estimators.

NUMERICAL RESULTS

Since the entries in the Fisher information matrix are functions of σ2, a, P, and P
′, the CRBs

for the joint estimators are also functions of the noise variance, the pilot training sequence, and

τ -delayed samples of the pulse shape.

We have computed the CRBs for 1 million length 128 sequences of 32-APSK symbols using the

square-root raised cosine (SRRC) pulse shape with roll-off factor α = 0.5. We have also imposed

a power constraint on the training sequences in the search space; all of the training sequences in

the search have an average energy less than or equal to the average energy of the 32-APSK con-

stellation as defined in [7]. Figure 1 shows the lower bound of the variance of an estimator for θ,

E{(θ̂−θ)2}, as a function of Eb/N0 for various training sequences. Figures 2 and 3 show the same

for Ω and τ respectively. For any real joint estimator of timing offset, phase offset, and frequency

offset, the mean-squared error (MSE) will be above (but hopefully close to) the curves in Figures

1, 2, and 3. Notice that the CRB for each of the estimators is very sensitive to choosing a good

pilot sequence.

We have also conducted an exhaustive search over shorter 16 and 32-APSK sequences and the

qualitative results are similar to length 128 32-APSK sequences. Figures 4, 5 and 6 show the CRB

for θ, Ω and τ respectively as a function of the pilot sequence length. Notice again that the CRB

is very sensitive to the chosen pilot sequence for all three parameters, especially τ . For any length

pilot, one can always choose the sequence that repeats a single symbol at every symbol time and

obtain the worst τ sequence.

CONCLUSIONS

We have computed the Cramér-Rao Bound for a pilot based unbiased joint estimator for carrier

phase, carrier frequency, and symbol timing synchronization. We have shown that the CRB is a

function of the pilot sequence and have found good length 128 32-APSK pilot sequences for each

of the synchronization parameters. Our results indicate that estimators for symbol timing are much

more sensitive to choosing a good pilot sequence than estimators for carrier phase or frequency and

the best sequences for timing estimation alternate signs often. We have also shown that a longer

pilot sequence yields a lower CRB for all three estimators.
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Figure 1: Cramér-Rao Bound for θ̂ versus Eb/N0 for various length 128 32-APSK training sequences. This

is the result of a search over 1 million length 128 32-APSK sequences.
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Figure 2: Cramér-Rao Bound for Ω̂ versus Eb/N0 for various length 128 32-APSK training sequences.

This is the result of a search over 1 million length 128 32-APSK sequences.
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Figure 3: Cramér-Rao Bound for τ̂ versus Eb/N0 for various length 128 32-APSK training sequences. This

is the result of a search over 1 million length 128 32-APSK sequences.
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This CRB can be used as a benchmark for any joint parameter estimator. It defines how well

the best estimator would perform. If a maximum likelihood estimator could be computed it would

achieve this lower bound.

There are several opportunities for further work in this field. A length 5 pilot sequence is

relatively short compared to what is often used in practice. However, searching for optimal pilot

sequences becomes exponentially harder as the length of the pilot increases, i. e., searching for the

best length 6 32-APSK sequence involves a search space 32 times larger than the search space for

length 5 32-APSK sequences. While we have drawn some qualitative conclusions from our search

over short sequences, these conclusions may not hold as the signal constellation grows.

Furthermore, we have not presented a joint estimator for carrier phase, carrier frequency, and

symbol timing. We have only presented bound on the performance of any such estimator. While

we have found pilot sequences that minimize this lower bound, it is not clear these pilot sequences

would yield the best performance from an actual joint parameter estimator.
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ABSTRACT 

This paper develops a performance framework for OFDM by contrasting its performance with Direct 

Sequence Spread Spectrum (DSSS) over aeronautical channels. Each of the OFDM and DSSS modulated 

simulations are put through the channel and compared on terms of signal to noise ratio (SNR) versus bit 

error rate.  The simulation will show that DSSS will have better power efficiency on multipath channels 

because the rake receiver adds all multipath components to strengthen the receiver.  By contrast OFDM 

with an equalizer will have better spectrum efficiency results where QAM modulation of multiple tones 

allows for high data rates in a limited bandwidth.  This work develops a framework for contrasting the 

performance of the rake receiver and the equalizer for operation on multipath channels. By comparing 

these schemes on various channels the choice of OFDM for iNET can be clearly understood and 

evaluated.   

 

INTRODUCTION  

Multi-carrier modulation schemes, like Orthogonal Frequency Division Multiplexing (OFDM) have been 

successfully applied to a wide variety of communication systems for several years because of its superior 

performance over a time dispersive aeronautical channel. It is a spectrally efficient modulation scheme 

that can support very high data rates. It is no surprise that OFDM has been chosen for the physical layer 

for the iNET Telemetry Network System. This Telemetry network system uses state of the art network 

technologies to augment current telemetry standards based on IRIG 106 providing bi-directional shared 

communication links between Test Article and Ground Station, whilst maintaining Quality of Service and 

efficient spectrum utilization [2]. 

OFDM signals transmitted over a multipath fading channel experience random amplitude and phase 

variations due to reflection and diffraction by obstacles between the transmitter and the receiver. For 

coherent signal detection, an accurate estimation of the channel information for equalization is necessary. 
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Pilot symbols are inserted into the input data stream and are used at the receiver to estimate channel 

characteristics.  The channel transfer function is computed at the pilots estimated for the entire schemes 

using interpolation and minimum mean square error (MMSE) filters [4].  

Direct Sequence Spread Spectrum (DSSS) is a modulation scheme that is used in digital communication 

systems. Similar to OFDM, it has good immunity to multipath and fading. The DSSS rake receiver uses 

sub receivers to independently decode each multipath component and later combine them constructively 

resulting in a much higher SNR [7].  

In this paper, we present the transmitter and receiver model for the OFDM scheme. We analyze the 

performance improvement attained from adding a cyclic prefix to the OFDM symbols. Pilot assisted 

channel estimation and equalization are also presented for the coherent detection of OFDM symbols. 

Three different pilot arrangement schemes are considered for the channel estimation each offering 

different levels of performance. Finally DSSS with a RAKE receiver is presented as a benchmark to 

which the performance of OFDM with equalization will be compared. The comparison will be on the 

basis of power and spectrum efficiency. By comparing these schemes over various channels, the choice of 

OFDM for INET can be clearly understood. 

 

OFDM SYSTEM MODEL 

Orthogonal Frequency Division Multiplexing is a multi-carrier digital modulation scheme that employs 

closely spaced orthogonal sub-carriers for data transmission. The input data stream is divided into several 

parallel lower rate sub streams; each sub stream is associated with a given sub-carriers to be transmitted 

simultaneously. Even though the sub carriers are spaced such that they overlap, the principle of 

orthogonality ensures that there is no cross talk or interference between the sub carriers. This eliminates 

the need for guard bands between the sub carriers allowing for higher data rates than other multi-tone 

schemes. OFDM is also less susceptible to narrowband interference, flat fading and other aeronautical 

channel attributes. The OFDM transmitter system model used in this paper is illustrated in figure 1 above. 

 

Transmitter Structure 

 

 

 

Figure 1: OFDM Transmitter Model 

The input binary data sequence is first spilt into N parallel streams for N sub-carriers and then is phase 

and/or amplitude modulated using Quadrature phase shift keying (QPSK) or Quadrature amplitude 

modulation (QAM). Pilot symbols for channel estimation are then inserted the data symbol sequence. 

The OFDM symbol vector is modulated onto sub carriers using the Inverse Fast Fourier Transform 
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(IFFT) and the cyclic prefix (CP) is added. The parallel sub-streams (P/S) are concatenated back into a 

serial stream convolved with the multipath channel. 

The cyclic prefix is used to mitigate the effect of Inter-symbol Interference (ISI) and Inter-carrier 

Interference (ICI) introduced from convolution with the multipath channel. The cyclic prefix is generated 

by copying samples from the end of the OFDM symbol and appending them to the front of the OFDM 

symbol. For the effect of ISI to be completely eliminated, the length of the cyclic prefix must be longer 

than the length of the channel impulse response. Doppler shift from the aeronautical channel destroys the 

orthogonality of sub-carriers. A loss of orthogonality introduces cross-talk between the sub-carriers 

causing the main premise behind OFDM to fail. The cyclic prefix maintains orthogonality, mitigating the 

effect of ICI. 

 

Receiver Structure 

The OFDM receiver structure is illustrated above in figure 2: 

 

 

 

 

The received signal is split into parallel sub streams (S/P) and the cyclic prefix is discarded. The FFT 

transform is used retrieve the signal from the sub carriers. For coherent detection, channel estimation and 

equalization is necessary. The equalized data is then demodulated and the output signal is achieved. 

There are several pilot arrangement schemes each yielding different performance.  

 

Pilot Symbol Channel Estimation 

The channel can be viewed as a 2-D lattice on a time-frequency plane sampled at pilot positions and the 

channel characteristics between pilots are estimated by interpolation. The different pilot arrangement 

schemes are shown in figure 3 below: 
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Figure 2: OFDM Transmitter Model 

Figure 3: Pilot Arrangement Schemes 
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The comb type channel estimation scheme is illustrated in figure 5a. In this scheme, pilots are inserted 

uniformly within each OFDM symbol and constantly transmitted at all times.  The channel conditions 

from the pilot locations can be generated in the using least square estimates as  

 

where Hp(n,k) is the channel estimate,  Yp(n,k) is the received pilot symbol, Xp(n,k) is the transmitted 

pilot symbol and Np(n,k) is the additive white Gaussian noise at the nth time on the kth sub carrier. The 

estimated channel conditions on all sub carriers can be obtained using 1-D interpolation schemes. Low 

pass interpolation has been shown in [4] to have the best performance. Low Pass Interpolation is 

performed by inserting zeros into the original sequence of least squared (LS) estimates from the pilots and 

then applying a low pass finite impulse response (FIR) filter that allows the original data to pass through 

unchanged. This FIR filter interpolates such that the mean square error between the interpolated points is 

minimized. 

Block type channel estimation is illustrated in Figure 3b above. In this scheme, pilot symbols are inserted 

on all sub carriers and transmitted at different time intervals. The channel characteristics are estimated 

from the pilot locations using LS estimates. The estimated channel characteristics from the pilots is put 

through an MMSE filter and applied to the data sub carriers within a data block until the arrival of the 

next set of pilot symbols. According to [6], The MMSE estimator is modeled as: 

 

where  is a rank reduced matrix of singular values ,U is a unitary matrix of singular vectors from the 

SVD of the channel correlation matrix and HLS is the LS estimate of the channel vector computed as 

 at the pilot positions, Xp. 

The combined scheme illustrated in figure 3c above combines the block and comb type pilot schemes. 

Pilot symbols are inserted uniformly within select OFDM symbols and transmitted at select times. The 

channel conditions at the pilot sub carriers are computed by LS estimates and the channel conditions at 

the data sub carriers are generated by interpolation similar to the comb type estimation scheme. The 

combined scheme is expected to perform slightly worse than the other two scheme because it uses less 

pilot symbols.  

Using the estimated channel vector from data interpolation from the pilot symbols, the equalizer can be 

modeled as a zero forcing equalizer [3]. The zero-forcing equalizer applies the inverse of the estimated 

channel to the received signal to restore the signal. The equalizer is inserted on a per sub carrier basis. 

This means that each sub-carrier is equalized independently from the others. For N sub carriers, N 

equalizers will be required. 

 

 

(1) 

(2) 
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OFDM SIMULATION RESULTS 

In the simulations, we consider two channel models, a constant non varying channel model and a time 

varying model. The constant channel model is a multipath channel with three non zero taps. The channel 

tap amplitudes remain constant over time. The second channel model is a time varying channel also with 

three non-zero taps however the channel model is designed such that channel tap amplitudes can be varied 

with time with different levels of severity. The channel model also incorporates the effect of Doppler shift 

and additive white Gaussian noise. The simulation was done using Matlab using the following 

parameters: 

Channel Taps  [1, 0, 0.5, 0,0.2] 

Number of sub carriers 64 

FFT Length 64 

Modulation scheme QPSK 

Cyclic Prefix length 8 

Pilot Spacing  8 

 

The resulting plots are displayed in figure 4 below 

   

 

Figure 4 above shows the bit error ratio versus SNR plots for the OFDM simulation with cyclic prefix and 

equalization over two channel models. The worst case simulation was done without the cyclic prefix, 

channel estimation or equalization. In both scenarios, the error ratio reaches an irreducible error floor. The 

best case simulation was done without multipath. The OFDM scheme was implemented over an additive 
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Figure 4: Performance of OFDM with Cyclic Prefix and Equalization 



 6 

white Gaussian Noise (AWGN) channel. This scenario represents the ideal operating conditions for 

OFDM. The best and worst case simulations provide an upper and lower performance threshold for the 

OFDM scheme.  

Introducing the cyclic prefix significantly improves the performance of the OFDM scheme in both 

scenarios. Looking at both plots in figure 4, the error floor is eliminated.  Implementing the OFDM 

scheme over a time varying channel model is expected to have worse performance that the constant 

channel model as evident in figure 4 above. In the constant channel model scenario, an error ratio of 10-6 

is achieved at an SNR of about 17dB after the introduction of the cyclic prefix. In the time varying 

channel model scenario which incorporate fading and Doppler shift into the channel characteristics, an 

error ratio of 10-6 is achieved at about 23dB. 

The different pilot arrangement schemes perform differently as seen in figure 4 above. The comb scheme 

where pilot symbols are inserted on sub carriers and transmitted at different time intervals outperformed 

the other two schemes. An error ratio of 10-6 is achieved at about 16dB. In the block scheme where pilots 

are inserted uniformly in the OFDM symbol and then interpolated achieves an error ratio of 19dB at about 

10-6.  With channel estimation and equalization, the OFDM scheme achieves an error ratio of 10-6 at an 

SNR of about 16-21dB depending on the pilot arrangement scheme used. 

 

DIRECT SEQUENCE SPREAD SPECTRUM (DSSS) 

Direct Sequence Spread Spectrum is another modulation scheme used for radio signal transmission. 

DSSS with a rake receiver will serve as a performance benchmark to which the performance of OFDM 

with equalization. Both OFDM and DSSS are tolerable to poor channel conditions handling the effects of 

multipath in different ways. DSSS uses a rake receiver uses sub receivers to isolate each multipath 

component and constructively combines them resulting in an overall better channel. OFDM with 

equalization on the other hand eliminates the multipath components using pilot symbols to estimate the 

channel.  

 

DSSS System Model 

DSSS uses a pseudo-noise (PN) code, independent of the information data carrier signal used to modulate 

the information data. The PN code is ‘spread’ over a bandwidth much larger than that of the information 

signal. The DSSS signal is modulated by both the PN sequence and BPSK, which is used to vary the 

phase of the signal. In order to produce the DSSS signal, the BPSK and PN sequence are multiplied to 

produce the following: ( ) ( ) ( ) cos(2 )cs t Ad t c t f tπ= , where c(t) is the PN sequence. Figure 5 illustrates 

the DSSS transmitter and receiver model. The input data is phase modulated binary data with symbols 

rate Rs. The data is directly multiplied by a PN code with chip rate Rc which is independent of the data to 

produce the DSSS symbols. The multiplication of the phase modulated binary data and PN code spreads 

the bandwidth, Rs of the input data over the bandwidth Rc of the PN code. The spread occurs and then the 

baseband data pulses are multiplied with the PN sequence.  Spread system signals are demodulated at the 
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receiver by performing a cross-correlation with a copy of the PN code, which is produced at the 

transmitter. Cross-correlation with the same PN code de-spreads the signal and restores the modulated 

message in the same narrow-band as the original data. Synchronization of the PN code generators at the 

receiver and transmitter is vital because otherwise the signal may not be recovered.  

 

 

 

 

 

Rake Receiver  

A rake receiver is a radio receiver designed to counter the effects of multipath fading. Each component of 

multipath, such as line of sight, reflected, and scattered paths are picked up by sub-receivers and delayed 

slightly in order to tune them.  Each component is decoded independently and at a later stage combined 

constructively in order to make the most use of the different transmission characteristics of each 

transmission path [7]. The end result of the rake receiver is that all these multipath components are then 

added in order to restore the signal to its original state.  This is the main advantage of DSSS as opposed to 

OFDM because being able to use multipath to recreate the original signal, the probability of error in the 

received signal will be much less than that of OFDM.   

In a fading environment such as an aeronautical channel, propagation delay in an aeronautical channel 

produces multiple versions of the transmitted signal at the receiver.  A direct sequence system in 

combination with a rake receiver can almost completely mitigate multipath, making it a near optimal 

aeronautical channel by coherently combining resolvable multipath components. For this reason DSSS 

provides a good performance baseline for evaluation of OFDM performance in multipath. 

 

PERFORMANCE OF OFDM VERSUS DSSS 

In [3], Proakis analyses the performance characteristics of a linear equalizer over a discrete channel model 

with two normalized taps of equal amplitude. A channel model with taps of equal amplitude would 

introduce very high levels of ISI and can be considered as a worst case channel. Assuming the equalizer 

has infinite taps (best case), and adjusted on the basis of the MSE criterion, the corresponding output SNR 

can be shown to be  

 

Figure 5: DSSS Transmitter and Receiver Model 

(3) 
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The rake receiver on the other hand, operating under ideal conditions would combine both channel taps in 

the model creating an overall better channel. Theoretically, for a channel with two equal taps, the rake 

receiver would combine the multipath components, doubling the output SNR. Therefore assuming and 

input signal with amplitude, ε, and additive noise N0, the input SNR would be and the output SNR 

would be twice the input. i.e.  Assuming ε = 1, the following results are generated 

 

 

The figure 6 above illustrates the performance of an ideal equalizer of infinite tap length and an ideal rake 

receiver operating in a channel with normalized taps of equal amplitude. The channel is considered very 

poor condition and expected to introduce very high ISI. Comparing both plots, it is seen that the output 

SNR of the rake receiver significantly outperforms the equalizer. This is expected as the rake receiver 

combines the multipath components resulting in an overall better channel while the equalizer tries to 

eliminate the multipath components by inverting the channel response.  

 

OFDM VERSUS DSSS SIMULATION RESULTS 

The DSSS scheme with a rake receiver was simulated over the time varying channel model described in 

the previous section.  The results are compared to that of OFDM with cyclic prefix and Equalization 

implemented over the same channel. 

 

Figure 6: Performance of Theoretically ideal Equalizer and Rake Receiver 

Figure 7: Performance comparison of OFDM and DSSS over an aeronautical channel 
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From the figure 7, it is seen that DSSS with a rake receiver grossly outperforms the best case OFDM. 

This means that even over fading aeronautical channel with Doppler shift, the DSSS scheme with a rake 

receiver out performs the best case OFDM scheme implemented over an impairment free channel From 

these results, it can be immediately inferred that DSSS with Rake receiver is the superior scheme 

However, for proper comparison, both schemes will be compared using power efficiency and spectral 

efficiency.  

Power efficiency is the ability of a modulation scheme to preserve signal fidelity at low received SNR. It 

is measured as the required energy per bit Eb for a reference noise power spectrum. For this analysis, the 

error ratio threshold was set to 10-6 and the required Eb/No to achieve this threshold error ratio will be 

observed. From figure 7 above, it is observed that the DSSS achieves an error ratio of 10-6 at an SNR of 

about 8-9dB. OFDM with cyclic Prefix and equalization achieves the same error ratio at about 16-20dB 

depending on the channel estimation method.  

Spectral Efficiency is the amount of data that can be transmitted over a given bandwidth based on the 

modulation scheme used. The simulations in this project do not compute the spectral efficiency of DSSS 

or OFDM. The data rates used for the comparison were derived from the 802.11 protocol standard. From 

the IEEE standard, with 64-QAM modulation and a coder of rate ½, OFDM can attain a maximum data 

rate of 54Mbps. DSSS on the other hand can only achieve up to maximum data rate of 11Mbps under 

similar conditions. 

Trade-Off Modulation Scheme Power Efficiency* Spectral Efficiency** 

 OFDM 16-20dB 54Mbps 

 DSSS 8-9dB 11Mbps 

*Eb/No required for Error Ratio of 10-6 **Derived from 802.11 Standard 

 

OFDM makes very efficient use of the available spectrum but requires a high SNR of 16-20dB to attain 

an error ratio of 10-6. DSSS on the other hand, is not as spectrally efficient as OFDM only able to support 

a data rate of 11 Mbps compared to 54Mbps supported by OFDM however DSSS with the Rake Receiver 

is able to attain an error ratio of 10-6.From the trade off analysis, it is seen that OFDM with equalization 

requires much higher SNR to achieve similar error ratios with DSSS with a rake receiver. However from 

the INET needs discernment, the proposed telemetry network system will support Quality of Service 

application requiring very high data rates. Even though OFDM requires higher SNRs, it makes very 

efficient use of limited spectrum resources, achieving much higher data rates than DSSS with a rake 

receiver and more suitable to the INET project. 
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CONCLUSION 

In this paper, the OFDM model has been described and analyzed. The insertion of a cyclic prefix was 

shown to improve the performance of the OFDM scheme mitigating the effects of ICI and ISI. Three 

different pilot arrangement schemes were presented for channel estimation and equalization. Each pilot 

arrangement scheme provided different levels of performance with the comb type pilot scheme having the 

best performance of the three under the channel conditions used. The combined type pilot scheme was 

shown to perform very similar to the block scheme but it uses much less pilot symbols for estimation 

making more bandwidth available for actual data transmission. DSSS with a rake receiver was presented 

as a performance benchmark to which OFDM with equalization was compared. There is trade-off 

between power and spectral efficiency with OFDM with equalization less power efficient than DSSS with 

a rake receiver requiring higher SNRs to achieve similar errors but is more spectral efficient, able to 

support much higher data rates than DSSS. OFDM satisfies the QOS requirement with its high data rate 

making it ideal for the INET Telemetry Network system. 
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ABSTRACT

In this paper we present a system-level description of a serially concatenated convolutional coding
scheme for shaped offset quadrature phase shift keying, telemetry group (SOQPSK-TG). Our paper de-
scribes the operation of various system modules. In addition, implementation details and references for
each module in the system are provided. The modified Soft Output Viterbi Algorithm (SOVA) is em-
ployed for decoding inner and outer convolutional codes. The modified SOVA possess strong performance
and low-complexity cost. The comparison of the modified (SOVA) and Max-Log-maximum a posteriori
(MAP) decoding algorithm is presented. The SOVA after a simple modification displays the same perfor-
mance as Max-Log-MAP algorithm, which is demonstrated by the simulation results. The advantage of
the simple implementation of the modified SOVA makes it superior to Max-Log-MAP for our purposes.

INTRODUCTION

The SOVA is a very practical decoding method due to its simple implementation. When combined
with serially concatenated convolutional codes it becomes even a more powerful tool. There are a number
of modules and techniques that can enhance the performance of the iterative Viterbi decoder. In this paper,
we present the description of the encoder and decoder models for shaped offset quadrature phase shift
keying, telemetry group (SOQPSK-TG).

We begin by explaining the purpose of various blocks that are used in our models. Mainly we focus on
the modified version of Soft Output Viterbi Algorithm (SOVA) which is employed in our decoder design
and suggested in [1]. With minor additions, the original SOVA can display the same performance as
the Max-Log-maximum a posteriori (MAP) algorithm. This obviously makes it a much more attractive
choice for the iterative decoding algorithm due to its simpler implementation. The SOVA requires only
one forward traversal (recursion) through the trellis where Max-Log-MAP algorithm, on the other hand,
needs both forward and backward recursions [2].

The simulation results that we obtained, also suggest that the performance of the modified SOVA is
the same as of the Max-Log-MAP algorithm.

1
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Figure 2: Block diagram of the rate-1/2 systematic convolutional encoder.

ENCODER DESCRIPTION

Figure 1 depicts the block diagram of the SOQPSK model of the encoder. First, information sequence
u is encoded by using a systematic convolutional code. In systematic code information sequence emerges
as a part of the encoded sequence [3]. In our model, we used a (5,7) encoder with a rate-1/2 code and
a constraint length ν=3, illustrated in Figure 2. The transform domain generator matrix for this code is
described by

G(D) =
∣∣1 +D2 1 +D +D2

∣∣ .
The resultant convolutional code is realized with feedback registers. The convolutional encoder outputs
two coded bits for every input information bit.

High rate convolutional codes are essential in systems with high data rate. In order to construct a higher
code rate convolutional encoder, a puncturing technique is applied to the coded sequence. Punctured
convolutional codes reduce the complexity of the decoding Viterbi algorithm. As explained in [3], we
achieve rate-2/3 code by perforating the output of the initial rate-1/2 code, according to the puncturing
matrix

P =

∣∣∣∣1 0
1 1

∣∣∣∣ .
This technique allows generating a high-rate punctured convolutional code from a lower rate-1/n code,

by simply deleting bits with respect to the puncturing matrix. Thus, the complexity of the resultant rate-2/3
convolutional encoder is greatly simplified.

Next, the coded sequence is passed through an S-random interleaver, which is denoted by Π in the
system block diagram depicted in Figure 1. The interleaver rearranges the bits to minimize the effect of

2
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the burst errors on the code words. The S-random interleaver implemented in our design ensures that the
distance between the nearest neighboring code words is S = 55.

The interleaved bits enter the double differential encoder. Differential encoding greatly improves the
performance of serially concatenated coding systems with iterative detection (such as SOVA). Differen-
tially encoded SOQPSK serves the purpose of the inner code in our coding scheme. As shown in [4],
double differential encoding resolves the 4-phase ambiguity which is a common problem of carrier track-
ing loops. It also enhances the interleaver gains [4]. The resulting double differentially encoded sequence
contains two subsequences

Ik = ek ⊕ Ik−2

Qk+1 = ok+1 ⊕Qk−1.
(1)

The differential encoder forms two subsequences, Ik and Qk+1, that correspond to even and odd in-
dexed bits. The last stop, before the coded sequence enters the SOQPSK modulator and leaves the encoder,
is the precoder. In the precoder, the differentially encoded antipodal bit sequence is converted to its ternary
representation. As stated in [4], the two sequences have the following relation

αn =
1

2
(−1)n+1ûn−1(ûn − ûn−2). (2)

DECODER DESCRIPTION

The decoder receives the complex baseband SOQPSK signal in the form

r(t) = s(t− τ)ejφ(t) + w(t)

where w(t) is additive white Gaussian noise and φ(t) is a phase shift and τ is a timing offset. This
paper does not consider the timing and phase synchronization which is discussed in details in [5]. The
decoder model employs SOVA based iterative decoders. Figure 3 depicts the structure of the decoder.
The motivation for using the modification of the soft output variation of the Viterbi Algorithm is straight-
forward. The original Viterbi algorithm only delivers the hard decisions (binary decisions) and does not
yield any reliability information associated with the decisions. In the case with serially concatenated codes,
when outer and inner codes are present, the Viterbi algorithm can be modified to produce soft decisions as

3



well as to provide reliability values [6]. The first SOVA decoder that operates on the inner code produces
soft decisions sequence or a posteriori information for the second SOVA decoder. The soft decisions are
then de-interleaved and de-punctured. The SOVA decoder that processes the outer convolutional code,
outputs the soft decisions. In addition, it feeds a priori reliability information to the first SOQPSK SOVA
decoder. A priori information is punctured and permuted by the interleaver before entering the SOQPSK
SOVA decoder. Thus, by using two SOVA decoders in the receiver chain to operate on both inner and
outer codes, the overall SNR can be improved.

MODIFIED SOVA

When compared to the Max-Log-MAP algorithm, the SOVA has a clear advantage due to its low
complexity. Max-Log-MAP algorithm is based on log-likelihood ratios. It computes the reliability values
according to the probability rules. For that, it requires forward and backward recursions. On the contrary,
the SOVA performs an elaborate comparison and calculates the reliability values by taking the difference
between the metrics of the competing paths which requires only a forward recursion. In addition, the
SOVA can be further modified, to yield the same performance as the Max-Log-MAP algorithm, while
preserving its superior complexity.

Let’s consider a binary trellis diagram illustrated in Figure 1 of [1]. Every node of this trellis has two
entering branches and each state transition represents one information bit ui. Since our model realizes
antipodal convolutional coding, every two branches merging in one state carry distinct information bits
ui. The SOVA performs only the forward recursion through the trellis. As in the basic VA, a decoding
window with a size δ is used. It is shown in [6] that while traversing the trellis, the SOVA computes and
stores the cumulative metrics Γ(sk) and (δ+ 1) of the most recent decisions û = {ûk−δ(sk), · · · , ûk(sk)}.
Every decision û(sk) has a corresponding soft reliability value L̂(sk) = {L̂k−δ(sk), · · · , L̂k(sk)}.

For each trellis node sk+1,the algorithm calculates the cumulative metrics Γ(s1
k, sk+1) and Γ(s2

k, sk+1)
for the two most likely paths that originate from states s1

k and s2
k and merge in state sk+1. In the same

fashion as in the classical Viterbi, the path with the minimal metrics is selected according to

Γ(sk+1) = min
i∈{1,2}

{Γ(sik, sk+1)}. (3)

The soft decision ûk+1(sk+1) is then updated in the surviving ûk+1(sk+1) for the corresponding state sk+1.
In the next step, the reliability difference ∆ for each state sk+1 is obtained. This is accomplished

by simply determining by what margin the accumulated metrics of the surviving path is greater than the
accumulated metrics of the losing path. The reliability difference is acquired after some calculation

∆ = max
i∈{1,2}

{Γ(sik, sk+1)} − min
i∈{1,2}

{Γ(sik, sk+1)}. (4)

The SOVA formulated in [6] only considers the case when û1
j 6= û2

j or in other words, the two merging
paths have conflicting decisions. In such case, the reliability measure is updated with

L̂j(sk+1) = min{∆, L̂1
j}. (5)

The main difference between the modified SOVA and the original SOVA is the fact that modified
SOVA considers the case when û1

j = û2
j for a certain j ∈ {k − δ + 1, · · · , k}. In this case, we take into

account a previously disregarded path-n that is merged with a losing path at decoding step k + 1, since
it now satisfies the condition ûnj 6= û1

j . For more in-depth explanation as well as visual demonstration of
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the trellis, please reffer to [1]. Therefore, for this particular case, the reliability measure for state sk+1 is
updated with

L̂j(sk+1) = min{∆ + L̂2
j , L̂

1
j}. (6)

This modification proposed in [1] can be easily implemented with the traditional SOVA with no addi-
tional cost. In addition, it has been proven in [1] that this simple modification enables SOVA to achieve
the same performance as the Max-Log-MAP decoding algorithm.

CONCLUSIONS

We have provided the description of our proposed serially concatenated coding scheme. We have
demonstrated various modules that are used in the encoder and decoder. We have stated the advantages
of the modified SOVA over the Max-Log-MAP algorithm. Figure 4 illustrates the simulated bit error rate
(BER) results for our SOVA based decode. The obtained BER curve resembles the Max-Log-MAP curve
under similar conditions (curve is not shown).
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Abstract 

 
This design adopts the software radio and DBPSK（Differential Binary Phase Shift 
Keying）modulation-demodulation, which detects the telecommand receiving by the 
guided-missile system correctly. The DBPSK modulation module in Altera FPGA 
chip converts the binary telecommand into DBPSK signal, which will be frequency 
modulated after D/A conversion. In the receiver, the FM signal is demodulated and 
A/D converted before sending to the FPGA. The DBPSK demodulation module in 
FPGA finally gets the telecommand which will be tally with the telecommand from 
transmitter. At last, the whole DBPSK modulation-demodulation module is embedded 
into the remote control test system. The design is working properly and meeting the 
requirements of the test system. 
 
Key Words: DBPSK modulation-demodulation, FPGA, Software Defined Radio 
 
 

INTRODUCTION 
 

The main the function of this design achieves the DBPSK Modulation-demodulation 
for Telecommand in Remote Control Test System. 
Compared with the other binary digital modulation, PSK(Phase Shift Keying) be 
applied extensively in satellite communications、land mobile service、measurement 



 

 

and control data link communications and so on because of its characteristic such as 
strong noise resistance、better data rate-to-bandwidth ratio、power-efficient and easy to 
hardware implementation.[1]  
Binary digital phase modulation has two types of modulation：the CBPSK（Coherent 
Binary Phase Shift Keying）whose controlled carrier signal changes with the 
base-band changes and the DBPSK whose phase difference between the contiguous 
before and after carrier indicate the baseband signals (Differential Binary Phase Shift 
Keying). Compared with the CBPSK, DBPSK can avoid the phenomenon of Inverted 
Π and its hardware implementation is easy . Take into account the two points above, 
this design adopts the DBPSK Modulation-demodulation for Telecommand in Remote 
Control Test System. 
The term "Software Defined Radio" was coined in 1991 by Joseph Mitola, who 
published the first paper on the topic in 1992.Its core idea is to structure a common 
hardware platform with open、standardized、modularized.There are three types of 
digital hardware to achieve: ASIC (Application Specific Integrated Circuit)、
FPGA(Field Programmable Gate Array)、DSP(Digital Signal Processor).Compared 
with the other two types, the FPGA internal be rich in resources that can be 
configured kinds of circuit block and designed more parallel modules system ,and it 
has the characteristics of high speed computing power、high reusable and integrated 
IP(intellectual property) core. Take all factors into consideration, this design adopt a 
implementation scheme about digital signal processing ,which is based on the 
technologies of SOPC(system on a programmable chip)、EDA(electronic design 
automation) and FPGA. [2]  
 
 

BODY 
   
1.1 General descriptions of DBPSK modulation-demodulation structure 
There is the software designing structure of the DBPSK modulation-demodulation as 
shown in figure 1.1.The whole system is driven by the 10MHz external crystal 
oscillator. The clocked signal generator module will convert the 10MHz clocked 
signal into square wave signal with frequency f1(307.2KHz) which will drive almost 
all the modules bellowed.  
In the part of the DBSPK Modulation, the frequency f1 will be converted into 
frequency f2(2.4KHz) with which the difference code module will produce the 
difference code and the binary useful information(data_out1) that are all with the 
frequency f1(307.2KHz). And then, with the input of f3(12KHz) sine wave which is 
produced by the sine wave generator and the input of the binary useful 
information(data_out1), the decide A module will produce the DBPSK signal A with 
the frequency f3(12KHz). 
In the part of the DBSPK Demodulation, the DBPSK signal B which is converted by 
the A/D converter, which will be multiplied by itself that has one code width latency 
time. Then the result output from the multiplier will be filtered by Low-pass filter 
which is adopted an FIR (Finite Impulse Response ) IP core, the MSB(most 



 

 

significant bit) of the filter’s output will be processed by the DPLL(Digital 
Phase-Locked Loop) module and the Decide B module respectively. At the end, this 
part will get the bit synchronization and the binary useful information named 
data_out2. 
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                  Figure1.1 DBSPK Modulation-Demodulation 
    
The whole Remote Control Test System will make a comparison between 
data_out1and data_out2 and judge whether the Control is transmitted properly. 

 

1.2 clocked signal generator module design 
The clocked signal generator mainly provides all the other modules of the whole 
system with the frequency f1 square wave clock. Its design principle is similar to the 
DDS（direct digital frequency synthesis）whose structure diagram is shown in figure 
2.1. The Phase Accumulator includes the N bits adder and the N bits accumulator 
register. The adder will add the frequency control word named K to the data that 
output from the accumulator register and then the result will be sent to the input of the 
accumulator register at every clock pulse named Fclk. And the new data of phase that 
produced by the accumulator register at last clock pulse will be sent to the adder, so 
the adder can keep on accumulate with the K at next clock pulse. On the whole, the 
Phase Accumulator accumulates the K a time while every clock pulse be input and the 



 

 

data out of the Phase Accumulator be synthesized into the phase of the signal, so the 
frequency of the overflow signal is the frequency of the output signal. 
Compare the DDS, the clocked signal generator needs a MSB judgment module 
instead of the wave memory to output a frequency f1 square wave clock judges by the 
plus-minus of the data’s sign just see figure2.2.   
Similarly，the output frequency Fout of the clocked signal generator module can be 
expressed by the frequency Fclk、N bits width of the phase accumulator and the 
frequency control word named K, the mathematical expression is shown in (2.1): 

                         
2

KFclkout NF ）（ ×
=                        （2.1） 

And the frequency resolution is: 

                      
2

Fclk
NF =Δ                              （2.2） 

So, the Fout can be changed freely during allowed limits by the software to set up the 
Fclk、the N and the K according to the actual requirements.[3] 

    

Figure 2.1 DDS Structure diagram 
 

 
Figure 2.2 Clocked signal generator Structure diagram 

 
1.3 difference code module design 
During this design, the difference code module is the signal resource for the whole 
design. It can get differential code B by convert the absolute code A with the formula 
(3.1). 

                         BAB 1-kkk ⊕=                       （3.1） 



 

 

 
1.4 DPLL(Digital Phase Lock Loop) module design 
DPLL includes lead-lag phase digital detector、K modular reversible counter and 
digital controlled oscillator(DCO) as shown in figure 1.1. 
(1) The output of the lead-lag digital phase detector is a result that local estimated 
signal named signal_out subtracts or be subtracted the signal input named signal_in. 
If the signal_out ahead the signal_in, the detector will output a ahead pulse named car 
in order to control the phase of signal_out to move backward; or the detector output a 
lag pulse and the phase of signal_out to move forward.  
(2) The K modular reversible counter will count the signal_out reversibly. When the 
result out of from the counter reaches a default value, it will output a add/discount 
pulse signal. So that the DCO can adjust the phase, and the counter be used as a loop 
filter on the whole. The initial value is set to N. If the ahead pulse arrive at and the 
counter adds 1, or the lag pulse arrive at and the counter minus 1. After a while, when 
the value if the counter is 2N that means local signal ahead the input signal and the 
counter will output a discount pulse signal, at the same time the counter will be reset 
to N. While the value of the counter is 0, that means local signal lag the input signal 
of the counter. So the counter will output a add pulse while it will be reset to N. 
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Figure 4.1 ahead-lag character synchronous digital phase lock loop 

 
(3) The DCO have another name called digital clock ,it includes pulse add-minus 
controller and N frequency divider .The DCO’s output is a impulse sequence. The 
pulse add-minus controller will track and adjust its input signal’s frequency and phase, 
then the output signal’s frequency and phase will be locked the same as the input 
signal at last. The output signal of the pulse add-minus controller will be frequency 
divided with N by N frequency divider, in order to get the local estimated signal. 
While the local estimated signal ahead the input signal, the minus pulse will minus 
one pulse of the local high speed clock named Add_del_pulse_out, and then the 
Add_del_pulse_out will be frequency divided with N by N frequency divider to get 
the local estimated signal whose phase is moved backward , whereas 
Add_del_pulse_out will be insert one pulse and be frequency divided with N to get 



 

 

the local estimated signal whose phase is moved forward. If there is neither minus 
pulse nor add pulse to control the output signal, the Add_del_pulse_out will can’t be 
controlled but to be frequency divided with N and its phase is in synch state. 

 
1.5 Other module design 
In order to reduce product’s cycle of development and improve the flexibility and 
stability of the product, this design takes full advantage of the IP core in the software 
Quartus II. The sine wave generator module adopts the NCO IP core to produce a sine 
wave. The LPF(Low pass filter) adopts a FIR(Finite Impulse Response) IP core whose 
type of window、sample rate and cut-off frequency all can be set to meet demand. So 
this design is adjustable because of using the IP core in some important parts of the 
whole design. 
 
1.6 simulation and test result 
(1) The input clock frequency of the DBPSK modulation is 10MHz. See the figure 
6.1,this is the result of DBPSK modulation that be simulated with modelsim simulator. 
The cycle of the information code and the difference code named a_out labeled with 
blue frame, the frequency ‘s cycle of the carrier labeled with red frame. 

                 
Figure 6.1 simulation result  

 
(2)The whole design external connects a 10 MHz crystal oscillator and works under 
3.3V voltage. Its important part is the FPGA chip EP1C20F324I7 produced by Altera 
company. The whole software loaded into the chip and then it will produce DBPSK 



 

 

signal whose code frequency is 2.4 KHz and carrier frequency is 12 KHz. 

 
Figure 6.2 DBPSK modulation              

 
     Figure 6.3 DBPSK demodulation 

 
In addition, it will demodulate the DBPSK signal received from the receiver’s front 
end to the information code and bit synchronization whose frequencies are 2.4 KHz. 
The test results are shown in figure 6.2 which is DBPSK modulation signal and figure 
6.3 which are bit synchronization signal marked with one and information code 
marked with two that judged rising edge by the bit synchronization. And figure 6.4 is 
the test result of the DBPSK demodulation when this design is embedded in the whole 
Telecommand in Remote Control Test System whose information code is marked with 
yellow, the other is marked with green. 

                       Figure 6.4 DBPSK demodulation 
 



 

 

 
CONCLUSION 

 
The paper introduces the software structure of the whole design at first, and then 
analyzes the important modules in detail. At last, the test results are all meet demand 
when the design is independent and embedded in the whole Telecommand in Remote 
Control Test System. 
This design can achieve that the frequencies of the information code and the carrier 
are adjustable just change them in the software and then load into the chip, but 
inconvenient to adjust the parameters above mentioned by PC or land station directly. 
So it maybe comes true for the future.  
 

 
 
 
 
 
 

ACKNOWLEDGMENTS 
 

The authors would like to acknowledge the following contributors: Professor Song 
Peng who provides a very good experimental condition and go out of his way to give 
his guide in the whole design. Thanks Han Yulong for his carefully guidance in testing 
and designing the circuit. The same to Huang Kun, a good partner who helps me 
design a DPLL enthusiastically. Thank all the members of our laboratory for their 
every little helps. 
 

 
 

REFERENCES 
 

[1]Changxin, Fan. and Lina, Cao., “ Chapter seven: The digital pass-band 
transmission system，” Principle of Communication，6th Edition, National Defense 
Industry Press, Beijing, 2008.01, No.180-213.   
 
[2]Hao, Chen.,“The Research and Design of Modem Based on FPGA,” 
CNKI:CDMD:2.2008.013970, Central China Normal University, Hubei province, 
2008.02.27.  
 
[3]Geng,Tian., Wenbo, Xu., and Yanwei Zhang., “Chapter five:Fundamentals digital 
signal processing used in FPGA,”FPGA designs the wireless communication system, 
1st Edition, Publishing House of Electronics Industry, Beijing, 2008.02, No.120-127.  
 
[4]Cheng,Wang.,Jihua,Wu.,Lizhen,Fang.,Ning,Xue., and Xiaogang,Xue., The design 



 

 

of Altera FPGA/CPLD(Fundamental Version), 3rd edition, Posts & Telecom Press, 
Beijing, 2005.07.   
 
[5]Jihai,Duan., and Zhiwei,Huang., dsdc “Chapter eighth:The design and model of the 
digital signal bandwidth transmission,” The design and model of the digital 
communication system based on CPLD/FPGA, 1st Edition, Publishing House Of 
Electronics Industry, Beijing,  
 
[6]Cyclone FPGA family datasheet, Version 1.2, Altera Corpration.2004.9. 
 
[7] Cyclone II Device Handbook, Altera, 2005.06. 
 
 
 
 
 



This technical data and software is considered as Technology Software Publicly Available (TSPA) No License 

Required (NLR) as defined in Export Administration Regulations (EAR) Part 734.7-11. 

 

1 

ADVANTAGES OF USING A MODULAR ARCHITECTURE TO 

EXTENUATE THE EFFECTS OF DISRUPTIVE 

TECHNOLOGIES 

 
 

Yason Khaburzaniya 
L-3 Communications 

 

 

 

 

ABSTRACT 

 

Disruptive technologies affect every industry and often indicate the rate of technological 

advancement. Observing previous technological leaps can help ensure that the next disruptive 

technology innovation has less of an impact. Many methodologies that were developed to 

combat the high adoption costs of disruptive technologies in the field of computer engineering 

can be applied to the satellite and telemetry world. One such methodology is modular 

architecture in software.  

 

 

INTRODUCTION 

 

An example of a disruptive technology which affected the satellite telemetry world was 

the switch from frame-based telemetry to packet-based telemetry. This shift in the philosophy of 

telemetry delivery had a number of repercussions to ground system technologies and software 

systems. Software that is not modular entails extensive re-writes in order to handle new 

technologies. The modular approach to software architecture and hardware design is one way to 

minimize the effects of technology insertion. Decoupling software systems from hardware 

systems is extremely important. The urge to reap short term benefits of single purpose, 

specialized software, may be hard to resist on tight budgets, but the long term costs of modifying 

software for small technological advancements, let alone technological leaps, may be too high. A 

smart telemetry system needs to be generic enough to allow the support for both frame and 

packet based telemetry systems, hopefully making it generic enough to also support the next leap 

in the telemetry technology.  

 

The modular approach to software architecture and design should have the main goal to 

decouple software and hardware. Of course, hardware specific drivers must be in place, but these 

should be a small piece of the software system. This notion has become common in the arena of 

personal computers. Replacing most components can be done painlessly with the installation of a 

new driver and sometimes a reboot of the system. The common concepts of plug-and-play and 

hot-swap technologies can and should be applied to smart telemetry systems.  

 

Platform independence of ground systems is also important in helping to adapt to 

disruptive technologies. A telemetry system fully dependant on a third party operating system or 
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hardware component is exposed to the risk of mounting costs, poor maintenance, and product 

obsolescence. In addition, when a new disruptive technology is introduced, the system designed 

for a specific OS risks staying technologically backwards until the third party adopts the new 

technology. 

  

This paper will describe how software development using a modular approach for 

platform independent telemetry systems can minimize the time and the resources required to 

accommodate technology advancements and in fact reduce disruptive effects of significant 

technological leaps. 

 

 

MODULAR ARCHITECTURE 

 

Several reasons inherent to the satellite industry prevent timely absorption of new and 

robust technologies. The high cost of proving that a component or a system will work in space 

and will not contribute to a failure of a multi-million dollar mission prevents solutions from 

being exploited by the industry. Sometimes extraordinary motivation may force a satellite 

company or agency to abandon a tested space rated or human rated system and replace it with a 

more advanced, but less mature system. Replacing a single component can prove unjustifiable 

when dealing with tightly coupled and integrated software due to the high cost of software 

validation. Major upgrades and redesigns for the NASA Space Shuttle were often triggered by 

serious malfunctions or tragic accidents. If the Shuttle could be easily upgraded and modified, it 

would not have to be decommissioned abruptly without having a replacement available.  

 

 
Figure 1: Tightly coupled system 
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Figure 1 depicts a system where software is specific to hardware and concepts like automation 

and commanding maintain dependencies over multiple hardware units. The automation 

subsystem on Hardware #2 operates closely with the telemetry subsystem, however, some 

automation tasks are supported only by the automation subsystem specific to Hardware #1. 

Direct dependencies between the two automation subsystems lead to low cohesion. For such a 

system changing something that works can be hard to justify. A space program that uses a frame 

based telemetry system, will not switch to a packet based telemetry system, unless significant 

financial or operational incentives can be demonstrated or new requirements or capabilities are 

expected from stakeholders. This type of pragmatic approach over time adds up to usage of 

outdated technologies and the need for costly overhauls of entire programs. 

 

 Telemetry systems that are architected and designed to be modular can help address some 

of the problems in the satellite industry regarding adoption of disruptive technologies. The cost 

of replacing an entire ground system and the elevated risk of trying out a new technology must 

be justified. However, upgrading only a single component may be difficult if the software and 

the hardware of the ground system were not designed to accommodate for such upgrades. A 

single component, software or hardware, may be tightly coupled with other components making 

integration and testing of any upgrades more expensive relative to the potential benefits.  

 

The modular approach to software architecture and design helps to decouple software 

components allowing for simplified integration and testing of new components. From a 

validation standpoint replacing a modular component only affects the component and the 

relevant interfaces. For example, to re-validate the system after plugging in a new module that 

uses existing interfaces, only the relevant interfaces have to be re-tested.  In the tightly coupled 

system the amount of code re-write and cost of re-validation would be much higher. When 

implementing the Communication Operations Procedure-1 (COP-1) for L-3’s InControl 

software, we used Java RMI to plug in the COP-1 module. To re-validate our commanding we 

had to test the code written for communication with the RMI interfaces. However, no retesting of 

existing code was warranted because existing code did not change. Also, customers who do not 

use COP-1 were not impacted. 
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Figure 2: Modular system 

 

Figure 2 depicts a modular system that supports frame telemetry. Notice the hardware unit is 

decoupled from the software and can be a single chip, a powerful server, or a distributed over the 

network computer system. In this example, a telemetry module can be replaced to support 

CCSDS telemetry. Assuming a dynamic link library (DLL) or a java archive (JAR) encapsulate 

an entire module, replacing a module can be achieved by overriding a DLL or placing a new JAR 

file on the classpath. The amount of code re-write is minimal because most changes are 

contained in a single module. In a large scale system a decrease in the amount of time required 

for re-validation may influence the decision to adopt a disruptive technology.  

 

In a modular system development of a component can be source independent, meaning it 

can be open source, developed in-house or by a third party. This added flexibility opens up the 

field to an increased variety of alternative solutions and increases the ability to customize and 

upgrade the system (Sanchez). Picking a telemetry solution that supports modular components 

can prove highly advantageous especially if a single out of the box solution that fully satisfies all 

the requirements cannot be found.  

 

Operationally responsive systems is a new trend in the industry. In an operationally 

responsive system, pre-validated modules are put together in a timely fashion to satisfy the 

demands of a mission. A fully modular software system can easily support this concept. Using 
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configuration the system can respond to the demands of a mission by switching in components 

required for the particular mission. 

 

 
Figure 3: Operationally Responsive System 

 

The system in Figure 3 can be configured to use CCSDS, High-speed, or a Custom telemetry 

module. Provided that the system supports the three modules, simple configuration changes, such 

as modifying an XML file or flipping a UI switch, can accommodate the transition from one 

module to another. Also, no re-validation is required because all the modules have already been 

validated. With InControl we were able to stretch configuration and modularity to the point 

where a single ground system can process frame a and packet telemetry from several satellites at 

the same time. However, for such advanced usage of modular architecture, the robustness of a 

modular system strongly depends on the quality of the design of the components and the 

interfaces. 

 

Today many frame based telemetry systems still use hardware decommutators because 

hardware decom enables superior bandwidth for high speed telemetry. As computer technologies 

progress, more affordable and reliable software solutions for high bandwidth telemetry have 

started to compete with hardware solutions. Companies that already own smart telemetry 

systems with modular architecture will be able to adopt faster. Utilizing a smart modular solution 

for new projects is beneficial even if no plans to employ a new or a disruptive technology exist. 

All the benefits of a modular architecture that help reduce the impact of a disruptive technology 
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are generally applicable to any new system. The improved ability to adopt new technologies is a 

side effect of the extreme flexibility that a modular system provides. 

 

 

 
Figure 4: Reassignment of Responsibility 

 

 

Figure 4 displays a telemetry module reassigning responsibility to a more technologically 

advanced telemetry module located on a completely different set of hardware. Reassignment of 

responsibility entails re-linking the system and passing the state data from the running telemetry 

module to the new telemetry module. After this process completes, all the interfaces from the 

system will work with the new telemetry module and the old module can be shutdown and 

discarded. To reach this flexibility, InControl makes use of Common Object Requesting Broker 

Architecture (CORBA) interfaces. CORBA allows TCP/IP communication between modules 

running on different computers. In contrast to plugging a new module into an existing system, 

reassigning responsibility is a good option if system requirements of the new module exceed the 

specification of the current system. 

In order to truly be able to take full advantage of modular architecture the software has to 

be platform independent. The choice of the platform for a telemetry system depends on many 

factors, however the software that controls the system has to be platform independent, otherwise 

its flexibility will be pinned to the robustness and the degree of maintenance of the platform. In 

fact, in the last five years the market share of non-Microsoft operating systems has doubled (“OS 

Platform Statistics”). No one can guarantee a platform provider’s survival or longevity of the 

maintenance period for a given platform. A system independent of a single third party product 

can reduce the risk of becoming obsolete. Also, platform dependence puts artificial barriers to 
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adoption of disruptive technologies, since it may obstruct better performing and more cost 

effective solutions. Sometimes a platform dependent solution can provide a performance boost. 

However, use of modular architecture puts arguments in favor of platform dependent or platform 

independent solutions in a different perspective. Modular architecture is not about creating a 

single solution, but more about creating a “platform” for a broad approach to the market 

(Sanchez). Technologies such as CORBA and the Simple Object Access Protocol (SOAP) enable 

this “platform” to be OS platform independent. If an OS platform dependent solution proves to 

be superior to others in the market, it can still be integrated into a platform independent modular 

architecture. Running on proprietary hardware, platform dependent software can communicate 

with the rest of the system using platform independent CORBA or SOAP. In addition, 

generification and standardization become almost natural in platform independent and modular 

systems, driving costs down in the long run and increasing competition among suppliers. 

Reduced cost of technology and greater entrepreneurial participation smooth out and speed up 

the process of transition from one technology to another.  

 

 

CONCLUSION 

 

Modular platform independent systems can help reduce the amount of time and money it 

takes to adopt a disruptive technology. In addition, modular architecture supports the trend 

toward robust, operationally responsive telemetry systems with higher efficiency and improved 

reliability. In the future, energy storage and alternative fuels could extend the life of satellites. 

Modular software and platform independence will provide for a greater ability to upgrade both 

ground and satellite software throughout the duration of missions. Support for IP satellites can be 

enabled by modifying a single module. It will be possible for software and hardware components 

to be plugged into satellites on the fly, similar to a USB mouse. In the future many disruptive 

technologies may simply be modular in nature.  
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ABSTRACT 

 
The Weapons System Test and Integration Laboratory (WSTIL) at the U.S. Army Yuma Proving 
Ground (YPG) will provide a new capability for ground based testing in this arena.  Current and 
near term YPG scheduled test programs will benefit tremendously from this enhanced ground 
test capability provided by the Weapons STIL.  The Weapons STIL’s design goals center on the 
implementation of an automated mechanism for testing the weapon systems and sensors that are 
currently the responsibility of the YPG facility.  To meet the Army’s weapons test needs the 
Weapons STIL incorporates various levels of digital stimulation, human-in-the-loop, hardware-
in-the-loop, and installed system test facility (ISTF) techniques to maximize ground testing in 
order to focus and optimize subsequent open air flight testing.  
 
This paper describes this work in progress. 
 

KEY WORDS 
 
Standards, TMATS, Test and Evaluation, Weapons System, Ground Testing, Installed System 
Testing 
 

INTRODUCTION 
 
Over many years of testing weapon systems, lessons learned have shown that system problems 
are less costly to correct if discovered during ground test in both developmental and operational 
test and evaluation rather than in flight-test. Several factors contribute to this; the largest of 
which is the cost of range and test assets per flying hour.  A ground test program with many test 
points is less costly to accomplish than an equivalent flight test program for both weapons 
platforms and their associated systems.  An appropriately planned and implemented set of 
ground test activities may not reduce the number of test flights, but will provide an opportunity 
to ensure scheduled flight missions to be performed in a more efficient and cost effective 
manner. 
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The ongoing Global War on Terror (GWOT) places an 
urgent need on the Army to rapidly field new weapon 
systems and improvements to existing weapons and 
deploy to the warfighter. This need makes the timely 
development of the Weapons System Test and Integration 
Laboratory (WSTIL) critical.  The YPG Weapons STIL 
will provide a capability which currently does not exist.  
Current and near term YPG scheduled test programs will 
benefit tremendously from this enhanced ground test 
capability. 
 

The Weapon STIL’s design goals center on the 
implementation of an automated mechanism for testing 
the weapons system and associated sensors that are 
currently the responsibility of the Army YPG facility.  
One of the primary focuses of the Weapons STIL 
design is to provide as much automation as possible in 
the testing process to minimize operational 
intervention, expedite testing, provide a repeatable 
environment for testing, and prepare report outputs in 
an easy to integrate and implement format. 
 
The high level design goals of the Weapons STIL are defined as follows: 
 

1. To test and identify problems associated with the integration of air-
platform weapon systems with other onboard aviation systems. 

2. To test the implementation of corrective actions. 
3. To provide a value added capability for the Army’s Weapons Test and Integration 

mission. 
4. To provide test information in “real-time” to and from the air-platform systems through a 

Test Control Center (TCC). 
5. To maximize the use of commercially available hardware and 

software (COTS) as well as Government and Industry 
standards around a network centric implementation allowing 
for a secure and flexible system architecture. 

 
The Weapons STIL provides unique test capabilities, the most important of which includes: 
 

• Evaluating the performance, response, and sensitivities of software algorithms by precise 
control of avionics processor inputs and automated analysis of outputs. 

• Investigating weapons/avionics integration anomalies by recreating 
basic operational conditions/scenarios until all the cause and effect 
relationships are thoroughly understood and next-test-phase/flight 
decisions can be made. 

• Regression testing of new software changes to ensure that undesired 
impacts did not occur to functions that have been previously evaluated. 
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• Integration testing to verify interface documentation, degraded operation, and self-test 
adequacy. 

• Avionics sensor integration to include radio frequency (RF), electro-optic (EO), infrared 
(IR), and electromagnetic support measures (ESM). 

• Ensure test “repeatability” is achieved to allow for adequate regression testing insuring 
that the identical test is run. 

 
WEAPONS SYSTEM TEST AND INTEGRATION LABORATORY (WSTIL) 

 
The Weapons STIL development team consists of the system engineering and integrator (Spiral 
Technology, Inc.), local YPG program management and facility coordination (TRAX 
International, Inc.), the end user organization (Aviation and Air Delivery Systems Division, 
Aviation Branch, U.S. Army Yuma Proving Ground), with overall project management from 
Project Manager for Instrumentation, Targets, and Threat Simulators (PM-ITTS). 
 
Requirements gathering and design documents and reviews have been generated which include: 
 

• Test Capabilities and Requirements Document (TCRD) 
• Integrated Master Schedule (IMS) 
• System Engineering Management Plan (SEMP) 
• System Specification (SS) 
• System/Subsystem Design Description (SSDD) 
• Miscellaneous other Documentation 
• Post Award Conference (PAC) 
• Preliminary Design Review (PDR) 
• Critical Design Review (CDR) 
• Test Readiness Reviews (TRR) 
• In Process Reviews (IPR) 

 
The table below presents the three (3) Key Performance Parameters (KPP) which were a guide to 
the development team. 
 

Characteristic 
Key 

Performance 
Parameter 

Development Threshold Objective 

Networked KPP 1 Major components will be capable of a 
network interface. 

Net-ready.  System capable of 
participating in distributed testing over 
the Defense Research and Engineering 
Network (DREN). 

Repeatable KPP 2

Improve accuracy, efficiency and 
repeatability of test conditions through 
employment of computer-controlled, 
scripted scenarios. 

Threshold = Objective 

Adaptable KPP 3

Reconfigurable to support 
performance assessments of at least 
two manned and/or unmanned 
platforms in a controlled environment. 

Reconfigurable to support 
performance assessments of a broad 
range of aircraft (manned and 
unmanned platforms) and missions in a 
controlled environment. 
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As a logical outgrowth of satisfying these KPPs and from close communications with the user 
community, the Weapons STIL development team incorporated several concepts into the design 
of the Weapons STIL.  These include: 
 

1. As a result of implementing KPP-1, the decision was made to utilize the Weapons STIL 
Secure Network to provide the control interface to the various test equipment required to 
support testing.  As an example, to simplify the interfaces for the Weapons STIL 
configuration, the development team chose to control all devices through “Ethernet” even 
if this is not available on each device.  This can be accomplished by providing an 
“Ethernet to/from IEEE 488” converter as well as an “Ethernet to/from RS-232” 
converter. 

 
2. As a result of implementing KPP-2, the decision was made to implement the Weapons 

STIL utilizing, where feasible, both industry and Government standards to insure 
compatibility with existing systems and also utilize, as much as possible, commercial-off-
the-shelf (COTS) components to integrate the Weapons STIL capability.  An example of 
this standardization approach is seen in the selection of the Telemetry Attributes Transfer 
Standard (TMATS) as the foundation of the mission configuration component of the 
Weapons STIL implementation. 

 
3. By implementing the Weapons STIL mission configuration data system around the 

TMATS, the Development Team chose to build around a Government supported standard 
that has been in use since 1993.  Further, by requiring that this standard be adhered to by 
the major data acquisition and processing components of the Weapons STIL design 
further supports long range planning and technology refreshes. 

 
4. To satisfy the requirements driven by KPP-3, the Development Team chose to implement 

the Weapons STIL in a redundant mode.  Considering the possibility of two (2) 
completely independent test activities being performed in the Weapons STIL facility, 
each of which may have proprietary or competition sensitive data they would not be 
willing to share with others, it was important NOT to mix data acquisition and/or data 
storage between the two missions.  This drove the decision to acquire two (2) data 
acquisition and archive/retrieval subsystems to be placed in the Weapons STIL. 

 
5. To further provide the maximum amount of operational flexibility of the Weapons STIL 

system, the Design Team chose to acquire and implement a Digital Matrix Switch 
allowing the Weapons STIL operations personnel to select which data is routed to each of 
the data acquisition and archive/retrieval subsystems from a computer interface. 

 
6. As the foundation of the Weapons STIL, the Local Area Network (LAN) is implemented 

utilizing the Common Identification Standard for Federal and Contractor employees and 
is Federal Information Processing Standards (FIPS) 140-2 compliant.  It is designed to be 
available to at least 48 test engineers from outside the Weapons STIL complex using a 2-
Factor Authentication process, and be available to the test engineers from within the 
Weapons STIL complex. 
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Figure 1 represents a logical view of the Weapons STIL’s Operational Concept. The large circle 
in this view represents the Weapons STIL private secure LAN which consists of a Gigabit 
backbone and contains all of the necessary security components to protect it from intrusion from 
the outside world.  This basic infrastructure is critical to the operation of the Weapons STIL in 
that it carries most of the information between the different components (subsystems) which 
make up the Weapons STIL architecture including: 
 

 
Figure 1 – Weapons STIL Concept of Operation Flow 

 
Aircraft and Weapons Interfaces: The aircraft and weapon systems under test integrate to the 
Weapons STIL via a set of standard data interfaces including, MIL-STD-1553 Busses, ARINC 
429 Busses, Inter-Range Instrumentation Group (IRIG) Chapter 4 PCM, National Television 
System Committee (NTSC) and Digital Video. 
 
LAN Infrastructure: The Weapons STIL’s Secure Private LAN is built on a Gigabit Ethernet 
backbone allowing for the transfer of all of the information necessary to support the various test 
missions.  Each of the design components of the Weapons STIL is directly connected to this 
LAN for ease of communications between subsystems. 
 
DREN Interface (Objective): Not in this version of Weapons STIL Implementation however, the 
Weapons STIL is designed to support a future interface to the Defense Research and Engineering 
Network (DREN). 
 
Test Engineer Interface:  The Test Engineer Interface is designed to allow any of the authorized 
test engineer’s access to test data during and/or after a mission over a secure interface to the 
Weapons STIL network. 
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Mission Configuration Server: The Mission Configuration Server is located in the Data 
Analysis Center and represents the heart of the centralized configuration definitions for any of 
the test missions to be accomplished utilizing the Weapons STIL.  This includes format 
definitions of the aircraft/weapons data sources, measurement definitions of the data to be 
utilized for testing, calibration definitions (as appropriate) for each of these measurements, and 
initial condition definitions for the Weapons STIL test equipment. 
 
Data Acquisition and Analysis Sub-Systems:  The Data Acquisition and Analysis Sub-Systems 
(one for each of the two test bays) are responsible for gathering, processing, and distributing 
pertinent mission data in real-time and post real-time.  
 
Data/Video Archive and Retrieval Sub-Systems:  The Data/Video Archive and Retrieval Sub-
Systems (one for each of the two test bays) are responsible for capturing the data associated with 
each test and providing it to the test engineers for post test analysis and report preparation 
 
Test Control Centers: The Test Control Centers (one for each of the two test bays) have five (5) 
display stations at which the test engineers can observe the test in real-time and/or play back 
mode.  Data is presented in tabular or graphic displays (i.e. time history plots, parameter versus 
parameter plots, bar graphs, pie charts, discreet displays, etc.). 
 
Weapons Station Interfaces: The Weapons Station Interfaces (one for each of the two test bays) 
is responsible for the initial configuration of the test equipment included in this active test as well 
as dynamic control and monitoring of this test equipment during the execution of the test. 
 
Post Test Analysis (Report Quality Outputs): The Post Test Analysis component of the 
Weapons STIL consists of a set of COTS software which interfaces to the data/video archive 
system and provides its user with a significant amount of “data mining” and report generation 
capabilities. 
 
Physical Accommodations for the Weapons STIL 
 

 
Figure 2 – Weapons STIL Hangar Layout 

6 



In an effort to develop a functional ground test capability that satisfies the overall testing goals 
for the Weapons STIL, YPG is providing an existing facility to house these systems which is 
depicted in Figure 2.  This on-site hangar/test facility is a single-story building with hangars at 
either end.  The hangars are separated by six engineering/technical and management support 
areas.  Utilizing Simulated Avionics combined with real aircraft Hardware-in-the-Loop, 
Instrumentation Busses, High-Speed Networks, and Open Architecture hardware and software, 
these ground-based avionics and weapons test stations will provide extensive and flexible 
capabilities in the area of basic mission simulation, training and developmental avionics testing. 
 
When designing the architecture for the Weapons STIL, several major system design drivers  
were considered by the design team. 
 

1. Where Data Exchange was Important: 
a. Compatibility with other Army Data Systems 

2. Ability to Import Configuration Data from Airframe and Weapon System Manufacturers. 
3. Maximum Utilization of Commercially available Components. 
4. Interface these COTS Components utilizing Government and Industry Standards. 
5. Provide as much Automation as possible to what is currently a manual testing process. 

a. Provide Information to the Test Engineers in an electronic form for ease of access 
and review. 

b. Provide for Ground Station Equipment Setup from Standards Based Data Files 
retrievable from a Server Disc Storage. 

6. Insure Operations Personnel are involved in the Design Process. 
 
Figure 3 represents the Weapons STIL from a functional perspective.  It shows the primary 
components of the Weapons STIL and how they are linked together to provide the testing 
required by the Test Engineers.  The primary components of this test architecture are represented 
along with their interfaces to other components in the system.  These primary hardware and 
software components include: 
 

• The Systems Under Test (SUTs) which include multiple aircraft types (e.g. Helicopter, 
Unmanned Aircraft System, etc.) and/or Weapon Systems (e.g. Missile, Rocket, Gun, 
etc.) 

• The Weapons STIL Secure LAN. 
• The Weapons STIL Data Acquisition and Analysis Subsystem(s). 
• The Weapons STIL Mission Configuration Setup Subsystem 
• The Weapons STIL Test Control Center(s). 
• Test Engineer Interface from outside the Weapons STIL. 
• The Weapons STIL Test/Video Data Recording and Archive Subsystem(s) 
• The Weapons STIL Weapons Station Interface(s). 
• The Weapons STIL Post Test Analysis 

 
Utilizing the Functional Block Diagram of the Weapons STIL Architecture presented in Figure 
3, the following paragraphs follow the typical test data process through these components at a 
functional level. 
 

7 



Begin with Data coming from a System Under Test (Aircraft and/or Weapon) residing in one of 
the four (4) Test Bays.  This data includes a combination of PCM data, MIL-STD 1553 Buss 
Data, ARINC-429 Buss Data, Video data, and IRIG time code data. 
 
All of this data is directly cabled from the Aircraft into a Matrix Switch which resides in the Data 
Analysis Center where it is switched (by the Mission Configuration Server) to the appropriate 
Data Acquisition Subsystem (1 or 2) being used for the current test.  This routing information 
will also be controlled by the Mission Configuration Server as defined by the Test Engineer 
performing the test. 
 
The Mission Configuration Server also contains detailed information including 1553 Buss 
Messages and Data definitions, PCM Format definitions, Measurement information including bit 
size, data type, bit weightings, Engineering Units Conversion Algorithms, and other detailed data 
information including routing information to the Data Archive and Retrieval subsystem. 
 

 
Figure 3 – Weapons STIL Functional Block Diagram 

 
Decommutation of encoded PCM Data is processed creating real-time concatenation of 
parameters, derivation of raw parameters, parsing of discrete bits from parameters, and 
application of Engineering Unit conversions.  This is accomplished by the Data Acquisition 
Subsystem component and it is then sent to the network making it available to the other Weapons 
STIL Components for archiving, processing, and display purposes. 
 
Data from the Data Acquisition subsystem is presented to the appropriate Test Control Center 
(TCC) and the Data & Video Archive and retrieval Subsystem. Work stations in the TCC receive 
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the data via the network to which they are attached.   These Work Stations can run any 
applications desired by the engineer to display the particular data of interest. This Data will also 
be recorded by the Data & Video Archive/Retrieval Subsystem.  
 
The Weapons Station Interface in each of the TCCs is used to configure and control the test 
equipment in the test bays.  Data on the 1553 and ARINC Busses can be manipulated and sent 
back to the system under test using the Buss Analyzer.  This is then verified by the Engineer at 
the Work Station in the TCC via the data path from the SUT.  The RF Stimulator can be 
configured to emulate ground RF Systems providing the SUT with signals that emulate flight 
conditions for the aircraft while it is still on the ground.  The Test Equipment Configurations will 
be stored on (and can be recalled from) the Mission Configuration Server. 
 
In a Post Test Analysis mode of operation the data that was recorded on the Data & Video 
Archive/Retrieval Subsystem can be played back though the system to review the test after 
completion and/or many days or weeks later. 
 
Mission Configuration Management: 
 
In support of Mission Configuration the Weapons STIL utilizes the TMATS and the interface to 
the necessary Data Acquisition System being used in the Weapons STIL.  In most cases the 
required information can come from the airframe or weapon manufacturer in some electronic 
form.  The Weapons STIL Development Team is using the IRIG 106-09 Chapter 9 TMATS as 
the format in which to collect and store this information. 
 
TMATS is used as the foundation for the Mission Configuration Management System internal 
structure.  This project oriented system software architecture allows its user to structure a file 
system that best suits his/her needs for tracking mission test configurations on a centralized file 
server which resides in the Data Analysis Center and then distribute this information over the  
LAN to the appropriate Data Acquisition Subsystem and associated hardware items included in 
the test environment. 
 
The current hierarchy of the file structure (depicted in the Figure 4) for Projects stored by this 
system on the Mission Configuration Server includes: 
 
Project: This is a user defined name, and generally refers to the type or name of 

vehicle under test. 
Operation Type: This is a user defined field, and is used to further define the conditions 

under which the test took place. 
Operation Number:  A unique number that can be assigned by the user. Generally, this would 

be a number that increments, and could be used to identify the test. 
Revision Number: This is a number that is automatically incremented whenever changes are 

made to system formats and/or the measurements defined within those 
streams are changed. 

Date: A unique date, in a pre-defined format. This field is used to identify the 
date on which the test occurred. 
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Figure 4 – Weapons STIL Mission Configuration Management 

 
By far, the largest portion of the mission configuration for a test to be performed in the Weapons 
STIL consists of the definition of all measurements to be utilized and the associated processing 
required for each, such as Engineering Units Conversion and/or Derived Parameter Calculations. 
Figure 5 represents the general process flow to prepare for the execution of a Weapons STIL test. 
 

 
Figure 5 – Mission Configuration Process Flow 
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As presented in this process there are two (2) primary sources of information required by the test 
engineer to prepare for the execution of a test using the Weapons STIL.  These consist of: 
 

1. Data source formats and the associated measurement information necessary to collect, 
process, and present in the TCC the information gathered as results from the test.  This 
information is collected and stored in the (IRIG-106) Chapter 9 TMATS format. 

2. Configuration of the hardware (data distribution via the Matrix Switch) and the initial 
setup of the test equipment to be utilized in the test execution. 

 
Information Routing using the Matrix Switch 
 

The matrix switch is configured using a display similar to the 
one presented in Figure 6. 
 
In this representation, Inputs are presented on the Left Hand 
side of the display and Outputs are presented on the Top of 
the display. 
 
Therefore, a connection between an input and an output is 
represented by a colored box at the intersection of the row 

and column. This configuration is saved on the Mission 
Configuration Server for this mission/test. 

Figure 6 – Matrix Switch 

 
The Test Control Centers 

As shown in Figure 7, the 
Weapons STIL Test Control 
Centers consist of the data 
presentation and control 
capabilities necessary to conduct a 
mission.  There is a TCC for each 
half of the Weapons STIL complex 
so that two (2) missions can be 
performed simultaneously. Each 
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Data Analysis Center 
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1 – Weapon Station Inter-
face for control of 
Equipment for the test.

• 1 - High Speed printer 
Network interfaces t

Figure 7 – Weapons STIL Test Control Center  
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Data Analysis Center 
 
The Data Analysis Center shown in Figure 
8 is the core of the Weapons STIL system 

eq
 

•  TCC 1 

1&2 
•  TCC 2 

o Data/Video Retrieval Server 
o Data Routed from Test Bay 3&4 

• n t for: 
ration Server 

 PCM Simulator 

 been acquired and interfaced into the Weapons STIL to expedite 
e various tests that are required to support weapons integration.  The following is a brief 

e
 

es. The CAST-2000 
roduces real-time radio frequency (RF) signals representing a simulated 

GPS environment to stimulate GPS receiver equipment. 
 

.  Individual Signals and Connections can be verified at Test Setup time 
y the Technicians and Engineers in the Test Bay via other test equipment in the 
est Bay. 

support.  It consists of three (3) racks of 
uipment consisting of: 

Data Acquisition System for
o Data Acquisition Hardware 
o Data Archive Hardware 
o Data/Video Retrieval Server 
o Data Routed from Test Bay 
Data Acquisition System for
o Data Acquisition Hardware 
o Data Archive Hardware 

Figure 8 – Data Analysis Center 

Ce tralized Suppor
o Mission Configu
o Matrix Switch 
o
o Data Analysis/Access Tools 

 
Test Equipment to be used in the Weapons STIL 
 
A variety of test equipment has
th

quipment. description of this 

GPS Simulator 
 
Provide Global Positioning System (GPS) RF simulation and/or timing 
source to SUT.  The CAST-2000 used by the Weapons STIL offers the 
ability to stimulate GPS systems installed on test vehicl
p

 
RF Stimulator 
 
The RF Stimulator can be configured to emulate ground RF System providing the 
SUT with signals that emulate flight conditions for the aircraft while it is still on 
the ground
b
T
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High-Performance Spectrum Analyzer 
 
A Precision Spectrum Analyzer which fully supports a majority of 
Sensor-related testing. It supports millimeter wave, phase noise 

easurements, spur searches and modulation analysis and offers 
erformance characteristics. 

 

and display it on a series 
 gauges, fault indicators, and charts, much like the indicators 

pit or instrument panel. 
 

here within the frame/sub-frame 
atrix. The unique words may also be distributed throughout the frame and/or sub-frames in a 

Other test equipment includes: 
 

MM 
alyzer z) 

 3Ghz) 

) 
eter (Boonton 4300 or Equiv) 

plifier (300Mhz - 3Ghz) 
• Avg Power Meter (Boonton 4300 or Equiv) • Color Printer 
• RF Couplers • Miscellaneous (adapters, supplies, CDs, etc.)

 

m
flexible, high-p

Buss Analyzer 
This piece of test equipment functions as a Buss Analyzer, 
allowing for Data Display, Error/Data Logging and Analysis, 
Simulation, Playback of Data, it can also act as a Buss Controller, 
with the ability to put data on the buss and directing other 
components to act upon the simulated buss traffic.  As a Remote 
Terminal (R/T) on the buss, this device allows the engineer to 
convert the raw data to engineering units 
of
found in the cock

Pulse Code Modulation (PCM) Data Simulator 
 
An independent PCM simulator provides a data frame filled with 
a background pattern over which unique data words may be 
superimposed. A sub-frame may also be added to the format and 
unique words placed anyw
m
super commutated structure. 
 

• Oscilloscope and D • Variable Attenuator 
• Peak Power An • Low Noise Amplifier (30Mhz - 400Mh
• Network Analyzer • Low Noise Amplifier (300Mhz -
• RF Generator • Low Noise Amplifier (2Ghz - 20Ghz) 
• Attenuator Set • Low Noise Amp (1W - 10dbm
• Low-Loss RF Cables (Various) TNC • Avg Power M
• Low-Noise Am • Attenuator Set 
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CONCLUSION 
 
Development began on the Weapons STIL concept in late calendar 2007.  Requirements 
gathering and conceptual design was completed by mid calendar 2008 with a Critical Design 
Review occurring late July of that year. 
 
The table below represents the relevant milestones in the development phase of this program. 
 

 
 
At the time of this writing, approximately 95% of all materials and equipment have been 
acquired and being integrated into the system.  The Test Control Centers have been configured 
and are operational.  The Mission Configuration Server has been configured and is operational.  
The Data Acquisition systems have been installed and are operational as well as data distribution 
to the Test Control Centers.  All of the major test equipment has been acquired and delivered and 
that which will be remotely controlled has been integrated. 
 
Major items remaining to be accomplished center around the Data Archival and Retrieval 
hardware and software and the final test cases which will demonstrate the capabilities of the 
Weapons STIL and how it will satisfy the requirements set out in the requirements gathering 
process. 
 
At ITC/USA 2010, we will present the final status of this program and the lessons learned during 
this development process. 
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NOMENCLATURE 
 

CDR Critical Design Review 
COTS Commercial Off The Shelf 
DREN Defense Research and Engineering Network 
EO Electro-Optic 
ESM Electromagnetic Support Measures 
FIPS Federal Information Processing Standards 
GPS Global Positioning System 
GWOT Global War on Terror 
IMS Integrated Master Schedule 
IPR In Process Reviews 
IR InfraRed 
ISTF Installed System Test Facility 
ITEA International Test and Evaluation Association 
KPP Key Performance Parameters 
LAN Local Area Network 
PAC Post Award Conference 
PCM Pulse Code Modulation 
PDR Preliminary Design Review 
R/T Remote Terminal 
RCC Range Commander’s Council 
RF Radio Frequency 
SEMP System Engineering Management Plan 
SS System Specification 
SSDD System/Subsystem Design Document 
SUT System Under Test 
TCC Test Control Center 
TCRD Test Capability Requirements Document 
TG Telemetry Group 
TMATS Telemetry Attributes Transfer Standard 
TRR Test Readiness Reviews 
WSTIL Weapons System Test and Integration Laboratory 
YPG Yuma Proving Grounds 
YTC Yuma Test Center 
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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 Future Combat System (FCS) or 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 
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simulations, as well as Industry test resources.   Although a testing capability, JMETC is also 
aligned with and complemented by the Joint National Training Capability (JNTC) integration 
solutions to foster test, training, and experimental collaboration.  The JMETC program employs 
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 Virtual Private Network 
(VPN) 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 VPN sites, 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 the VPN 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 VPN operational testing uses the 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 44 connected nodes 
during 2009. See Figure 1.   
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Figure 1.  FY09 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 
integrated test solution for scalable, extensible, and operationally relevant interoperability test 
and evaluation.  
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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) 09-2. 

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. 

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 
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(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 
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 
provides multi-level security as a cross domain solution by allowing these two networks to 
communicate seamlessly at near real time. 
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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 and  09-2/3 
Most recently, JMETC was involved in JEFX 09-01 and 09-2/3, 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 event was 
scheduled for Feb-April 2009 and was conducted over the JMETC VPN.  The JFCOM 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 
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and Control Wing (CCW) Hurlburt Field (also a training venue), both of which were recently 
funded by the users to install the VPN.  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 
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 
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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 
on the test and training ranges in support of exercises.  The steps in many of the tasks are 
automated, and the information flow is streamlined between tools and the common infrastructure 



 9

components through the enhanced software interoperability provided by TENA.  TENA utilities 
facilitate the creation of TENA-compliant software and the installing, integrating, and testing of 
the software at each designated range.  This complex task falls to the Logical Range Developer, 
which, in this phase, performs the detailed activities described in the requirement definitions and 
event planning, and the event construction, setup, and rehearsal activities of the Logical Range 
Concept of Operations.  While some manual exercise and event setup is required at ranges, 
TENA tools, as they are developed and become accepted across the range community, will make 
exercise pre-event management easier.  

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), the Integrated Architecture Behavior Model (IABM) in 
the Single Integrated Air Picture (SIAP) Joint Combined Hardware-in-the-Loop Evaluation 
Phase 5 (JCHE5), 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. 
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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: http://www.jmetc.org or 
http://www.tena-sda.org. 
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ABSTRACT 
 
Past presented papers [1,2] have discussed the integration efforts of incorporating 
Central Test & Evaluation Investment Program (CTEIP) sponsored Joint Advanced 
Missile Instrumentation (JAMI) components (namely the JAMI TSPI Unit-JTU), 
Commercial off the Shelf (COTS) parts (e.g. ARTM Tier I SO-QPSK Transmitter, 
Encryptor and Thermal Battery), and in-house developed devices (such as PCM 
Encoder and Dual Band Antenna) into a five-inch diameter Missile Telemetry (TM) 
Section.  A prototype of this TM Section has been built up and integrated into an All Up 
Round (AUR) Missile and twice flown as a Captive Carried Test Missile (CTM) on an 
F/A-18 jet with great success.  This TM Section has passed all flight qualification testing 
(including environmental and electro-magnetic interference-EMI tests).  This paper will 
detail the current efforts to incorporate Flight Termination System (FTS) capabilities into 
this TM section.  In addition, the effort to upgrade some Navy and Air Force Test 
Ranges (with JAMI Ground Stations and Decommutators/Demodulators) to track and 
gather data from this Missile containing the new TM section will be discussed.   
  
 

KEY WORDS 
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BACKGROUND 
 
As mentioned in past papers, this development started as a Joint Advanced Missile 
Instrumentation (JAMI) Proof-of-Concept effort.  It has been transitioned to full 
development successfully completing all flight qualification testing.  This testing 
consisted of all tests which simulated the flight environment the TM section will be 
exposed prior to and after missile launch. 
 



In addition, the two locations where the TM units are integrated into Missiles have been 
upgraded to support this newly developed TM unit.  They both now have the capability 
to perform Acceptance Testing to ensure the TM unit has been installed properly.  The 
installed equipment mainly consisted of a JAMI Ground Station to verify the GPS 
performance and SO-QPSK receivers and demodulators to verify proper TM 
performance. 
 
The Government Test Ranges are continually being upgraded to support this new GPS 
and TM capability.  JAMI Ground Stations are used to process the GPS data being 
transmitted down from the various missile platforms for TSPI and Flight Termination 
purposes.  A JAMI Ground Station has been installed at NAWCWD-China Lake, CA and 
has supported Captive Carry Flights.  Additional JAMI Ground Stations have been 
installed at Tyndall AFB, FL; Eglin AFB, FL; and NAWCWD-Pt. Mugu, CA.  Future 
locations include White Sands Missile Range, NM; Edwards AFB, CA; and NAWCAD-
Patuxent River, MD; and Hill AFB, UT.  All sites will also need to be retrofitted to support 
the new SO-QPSK modulation scheme. 
 
 

DIFFERENCE FROM GPS/TM UNIT 
 

As mentioned earlier, the GPS/TM version of the Telemeter has been Flight Qualified 
and currently undergoing the Flight Certification approval process to be launched off a 
Navy or Air Force jet.  A TM development will take this existing unit and incorporate a 
Flight Termination System (FTS).  The following list annotates the steps needed to add 
the FTS capability to the TM unit.  First of all, the housing has to be modified to 
accommodate the FTS antenna.  The FTS antenna has to be developed.  The following 
components will replace the existing inert ones used strictly for ballast in the GPS/TM 
unit:  two Flight Termination Safe & Arm (FTS&A) devices, two Explosive Foil Initiators 
(EFI), one Explosive Shaped Charge Cutter Ring, two Flight Termination Receivers 
(FTR), and one FTS Battery.  All wiring harnesses have been designed to 
accommodate these items and so it is only a matter of replacing the simulated 
component with the actual ones.  The Battery and FTRs are off-the-shelf components 
and the FTS&A, EFI and Cutter Ring are under development.  In addition, the FTS 
Qualification Testing will be more stringent due to the fact that the Range Commanders 
Council document (RCC-319) requires testing components used in FTS at fifty percent 
(50%) above those levels used to test the original telemeter. 
 
 

FTS ANTENNA 
 
The FTS antenna is designed to be conformally wrapped around the TM Missile 
Section.  The antenna is constructed of multiple layers of RT/Duroid® (either 5870 or 
6002).  There is one antenna board (6002) where the two elements are laid out.  The 
feed network board (5870) contains the corporate antenna feed network, the FTS 
Wilkinson Power Splitter, and the TM Band Stop Filter.  The dielectric cover board 
(5870) acts as a protective shield against the external environmental elements.  It also 



serves as an ablative shield to keep the bondlines of the interior boards from 
delaminating due to the high temperatures produced by the airflow friction created 
during supersonic flight. The 6002 board has been chosen for its’ tight mechanical 
tolerances as well as its’ stable electrical properties (mainly dielectric constant) over 
temperature. 
 
The Flight Termination Antenna has the following performance parameters: 

Number of elements: 2 
Frequency range: 425 MHz ± 265 kHz 
Polarization: Linear, Horizontal 
Nominal Gain: -18 dBi over 95% of radiation sphere  

 
It has a power divider to feed each portion of the dual-redundant flight termination 
system.  This antenna also includes a notch filter to prevent power from the TM 
transmitter from entering into the Flight Termination Receivers.  Additionally due to the 
low operating frequency range, Tuning Screws have been implemented to address the 
issue of production material tolerances. 
 
 

FLIGHT TERMINATION SAFE AND ARM (FTS&A) DEVICE 
 
Currently JAMI is developing the FTS&A device with Kaman Aerospace.  Originally, the 
effort was considered the baseline development approach to be included in this current 
telemeter design.  Due to several issues with this development, an in-house risk 
mitigation effort with a CRADA partner has been initiated.  A source selection meeting is 
scheduled for the end of this calendar year; however this process may also lead to two 
qualified sources as to avoid the procurement issue of having only a sole source of 
supply.  The current challenge is to design the mechanical housing to facilitate the 
performance of Range Safety certification / recertification testing process.  Currently all 
fight termination components need to obtain Range Safety certification prior to flight.  
Initially this certification is valid for only thirty (30) days.  If the missile is not flown within 
that time frame, the FTS components have to be removed from the TM section and 
have recertification testing performed on them.  This could potentially be quite a 
cumbersome process to take apart the missile for this reason.  An alternative approach 
is being investigated to more easily perform the recertification testing.   
 
 

EXPLOSIVE TRAIN DEVELOPMENT 
 
The Explosive Train consists of the Explosive Foil Initiator (EFI) and the Cutter Ring.  
The EFI takes a signal from the FTS&A and transfers an explosive charge to initiate the 
Cutter Ring.  The Cutter Ring is a shaped-charge explosive (in the form of a ring) used 
to sever the missile into two separate pieces. 
 
The initial development will be performed in-house to shorten the development time 
cycle.  It will eventually transition to an industry CRADA partner for the production.  



Originally, several design approaches were investigated (including packing a portion of 
the TM section with energetics), however the Cutter Ring was determined to be the 
lowest technical, schedule and Range & System Safety approval risk. 
 
The Cutter Ring will be located at the far aft end of the TM section (closest to the 
Rocket Motor section) to better facilitate severing of the Missile.  This reduces the need 
to cut through the Marman Clamp which fastens the TM section to the Rocket Motor 
section (see Figure 1). 
 
 

 
 

Figure 1: FTS Explosive Train including FTS&A, EFI and Cutter Ring 
 
 
 

THE ROAD AHEAD 
 
After the development of the FTS components listed in this paper has been completed, 
flight qualification of this newly developed TM section will occur.  However the most 
important task will be passing the multiple System and Range Safety Review Boards 
needed to gain flight clearance.  This process needs to be started early in the 
development cycle since it can take as long as two years to complete. 
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ABSTRACT 
 

In reentry measurement, we need to measure the track of reentry vehicle. For the speed of target 
is very high, it is difficult for traditional positioning system to capture and track the target. TDOA 
(time difference of arrival) positioning system is used in reentry measurement. The position of 
target is calculated by using time difference of arrival. This paper introduces the principle of 
reentry TDOA positioning system. The key technology is synchronization of ground stations’ 
clocks. The implementation of clock synchronization using low-cost commercial GPS receiver is 
presented. The sources of errors in the existing telemetry system, corresponding precision and 
experimental results are presented. Some methods, which are used to improve the precision, are 
proposed at the end of this paper. 
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INTRODUCTION 
 

In the reentry measurement, one of our missions is to measure the track and the point of fall of 
the reentry vehicle. It can be named reentry-positioning technology. In general, radar can be used 
to locate the track and the point of fall of aircraft. It locates the position of aircraft by measuring 
the azimuth, the elevation and the distance of target. The optical measurement is also used 
sometimes. The precision and accuracy of these methods is satisfying. In the reentry-positioning 
measurement, the reentry vehicle is different from any other aircrafts. During reentry, the speed 
of target is very high and the altitude is low. Above-mentioned systems can’t capture the target 
before it fell to the ground. These systems are not suitable for the reentry vehicle track 
measurement. 
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Another system, which is called 3R-positioning system, can be used in the track measurement of 
reentry vehicle. It needs at least three ground stations A, B, C and locates the position of vehicle 
by measuring the distance between the vehicle and each of the respective stations. The stations 
sent query signals to reentry vehicle and received the responses. The time of propagation from 

each of the respective stations to the vehicle, i.e., the time to travel the distances, ,  and , 

are computed. The distance  is given by r

Ar Br Cr

r cτ= ⋅ , where c is the speed of light. Then the 
position can be located. This system works in active mode. The result of test is not satisfying. So 
we need a useful system to realize the positioning of reentry vehicle. 
 
In this paper, the reentry TDOA positioning system is introduced. It needs at least four ground 
stations. In this system, the ground stations don’t send any signals; they receive the common 
signal, for example the frame synchronization signal, from the reentry vehicle and record the time 
of arrival. Because the time of the signal was sent is unknown, one more station is needed in 
reentry TDOA system than in 3R system. Three time differences are given 

by , where  is the time of arrival. The coordinates of four ground 

stations are known, and then the position of the reentry vehicle can be computed. The detail 
principle of reentry TDOA positioning system is presented in this paper. In the measurement of 
time difference, the time synchronization of ground stations is the key technology. Microwave, 
Loran-C and flight clock were used in time transfer, but they were complicated and expensive. 
They can only serve some limited areas on the globe.  

1, ( 1, 2,3)i i it t t i+Δ = − = it

 
GPS is a satellite-based positioning system available 24h everywhere on the globe with a high 
accuracy. GPS time transfer provides precise time that satisfies the reentry TDOA positioning 
system requirement. The time of ground stations in reentry TDOA system are synchronized by 
one GPS satellite. In simultaneous common-view mode, some common error can be cancelled. 
The accuracy is about 15ns. The principles, errors and implementation of GPS time transfer used 
in reentry TDOA positioning system will be introduced. Several sources of positioning error are 
discussed. The approximate precision is given. Some experimental results are presented. In order 
to improve the precision and the accuracy, some methods are also proposed.  
 
 

PRINCIPLE OF REENTRY TDOA POSITIONING SYSTEM 
 

In reentry TDOA positioning system, the ground stations receive the common telemetry signal 
sent from reentry vehicle, and record the time of arrival respectively, then 
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where  is the time of arrival,  is the time of signal sent,  is 

the distance between ground stations and reentry vehicle respectively,  is the velocity of light 
in meters per second. 
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In this equations set, only the coordinates of target are unknown. If there are four ground stations, 

three  can be calculated. The equation roots of formula (3) are the coordinates of target. This 

is the basic idea of reentry TDOA positioning system. 

itΔ

 
 

GPS COMMON VIEW 
 

The Global Positioning System (GPS) includes 24 satellites, distributed in six orbital planes 
equally spaced in angle. Satellite altitude is approximately 20,183 kilometers above the earth’s 
surface. Each satellite carries an operating atomic clock and emits timed signals that include a 
code telling its location. In reentry TDOA system, the accuracy of the time measurement should 
be for example, of the order of 1ns for 30cm accuracy in range error. For the target position is 
calculated by using the time difference of arrival, the accuracy of the ground stations 
synchronization is needed to be of the order of nanoseconds. Since the GPS satellites are at about 
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4.2 earth radii. For example, there are two ground stations (A, B) on the globe then, 
12 2 2 2
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where ,  are pseudo-ranges; (X, Y, Z) is the coordinates of satellite; (XA，YA，ZA)，

(XB，YB，ZB) are the coordinates of ground stations; c is the velocity of light; ,  are local 

clock errors;  is satellite clock error; 

( )A tρ ( )B tρ

t

AtΔ BtΔ

Δ AnρΔ , BnρΔ  are ionosphere delay errors; ApρΔ , BpρΔ  

are troposphere delay errors. If the distance between the ground stations is less than 1000km, the 
angle (Station A ∠ – Satellite – Station B) will be less than 10°. In simultaneous common view of 
a single GPS satellite, can take advantage of common mode cancellation of GPS ephemeris errors 
and satellite clock error. The ionosphere delay errors and the troposphere delay errors can be 
reduced greatly. 
 
From formula (4) then, 

1[ ( ) ( )AB B A B At t t t t
c
ρ ρΔ = Δ −Δ = − −Δ ]R                   (5) 

Where 
1 12 2 2 2 22 2[( ) ( ) ( ) ] [( ) ( ) ( ) ]B B B A A AR X X Y Y Z Z X X Y Y Z ZΔ = − + − + − − − + − + − 2        (6) 

The accuracy of synchronization of ground stations will be improved greatly. At the same time it 
has been found that inaccurate station coordinates (reaching sometimes several tens of meters) 
are the cause of large errors in GPS common view time transfer. Now the ground stations 
coordinates can be located by differential GPS.  
 
A single GPS satellite synchronizes the clocks of ground stations in reentry TDOA system. 
According to the orbit of GPS satellite, we can force the GPS receivers of ground stations to track 
a same satellite before reentry measurement. During measurement, the GPS receivers can track 
the same satellite with the highest elevation. Then GPS common view is realized. 
 
 

SYSTEM ERROR ANALYSIS 
 

There are three major error sources in reentry TDOA positioning system. They are the time 
measurement, the ground station coordinates and PDOP (Position Dilution of Precision). We 
try here to estimate, for each of them, their level at present and in the near future. 
 
A. Time Measurement 
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The time measurement error is resulted from signal propagation delay, ground stations 
synchronization, station clock quantification, telemetry receiver and Doppler shift.  

1) Signal propagation delay cε  

After the reentry vehicle going out of the blackout area, the altitude of it is very low. The signal 
propagation delay is the effect exerted on the telemetry signal as it traverses the troposphere. At 
the same time, for the difference of the environment around each ground stations, the multipath 
reflection is one of the error sources. For the distances between the ground stations are not very 

long, the signal propagation delay cε  is estimated about 5ns. 

2) Ground stations synchronization sε  

If the ground stations coordinates are located by the differential GPS locating technology, the 

ground stations synchronization error sε  may be of the order of 10ns to 20ns. 

3) Ground station clock quantification qε  

For the accuracy of time measurement is needed to be of the order of nanoseconds, and the 
accuracy of GPS time binary data is about 1ms, a time interval counter is needed in the ground 
station. Considering the equipment complexity and working toward minimum parts cost, the 
clock frequency of the time interval counter is 200MHz. The ground station clock quantification 

error qε  is 5ns. 

4) Telemetry receiver dε  

The error dε  resulted from the telemetry receiver is affected by the selection of the telemetry 

system. In the PCM system, dε  is about one fiftieth of the chip width. If the bit rate is 2Mbps, 

dε  is about 10ns. In the PPK (Pulse Position Keying) system, dε  is affected by the signal pulse 

jitter tε , the pulse delay resulted by the signal level change dstΔ , the pulse delay resulted by the 

difference of the decision level  and the RF pulse jitter'
dstΔ dfσ . 

NStrt =ε                               (7) 

Where  is the rise time of the pulse signal, rt NS  is the square root of the receiver’s 

Signal-to-Noise. For the reliability of the transferred data, the S/N is about 16dB to 17dB. Then  

rt t
7
1

=ε                                 (8) 

In general, the relationship between the system bandwidth and the rise time is Btr 5.0= . 

1

1 )1(
k
krtt r

ds
−

=Δ                              (9) 
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Where r  is the relative decision level,  is the ratio of the actual signal level to the ideal one. 

, . , 
1k

t3.021 =k rds rtt 5.0=Δ 6.0=r rdst =Δ . It means that if the actual signal level is twice 

larger than the ideal one,  is three times larger thandstΔ tε . For this reason, the system gain 

should be well controlled to keep the received signal level invariable. 

)1( 2
' −=Δ krtt rds                             (10) 

Where  is the ratio of the changed decision level to the original one. If the decision level 

changed 10%, then ， . The error 
2k

1.12 =k tdst ε42.0' ≈Δ dε  resulted from the telemetry receiver 

in one ground station is 
22'22
dfdsdstd tt σεε +Δ+Δ+=                        (11) 

In reentry TDOA system, the ground stations receive the same telemetry signal and calculate the 

target’s position by using the time difference of arrival. The RF pulse jitter contributes nothing. 

The tε ,  and  of each ground station are independent, then in determining the time 

difference these errors will be enlarged. The error 
dstΔ '

dstΔ

dε  is 
2'22 222 dsdstd tt Δ+Δ+= εε                        (12) 

If the bandwidth of PPK system is 9MHz, 1.1,2,6.0 21 === kkr , NS  is about 16dB to 

17dB, ，nstr 56≈ nst 8≈ε ， ， ，nstds 8.16≈Δ nstds 36.3' ≈Δ d .26 ns7≈ε 。 

5) Doppler shift fε  

For the speed of the reentry vehicle is very high, the time measurement will be affected by the 
Doppler shift. The error resulted from the Doppler shift can’t be estimated accurately. It is about 
of the order of 15ns to 100ns.  
The time measurement error in reentry TDOA positioning system is  

22222 22 fdsqc εεεεεε ++++=                    (13) 

When nsc 5=ε , nsq 5=ε , nss 20=ε , nsf 15=ε , in PPK system, nsd 27=ε , then ns38=ε , the 

range error is about 11m. In PCM system, ns10d =ε , then ns29=ε , the range error is about 

9m.  

 

B.  Ground station coordinates 
The ground station coordinates have effect on the ground stations synchronization and the target 
position calculation. As above-mentioned, they are the cause of large errors in GPS 
common-view time transfer. The coordinates should be known accurately in a global terrestrial 
reference frame before the time measurement. The target position will be calculated based on the 
ground stations coordinates and expressed in the same global frame. Now using the differential 
GPS locating technology, the accuracy of the ground station coordinates are satisfying. 
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C.  PDOP 
PDOP is a measure of the geometrical “strength of figure” of ground stations. The volume of the 
shape described by the unit-vectors from the target to the ground stations is inversely 
proportional to PDOP. In reentry TDOA positioning system, the time measurement error is 
multiplied by PDOP to get the positioning accuracy. As an example, let’s say the measurement 
accuracy is 30ns. If PDOP is 1, then the locating accuracy is 9 meters. What happens when the 
PDOP is 5? The best positioning accuracy is 45 meters. For best results, always do mission 
planning to avoid high PDOP. 
 
 

REALIZATION OF THE LOCAL CLOCK 
 

With the reentry TDOA positioning method mentioned above, all stations are synchronized at 
nanosecond level. A time measurement at nanosecond precision is needed for better positing 
result. In most case, GPS time-receiver can provide a second pulse signal with high precision and 
the time code of the pulse’s ascending edge, but unfortunately, the time code is accurate only at 
second or millisecond level, and it only outputs once per second, it can’t be used to measure the 
time difference in position system. A local nanosecond clock synchronized by GPS is expected. 
 
The function diagram of the local clock is shown in Figure 1. A local frequency divider link is 
synchronized by the 1PPS signal from the GPS receiver, it generates a time pulse at nanosecond 
precision; the local clock responses to the remote signal from target, and outputs the unite-code 
time for later use after it completes the arrived time signal processing. In most case, the 1PPS 
pulse come from the GPS receiver is longer than 1ms, a reshaping circuit is used to transform the 
1PPS pulse into a quite narrow synchronization signal. Take into accounting of the precision 
request of reentry position system, the complicacy and the cost etc., the frequency of the local 
clock is chosen at 200MHz. It can provide by a high stability basic frequency source with 
phase-locking and frequency doubling. With these parameters, the time resolution of the whole 
system is 5ns. 

 
Figure 1. principle diagram of the local clock 
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The implementation of the local clock is consisted of the designing of analog circuit and the 
digital circuit. The 200MHz clock pulse (CP) is generated with analog method, and the digital 
clock and the time signal processing circuit implemented with digital method. 
 
 

EXPERIMENTAL RESULTS 
 

To experimentally determine the time measurement performance of reentry TDOA positioning 
system, three stations A, B, C work simultaneously. One transmitter in station A sends telemetry 
signal. The hardware for B, C stations include antenna, telemetry receiver, GPS receiver, local 

clock. They receive the telemetry signal and record the time of arrival. Before experiment,  

and  are computed by differential GPS, they are 1189.855m and 2495.746m respectively. 

The range difference is -1305.891m. Then the time difference 

ABr

ACr

0tΔ  is -4353ns. The experimental 

results are compared with  to give the evaluation of the time measurement performance. 

Figure 2. is the experimental results curve. Several error values are greater than the others. It may 
be resulted by interference and can be omitted in data processing. The average is -4338ns, which 

is 15ns greater than . This is resulted by the difference of device delay of B, C stations, which 

can be compensated by calibration measurement. The square root is 36.1ns, which is the 
reflection of the time measurement performance. The experimental results show that if ground 
stations are synchronized by GPS common view, the range error of reentry TDOA positioning 
system may be lower than 15m (1

0tΔ

0tΔ

σ ), which is satisfying. 
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POSSIBLE IMPROVEMENTS OF POSITIONING ACCURACY 
 

In the existing telemetry system, considering the parts cost and the compatibility with the 
telemetry system, the most feasible methods to improve positioning accuracy are GPS differential 
positioning technology and arranging the ground stations to get low PDOP. Using GPS carrier 
phase differential positioning technology, the ground stations coordinates will be determined 
accurately; the measurement error and the calculation error will be reduced greatly.  
 
As an example, table 1 shows the DOP of a 4-stations system and a rearranged 4-stations system. 
HDOP and VDOP are given in this table. Where HDOP is horizontal dilution of precision, VDOP 
is vertical dilution of precision. The coordinates of the point of fall are (0, 0, 0). In the 4-stations 
system, the coordinates of ground stations are 1 (-5626, 14657, 0), 2 (-3969, 2873, 0), 3 (-3096, 
-3265, 0), 4 (5313, -8266, 0). VDOP in this system is about 30 to 220; the positioning accuracy is 
not satisfying. By rearranging the ground stations, we get a new 4-stations system. In this system, 
the coordinates of ground stations are 1 (5000, 0, 0), 2 (20000, 0, 0), 3 (-2500,13000, 0), 4 (-2500, 
-13000, 0). VDOP in this system is about 1 to 90. Especially when the height of the target is 
greater than 1km, the positioning accuracy is acceptable.  
 
From table 1we know that when the height is less than 1km, VDOP increases rapidly. The reason 
is that the ground stations located in the same plane and the height of stations are zero. As the 
target falling, the volume of the shape described by the unit-vectors from the target to the ground 
stations decreases near to zero, and then VDOP is very large. If there is an air-station, VDOP will 
be less than 10 when the target below 1km. Table 1shows that by rearranging the ground stations 
the positioning accuracy can be improved greatly. 
 

Table 1  DOP of two systems 

4-stations system rearranged 
4-stations system 

target 
altitude 

(m) HDOP VDOP HDOP VDOP 
100 3.32 225.69 1.17 88.80 
500 3.51 59.35 1.16 13.67 
1000 3.71 39.95 1.16 4.66 
1500 3.85 34.34 1.16 2.06 
2000 3.97 32.08 1.16 1.35 
2500 4.11 31.14 1.17 1.51 
3000 4.31 30.86 1.17 1.90 
3500 4.64 31.01 1.19 2.32 
4000 5.12 31.46 1.21 2.73 
4500 5.76 32.15 1.25 3.12 
5000 6.55 33.05 1.33 3.49 
5500 7.49 34.11 1.47 3.84 
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6000 8.56 35.31 1.70 4.17 
6500 9.76 36.64 2.05 4.48 
7000 11.08 38.08 2.52 4.78 
7500 12.51 39.61 3.11 5.07 
8000 14.06 41.23 3.82 5.36 
8500 15.71 42.94 4.63 5.65 
9000 17.48 44.71 5.53 5.94 
9500 19.34 46.56 6.50 6.25 
10000 21.32 48.47 7.53 6.58 

 
 

CONCLUSION 
 

The ground station synchronization is the major error source in reentry TDOA positioning system. 
The high precision time synchronization among the ground stations is the key technology in this 
system. The analysis of the principles and errors of GPS common view show that it is useful to 
apply GPS common view to TDOA system. Using the GPS common-view technology in the PPK 
telemetry system, the reentry TDOA positioning system used to measure the track and the point 
of fall of the reentry vehicle is feasible. In this paper, the implementation of high precision local 
clock and the experimental results are presented. If the accuracy of the ground stations 
coordinates is great, the system range error is about 10m. When the PDOP is about 2 to 8, the 
location error is about 20m to 80m. 
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ABSTRACT 
 
At about Mach number 10 and above, a high energy plasma field forms around a vehicle.  This 
plasma sheath has a high attenuation factor that can cause communications black out.  No 
practical solutions to communicating through a plasma sheath are known.  In addition to standard 
real time data needs for test, a driving requirement to solve this problem is that most solutions 
will have to be designed into the vehicle.  Modifications of vehicles designed to travel at these 
Mach numbers, especially any exterior modifications, will be extremely difficult due to effects 
on aerodynamics, thermal protection, and the materials used. 
 
A list of possible solutions to communications through hypersonically induced plasma has been 
collected over several years.  This list was added to and verified during the Workshop on 
Communications through Plasma during Hypersonic Flight. Pros and cons of these potential 
solutions have been discussed and documented as well.  The workshop also included a vote by 
the attending experts on what solutions are most promising. This paper reviews these solutions, 
their pros and cons, and a recommended way forward to solving this problem. 
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INTRODUCTION 
 
A standard Test and Evaluation (T&E) paradigm is to obtain real time telemetry during testing.  
Within the flight test community, this communications requirement exists for at least three 
reasons: safety of flight, catastrophe analysis, and test point clearance (is it safe to go onto the 
next test point without landing.)  There are also communications that must be received by test 
vehicles. For example, there is a growing dependence on GPS during test and there are flight 
termination requirements for unpiloted air vehicles. 
 
Many readers will be familiar with the compression of air that causes a sonic boom to form as a 
vehicle crosses the supersonic barrier.  As the Mach number increases and a vehicle traverses the 
hypersonic regime, a somewhat analogous, electromagnetic, barrier is crossed at roughly Mach 
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10.   That is, the pressure and temperature cause the atoms in the air to start to dissociate into 
positive ions and negative electrons forming a plasma field around the vehicle.  Thus we might 
talk about a “plasmasonic” regime just as we talk about a supersonic regime.  A key aspect of 
plasmasonic flight is a high attenuation factor that causes telemetry and GPS blackout.   
 
Although there are plenty of ideas on how to communicate through plasma, there are no proven, 
practical solutions.  Lacking such a solution to a fundamental communications requirement, a 
Workshop on Communications through Plasma during Hypersonic Flight [1,2] was instigated.   
This workshop was sponsored by the Air Force Office of Scientific Research (AFOSR), the Air 
Force Flight Test Center (AFFTC), and the Office of the Air Force Chief Scientist.  During the 
workshop, several theoretical approaches were reviewed and discussions were held regarding 
how to make progress in solving this problem.  One of the main objectives of the workshop and 
this discussion was to develop a list of potential solutions and try to determine which of these 
solutions showed the most promise.  The following sections discuss these potential solutions 
along with the pros and cons of each. 
 
 

CRITERIA 
 
Before presenting the potential solutions and discussing the pros and cons of each, let us consider 
what the criteria for a solution are. In particular, consider these questions. 
 

1. Is the solution active or passive? 
2. Does the solution allow reception of GPS? 
3. How well does the solution meet general engineering and practical concerns? 

 
A passive solution, such as aerodynamic shaping, is something that is designed into the vehicle, 
does not require special equipment, and introduces little or no additional maintenance.  An active 
solution, such as electrophilic injection, introduces extra equipment and maintenance in that 
extra material must be carried and some form of nozzle must be added to inject the material into 
the airstream.  An example of a passive solution that may introduce some maintenance is a 
particular shape for a leading edge.   If the shape is deformed through ablation, then the leading 
edge may need to be maintained between flights.  Of course, not all techniques fit nicely into 
active or passive categories.  In some sense trajectory shaping is a passive technique in that you 
don’t have to modify the vehicle.  However, it may introduce a lot of maintenance if you have to 
calculate special trajectories for each type of test or operation.  From an engineering perspective, 
passive solutions are certainly desirable since they are a “do once” activity and have less chance 
of failure.   
 
GPS is of special concern, partly because the workshop participants voted this the highest 
priority, but also because GPS reception is the most difficult problem to solve.  GPS signals are 
very weak and are usually well below the noise floor.  Reception of GPS is only possible because 
the characteristics of the signals are so well defined.  The attenuation of GPS through a plasma 
sheath very likely destroys the signal entirely.   
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Just because a theoretical solution is found, does not mean it can be implemented.  The following 
list identifies some practical considerations. 
 

1. Size and Weight 
2. Low Maintenance 
3. Low Energy Requirements 
4. Minimal Changes to Infrastructure 
5. Ease of Implementation 
6. High Bit Rates 
7. Low Bit Error Rates 
8. Flexible Wave Form Generation 
9. Long Distance Transmission 
10. Use Already Allocated Spectrum 

 
Many of these are simply standard concerns for anything that is put on an air vehicle, such as 
size and energy use.  Some of these are standard for radio frequency (RF) communications, such 
as bit error rates.  But some are more specific to the needs of T&E, such as flexible wave forms.  
There is an ongoing problem of a decrease in available spectrum and an increase in telemetry 
requirements.  One way of reducing this problem is to change modulation techniques.  A solution 
that restricts the waveform will not allow advances in this area. 
 
The last item, allocated spectrum, deserves some comment.  It is not a technical issue, but a 
political one.  Only certain frequency bands are allocated for telemetry.  It has been argued that 
in a time of war, we will use whatever frequency we need.  There are at least two rebuttals to this 
in terms of finding a usable solution.  First, just because you might use a frequency in an 
operational scenario during a time of war does not mean that that frequency can be used during 
T&E in a time of peace.  Second, just because we are at war with one country does not mean that 
the adjacent countries will allow us to interfere with their spectrum usage.   
 
Something else to consider when deciding whether to fund a certain technique or not is that some 
solutions will have an effect whether they are a complete solution or not.  Aerodynamic shaping 
seems to be a leader in this category.  No matter what, the shape of the vehicle is going to affect 
the solution but it currently appears that changing the shape of the vehicle will probably not 
solve the problem completely for all applications. 
 
A final consideration, especially from a T&E point of view, is whether or not the designers (and 
manufacturers) will actually incorporate a solution into a vehicle.  For example, can we truly 
expect to insist that a particular material be added to the vehicle skin to support ablation based 
de-ionization?  It may very likely be the case that testers must, as is often the case, figure out 
how to test these vehicles without any real input into the design.  Thus, we need to pursue 
multiple solutions to allow flexibility when the time comes. 
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POTENTIAL SOLUTIONS 
 
Over the years the author has been forming a list of techniques that could provide potential 
solutions.  There were seven new techniques added during the workshop and one added after the 
workshop.  This section discusses the pros and cons of these techniques. 
 
Low Communication Frequencies – Using very low frequencies avoids the plasma induced 
attenuation.  Specifically how low has not been fully established although below 100MHz has 
been suggested.  Although this method will work and can propagate long distances, it provides 
very low bit rates and is not a GPS solution.  Further, the infrastructure is not in place and the 
spectrum is not allocated for telemetry use. 
 
High Communication Frequencies – Using very high frequencies, specifically above the plasma 
frequency, avoids the plasma induced attenuation.  How high a frequency has not been clearly 
established and is dependent on various properties. A positive aspect of this solution is that it 
provides high bit rates. However, it has been suggested that this needs to be above 30GHz which 
introduces several difficulties: the spectrum is not allocated for telemetry use and consequently 
there is no infrastructure, there is a high energy cost, atmospheric attenuation causes limited 
distance, and it is not a GPS solution. 
 
High Power – Plasma adds one more attenuation factor.  It would be possible to just 
communicate through it by transmitting with enough power – a lot of power.  This increases the 
energy requirement on the vehicle.  There is also an interference problem.  It has been suggested 
that plasma formation and deformation happens as fast as flipping a light switch.  Control of this 
powerful transmission would thus have to react to deformation as quickly or there is a potential 
to interfere with other spectrum users.  This is not a GPS solution. 
 
Aerodynamic Shaping – Control the shape of the plasma sheath by controlling the shape of the 
vehicle.  The shape of the vehicle has a tremendous affect on the shape of the plasma.  For 
example, during re-entry, the leading edge of the space shuttle is effectively the entire bottom of 
the shuttle.  This huge leading edge allows for an opening in the plasma on top of the shuttle that 
allows for nearly continuous transmission (via satellite).  In contrast, a sustained flight vehicle 
will have a very sharp leading edge probably causing a plasma sheath to form around the entire 
vehicle.  There is some small hope that the shape of the vehicle would allow diversion of the 
plasma from around the antenna.  However, it is more realistic to think that this could be used to 
minimize or stabilize the plasma over the antenna.  If nothing else, the shape of the vehicle will 
have an effect on any other solution. 
 
Antenna Location and Type – At the simplest level, if the plasma sheath does not encompass the 
entire vehicle (most likely towards the rear) then an antenna could be placed where the plasma 
does not form.  There are also ideas regarding types of antennas that might aid in penetrating the 
plasma.  However, in the context of a complete plasma sheath, this is not a complete solution.  
But it seems certain that location and antenna type will play a factor in any successful solution. 
 
Electrophilic Injection – Inject a substance (fluid) into the plasma sheath that de-ionizes the 
plasma therefore reducing (or eliminating) the attenuation factor.  This was demonstrated during 
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a Gemini reentry using water.  However, the amount of water is large (on the order of pounds per 
second depending on various factors.) There are better materials than water, but weight and 
environmental factors come into play.  There is also the question of the complexity of the 
injection mechanism.  On the plus side, this is potentially a GPS solution. 
 
Electrophilic Heat Shield Additive (Ablation) – This is a more passive version of electrophilic 
injection and has similar benefits and issues.  However, this adds a design factor into developing 
the material structure of the vehicle.  There is also a potential maintenance issue in that, for re-
usable vehicles, ablative material might need to be replaced.  This is also a potential GPS 
solution. 
 
Magnetic Control for Attenuation Reduction – Using permanent magnets (or other magnetostatic, 
electrostatic, or electromagnetic techniques), de-ionize the plasma to reduce the attenuation 
around the antenna.  This essentially creates a hole in the plasma.  Initial studies show promise 
for use at high altitudes (i.e., low atmospheric pressures) but there are very real concerns about 
size and weight at lower altitudes.  This is because electron density in a plasma is related to 
pressure; the higher the pressure the higher the density and thus the higher energy requirements 
for the magnetic field.  Permanent magnets get larger and heavier as their power increases.  This 
technique would allow use of existing infrastructure and requires relatively minor modifications 
to the vehicle.  This is potentially a GPS solution although the de-ionization may not be complete 
and thus there may still be attenuation. 
 
Magnetic Control for Plasma Shaping – Instead of magnetically de-ionizing the plasma, it is 
possible to magnetically control the shape of the plasma.  That is, it may be possible to divert the 
plasma around an antenna.  The same benefits and issues apply as for magnetic control for 
attenuation reduction although there is more skepticism regarding GPS reception since complete 
diversion of the plasma is questionable.  This seems to lend itself to being a supplemental 
technique that could possibly aid other techniques. 
 
Three Wave Interaction – This uses the inherent properties of the plasma.  The three waves 
involved are a stimulus signal, the plasma oscillation, and the communications signal itself.  The 
interactions of these three signals generate another signal that can be transmitted or received.  
This technique could use the existing infrastructure since the generated signal could be in the 
existing telemetry bands.  There is theoretic potential for this being a GPS solution.  However, 
this requires adding another transmitter to provide the stimulus signal which, if nothing else, 
increases the engineering complexity.  However, the stimulus frequency must be high powered 
and above the plasma frequency (initial estimates are a MW of power at over 30 GHz) which 
increases the energy costs and stretches current technology for onboard transmitters. Further, the 
question has to be asked, if there is a transmission unaffected by the plasma, why not use it for 
the data transmission?  Even if you are not using the stimulus signal for data transmission, you 
still need the frequency allocated for this use, which it is not. 
 
Evanescent Wave Propagation – At present this is a theoretical solution based on mathematical 
physics.  Recall that the mathematical description of a radio signal has both real and complex 
components.  It is normally the real component that is of interest when transmitting information 
and it is the real component that suffers from the attenuation of the plasma.  However, it turns 
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out that the complex component increases while the signal propagates through the plasma.  The 
question becomes, how is this component of the signal captured?  First off, there has to be at 
least some level of power left in the real component, which is questionable depending on various 
factors.  Second, initial theoretical analysis suggests the best method of capturing the complex 
component is using metamaterials.  That is, very recently produced, rare, and not well 
understood materials that have a negative index of refraction.  There is some potential to this 
solution, but there appear to be significant engineering difficulties. 
 
Optical (Laser) – Optical communications is a maturing technology. A major plus to this 
solution is the potential for very high bit rates.  Also, this part of the spectrum is currently 
unregulated.  Whether this will work through plasma seems to be an open question.  There is 
some concern since many optical communications systems work in the infrared and the plasma 
sheath tends to be hot (as much as 9000 degrees Celsius at the leading edge of the plasma.)  
However, the plasma is not necessarily visually opaque.  Energy use is a potential issue although 
some techniques put the majority of the energy requirement on the ground.  Somewhat 
surprisingly, even at plasmasonic velocities, tracking is probably not a problem although there 
may be a cost factor.  There is certainly no infrastructure and there are distinct safety concerns.  
This is not a GPS solution. 
 
Trajectory Shaping – Control the shape of the plasma sheath by controlling angle of attack and 
position relative to receivers.  This potentially allows utilizing any break in the plasma, most 
likely looking towards the rear of the vehicle.  This may be useful for some specific test flights.  
However, every flight would require analysis – including for unintended trajectory deviations.  
This is certainly not a general solution and not practical for operations (vs. test). 
 
Control Surfaces – A form of aerodynamic shaping, but recognizing that moving the control 
surfaces of the vehicle will change the shape of the plasma sheath.  Since the control surfaces 
will be moving, this probably does not lead to a continuous solution throughout the flight. 
 
Cooling Techniques – Since the plasma is fundamentally caused by heat, cooling the area around 
the antenna would reduce (or eliminate) the attenuation.  It is not clear how big or heavy or how 
complex such a cooling mechanism would be.  Also, where do you transfer the heat too?  This 
technique is probably not a complete solution, but considering heat effects may aid in 
determining where to place the antenna. 
 
Whistler Mode Antenna – A transmitter designed to launch radio waves to propagate in the form 
of whistler waves through a plasma with an imposed magnetic field.  Whistler waves can have a 
broad range of frequencies to open up a wide radio window for radio communications in the 
plasma environment during plasmasonic flights.  This technique was introduced at the workshop 
but not elucidated on. 
 
Plasma Modulation – This was introduced during the workshop but not elucidated on.  This is 
probably a transmission only technique and thus probably not a GPS solution. 
 
Electron Beams – This was introduced during the workshop but not elucidated on.  Although a 
comment was made that this might be a GPS solution. 
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Air Spike – This is a form of aerodynamic shaping but specifically puts a sharp leading point 
(either physically or using a laser) in front of the vehicle.  Other than moving the leading edge of 
the plasma forward and, perhaps, opening up the plasma towards the rear of the vehicle, it is not 
clear how this allows control of the shape of the plasma.  Both physical and laser spikes add a 
new factor to the aerodynamics.  A physical spike raises ablation and maintenance questions and 
a laser adds onboard energy requirements and engineering complexities. 
 
Relay Ejection – Periodically eject a relay that is close enough to the vehicle to pick up and re-
transmit the signal or provide burst transmissions.  The big safety question is what happens to the 
relay after you eject it?  This still requires transmission through the plasma, just shorter 
distances, although at greater than 8,000 miles per hour, the distances may not be so short or a lot 
of relays may need to be ejected. This is not a GPS solution. 
 
 

THE WORKSHOP VOTE 
 
During the workshop, a vote on the different techniques was taken. This section provides the 
tally of those votes.  The attendees were asked to vote yes, no, or no opinion on each of the 
potential solution techniques. In most cases, a “no opinion” vote indicated lack of knowledge of 
the technique.  The form of the question was: “Where do we put the money?” 
 
There were 21 people that voted.  The most votes for a single technique were 15 and some 
techniques had as few as 4 votes. Evanescent wave propagation was identified after the 
workshop and thus not voted on. 
 
Table 1 sorts the techniques based on the number of Yes votes minus the number of No votes.  It 
is not difficult to break the results into those techniques that the group sees as highly worth 
pursuing, techniques that are clearly viewed as not worth pursuing and techniques that do not 
have a clear consensus.  The last column of Table 1 lists the vote “confidence” which is the 
number of yes votes divided by the total number of votes.  The term “confidence” is used since a 
value of 1.0 indicates that every one that had an opinion felt it was worth pursuing.  Several 
techniques rise much higher on the list with this sorting.  A prime example is whistler mode 
antenna.  During the presentation, it was clear that this was an idea many in attendance hadn’t 
heard about before.  Those that understood it apparently felt it was worth pursuing. 
 
Optical communications seems to be the most controversial.  There were 8 Yes votes indicating 
fairly strong support.  However, the 4 No votes caused it to rank in the middle in Table 1 and 
when sorted by confidence.  I believe this is partly due to the fact that there were no optical 
communications experts in the room. 
 
Note on possible bias. Due to human nature, people are more likely to vote positive for ideas 
they are personally familiar with or are working on.  One potential for bias in the vote tally is 
that, due to the workshop’s proximity, there were a contingent of attendees that are involved with 
electrophilic ablation.  Thus, this technique may have a slight bias in the tally.  Otherwise, I 
believe the results are reasonably objective. 
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Table 1  Vote Tally of Techniques Sorted by "Yes Minus No" 

 
Technique Yes No Total Votes Yes - No Confidence

Electrophilic Injection or Ablation 14 1 15 13 0.93 
Magnetic Control – Attenuation 
Reduction 12 1 13 11 

0.92 

Trajectory Shaping 11 0 11 11 1.00 
Aerodynamic Shaping 12 2 14 10 0.86 
Three Wave Interaction 10 2 12 8 0.83 
Whistler Mode Antenna 7 0 7 7 1.00 
Optical (Laser) 8 4 12 4 0.67 
Control Surfaces 5 1 6 4 0.83 
Plasma Modulation 4 0 4 4 1.00 
Antenna Location and Type 4 0 4 4 1.00 
Electron Beams 3 1 4 2 0.75 
Cooling Techniques 3 2 5 1 0.60 
Magnetic Control - Plasma Shaping 5 5 10 0 0.50 
High Frequency 6 7 13 -1 0.46 
High Power 5 8 13 -3 0.38 
Air Spike 2 6 8 -4 0.25 
Low Frequency 1 12 13 -11 0.08 
Relay Ejection 1 12 13 -11 0.08 
 
 

CONCLUSIONS 
 
A fairly exhaustive list of potential solution techniques has been compiled (although there is 
always the potential for a new idea to surface).  The vote by the workshop community of experts 
provides strong guidance as to what techniques are most promising and also identifies several 
techniques that should be relegated to the “of historical interest” category. 
 
It seems probable there is not one solution for all situations.  Different solutions may be better 
for different applications.  Even further, it is likely that a combination of techniques will be 
required even if it is simply taking into account the effects of the shape of the vehicle.  From a 
T&E perspective, multiple solutions are desirable since designers may or may not design a 
complete solution into the vehicle and testers may have to modify the vehicle for telemetry. 
 
In order to move forward towards a solution, continued research must take place.  The single 
most overriding aspect of this research is: 
 

Experimental data is needed to validate computational and mathematical models! 
 
Most of the leading techniques identified have models that support their validity.  However, there 
is very little experimental data to validate any of these.  Although theoretical analysis can 
continue, determining which solutions work is not possible without more experimentation. 
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Abstract 

In principle, the requirements for a flight test data acquisition system for space testing 

(launch vehicles, orbiters, satellites and International Space Station (ISS) installations) 

are very similar to those for more earth-bound applications. In practice, there are 

important environmental and operational differences that present challenges for both 

users and vendors of flight test equipment. 

Environmental issues include the severe vibration and shock experienced on take-off, 

followed by a very sharp thermal shock, culminating (for orbital vehicles) in a low 

temperature, low pressure, high radiation operating environment.  

Operational issues can include the need to dynamically adapt to changing configurations 

(for example when an instrumented stage is released) and the difficulty in Telemetering 

data during the initial launch stage from a vehicle that may not be recoverable, and 

therefore does not offer the option of an on-board recorder.  

Addressing these challenges requires simple, rugged and flexible solutions. Traditionally 

these solutions have been bespoke, specifically designed equipment. In an increasingly 

cost-conscious environment engineers are now looking to commercial off-the-shelf 

solutions. This paper discusses these solutions and highlights the issues that 

instrumentation engineers need to consider when designing or selecting flight test 

equipment.  

 

Keywords 

Flight test data acquisition system and space testing 

 

I.  INTRODUCTION 

Over recent years the world of space flight testing has changed dramatically. This is 

driven firstly by an increase in the number of players in the market with the rise of 

private and commercially driven space vehicle development companies (Space 
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Exploration, Orbital Sciences, Scaled Composites) and the growth of space programs in 

other countries (China, India, Japan and of course Russia all have well advanced space 

programs, while the European Space Agency has a long track record in successful space 

launches). Secondly, these and traditional players such as NASA and Boeing are seeking 

to cut costs and speed development by using Commercial-Off-The-Shelf (COTS) 

equipment which has resulted in these companies selecting and using equipment 

previously validated in commercial and military flight testing. 

However, the environment experienced by equipment in space and during launch is very 

different from that experienced in terrestrial environments.  So it is not sufficient to just 

take devices that have proven performance in a jet fighter and expect that they will 

operate effectively and reliably in a launch vehicle.  

In addition there are peculiarities in the vehicles themselves that present special 

challenges to the suppliers of flight test equipment. These include: 

- Non-reusable vehicles that require all data to be telemetered from the vehicle. 

However, the environment during take-off prevents reliable Telemetering 

meaning that data must be retrieved after take-off, but before destruction, during 

the flight path.  

- Radical changes to the instrumentation topology during the mission, as sections of 

the vehicle detach possibly carrying sub-sections of the flight test instrumentation 

network with them.  

- Large vehicles requiring data to be transferred over 50-100m of cabling at high 

speeds. 

- Instrumentation on orbiting vehicles may be “out of sight” of ground receiving 

stations for long periods of time, requiring a capability for on-board recording and 

transmission on demand.  

The rest of this paper looks in more detail at the environmental and operational issues and 

suggests solutions based on existing COTS flight test instrumentation.  

 

II.  ENVIRONMENTAL ISSUES 

INTRODUCTION 

The environmental shock and vibration experienced by equipment during launch and the 

journey into orbit tends to be much more extreme than that experienced by equipment 

during terrestrial flight[1]. The nature of the exposure depends on the stage of flight but 

tends to be much harsher during the initial stages (ignition, lift-off and transonic flight) 

than later on. However each of the later stages (stage separation, secondary engine firings 

etc.) provides brief transient shocks.  
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Figure 2-1: Key points of stress in a typical launcher profile 

LAUNCH 

During launch the main source of dynamic loading is from acoustic noise generating 

vibrations within the structure and from the vibration associated with the engine and 

flight. The acoustic pressures range in frequency from 30Hz to 10kHz while the engine 

induced vibration are of lower frequency (10Hz to 2kHz typically) with peak power 

spectral densities reaching 1.6g
2
/Hz or more.  

SEPARATION 

The main environmental effect of stage separation is the shock associated with the 

pyrotechnic methods for inducing the separation or with the release of structural strain. 

This can expose the vehicle to transient shocks of 2000g or more.  

ORBIT 

During launch, but especially in orbit, the equipment is subjected to extremes of 

temperature change. The issue here is not so much the actual temperatures themselves, as 

the rate at which temperature changes can occur which affect both accuracy of sensor 

measurement, and creates the risk of damage due to condensation on the electronics. 

Another issue which needs to be taken into account is that the unit will be operating in a 

near complete vacuum. This has implications for the component selection and for heat 

dissipation in the unit.  

Once in orbit the units operate in a steady (very low) thermal environment but are 

exposed to much higher levels of radiation than terrestrial devices[2][3]. In the space 

environment, very high energy particles (> 10 MeV) cause single event effects (SEEs). 

These manifest mainly as single event upsets (SEUs) where a single bit flips in a memory 

cell possibly altering system configuration, or as latch-up in larger/power transistors, 
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which can be destructive. Note that the vast majority of high energy particles are present 

in the Van-Allen radiation belts, which begin at altitudes above 300km. 

SELECTING EQUIPMENT FOR SPACE VEHICLE INSTRUMENTATION 

The first step to selecting flight test instrumentation for a space vehicle is a realistic 

assessment of the environmental stresses that the equipment will actually experience. 

This includes looking at where and how the equipment will be mounted in the vehicle. 

Unfortunately, due to the nature of the task that instrumentation is being asked to perform, 

it is often mounted in hostile locations (e.g. near the engines).  

When it comes to assessing system performance given the shock and vibration envelope 

there is no substitute for testing the unit. For example, the KAM-500 flight test data 

acquisition unit from ACRA CONTROL which has been used on the Delta II launch 

vehicle was put through a series of environmental tests aimed at establishing its ability to 

survive the launch profile. After some minor modifications involving mechanical and 

some component changes, it did. The lessons learned during those tests were incorporated 

into the COTS standard product, making it one of the few truly COTS systems capable of 

operating on a launch vehicle.  

Similarly, thermal shock testing is required to validate the units for operation in space.  

Finally, the design of the system needs to take account of radiation effects. Avoid 

systems based around large microprocessors with large amounts of vulnerable data and 

programs stored in memory devices. Instead look for radiation tolerant technologies (such 

as Actel FPGAs[4]). ACRA CONTROL have already developed radiation tolerant 

(100kRad) versions of key modules for the KAM-500 system. Some data acquisition 

units use built in state-machine architectures to refresh and reset volatile memory 

frequently (10s of times a second) to erase any transient errors due to SEUs and are thus 

more suitable to operating in an orbiting environment. The issue of latch-up is more 

difficult to resolve but there are options for latch-up detection and power-cycle circuits to 

resolve it.  

 

III.  OPERATIONAL ISSUES 

 

INTRODUCTION 

The behavior and actions of launch vehicles pose some interesting operational issues that 

are rarely encountered during terrestrial flight testing. These issues are discussed in this 

section of the paper. 
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DYNAMIC ADAPTATION 

During the vehicles mission, the shape and topology of the vehicle changes dramatically 

as sections separate and are discarded. It makes sense to also discard any flight test 

instrumentation associated with the lost sections to reduce power and weight. This 

presents a challenge for the flight test instrumentation network, as nodes will be lost 

dynamically during the test. There are two common scenarios: 

1. At launch, all FTI units operate synchronously and record or telemeter their data 

as required. When separation occurs, the slave nodes and all associated data are 

lost.  

2. At launch, all FTI units operate synchronously as a single distributed data 

acquisition system in a traditional master/slave configuration. However, after 

separation, the expectation is that the discarded stage will be recovered. In this 

scenario it is not unusual to place a recorder in the discarded stage to capture all 

data during launch, including post-separation data from the discarded stage. So 

the operational requirement is for the slave nodes in the discarded stage to 

continue to operate as though the master was still present.   

With the right instrumentation both of these scenarios can be covered using one of two 

possible FTI network topologies: traditional master/slave or distributed Ethernet network. 

In traditional master/slave one chassis is nominated the master and acts as a data 

aggregator and time/synchronicity controller for all FTI nodes. This unit is located in the 

continuing stage. During separation two things happen – the continuing stage master may 

(optionally) switch sampling strategies to save transmission and/or recording bandwidth, 

reusing spectrum formerly occupied by the data from the slaves in the discarded section. 

In the discarded section, one to the slaves automatically reconfigures to be a master and 

continues to aggregate and record data. This can happen only if the FTI architecture is 

such that any chassis can be a master or a slave, its “personality” determined only by 

external wiring. The wiring loom is designed so that when separation occurs the 

“personality change” is achieved. Although this sounds complex, COTS systems exist 

that do this and the design has been validated in the field.  
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Figure 3-1: Conceptual view of dynamic topology 

The recent advent of Ethernet based FTI equipment [5] permits a much simpler approach 

to solving the same problem. In this topology, each FTI chassis is a node in an Ethernet 

network and there is not notion of a master or a slave. Synchronization (and isochronous 

sampling) is achieved via standard network techniques such as IEEE1588 Precision Time 

Protocol (PTP)[6]. When separation occurs, the effect is to lose the network packets from 

devices in the discarded stage. The devices in the discarded stage can continue to operate 

in a local network until power shut off occurs.  
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Figure 3-2: Conceptual view of networks data acquisition 
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TELEMETERING IN A DIFFICULT ENVIRONMENT 

One of the periods of most interest during a launch is the launch instant itself. The 

stresses and strains on the craft and engines during ignition and take-off are about as high 

as they will be at any other time during the mission. Unfortunately, the nature of the 

launch environment is such that telemetering this data off during take-off is operationally 

difficult due to electromagnetic noise and interference, and limited available spectrum.  

To solve this issue, some FTI can locally store the data during the take-off stage, and then 

begin to transmit it after a predetermined time (e.g. 30s) once stable flight has been 

achieved. An important element of this approach is that the transmission occurs 

automatically after a user set period of time – there is no requirement to send a “trigger 

signal” to the vehicle. Note that this solution avoids a separate recorder – the storage 

medium is embedded in the data acquisition unit itself and data is stored locally.  

ORBITAL TELEMETRY CONCERNS 

Once in orbit, a vehicle may have limited windows of opportunity to telemeter the data 

back to earth. Typically, an orbiting vehicle can transmit to only one or two base stations 

and may have a clear link to these stations for only a few hours a day.  

The SSR-500 family of recorders from ACRA CONTROL (including the network based 

IP recorder NET/REC/001) can be upgraded to support read-while-write functionality. 

Essentially this means that the recorder acts as a traditional passive recorder for most of 

the time. However, when instructed (for example, through an uplink from earth) the 

device can start transmitting all data recorded during a specified time frame without 

interfering with data acquisition that is taking place concurrently. In addition, the device 

can accept instructions for erasure and reformatting of media to optimize media life over 

an extended period of time. These devices are built around open media storage standards 

and protocols (SNMP and PCAP) to simplify integration into operational environments. 

Utilizing this network paradigm means that the data acquisition and recording devices 

can be accessed and controlled using existing network links and protocols. 

LONG CABLE LOOMS AND LARGE VEHICLES 

Many launch vehicles consist of “interesting” areas (engines, stage junctions, 

instrumentation pods) separated by large chunks of not so interesting areas (fuel tanks). 

This results in long cable runs (anything up to 200ft) between units in the vehicle. The 

issue here is that traditionally data has been transferred using CAIS or PCM (RS-422), 

and data rates over these kind of distances are very limited ( < 1 Mbps). With these 

traditional approaches RS-422 repeaters are required for higher bit rates. Each repeater 

adds wiring complexity, weight and increases the bit error rate (BER).  

However, some instrumentation available today uses state-of-the-art transceivers to 

transmit PCM over distances greater than 200ft at 20Mbps using RS-422. This equipment 

greatly simplifies the wiring and transfer of information.  
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An alternative solution for the same problem is to use Ethernet as the data transfer 

medium (standard Ethernet is capable of transmitting 100Mbps over 100m). In such an 

Ethernet based network, one FTI node can be designated the PCM node and aggregate 

data from all other network nodes for Telemetering. [7] 

 

IV.  CONCLUSION 

This paper has touched on some of the environmental and operational issues that are 

specific to space applications. Although challenging, all of these problems can be solved 

using COTS devices available today from ACRA CONTROL such as the KAM-500 

system. Specifically these problems can be categorized as environmental and operational. 

Environmental concerns about shock, vibration and temperature can be addressed 

through test. Concerns about operation in a high radiation environment can be addressed 

by considering the design and components used in the FTI equipment, in addition to 

testing.  

Operational concerns can be addressed at a higher level, by considering the topology and 

technology to use for the test instrumentation network. By focusing on simple, robust 

architectures and state-of-the-art technology problems with stage separation, long cabling 

runs and delayed telemetry can be solved.  

Moving to a network paradigm offers significant simplicity and re-use of existing 

network interfaces to access and control satellite based data acquisition units.  
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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 as a 

consequence of a surprise equipment failure are high risk and involve decisions requiring a level 

of experience far beyond the responsible engineers.  
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INTRODUCTION 

 

Satellite and spacecraft builders do not generate normal telemetry behavior predictions for the 

life of a spacecraft during test. The ability to predict 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. 
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 developed and 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 prognostic use on Block I satellites. 

 

FIGURE 1 BOEING GLOBAL POSITIONING SYSTEM BLOCKS I, II, IIA 

SATELLITES 
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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 generation service that predicts normal, long-term telemetry behavior, available 

before launch, during spacecraft ground systems development, prior to launch from 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.  

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.  

 

FIGURE 2 SPACECRAFT THERMAL VACUUM CHAMBER TEMPERATURE 

PROFILE DURING TEST  
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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,  

 

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 with. Coarse approximations are used from factory 

acceptance testing by using conditions as close as possible to the in-orbit conditions. As a 
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consequence, 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, 

sometimes 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 

 Orbit tracking/orbital prediction ephemeris 

 Launch vehicle and space vehicle mass 
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 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 accurately predict the behavior. 

 

Oracol
® 

generates normal telemetry behavior for an unlimited duration of mission life. It is 

designed to be 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 

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 
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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 

minimum. 

 

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. 
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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 FORMAT 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 telemetry behavior that is unexpected.  

 

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 
 

Electrostatic approach is considered for mitigation of communication attenuation during the 
testing of laser powered directed energy weapon. Mitigation analysis is carried out for two target 
materials Al and Ti. Plasma parameters are obtained using one dimensional coupled analysis of 
laser-target interaction. Influence of laser beam frequency on plasma parameters is addressed. 
Sheath thickness is obtained using transient sheath calculations. It is found that uninterrupted 
telemetry can be achieved, using a maximum bias voltage of 10 kV, through Al plasma for 
fluences below 5 J/cm2 and through Ti plasma for fluences below 2 J/cm2. 
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INTRODUCTION 
 

During testing of directed energy (DE) systems, continuous radio-wave telemetry is used in order 
to characterize in situ the effect of irradiation on a target. The major hurdle to communication is 
plasma, formed due to ionization of the evaporated target material. The frequency of plasma 
exceeds that of electromagnetic wave of transmitter and hence attenuates the wave.1 Since 
plasma frequency is directly proportional to the square root of electron density, telemetry can be 
achieved by reducing the electron density inside plasma to create a low frequency region 
surrounding the antenna. Several mitigation approaches to this communication problem, namely 
electrostatic and electromagnetic, were proposed recently.2,3,4 The electrostatic mitigation 
approach takes into account that an electron depleted sheath is formed around the negatively 
biased electrode. This creates a “hole” in the electron density distribution allowing radio 
communication through the plasma. The electromagnetic approach is based on formation of the 
E×B layer, consequent plasma acceleration and resulting decrease in the plasma density.  

                                                 
1 *This research is supported by the Air Force Office of Scientific Research, grant number FA9550-06-1-0393 (Dr. 
John D. Schmisseur is the manager). 
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In this paper, an electrostatic approach is considered for mitigation of communication attenuation 
during the testing of laser powered DE system. In order to size the sheath dimensions, it is 
required to characterize plasma in terms of density, temperature, and thickness of plume. One-
dimensional laser ablation model that accounts for plasma shielding is employed to obtain 
plasma parameters.5 Transient sheath forumulation6 is used to obtain sheath thickness. Sheath 
thickness is calculated for ablation of Al and Ti in the fluence range 1 to 5 J/cm2.  
 

 
MATHEMATICAL FORMULATION 

 
The transient ablation model used for the analysis consists of target heating, plume expansion, 
plasma shielding, and re-radiation from plume. Thermophysical properties varying with 
temperature are considered for target heating. Euler equations with plasma shielding as source 
term are used to simulate plume. The discretized form of Euler equations are solved using 
Godunov scheme. Intercell fluxes are estimated using Harten, Lax, and Van Leer with contact 
restoration (HLLC) Riemann solver with hybrid-pressure based wave speeds.7 Plasma is 
assumed to be in thermally equilibrium state and Saha equations are used to obtain ionization 
fraction. Plasma shielding is estimated using inverse Bremsstrahlung absorption coefficients [Eq. 
(1-2)]. The surface reflectivity, R and absorption coefficient, α of target material, which depend 
strongly on laser beam wavelength, λ  are taken from Ref. 8.  Further details of the model can be 
found in Ref. 5. 
 
The properties of plasma generated by laser ablation vary with pulse duration, and hence it is 
essential to consider transient sheath equations to obtain instantaneous sheath thickness in the 
plasma. Transient sheath thickness is calculated using Eq. (1). It is obtained by equating Child 
law9 ion current density with that at the plasma-sheath interface due to drift velocity, V and the 
uncovering of ions.6 Eq. (1) can be solved analytically to obtain a simple expression for transient 
sheath given by Eq. (2). The variable s0 is given by Eq. (3) and V is velocity due to Bohm 
criterion given by Eq. (4). Equation (2) is solved using Newton Raphson method in conjunction 
with the ablation model.  
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RESULTS AND DISCUSSION 
 

Ablation analysis is carried out for Al and Ti in the fluence range of 1 to 100 J/cm2 and 
wavelength varying from 193 to 1064 nm. The depth of ablation contours, plasma shielding, and 
surface properties are shown in Fig. 1. As expected, depth of ablation increases with laser 
fluence for both targets but, the variation with wavelength show different behavior.  
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Figure 1. Effect of laser fluence and beam wavelength on ablation of Al and Ti 
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Depth of ablation of Al increases gradually with λ until 850 nm and then decreases sharply. 
Maximum depth of ablation is found at 850nm for all fluences, and it seems to be contradicting 
the plot shown for plasma shielding, because depth of ablation is maximum at the beam 
parameters for which the percentage of energy absorbed by plasma is highest. However, energy 
absorbed by plasma due to inverse Bremsstrahlung process is directly proportional to the number 
densities of plasma and it increases with the rate of evaporation. Therefore both maxima appear 
at more or less the same fluence and λ.  Reflectivity, R remains more or less the same up to λ = 
450 nm, decreases sharply till λ = 850 nm and then increases sharply. Since R is lowest at λ = 
850 nm, heat flux at the Al surface is highest at this λ and hence depth of evaporation is 
maximum. 
 
Ablation contours of Ti target shows that, fluences below 60 J/cm2, depth of ablation is slightly 
higher at λ ≈ 750 nm, whereas for higher fluences above 60 J/cm2 maximum depth of ablation is 
observed for λ ≈ 532 nm.  For all the fluences depth of ablation decreases suddenly at λ ≈ 850 
nm, and then it increases with the increase of λ. At 850 nm, the sudden decrease in depth of 
ablation is due to back flux. If the pressure at the evaporating surface is less than that of the 
surrounding plasma plume, then evaporation will not occur.  
 
Previously, it was observed in the case of Al ablation that, the influence of α is less significant, 
but in the case of Ti, it is influential to a considerable extent. This is because, heat absorbed by 
the surface is directly proportional to R and Ti has low reflectivity (0.75) compared to that of Al 
(0.92). It is interesting to observe from the plasma shielding of Ti, that more than 90% of the 
laser energy is absorbed by plasma for fluences greater than 40 J/cm2 for all λ. The plasma 
shielding shows that, the energy absorbed by plasma changes considerably with λ for fluences 
above 10 J/cm2. Hence the plasma properties such as plume density, temperature and length will 
also change with λ in this fluence range.  

 

 

a) b) 
Figure 2: Variation in Al plasma parameters with laser beam fluence a) electron 
density and b) electron temperature 
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Peak electron density and temperature distributions of Al plasma for laser fluences varying from 
2 to 5 J/cm2 are shown in Fig. 2. Temperature and density distributions show similar trend as 
expected. The temperature decreases gradually from target surface and rises steeply at shock 
front at the end of plume. Electron temperature and density increases gradually in the fluence 
range 2 to 4 J/cm2. There is a steep rise in electron temperature and density between 4 to 5 J/cm2 
due to the increase in the absorption coefficient in this range of fluence. 
 
Peak density of electrons noticed in the plume is assumed to be present at the sheath edge. Using 
this density and corresponding temperature, for a given bias voltage, sheath thickness is 
estimated at all time instances using Eq.(2).  The sheath thickness calculated for Al plasma is 
shown in Fig. (3). Peak electron density and its location, ratio s/s0, and sheath thickness are 
shown.   
 
Figure (3a) corresponds to laser fluence of 4 J/cm2 and bias voltage of 1 kV while, Fig. (3b) is 
for laser fluence of 5 J/cm2 and 10 kV bias voltage. Plasma starts to develop from 10 ns onwards. 
The density of electrons increases as pulse progresses and it decreases towards the end of the 
pulse as energy of pulse decreases. The location of peak electron density varies from 10-8 m to 5 
× 10-4 m. The ratio s/s0 varies from 10-3 to 1 and a sudden jump can be seen at the location when 
electron density builds up. It shows that at lower values of n, transient sheath calculations are 
required while at higher n, Child-Langmuir sheath calculations are sufficient. During the first 10 
ns, s is very large as n is small, and as time progresses, n increases and s decreases. It can be seen 
that during the period considered, the sheath thickness is greater than peak electron density 
location. And hence a hole is created in plasma to transmit radio communication.  
 
At 5 J/cm2 [Fig. (3b)], the peak electron density reaches to 1025 m-3 and due to which the sheath 
thickness is much smaller (2×10-7 m), even the bias voltage is 10 kV. The sheath thickness can 
be increased above the location of peak density of electron by increasing the bias voltage to 200 
kV, but it is impractical to supply onboard a test bed. 
 

 

 

a) b) 
 
Figure 3. Electrostatic sheath characteristics in Al. a) laser fluence 4 J/cm2, bias 
voltage 1 kV b) laser fluence 5 J/cm2, bias voltage 10 kV 
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Similar analysis is carried out for Ti plasma generated using fluences 1 J/cm2 and 2 J/cm2 with 1 
kV and 10 kV bias voltages. The transient sheath characteristics are shown in Fig. (4). It shows 
that uninterrupted telemetry can be achieved through Ti plasma generated by fluence < 2 J/cm2. 
The fluence limit of Ti is less than that of Al, because of low reflectivity of Ti (Fig. 1). 
 

 

 

a) b)  
 
Figure 4. Electrostatic sheath characteristics in Al. a) laser fluence 4 J/cm2, bias 
voltage 1 kV b) laser fluence 5 J/cm2, bias voltage 10 kV
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CONCLUSIONS 
 

Wavelength of laser beam influences the depth of ablation and plasma properties to a 
considerable extent. The extent of influence varies for material to material based on their surface 
properties.  Maximum depth of ablation and plasma shielding are observed at a wavelength of 
850 nm for Al. For ablation of Ti, two wavelengths 750 nm and 532 nm are observed at low and 
high fluences respectively. How ever the influence of wavelength is more or less insignificant for 
fluences below 10 J/cm2. Transient sheath calculations with a maximum bias voltage of 10 kV 
show that an electrostatic mitigation approach may be employed for Al plasma for fluences 
below 5 J/cm2 and for Ti plasma below 2 J/cm2.  
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NOMENCLATURE 
 
e = electron charge, C 
kb = Boltzmann constant, J k-1

mi = mass of ion, kg 
n = number density of neutrals, m-3

R = reflectivity 
s = thickness of transient sheath, m 
s0 = thickness of Child-Langmuir sheath, m 
t = time, s 
T = temperature, K 
U = bias voltage, V 
V = velocity, m s-1 

z = spatial coordinate, m 
Zi = average ionization number 
α = material absorption coefficient, m-1

ε0 = permittivity of vacuum, F m-1

λ = wavelength 
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ABSTRACT 
 
Frequency selective multipath is a key performance limiter for aeronautical telemetry 
applications. Our research explores multipath mitigation techniques with ARTM Tier-1 
waveforms using linear adaptive filters, multiple receive antennas and error-based best source 
selection. Single antenna adaptive equalization alone is unable to substantially improve 
performance under certain channel conditions. Analytical investigations demonstrate that 
nonlinear channel phase response is the principal cause of performance loss. In this adverse 
environment, spatial diversity with multiple receive antennas along with error-based best source 
selection are capable of improving bit error rate performance by 5dB for each additional antenna. 
 
 

KEY WORDS 
 
Multiple antennas, spatial diversity, best source selection, linear adaptive filters. 
 
 

INTRODUCTION 
 
Aeronautical telemetry is the communication of pertinent aircraft measurements from an onboard 
transmitter to a ground based receiver through a wireless link. Airborne telemetry experiments 
are used by the aviation industry to investigate aircraft performance and safety. Research in the 
aeronautical telemetry field has focused on the design of waveforms, antenna structures and 
receiver equalization techniques that maximize aircraft transmitter power efficiency and increase 
receiver detection performance. Modern aeronautical telemetry applications operate at data rates 
of 10-20 Mbit/s and are subject to multipath interference (MPI) through frequency selective 
radio channels. Due to the scarce frequency spectrum available for telemetry applications [1], 
multiple telemetry signals may overlap in frequency spectra causing adjacent channel 
interference. In this adverse telemetry environment, a receiver with multiple antennas can be 
utilized to improve link reliability through spatial diversity gain. However, if the receiver fails to 
mitigate both multipath and adjacent channel interference with appropriate equalization 
techniques, link reliability can be significantly deteriorated.  
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The aeronautical telemetry community formally instituted two radio frequency modulation 
schemes in the IRIG-106 standard [2]. These modulation schemes, Feher-patented Quadrature 
Phase Shift Keying (FQPSK) [3] and Shaped Offset Quadrature Phase Shift Keying (SOQPSK) 
[4], have been designated as Tier-1 of the Joint Services Advanced Range Telemetry (ARTM) 
waveform suite. FQPSK and SOQPSK were selected because, under ideal channel conditions, 
they exhibit twice the spectral efficiency as the industry standard pulse code modulation 
frequency modulation (PCM/FM) waveforms. FQPSK and SOQPSK were explicitly designed to 
have quasi-constant complex envelopes so that aircraft transmit amplifiers can operate 
continuously at full saturation. This maximizes output power efficiency while maintaining 
acceptable symbol detection performance. A mathematical description of the aeronautical 
telemetry standards FQPSK-B and SOQPSK-TG is presented in [2-5]. 
 
Previous telemetry equalization research [7-12] has indicated that MPI is the major detection 
performance limiter. Therefore, our work will focus on the mitigation of multipath with the 
understanding that a final equalization solution must also mitigate adjacent channel interference. 
A wideband frequency channel model specific to aeronautical telemetry [6] will be realized to 
evaluate performance. Real time processes that occur during the telemetry experiment include: 
tracking of the aircraft transmitter by the receive antenna, down conversion of the received signal 
from radio frequency to baseband, analog to digital conversion of IQ channels and data 
recording. Our work will simulate offline software solutions. 
 
Our primary objective in this work is to improve telemetry link reliability with ARTM Tier-1 
waveforms by utilizing spatial diversity with additional receive antennas and advanced best 
source selection techniques [13-15]. Transmitter structure will be unchanged in order to 
emphasize receiver solutions and minimize costly aircraft modifications. Simulation results 
indicate that single antenna linear adaptive equalization techniques [9, 10] cannot substantially 
improve performance under certain channel conditions. This motivates a comprehensive 
analytical investigation on the relationship between the aeronautical telemetry channel and 
ARTM Tier-1 modulation schemes. This analysis demonstrates that nonlinear channel phase 
response is the principal cause of performance loss and inspires our exploration of receiver 
spatial diversity techniques. In this adverse telemetry environment, we show a best source 
selection procedure with two antennas can improve bit error rate performance up to 10dB over 
the unequalized channel. Additionally we demonstrate that multiple antenna best source selection 
realizes spatial diversity gains of 5dB for each additional antenna. 
 
 

SINGLE ANTENNA SYSTEM MODEL 
 
Aeronautical telemetry experiments have three principal elements: an airborne transmitter, the 
physical environment and a ground located receiver. The transmitter antenna is omnidirectional 
due to aircraft size and weight constraints while the ground based receiver consists of a large 
parabolic antenna mechanically steered to track the aircraft and maximize the receiver SNR. Rice 
et al. [6] performed channel sounding experiments to analytically model the channel at a wide 
range of aeronautical telemetry testing facilities. Measured channel data from these experiments 
have been successfully modeled with three signal components: the line-of-sight (LOS), a strong 
multipath reflection and a weak multipath reflection modeled as complex Additive White 

2 



 

Gaussian Noise (AWGN). Due to the wide signal bandwidth, the strong multipath reflection can 
be accurately modeled with a tapped delay line finite impulse response (FIR) filter. The 
wideband channel used in our research [6] is modeled by the FIR filter 
 
       ttth ,  (1) 

 
where the relative complex gain of the reflection (Γ) along with the relative receive delay (τ) 
between LOS and multipath components span |Γ| = [0, 1],  = [0, 2π) and τ = [20, 80]ns 
respectively. These values depend on the aircraft and receiver altitude, the distance between 
transmitter and receiver as well as transmit frequency. This analytical model describes the 
physical channel response when the aircraft is operating at distances much greater than aircraft or 
receiver altitude and not during aircraft takeoff or landing. Discrete-time representations of the 
channel model in the sample and sample-frequency domain are illustrated in  
 
     nnnnh     (2) 

 
and 
 
  nzzH 1 ,   (3) 

 
respectively. The relative multipath channel delay τn has units of receiver samples. 
 
 

SINGLE ANTENNA ADAPTIVE EQUALIZATION AND CHANNEL ANALYSIS 
 
Communication systems can be characterized by relevant performance metrics that are 
application dependent. Metrics such as analytical probability of error, dependency analysis, 
empirical bit error rate (BER), receiver implementation complexity and estimation error 
convergence are all important performance criteria. In our research we will focus on empirical 
BER along with analytical channel investigations to gain understanding of the true dependencies 
inherent in equalization of the aeronautical telemetry channel. 
 
Multipath mitigation within the aeronautical telemetry framework has been explored in several 
works [7-10]. The application of a linear adaptive Kalman equalization filter to mitigate MPI 
was investigated by Popescu et al. in [9, 10]. Popescu illustrated that a Kalman equalizer could 
effectively mitigate MPI when Γ = 0.3ejπ. Unlike the previous work, we will present new 
equalization performance results only with the more realistic and severe |Γ| = 0.7. Rice et al. [11, 
12] presented analytical results that indicate bit error probability depends heavily on MPI 
phase .  
 
Figure 1 illustrates the ensemble averaged BER performance dependence on multipath phase for 
|Γ| = 0.3 at SNR = 5dB with and without Kalman equalization while Figure 2 has |Γ| = 0.7 using 
an identical configuration. Figures 3 and 4 display phase dependent BER at 12dB SNR for |Γ| = 
{0.3, 0.7}. Simulations used τ = 60ns and 100 training symbols for a 3-tap Kalman equalization 
filter. These results indicate a strong performance dependence on multipath phase symmetric 
about = π. 
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There are three primary conclusions that can be ascertained from these simulation results. First, 
MPI actually improves performance over the AWGN channel for  ≤ |0.1|π due to coherent 
addition with the LOS component which increases effective SNR. The second significant finding 
is that Kalman equalization noticeably improves performance only for  = [0.5, 1.5]π and at 
high SNR. This was verified with several values of τ and multiple equalization filter lengths. The 
final important point is that a large range of  values produce large BER for the unequalized as 
well as the equalized channel. An effective equalization system must be able to handle a large 
range of in order to reliably detect symbols.  
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              Figure 1            Figure 2 
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              Figure 3            Figure 4 
 
A thorough understanding of all system performance dependencies requires a detailed analysis of 
the channel model along with its relationship to ARTM Tier-1 modulation schemes. Figure 5 
displays the magnitude of the complex channel transfer function in (3) at  = {0, π/4, π/2, 3π/4, 
π} for |Γ| = 0.7 and τ = 20ns. There is a single complex zero within the unit circle in the discrete 
frequency domain for τ = 20ns (τn = 1 sample delay at 10Mbps transmit rate and 50Mbps sample 
rate). As  is varied from 0 to π, the location of this single spectral null in the magnitude 
response is shifted from –π to 0 normalized frequency. Figure 7 is an example of the power 
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spectral density of a FQPSK signal generated from a pseudorandom bit stream. The majority of 
the signal power is focused within |π/2| normalized frequency. Clearly at  = π, the channel 
will apply the most devastating attenuation of FQPSK signal power. When τn = {2, 3, 4, 5}, 
additional spectral nulls occur in the magnitude response. 
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           Figure 7            Figure 8 
 
While the channel magnitude response is traditionally used to describe performance 
characteristics, because the ARTM Tier-1 waveforms carry information in signal phase, the 
phase response of the channel has a larger effect on overall system performance. Because the 
channel impulse response is complex, the channel frequency transfer function is not necessarily 
conjugate symmetric. This leads to a nonlinear phase response across frequency that directly 
translates to a frequency dependent group delay, 
 

  





zHgd ,   (4) 

 
which is heavily dependent on channel parameter values. The channel phase response         is 
evaluated at            where   is frequency.  

zH
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Figure 6 illustrates the phase response of the complex transfer function in (1) at = {0, π/4, 
π/2, 3π/4, π} for |Γ| = 0.7 and τ = 20ns. Figure 8 is an example of the phase spectral response of a 
FQPSK signal generated from a pseudorandom bit stream. Clearly, the phase response is not 
symmetric across the frequency spectrum. At 



 = 0, the channel phase response in Figure 6 
varies linearly across normalized frequencies less than |0.7|. This linear phase translates to a 
small, nearly constant frequency dependent group delay through equation (4). The BER 
performance gain observed with coherent multipath in Figures 1-4 is directly attributable to 
channel gain and this minimal group delay. At  = π, the phase response of the channel has an 
abrupt nonlinear variation near zero frequency. This translates to the frequency dependent group 
delay illustrated in Figure 9 where the delay near zero frequency ranges from 2-12 samples 
depending on τ. This frequency dependent delay will affect the asymmetric signal phase 
response, but due to severe magnitude response attenuation for  = π, the effect of this delay is 
minimized. 
 
The severe performance degradation in Figures 1-4 is a direct consequence of the channel’s 
nonlinear phase response and associated group delay applied to the transmit signal. Figure 10 
illustrates the frequency dependent channel group delay for  = {0, π/4, π/2, 3π/4, π}, |Γ| = 0.7 
and τ = 20ns. The most striking observation is the drastic effect of the channel on group delay 
when ≠ {0, π}. The delays incurred at these    values illustrate an enormous dependence 
on frequency dependent group delay near zero normalized frequency. The channel group delay 
does not vary greatly when changing the value of τ for a fixed  ≠ {0, π}. The magnitude of 
group delays near zero frequency is directly proportional to |Γ|, explaining the improved 
performance at ≠ {0, π } for |Γ| = 0.3 in Figure 3 compared to |Γ| = 0.7 in Figure 4. 
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           Figure 9          Figure 10 
 
This analysis concludes that nonlinear channel phase response is the primary driving force 
behind performance shortfalls with ARTM Tier-1 waveforms in the aeronautical telemetry 
channel. BER performance is heavily dependent on the complex value of Γ and to a lesser extent, 
the relative delay of the multipath component τ. At observed values of |Γ| ≥ 0.7, the value of 

explicitly determines the detection performance. At  ={0, π}, the effect of phase distortion 
at low frequencies is minimal due to overall channel characteristics. At ≠ {0, π}, massive 
low frequency group delays significantly deteriorate performance as observed in Figures 1-4. 
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SINGLE ANTENNA BEST SOURCE SELECTION 
 
The previous performance results force our research to expand equalization techniques to 
selection diversity. An advanced best source selection scheme motivated by recent performance 
results in the telemetry field [13-15] increases diversity as illustrated in Figure 11. In this 
scheme, training error is calculated with the unequalized and Kalman equalized signals. The 
minimum of these error calculations is used to select a data filtering path. This scheme takes 
advantage of the gain observed when the unequalized channel decreases BER relative to Kalman 
equalization. BER performance results are presented in the Simulation Results section. 
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BEST SOURCE SELECTION WITH MULTIPLE ANTENNAS 
 
Performance gain with spatial diversity utilizing multiple antennas must be measured given a 
multiple antenna system model. The multiple antenna system model employed in our work is an 
extension of the wideband channel model for a single receive antenna [6]. We assume that all 
receiver tracking antennas have identical tracking capabilities and gain which will produce 
identical SNR at each receiver. We also assume that all receive channels have FIR structures 
 
     inii nnnh ,  ,   (5) 

 
where i = 1, 2, … N receivers. Using geometric expressions in [6], the value of τn can be 
calculated explicitly. We assume additional antennas are within 100m distance of the first so that 
τn,i = τn,1. Rice’s channel sounding [6] suggests us to model |Γi| = |Γ1| and  as independent 
identically distributed uniform random variables taking on values [0, 2π). 

i

 
It is important to evaluate how additional antennas can improve overall system performance 
while the first antenna receiver suffers from severe multipath conditions. We employ an 
advanced version of best source selection for multiple antennas that applies single antenna error-
based best source selection to each receiver antenna system and subsequently selects the overall 
superior path for the equalization period. Figure 12 graphically illustrates this procedure for a 
two antenna system. BER performance results with the multiple antenna best source selection 
scheme are presented in the Simulation Results section. 
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SIMULATION RESULTS 
 
The preceding channel analysis along with previous aeronautical telemetry work [7-10] leads our 
research to focus on BER performance with a fixed multipath component delay and gain at the 
first receiver of τn,1 = 60ns and |Γ1| = 0.7. Figures 13 and 14 display ensemble average BER 
performance with FQPSK and SOQPSK for a single antenna unequalized channel, single 
antenna Kalman equalized channel, single antenna advanced best source selection and dual 
antenna advanced best source selection. Performance results are nearly identical for FQPSK and 
SOQPSK.  
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   Figure 13          Figure 14 
 
High SNR performance illustrated in Figures 13 and 14 indicate that single antenna Kalman 
equalization alone improves BER performance over the unequalized channel only near  = π 
while single antenna best source selection greatly improves performance over single antenna 
Kalman equalization for ≤ |0.5|π. Dual antenna advanced best source selection provides BER 
gains up to 10dB in critically underperforming areas (0.5π ≤


 ≤ 1.5π) at high SNR. Low SNR 
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performance (not shown due to page limit) indicates that very little can be gained with single 
antenna equalization but that single antenna advanced best source selection does take advantage 
of the gains due to coherent multipath. Spatial diversity gain with multiple antennas and error-
based best source selection is illustrated in Figure 15 where |Γ| = 0.7, 1 = {π/4, π/2} and SNR 
= 12dB. Each additional antenna receiver improves BER by 5dB for        = π/2. 
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CONCLUSIONS 
 
In this work we have performed aeronautical telemetry channel analysis, applied best source 
selection procedures and realized spatial diversity gain with multiple receive antennas for ARTM 
Tier-1 waveforms. Simulation results illustrate that single antenna linear adaptive equalization 
techniques alone cannot substantially improve performance under certain multipath channel 
conditions. This motivated an analytical examination of the relationship between the channel and 
ARTM Tier-1 waveforms. This analysis demonstrated that nonlinear channel phase response is 
the primary cause of performance loss and inspired our investigation of receiver spatial diversity 
techniques. Single antenna error-based best source selection incorporates gain observed through 
the unequalized channel when the line-of-sight and multipath components coherently combine. 
Best source selection with two antennas showed performance gain of 10dB over the unequalized 
channel for critically affected multipath component phase regions. Multiple antenna best source 
selection realized spatial diversity gains of 5dB for each additional antenna. The primary 
contribution of this work is the insight gained from analytical channel investigation and the 
multiple antenna error-based best source selection scheme. Future investigations will focus on 
higher complexity receivers to further mitigate the nonlinear multipath channel phase. 
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DEVELOPMENT OF A SYNTHETIC BEAMFORMING 
ANTENNA – FROM DRAWING BOARD TO REALITY

Anand Kelkar, Norm Lamarra, Thomas Vaughan 
Creative Digital Systems, Westlake Village, CA

ABSTRACT

Following-up on an ITC 2006 paper, “From RF to bits with Synthetic Beamforming”, we follow 
the development and fielding of a Digital Beamforming (DBF) Antenna.  This antenna, built for 
an  airborne  Telemetry  application,  supports  10  individual  polarization-diverse  beams   and 
immediately converts RF to IF at the antenna element through a suite of LNBs.  The IF is then 
digitized and all subsequent processing is performed through an array of 200+ FPGAs, including 
DBF, optimal combining,  demodulation,  and IF upconversion.  We present our Model-Based 
Design approach, which allowed us to develop and test the system incrementally and rapidly, 
particularly  during  the  transition  from  factory  testing  to  flight  operations,  where  several 
unexpected problems were discovered.  Our software tool set enabled us to dissect the System 
behavior via post-mission replay, and our detailed simulations were instrumental in developing 
mitigation quickly.  The System-level impacts and root causes of some of these issues are also 
discussed.  We believe the flexibility of DBF and the modular software architecture were key in 
quickly mitigating many of these unforeseen real-world issues without hardware modification.

KEY WORDS

simulation, multipath-mitigation, flight-testing, open-source, virtual test environment.

INTRODUCTION

A prior paper entitled “From RF to Bits with Digital Beamforming” was presented at ITC 2006. 
It signified the completion of the design phase of this program and was the point at which the 
“rubber hit the road”.  This paper describes the maturation of a Digital Beamforming (DBF) 
Telemetry System from the late design stage to a field presence, replacing an aging (but reliable 
and  proven)  conventional  phased-array  antenna  system  as  well  as  the  ancillary  Receiver, 
Combiner, Demod. and Bit-sync equipment.   

We describe some of the surprises during this transition phase, none of which were apparent on 
the ground; some fell into classic categories such as group-delay matching, temperature stability 
and  synchronization,  but  manifested  themselves  in  unconventional  ways.   By  progressively 
extending our set of Fault Isolation Test utilities during the Flight-Testing Phase, we were able to 
isolate many of these anomalies and provide mitigation through software alone.  
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The basic architecture of the system is shown in Figure 1 below.  Whereas the ITC 2006 paper 
and presentation described how the System design met the antenna specifications,   this paper 
picks up the story there, showing how the approach also aided transition into flight operations.
  
We discuss how the development methodology (on which the operational framework was built) 
allowed switching between simulation (offline) and live (online) operation, this enabling a small 
crew of specialists at the field site and at the design center to “bring the goods” to operational 
readiness in a relatively short time frame.  Our goal is to describe how our approach evolved to 
address the obstacles that arose.

DEVELOPMENT METHODOLOGY

We always begin System developments with Model-Based Design.  In this case we began with 
separate models of the major components of the System (antenna, engagement scenario, etc.), 
and wove these together to estimate System Performance.  Later, we evolved these models into 
simulations at various levels, useful for developing or testing either a subsystem or an algorithm. 
Quite early in the development, we blended some of these models into an executable Operational 
Model (OM), and used it for a variety of reasons.  

By far the most useful aspect of this testbed emerged later in the Program, when we had actual 
hardware to test and integrate.  By this time, our OM had evolved to provide detailed results that 
could be verified using typical test scenarios or stressing test cases.  Actual vs. virtual hardware 
comparisons provided the needed insight to close many of these gaps quickly.  Sometimes the 
OM provided us with detailed information about a particular component that could not be not 
easily tested outside an Operational  scenario due to the circumstances required to precipitate 
them, thereby helping identify problems that were deeply embedded in firmware or software.
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System Modeling: We modeled all the functional blocks to begin the hardware and software 
development  where  basic  processing  algorithms  were developed  and  tested  within  our  OM 
simulation environment.  This helped us produce working interfaces for the hardware as well as 
between processing elements.  A block diagram of this architecture is shown below.

After  verification  within  the  simulation  environment,  the  specification  for  each  hardware 
component was written, enabling the hardware acquisition process.  As soon as each element 
operated satisfactorily in the simulation environment, it was converted into a module conforming 
to the operational architecture, which was concurrently being developed.  Then, as the hardware 
components  became  available,  these  simulation  modules  were  replaced  with  functionally-
equivalent  versions  by  “wrapping” the  newly-delivered  hardware  with  the  same  software 
interface.  The System could then be run “Actually” instead of “Virtually”.  Even at this stage, a 
mix of simulation and reality was useful, allowing verification of configuration, acquisition, and 
tracking software both with and without the hardware.

Our OM was also used during key design reviews to demonstrate the performance of the System 
as the design matured.  Later, the OM became a testbed for the first User Interface, allowing us 
to “run” the (simulated) System against typical engagement scenarios, providing our customer 
insight into the operational behavior of the eventual System.  

Software  Architecture: Our  approach  to  software  architecture  follows  a  widely-used 
philosophy of building small reusable components that can be stitched together in multiple ways 
to  form numerous  useful  applications.  Consequently,  we developed  an  abstract  Application 
Programming Interface (API) that provided many benefits: 

• Swap lower-level implementations of modules within the API seamlessly
• Develop algorithms long before hardware components became available
• Test small components at the unit level, vastly reducing system-level test time
• Create bindings for languages such Python & Java using simple, well-defined interfaces

Python  was especially beneficial  to our development. It  has a simple, clean syntax that allows 
source code to be written quickly and  be  easily understood by other developers. Unlike Java, 
Python does not require the use of a heavy, complex framework in order to be useful, and it has 
an extensive math library, notably NumPy and SciPy.  SciPy provides statistical operations, a 
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Matlab-like  environment,  and  2D  and  3D  visualization  components.  We  were  thus  able  to 
prototype our software rapidly in Python, and quickly shape it  to a deliverable form.  Free and 
Open Source Software (FOSS) was also used extensively within our implementation, and had a 
very positive impact on our ability to ensure the robustness and add capability as required.

Our development model was built around Agile, not Waterfall principles, because we anticipated 
that  both  software  and requirements  would  evolve  over  the  entire  development  period.  The 
architecture  and  implementation  were  adapted via  lessons  learned  during  development,  or 
because  of  hardware  problems  that  required workarounds,  or  through  customer  interaction, 
which is critical to software success.  We were prepared for some ideas to fail, believing there is 
tremendous value in learning through those failures.

Shown below is a high-level diagram of our software architecture.   A key component  of this 
architecture  is  an  API  that  abstracts  how data  is  passed  from the  antenna  hardware  to  the 

Antenna Control Computer (ACC). This API, 
the  Hardware  Abstraction  Layer,  or  “HAL”, 
allowed backends  to  be  plugged-in  either  to 
provide emulated  data,  or  data  read from the 
hardware.  The  emulated  backend  was  called 
the  Hardware  Emulation Library,  or  “HEL”, 
while  the  hardware  backend  was  called  the 
Hardware Implementation Library, or “HIL”. 

The HAL and its backends  were written in C 
portable to GNU/Linux x86 and PPC. We took 
care that  the  API  could  be  used  with other 
languages  like  Java  and  Python.  Simple 
Wrapper Interface Generator (SWIG) provided 
the automatic glue that binds the HAL to such 
languages. The HIL also had multiple  layers, 
beginning at the “driver” level with hardware 
register-level I/O between the operating system 
and the digital boards via the VME backplane.  

Certain “primitive” operations resided in the HIL, such as “point antenna” and “read signal”. 
Applications then utilized the HAL for features like “azimuth scan”, either real or emulated. 
Features  like  “acquire”  and  “track”  could  then  be  implemented  in  various  languages  (Java, 
Python,  or C),  making use of the same libraries  via  the appropriate  language interfaces  and 
dynamic linking.  At the lowest level, digital hardware appeared as a set of registers in the VME 
address space (which itself was either real or emulated).   Configuration and operation of the 
hardware was performed by appropriate sequences of such register read/writes, either unicast to a 
specific channel and element (e.g., within a specific FPGA on a specific board), or broadcast to 
the entire System.  Since we required four VME chasses (to handle about sixty 6U VME boards), 
we utilized VME bus extenders to reach 3 remote Slave chasses via memory mapping inside the 
Master chassis, which contained the single-board computer running the entire System.

Figure 3: Software Architecture
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Specifications:
Operational band: 2.2 – 2.4 GHz
No. of simultaneous beams: 10
No. of beamforming elements: 224
Polarization: Dual, linear,circular
G/T at boresight: >10.5 dB G/T
Scan volume: ±60 deg. Azimuth, ±15 deg. Elevation
Receiver: User-programmable bandwidth 0.1-40MHz
Combiner: Optimal, Spatial & Polarization
Tracking: Azimuth Monopulse

Performance: All the specifications of the original requirement were met or exceeded except for 
one – the prime power requirement.  The DBF antenna consumed approximately 3x more power 
than was originally allocated.  However, the original specification was written for a conventional 
antenna and did not consider the power that would have been consumed by Receiver, Combiner, 
Bit  Sync  and  Demodulation  equipment,  all  of  which  were  embedded  in  our  DBF solution. 
Accordingly, we estimate that the power consumed was actually less than that of a conventional 
antenna solution with similar capability.

AREAS OF DIFFICULTY

Specification  Development:  DBF  (Digital  Beam  Forming)  provides  a  distributed  system 
solution that consists of individual digital receivers, many “copies” of which can be connected to 
each antenna element  –  this  System contains  2240 such complete  digital  receivers.   So,  the 
requirements on these individual components  were much less stringent than would be on one 
overall system level Receiver component.  Our initial difficulties began with translating the IRIG 
requirements  into  specifications  suitable  for  such  a  multi-point  solution.   Next,  we  had  to 
overcome some understandable resistance from a technical community that was familiar  with 
analyzing requirements in terms of conventional antenna system and component requirements.

We were able to meet the required performance with an 8-bit ADC at each element (~39 dB 
usable range). The distributed data collection and processing approach provides improvement 
factors due to the number of elements (112 elements provides ~20 dB) and the high sampling 
rate associated with ADCs (500 Msps provides ~10 dB “averaging gain” at the highest required 
data bandwidth of 25 MHz). These factors thus provide a minimum of 69 dB dynamic range at 
25MHz bandwidth, linearly increasing as channel data bandwidth reduces.

Hardware – LNB: Low Noise Block-downconverter (LNB) design posed several challenging 
requirements:  survival through high levels of incident RF signal, tight group-delay tracking as 
function of various environmental  conditions,  excellent  spurious and IM performance,  and a 
requirement that all outside equipment be resistant to corrosive chemicals.  In addition, power 
consumption was always a concern.  Several vendors initially claimed to be able to build this 
device, but their prototypes  consistently failed to meet the required specifications.  We finally 
found a responsive vendor that delivered as promised, but as a precaution, measured every LNB 
over temperature and frequency ourselves to verify that the group delays tracked each other well, 
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since the consequence for errant LNBs would  have been (perhaps undetected) degradation in 
antenna performance during flight.

Synchronization: Hardware  operations  in  a  digital  beamforming  system  must  be  highly 
synchronized.   This  was  achieved  by  splitting  a  single  500MHz  clock  to  drive  the  digital 
hardware,  and  then  utilizing  a  re-synchronized  hardware  triggering  mechanism  to  effect 
individual operations.  Although simple in concept, this particular feature turned out to be the 
most  challenging  to  achieve.   Nevertheless,  it  allowed many individual  beams to  be steered 
independently and simultaneously between one 500MHz clock cycle and the next (i.e., within 
2nS).   Signal  synchronization  for  digital  antennas  is  similar  to  phase  alignment  for  analog 
antennas.  Each of the 4 elements on 56 data acquisition cards  thus  had to be synchronized to 
within 1 clock cycle (2nS).  Though the software could provide static compensation for delay 
differences at this level, we could not tolerate unexpected changes as a function of temperature 
or time, which resulted in misalignment of data from one element with that from another.    Such 
problems could cause the System drop track as well as valuable mission-critical telemetry data.

The sync-distribution was done through a device provided by the vendor of the VME cards. 
However, the original design was not able to support the skew requirements of our system, and 
consequently a makeshift thermal stabilizer (oven) had to be built within the device to keep the 
skew  fixed  over  the  range  of  ambient  temperatures.   An  additional  unanticipated  problem 
involved varying impedance of the (unshielded) sync-distribution cables when in the proximity 
of metallic structures.  Their effective group delay varied by as much as 1 nS as a function of 
how close the cable was to a metal structure, and the exact geometric relationship between the 
cable and the structure.  This thwarted our attempts to pre-trim the cables at the factory before 
installation in the aircraft.  A final round of cable trimming was required on the installed antenna. 

Reliability: The calculated MTBF of the system predicted about a thousand hours of trouble-free 
operation.  However, our operational reliability problems usually fell into the category of cable 
or connection  failure  early  on,  when there was a lot  of  trouble-shooting through component 
swapping. These troubles  sometimes surfaced  when software  changes uncovered  set-up timing 
violations in the firmware in unexpected portions of the  processing chain.

AGC: A Receiver AGC requirement had to be added “after-the-fact” since the original antenna 
specification  was  not  designed  to  include  any  receiver  components.   This  omission  was 
discovered late in the program once the first antenna was delivered.  Fortunately, the firmware 
architecture allowed 10 channels of AGC (1 per beam) to be applied simply by reprogramming 
one FPGA in the Digital Upconverter and Demodulator.  This was achieved without Herculean 
effort, and no additional hardware was required.
 
Software Development/Testing:  As mentioned above,  we developed each test offline in the 
simulation world, and then ran it in real-time (using the same GUI) on the hardware.  This was 
highly  effective  for  the  development  of  the  Application  Layers,  but  turned  out  to  be  more 
difficult for detailed debugging of the firmware.  Hence this became the most problematic area of 
Integration & Test (I&T), and was exacerbated by the fact that the firmware development was 
not performed in-house, but by a  developer on the other coast.   The end result was that the 
“debug cycle” for hardware/firmware problems was “days”, compared to “minutes” for software 
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in the HAL/HEL/HIL.  We estimate that over half our development time was spent in debugging 
the hardware/firmware, despite what we thought were clear digital hardware requirements and a 
relatively straightforward interface.  Indeed, without our Operational Simulation as a testbed, it is 
not clear that we would ever have achieved success in this cycle.  This is probably our biggest 
“Lesson Learned” for future System developments, and also indicates that a Simulation-based 
approach coupled with a pluggable software architecture is highly effective and may indeed be 
essential for efficient development of complex Systems.

Operational Issues – Flight-Testing Phase: For this first-of-a-kind System,  many development 
obstacles were unexpected and arduous, as described above.  It then comes as no surprise that a 
new set of obstacles surfaced during the Flight-Testing Phase.  The daunting task of bringing a 
“bleeding  edge”  technology  into  operational  use  was  not  adequately  considered,  and 
consequently  cost and schedule quickly became areas of grave concern.  Fortunately, by this 
stage in our Program we had developed a sophisticated set of tools, and they certainly proved 
their worth here.  Once again, when the measurements diverged from the simulation results, we 
were  able  to  focus  quickly  on  the  differences  and  extend  the  embedded  instrumentation  to 
identify probable causes. 

In-Flight  Antenna Patterns: The  first  in-flight  obstacle  we confronted  was  in  the  antenna 
patterns observed by flying a straight path past a ground source (a “Beam-Cut” mission).  In the 
(static) lab setup, we were able to obtain almost perfect electronic scan patterns for the antenna 
after automated calibration.  However, the “in-air” measured patterns were significantly different 
than those observed in the far-field range testing during FAT.  We attribute the difference to the 
synchronization delay variations mentioned earlier.   Since these patterns are the basis for the 
reliable operation of the Telemetry link, it was essential that we resolve this issue quickly.  We 
addressed this by creating a new “snapshot”  calibration for use in flight,  through extension of 
various test routines that already existed.  This was very successful as shown in Figure 5 below.

Vendor coordination at System Level: Operationally, our antenna and its controlling computer 
were part of  the Telemetry Relay System (TMRS) on the aircraft.  However, the TMRS was 
operated  via  a Telemetry  Operator's  Console  (TOC)  being  built  simultaneously  by  another 
vendor.  We co-developed an  XML-based protocol to allow the operator to initiate diagnostic 
tests, query system-level health status, and view target tracking during missions.  

Interface clients have been developed web-based implementations as well as in Python, Java, and 
C++.  The protocol allows for clients  to implement  subsets of the protocol,  in line with our 
philosophy  to  allow  small  modules  to  be  stitched  together  to  form  larger,  more  complex 
applications.   Our  Quick  Web  Client,  QWC,  provided  a  web-based  implementation  of  the 
TOC/ACC protocol,  and was useful to provide a standalone test  of the ACC operation (i.e., 
without the TOC).  Insufficient interaction between the vendors during the development phase of 
the  antenna  precluded  the  use  of  various  interface  improvements  and  usage  conventions. 
Additional complications ensued because of different interpretations of the interface protocol. 
We rediscovered  here  that  frequent  communication  between  all  the  vendors  on  the  team is 
essential. 
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MITIGATIONS

Visualization tools: Once the various integration issues had been satisfactorily resolved,  the 
next  challenge was to understand the problems found in live mission operation.   Initially we 
experienced poor  tracking  performance  for  dynamic  airborne  targets,  as  compared  to  static 
sources (e.g.,  during FAT) or even to a ground source during a fly-by.  Thus, live missions 
presented the first opportunities to obtain detailed information about the actual operational signal 
characteristics.  Fortunately, the embedded instrumentation could be extended relatively easily to 
acquire detailed measurements of the instantaneous RF signal levels and polarization dynamics. 
This was achieved by logging  data from each real-time antenna measurement (currently every 
20mSec) and processing the data log offline.  

Our Linux-based host CPU enabled us to operate the System remotely through a secure internet 
connection in the hangar and conduct much of the debugging and software updates remotely 
during the flight-testing phase, thereby reducing the cost and improving the response time as 
issues developed. Though this  approach worked for this situation,  we  might  have  planned a 
different architectural solution given the luxury of forethought, perhaps providing the operators 
with  some in-flight decision and re-configuration capability  to  help  streamline the discovery 
process. 

Our initial software design addressed a simple, embedded server process in the ACC, which was 
explicitly required by the initial spec.  The ACC was expected to acquire and track sources with 
minimal operator interaction, and provide simple status updates via the TOC/ACC protocol.

However, early in our development cycle, we discovered a need to build a software tool that 
visually displayed a considerable amount detail, such as the steps required to acquire and track. 
So,  we had  to  create  a  functionality  to  allow developers  to  manually  run  a  subset  of  these 
components, such as an individual scan in azimuth or frequency, while supporting functionality 
to validate nascent hardware components.  Using Python, GTK+, and SciPy we were easily able 
to construct a GUI on top of the HAL that met all these needs. Given the extensive visualization 
capabilities of this tool, it also proved valuable in demonstrating our incremental improvements 
in the hardware and software capabilities to the customer.  We called this tool the Diagnostic 
Operator's GUI (DOG).

Data Collection and Post-Mission Analysis:  Extensive data capturing capability was designed 
into the hardware.  Commensurate data collection and logging was designed into the software 
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Figure 4: Antenna Measurements from Live Beam-Cut Mission
1 – instantaneous channel pointing angle 2 – tracking error
3 – slant-left polarization signal level 4 – slant-right polarization signal level
5 – SNR for each polarization computed by the optimal spatial combiner.



and  used  to  produce  plots.  Figure  4  above  shows  an  example  of  post-processed  antenna 
measurements taken during a Beam-Cut mission which consisted of flying past a source on the 
ground.  During this  mission, four passes were made, one of which is shown above.  Panel 1 
shows that the antenna was initially scanning,  and that the antenna  soon  acquired the target. 
Then, during the track, the operator requested three “hi-res scans”, each providing an electronic 
azimuth scan over  ±90o.  After  each  scan, the antenna continued to track until  the target SNR 
dropped below detectable level.  

Figure 5 below shows a “zoomed” view of the second hi-res scan requested by the operator:. 
This level of detail is available for each of the 10 channels while tracking.  One can see that the 
associated post-processing was invaluable for investigating in-flight performance and developing 
mitigations.  Moreover, having provided the ability for the operator to request a “hi-res scan” of 
a source, also provided a means to verify proper antenna operation at any subsequent time.

Calibration: Soon after we used the visualization tools to display live mission results, it became 
apparent that the antenna patterns in the air were not as they should be, for reasons mentioned 
earlier.   Figure 5 shows how a calibrated System is capable of performing in the air.  These 
patterns (recorded in flight) include the effects of the radome and its support structure.  But this 
kind of antenna performance was only possible after some weeks of gathering System data in-
flight and extending the post-processing to discover what was really happening.  We developed 
an in-flight calibration procedure to reach the desired performance.  

Investigation  began in  the  Hangar.  Figure 6 below shows how the  antenna  can be  instantly 
calibrated irrespective of its current state.  The upper row shows patterns that were taken in the 
Hangar (with a source at  1/10th the far  field  distance of the antenna) and shows the “before 
Calibration” data while the lower row shows the result “after Calibration”. Understandably, the 
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Figure 5: Hi-Res scan during Beam-Cut pass
Row 1 – pointing angle Monopulse angle error Expanded around main beam
Row 2 – Slant Left pol. Ampl Slant Right pol. Ampl Spatial combiner, each pol
Row 3 – SNR at tracker 1st stage of spatial combiner Expanded & super-imposed



patterns  in the upper row look abysmal  due to near-field  and hangar-reflection effects.  We 
developed this “snapshot calibration” procedure by recording all RF element data simultaneously 
since during a Beam-Cut pass the geometry is  constantly changing.  Not surprisingly, once in-
flight calibration was developed and applied, tracking improved dramatically.

As part of an ongoing support program, we are currently developing a set of graphically-based 
diagnostic tools  and interfaces to “hand over” to the operators some of the extremely useful 
functionality we created during development, testing, and in-flight analysis.

SUMMARY

Operating a Digital Beamforming Telemetry antenna System in actual flight represented quite a 
departure from the original (ground-testable) System requirements which effectively described a 
Telemetry antenna alone.  The original Factory Acceptance Test (FAT) was designed to verify 
System hardware functionality, but could not address the various (unknown) issues that would 
come up during the first in-air integration of the System.  

Some of  the System ills  were  difficult  to  identify at  first,  since at  times the antenna  would 
perform flawlessly, demonstrating its tracking capability and sensitivity, yet at other times tracks 
would fail even when the source signal level appeared adequate.  To address these unknowns 
observed during flight operations, we developed various virtual graphical instruments “on-the-
fly” to discover the critical nature of antenna calibration, proper signal synchronization and the 
resulting effects on  overall System performance.  Fortunately, we were also able to develop an 
in-flight calibration procedure quickly to compensate for all the observed deleterious effects.

A post-flight evaluation of the downlinked data quality was suggested by our customer as an 
overall  test  for  satisfactory operation  of  the system.   Although it  was  conceived  late  in  the 
program, it is what was necessary to create a definitive Figure of Merit indicating proper mission 
operation  with  the  new  antenna.   Since  the  legacy  system  is  still  available  a  one-for-one 
comparison  we  will  endeavor  to  show  overall  performance  envelope  growth  with  the  new 
Synthetic Beamforming Antenna system.
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Figure 6: Calibration example (within hangar)
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ABSTRACT 

 
New technologies are sought to meet the requirements of evolving telemetry capabilities such as 
new operating bands, increased test article and ground segment collaboration, and on-the-fly 
quality of service (QOS) management.  Smart antennas may contribute to this evolution by 
directing signal energy where and when it is needed.  Direct spatial antenna modulation (DSAM) 
represents a new approach to cost-effective smart antennas potentially offering benefits such as 
post-amplifier modulation, polarization reconfigurability, phase-shifterless phased arrays, 
oscillator-less frequency conversion, and pre-receiver processing gain.  The basic DSAM 
approach has recently been proven through analysis, simulation, and prototyping, with 
significant implications for future capabilities. 
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INTRODUCTION 

 
Through spectrum efficient technology efforts such as iNET [1], the range telemetry test 
environment is moving toward a 2025 goal with significantly different operating characteristics 
than those currently employed.  Currently, range telemetry flight test segment configurations 
primarily use streaming transmit links with omni-directional or hemispherical radiation patterns.    
On the telemetry receive end, large gimbaled antenna systems are used to close the link by 
implementing high gain and precise tracking.  Such existing configurations operate with 
dedicated, pre-allocated channel assignments and have little, if any, reconfiguration of telemetry 
format during flight, collaboration between test segments, or opportunities for frequency re-use.  
The future direction of flight telemetry moves away from pre-allocated channel assignments and 
streaming link configurations to take advantage of the flexibility of two-way networked test and 
ground segment behavior to achieve collaborative test benefits such as frequency re-use, QOS 
throttling, and over-the-horizon data transfer.   
 
Implementing antenna gain at the test segment can allow for benefits such as reduced transmit 
power, both at the test segment and at the ground segment, as well as the ability to achieve 
frequency re-use and interference reduction through spatial multiple-access techniques such as 
commonly applied in cellular telephony infrastructure.  For antenna gain to be effective, 
however, the antenna response must be properly oriented with respect to the intended 
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communication target or source of interference (in the case of null formation).  Phased array 
antenna technology is the most effective way to enhance the ability of solutions such as iNET to 
achieve maximum flexibility and efficiency.   
 
A “full performance” phased array is the most flexible of all sub-types of phased array antenna, 
and is able to arbitrarily control sidelobe levels, form null patterns, and form multiple 
simultaneous main beams.  Full performance phased arrays achieve their flexibility by being able 
to fully control the array weight steering vector in each antenna element in the array.  Examples 
of phased array technologies that are not typically implemented with the full-performance 
characteristic include those using switched-beam topologies such as a Rotman lens beamformer, 
or coupled oscillator approaches.  Existing approaches to achieving a full-performance phased 
array include the use of a digital exciter and/or receiver with each element in the array or the use 
of a RF phase shifter and attenuator at each element in the array.  While most flexible, the per-
element digital exciter/receiver pair approach has typical drawbacks of power consumption, cost, 
size, dynamic range, and the need for external filtering.  The per-element phase shifter/attenuator 
approach has typical drawbacks with respect to signal loss, cost, and size that are primarily due 
to the phase shifter element. 
 
A new approach to phased-array technology utilizing direct spatial antenna modulation (DSAM) 
is being developed that has the potential to significantly mitigate the drawbacks of typical phased 
array implementations.  The proposed approach is based around what is termed a full-
performance spatially modulated antenna (FPSMA) that retains much of the flexibility of a 
digital exciter/receiver configuration, but does so without any variable RF phase shifters or the 
per-element requirement for a digital exciter/receiver. 
 
This paper presents a brief introduction to DSAM technology and some recent test results using 
several prototypical implementations.  The DSAM approach forms the basis for the FPSMA 
element that is being proposed.  Simulation results obtained for a notional four-element FPSMA 
element are presented that demonstrate joint beamforming and modulation using only antenna 
port amplitude control. 
 
 

DSAM BACKGROUND 

 
Direct spatial amplitude modulation bridges the typical black box view shared between 
communications and electromagnetic disciplines by implementing modulation for 
communications directly in an antenna element using intimate knowledge of the inherent 
response of the antenna structure.  In conventional modulation [2], the modulation signal is 

impressed upon a fixed antenna electric field response (��) as a modification of the external 
excitation function amplitude (��) and phase (��).  Such a relationship between the complex 

exponential baseband excitation function (�����	) and a fixed inherent antenna far-zone 
electric field response can be expressed as 
 

��
�� � �����	��  (1) 
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where the time-harmonic carrier component (����� with radian frequency � of the 

conventionally-modulated electric field (��
��) has been suppressed [3], and the index � 
represents one of � � 1,2…� possible information symbol or beam-steering weight vector 
states.  This formulation is most appropriately applied as snap-shot view of the antenna response 
during a single symbol period (�) and does not include any transient effects of switching 
between states.  Under an assumption that the transient response of the carrier-excited antenna is 
fast enough to be swamped by the actual information symbols that determine the excitation state, 
the formulation of (1) corresponds to a rectangular pulse shape. 
 
In contrast to conventional modulation, DSAM instead uses a position difference of excitation 
with the same amplitude and phase for all � states.  The difference of excitation location when 
using DSAM results in a difference of the native antenna response relative to some reference 
excitation location.  The electric field for DSAM is therefore defined as 
 

������ � ���  (2) 
 
To illustrate an example of the difference between conventional modulation and DSAM, 
consider the case of binary phase shift keying (BPSK).  In conventional BPSK, an RF carrier is 
left in either a reference � � 0� state or changed to a � � 180� state during any given symbol 
period � depending on the data symbol (� � 1 " �).  In DSAM BPSK, one of two spatially-
distinct antenna ports with inherently antipodal responses is selected for excitation with a 
constant carrier in each period � depending on the data symbol. 
 
Shown in Figure 1 and Figure 2 are block diagrams for the implementation of a BPSK 
transmitter using conventional and DSAM modulation, respectively.  In Figure 1 showing 
conventional modulation, the modulated carrier is used to excite the same antenna port in every 
symbol period, while in Figure 2 for DSAM modulation the carrier phase is left constant but the 
feed port location is instead changed in each differing symbol period. 
 

 
 

Figure 1 – Block Diagram Representation of Conventional Modulation BPSK  
 

 
 

Figure 2 - Block Diagram Representation of DSAM BPSK 
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The choice of spatial modulation ports to use in a DSAM application depends on the modulation 
format desired and the canonical antenna element to be used.  Analysis of the radiated electric 
field response of an antenna structure in closed form is the most direct path to selection of port 
location.  Such analysis has been performed for rectangular and square microstrip patch antenna 
structures for implementation of BPSK, quadrature phase shift keying (QPSK), and dual-circular 
polarized QPSK (DCP-QPSK).  The analysis results were used to develop several prototypes that 
were in turn evaluated with respect to the difference in bit error rate (BER) performance when 
used in DSAM as opposed to conventional transmit modes.  Figure 3 shows (a) the BPSK 
prototype, (b) the QPSK prototype non-radiating feed structure bottom side, and (c) the QPSK 
radiating structure top side. 
 

 
 

Figure 3 – Two Example DSAM Prototypes 
 
The S-band BPSK prototype shown in Figure 3(a) consists of a microstrip patch radiator with 
two feeds, each controlled by a positive-intrinsic-negative (PIN) microwave diode switch circuit.  
In DSAM operation, the BPSK prototype is alternately fed a continuous wave (CW) carrier 
excitation from the “left” and “right” side based on whether the data value #$ is a logical 1 or 0.  
The detailed field equation analysis of the BPSK prototype supports the fact that the ideal 
radiated field pattern of the 1 state is the negative of the 0 state.  When operated as a 
conventional antenna with a modulated carrier excitation, the BPSK prototype is simply left in 
either the 1 or 0 state for all time. 
 
The QPSK prototype shown in Figure 3(b, c) is more complicated than the BPSK prototype, and 
is capable of producing linear and circular-polarized versions of BPSK and QPSK as well as 
DCP-QPSK totally under control of the baseband data signals.  A similar PIN diode feed 
approach is used to implement port switching and selection of either linear or circular 
polarization (CP).  The detailed field equation analysis of the QPSK structure reveals that the 
response of the antenna is theoretically identical when used in conventional or DSAM modes for 
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some combinations of polarization and modulation order, but is also distinctly different for other 
combinations.  For modulation order � % 2 the possible states of the QPSK prototype 
necessarily span orthogonal polarization modes, making the received signal sensitive to receiving 
antenna polarization state and bringing out differences in the conventional versus DSAM 
response. 
 
The measured BER response of the prototypes of Figure 3 is shown below in Figure 4.  The 
BPSK prototype results of Figure 4(a) were taken in the open laboratory at a link distance of 3 m 
with a symbol rate of 100 ksps.  For the BPSK prototype, the results measured using an Agilent 
E4432 signal generator as the conventional modulation source match those taken using DSAM to 
perform the modulation spatially.  The E4432 was used to generate a standard pseudorandom 
noise (PN) sequence of length fifteen both for the case of internal (conventional) or external 
(DSAM) modulation. 
 

 
 

Figure 4 – Measured Results Comparing Conventional Modulation to DSAM 
 
The QPSK prototype BER results are shown in Figure 4(b) were obtained with a symbol rate of 
1 Msps in an anechoic chamber at a link distance of approximately 10 m.  For the QPSK case, 
the E4432 signal generator was presumed to be an ideal source operating in an additive, white, 
Gaussian noise (AWGN) channel and the “Calibrated Ideal” curve shown in Figure 4(b) was 
generated based on 10-3 datapoint of the measured conventional results, with almost perfect 
agreement over a BER range of 10-2 to 10-5.  The limited record length of the digitizing 
measurement receiver makes the 10-6 and 10-7 BER points of both the measured conventional 
and DSAM datapoints suspect. 
 
While no BER measurements were made with the DCP-QPSK mode of the QPSK prototype, 
signal power spectrographs were recorded.  The signal power spectrographs of Figure 5 show the 
results of the QPSK prototype transmitting in DCP-QPSK mode as compared to the same 
antenna in a fixed spatial excitation state transmitting a conventionally modulated QPSK signal.  
The DCP-QPSK signal represents 3 bits of information per symbol as compared to the 2 bits per 
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symbol of the conventional QPSK case, representing a potential 50% increase in information rate 
in approximately the same occupied spectrum.   
 

 
 

Figure 5 –Spectral Occupancy of DSAM DCP-QPSK vs. Conventional QPSK 
 
As a reminder, the results in Figure 5 represent the equivalent of using a rectangular pulse 
function, and the introduction of any additional information sequence or pulse shape constraints 
would have the typical effect.  Using the assumption of uncorrelated polarization noise, 
derivations indicate that the BER versus signal to noise ratio (SNR) for the higher information 
density DCP-QPSK is approximately the same as for conventional QPSK.  Finite polarization 
isolation in a practical antenna will limit the upper achievable DCP-QPSK SNR for the CP-
related portion of the information content, although isolation levels of 20 dB or greater are often 
achievable. 
 
 

DSAM IN PHASED ARRAYS 

 
The theoretical driving force behind DSAM has been demonstrated using several laboratory 
prototypes.  Were “pure” DSAM to be applied to a full performance phased array element 
design, it would in theory take an infinite number of spatially distinct ports in an antenna to 
support all possible complex beamforming weight vectors.  A method that retains many of the 
benefits of DSAM but avoids the need for a large number of spatially distinct feed ports has been 
developed, and is called the full performance spatially modulated antenna (FPSMA). 
 
The circular microstrip patch (CMSP) antenna has been selected as a candidate element for 
FPSMA implementation.  Almost any antenna structure capable of producing good quality CP, 
and especially those with rotational symmetry about the axial boresight, can make an appropriate 
FPSMA candidate.  Using a cavity model approach [3, 4], the far-zone fields at a location 
&', (, )� produced by a circular microstrip patch antenna (��
��*) placed at the coordinate system 
origin with a spatial feed-point at location )+ � )�

+  can be expressed using: 
 

��
��*
,	
-

� (.�/
,	
-
0 )1�,

,	
-

  (3) 

 

��/
,	
-
� K234j678+ cos) &cos8 ( cos)�

+ 0 sin8 (� 0 >678 cos8 ( sin) sin )�
+ ?  (4) 
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� K23j678+ cos ( cos) sin)�

+ 0 >678 cos ( sin) cos)�
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K2 � @ABCADEFGAH

8I
   (6) 

 
678+ � 67&J7�D sin (� 4 68&J7�D sin (�  (7) 
 
678 � 67&J7�D sin (� 0 68&J7�D sin (�  (8) 
 

In (3-8), > K √41, J7 � � M⁄   is the free-space wavenumber with M the speed of light in vacuum, 
�D is the effective CMSP surface area which can be taken as the physical area to first order, O7 is 
the peak excitation amplitude in Volts,  67 is the Bessel function of the first kind order zero, and  
68 is the Bessel function of the first kind order two.  The fields of (4-5) were derived by using a 
standard CMSP model with the element in the P 4 Q plane and applying a direction cosine 
matrix transform to account for a rotation of the feed point to an arbitrary )�

+  location. 
 
When the fields (3) of the CMSP FPSMA reach a receiving antenna, the polarization of the 
receive antenna (RSTU) determines the resultant lowpass equivalent signal (VWTU) through the 
relationship (9), where the vector dot product operator is represented as (·) and the complex 
conjugate operator is represented as (*) [3]. 
 

VWTU � ��
��*
,	
-

· RSTUY   (9) 

 
Restricting the spatial excitation port set to )�

+ � Z0, [ 2⁄ \, and simultaneously driving the ports 
with unique control values results in the desired configuration for a FPSMA CMSP antenna with 
complete modulation flexibility but a minimum number of ports.  Taking the fields (3) on 
boresight at (( � 0� , ) � 0�) to Cartesian coordinates and computing the equivalent lowpass 
received signal per (9) with a left hand circular polarized (LHCP) receive antenna polarization 

response of RSTU � 1 √2&]1 0 > 1̂�⁄  yields a normalized response: 
 

_VWTU � O` 8⁄ 4 >O7  (10) 
 

In (10), O` 8⁄  and O7 are the carrier excitation amplitudes of the )�
+ � [ 2⁄  and )�

+ � 0 spatial 
modulation ports of the CMSP antenna element, respectfully.  The result (10) shows that the 
FPSMA CMSP antenna response for the  )�

+ � [ 2⁄  port is equivalent to the “in phase” (a) 
channel of a complex modulator and the )�

+ � 0 port is equivalent to the negative of the 
“quadrature” (b� channel given the alternate representation of a complex lowpass modulation 

signal ���� using the relationships: 
 

���� � a 0 >b  (11) 
 

� � ca8 0 b8  (12) 
 

� � tanfg&b a⁄ �  (13) 
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The direct correspondence between the two ports of the CMSP antenna and the equivalent 
complex baseband modulation a and b channels is significant, and forms the basis for 
implementing a FPSMA using such a structure.  Amplitude-only control of the )�

+ � Z0, [ 2⁄ \ 
ports of the CMSP FPSMA allows for the relative field state produced by the structure to be 
placed anywhere in the complex plane without the need for phase-shift functional blocks.  
 
A four element CMSP FPSMA array has been simulated to illustrate the possibility of using the 
structure to achieve joint beamforming and modulation without the use of phase shifters and with 
only a CW RF excitation source.  The array simulation configuration is shown below in Figure 6, 
where the individual elements {EL1, EL2, EL3, EL4} are 990 mil in radius, separated center-to-
center by 2300 mil, and are situated 20 mil above a Rogers 5880 substrate with hI=2.2 backed by 
a copper groundplane.  The simulation was performed in Ansoft Designer, and the array is 
distributed along the P axis with the i axis pointing out of the page. 
 

 
 

Figure 6 –Simulated FPSMA CMSP Antenna Array Example 
 

The simulated array of Figure 6 was driven with port excitations intended to implement 
simultaneous beamforming and QPSK modulation using only port amplitude control and a CW 
excitation source.  An example of two power patterns, one produced with equal j � 0� array 
weights for all elements, and the other produced with array weights corresponding to an 
additional inter-element j � 60� equivalent phase shift, is shown in Figure 7. 
 

 
 

Figure 7 – Example Planar Cut Beamforming Response, ) � 0� Plane 
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The simulated array was not optimized for gain or any other aspect of performance, with first-
pass success in achieving the beam steering and modulation effects using direct calculation of the 
required array weights.  A pseudo 3-D view of several radiation patterns is also shown below in 
Figure 8. 
 

 
 

Figure 8 – Summary of Simulated Beam Patterns Including Joint Modulation 
 
The received signal amplitude and phase per (9) were computed at the angular power pattern 
maximum of all commanded beam angles, with expected results.  A sample of the results is 
given in Table 1, which summarizes the relative response for all four QPSK information symbol 
states for the commanded 412� steering angle.  Also shown in Table 1 are the equivalent a 
(O` 8⁄ ) and b (4O7) port excitation values for elements EL1 through EL4 used to achieve the 
indicated results. 
 

Table 1 – Summary of Results for Joint 412� Beam Steering Angle and QPSK Modulation 
 

Data Excitation Result 

#$ #l �� EL1 EL2 EL3 EL4 |VWTU| nVWTU  

   O` 8⁄  4O7 O` 8⁄   4O7 O` 8⁄  4O7 O` 8⁄  4O7   

0 0 0� 0 1 0.64 0.77 0.99 0.17 0.87 -0.50 0.35 37.4� 

0 1 490� -1 0 -0.77 0.64 -0.17 0.99 0.50 0.87 0.35 448.9� 

1 0 90� 1 0 0.77 -0.64 0.17 -0.99 -0.50 -0.87 0.35 131.1� 

1 1 180� 0 -1 -0.64 -0.77 -0.99 -0.17 -0.87 0.50 0.35 4142.6� 

 
The results in Table 1 indicate a phase error of u3.7� for the information symbol pair states 01 
and 10 relative to the reference 00 state, but no error for the 11 state as well as correct relative 
amplitudes for all states.  Similar results were obtained for other beamforming angles of 0� and 
418�. 
 

 

CONCLUSION 

 
Direct spatial antenna modulation (DSAM) represents an alternate way to achieve RF data 
modulation for information transmission and/or phased array beamforming without the need for 
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either a conventional modulator or variable RF phase shifter devices.  The core ability of DSAM 
to be applied to an antenna structure and achieve the desired modulation effect has been shown 
with a series of prototypes under laboratory conditions.  The full performance phased array 
application of DSAM technology has been demonstrated through analysis and simulation to 
support the implementation of phase-shifterless phased arrays, possibly enabling the practical 
implementation of smart antenna directivity in new application spaces related to bi-directional 
spectrum efficient telemetry. 
 
Other potential benefits offered by DSAM beyond beamforming and compatibility-mode 
modulation should also be explored in more detail if deemed relevant to flight telemetry 
applications.  By performing modulation in the antenna itself, DSAM allows for modulation and 
demodulation after or before, respectively, typical active devices such as power amplifiers or 
low-noise amplifiers.  With DSAM phase control of the antenna fields, the possibility of in-
antenna frequency conversion through use of a constant phase ramp modulation is also possible. 
 
Additional development is required to fully apply DSAM phased array technology to the 
challenging flight telemetry environment, but the payoff may be very significant in terms of the 
practicality of implementation and resulting ubiquity of use.  It is anticipated that the 
combination of one or more digital exciter/receiver blocks with a segmented DSAM FPSMA 
would offer modulation and frequency flexibility as well as DSAM-enabled spatial beamforming 
sufficient for advanced iNET capabilities while avoiding complexity and implementation costs 
associated with alternative conventional approaches. 
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ABSTRACT 

 

Most range safety telemetry tracking systems have antenna designs that feature an S-band 

(2200-2400 MHz) Telemetry Tracking and UHF-Band (400-450 MHz) Command 

Destruct feed along side an omni-directional antenna. The antennas must have, by design, 

high angular velocity (w) and acceleration ( ) parameters to achieve these tasks. 

Generally, these parameters are user configurable through software and monitored 

through BIT (Built In Test) log files. The parameters are nominally set to their maximum 

values (ie. w=10 deg/sec and  = 15 deg/sec
2
.) Considering the dynamics of a sample 

satellite launch vs. the ground tracking and omni antennas’ combined capabilities, this 

document analyzes whether the target will stay within the beam. 

 

 

KEY WORDS 

 

Command destruct, range safety, tracking antenna, omni-directional antenna, beam 

angles 

 

 

INTRODUCTION 

 

While selecting a telemetry tracking system with a directional high-gain antenna, the 

following need to be taken into consideration: 

 

 Gain - high enough for closure of the link for a satisfactory G/T (Figure of Merit -

Gain over Noise Temperature - of the antenna), 

 Resultant beam angle - large enough to keep the target in the beam during high 

and hypersonic speed operations  

 Initial capture and destruct inaccuracies - such as initial pointing errors and flame 

retardation (resulting in a blackout of the communication). 
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Most command destruct system (CDS) users complement the system with a low gain 

omnidirectional antenna for the shorter distance, wider angle coverage to alleviate these 

initial tracking issues with a high gain antenna.  

 

 

IMPLEMENTATION 

 

During the study, MathCAD was used to model the antenna behavior while tracking to 

determine if the vehicle could possibly leave the tracking and coverage beam angles. The 

reader should refer to the Appendix for the MathCAD file contents. 

 

 

DUAL ANTENNA RECEIVE AND TRANSMIT SYSTEMS 

Taking into consideration the receive sensitivities of the standard flight termination 

receivers, the maximum distance for S-band tracking and command destruct signals for a 

high gain antenna (5.4 meter dish) is calculated to be 2000 km. (Figure 1) The maximum 

UHF system coverage distance for the Omni-directional (low gain) antenna is calculated 

to be 168 km, with the desired link margins of 12 dB in each case. (Figure 2)  

 

 

Figure 1 Directional Antenna Command Destruct System Link Margin 
vs. Distance for a Typical Vehicle 

The curves presented are for typical vehicle receivers, therefore the results will vary 

depending on the receiver sensitivity and RF losses on the vehicle. The following 
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parameters and typical values were taken into consideration during generation of the 

curves: 

 Atmospheric and various losses of -3dB 

 Vehicle antenna gain of -16 dBi (for a 90 % coverage) 

 Vehicle RF losses of -6 dB 

 Polarization losses of -3 dB 

 Vehicle receiver sensitivity as -107 dBm  

 Antenna gain at the operational UHF frequency (usually p-band) 23 dBi 

therefore 8 degree 3-dB beamwidth (assumed) 

 Antenna telemetry tracking S-band gain 38 dBi, therefore 1.6 degree 3-dB 

beamwidth with 10 deg / sec angular speed and 15 deg/sec^2 angular 

acceleration 

 RF cable loss from the high power amplifier to the antenna -2 dB 

 Omnidirectional antenna gain 0 dBi 

 Link margin 12 dB 

 

 

Figure 2 Typical Command Destruct Coverage with an Omni Antenna 

One critical assumption to make is where the ground station will be positioned relative to 

the tracked vehicle for the antenna to experience the most dynamic environment for 
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speed and acceleration. Per Figure 2 above, the Omni Directional antenna will cover 

(with a 12 dB link margin) the vehicle track up to 168 km from the antenna location. As 

vehicle travels beyond 168km, the tracking antenna needs to track the vehicle, keep it in 

its tracking and commanding angle, and deliver the UHF signal to the vehicle if/when 

needed.  

 

Therefore, the critical point at which the antenna tracking capabilities (most complex 

point of tracking) should be calculated is when the vehicle leaves the omnidirectional 

antenna coverage sphere. As the vehicle reaches the 168 km point the linear antenna 

tracking speed is calculated, correlating (projecting) it on the arc the vehicle is moving. 

Linear speed and acceleration is compared against the vehicle flight speed and 

acceleration.  (Figure 3). 

8
0

1.6
0

Note: Angles are exaggerated for clarity

1.6 degrees for S-band tracking assumed

8 degrees is for UHF command destruct 

168 km

 

Figure 3 Conceptual Drawing for the Most Dynamic Geometry for CDS 
System 

 

Test results for actual flight-demonstrated tracking errors for the typical tracking 

antennas were far under 0.1 degrees for targets beyond 20 miles. (For the calculations 

provided in the appendix, these errors considered to be within margin.)  

 

The tracking antenna feed’s S-band tracking 3dB beamwidth is 1.6 degrees and UHF 

commanding-target 3dB beamwidth is 8 degrees. Therefore, the tracking and target 

coverage angles from the boresight of the antenna are 0.8 degrees for S-band and 4 

degrees for the UHF band. The antenna will need to keep the target vehicle within the S-
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band angle of 0.8 degrees of the boresight to track and UHF-angle of 4 degrees to 

destruct.    

 

For this analysis fairly common vehicle characteristics were used to make the 

calculations and comparisons. Table 1 outlines the typical trajectory parameters used: 

 

Table 1 Typical Vehicle Data for Altitude, Velocity, Range and 
Acceleration 

Some critical sample parameters First Stage 

Cutoff 

Second Stage 

Cutoff 

ALTITUDE: (km)   110 230 

VELOCITY INERTIAL: (km/sec) 4.831 8.022 

RANGE: (km) 275 4000 

ACCELERATION: (G) 4.6 0.8 

TIME: (SEC) 235 935 

 

 

Per Table 1, the 168 km range puts the system into First Stage Cutoff region (column 1 of 

Table 1) of the vehicle trajectory. The closest point to start tracking with the highest 

linear speeds being experienced before the First Stage Cutoff is around 168km within 

coverage area of the omnidirectional antenna. Tracking (using high gain antenna) starts 

with an approximate (worst case) speed of 4.831 km/sec and acceleration of 4.6g. The 

acceleration gradually drops down to 0.8g by the time the Second Stage Cutoff is reached 

with speeds reaching 8.022km/sec. (Table 1, second column.) at a distance of 4000 km 

(beyond the antenna coverage distance.) As the vehicle moves away from the tracking 

antenna system position, the look angle narrows, making the analysis more complicated, 

however, reducing the stresses on the antenna due to no high speed tracking and high 

acceleration needs. In this case, the antenna movement covers an acute angle rather than a 

90 degree or larger angle.   (Figure 4)  

8.0°

 

Figure 4 Antenna Tracking with the Vehicle at a Distance is Less 
Stressful on the Antenna 
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Therefore, the speed and acceleration demand from the antenna would be at the closest 

tracking area, but just outside the omnidirectional antenna coverage area (168 km 

distance) when the vehicle is entering the antenna’s coverage angle of 1.6 degrees for 

tracking, and 8 degrees for Command Destruct. The characteristics of the two antennas 

are outlined under paragraph 2.0 in the Appendix and in Figure 5 below. For verification, 

the link calculations are done (but not included here for brevity.) 

 

Figure 5 Output Power and Gain Characteristics of the Command 
Destruct (CD)System  to reach Command Destruct Receiver (CDR) 

 

Following the conclusion is the MathCAD analysis details and results of the calculations 

for antenna speeds and accelerations, S-band tracking and UHF Command Destruct 

capabilities. 

 

CONCLUSION 

 

The MathCAD spreadsheet can adapt to other vehicles by quickly changing the 

parameters when needed. The mathematical analysis showed the following results for the 

parameters used: 

 

At the closest point when the antenna is needed to be most agile, the antenna linear 

tracking speed at 168 km range was approximately 6 times faster than vehicle’s linear 

moving speed 4.831 km/sec on the 168 km arc. Even if the vehicle speed is increased at 

this point (at 168 km) to the Second Stage Cutoff  speed of  8.022 km/sec, the antenna’s 

linear speed was calculated to be approximately 3 times faster than the vehicle’s speed. 

This gives the user confidence that the antenna would be within the UHF command 

destruct system’s target angle.    
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ACRONYM LIST 

 

 

BIT Built-In Test 

CDS Command Destruct (Flight Termination) System 

dBi decibel in reference to an isotropic antenna gain 

dBm dB of power referenced to miliwatts 

dBW dBWatts 

Deg/sec Degrees/second 

Fig Figure 

ft/sec Foot per second 

G Gain 

G/T Gain over (Noise) Temperature (Figure of Merit) of antenna system 

GHz Giga Hertz 

Hz Hertz 

km  Kilometers  

km/sec Kilometers/second 

kW KiloWatt 

L Loss 

MathCAD A mathematical notation and solution program 

MHz Mega Herz 

MHz Mega Hertz 

mph Miles Per Hour 

NMI Nautical Miles 

REF Reference 

RF Radio Frequency  

SEC Second 

UHF Ultra High Frequency 

vs Versus 

 

Note: Many configuration parameter names were used and assigned to the values during 

MathCAD use. These acronyms are explained or given in a self-explained manner in the 

text of the MathCAD file. 

 

REFERENCES 

MathCAD Documentation. 
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APPENDIX 

 

1.0 MATHCAD FILE  CONTENTS  

Verify if antenna can keep up with the vehicle speed in flight: 

For the sample case, the speed of the vehicle is given as 4831 m/sec: 

AT 168 km distance ONE degree translates to an arc length of: 

Vehiclespeed 4.831 10
3


m

s


        
OneDegAt168 2 

168km

360


 

OneDegAt168 2.932 10
3

 m    One degree arc equivalent travel distance 

Note: Arc length and segment length can be approximated for small angles as this paper 

is applied to (1 or 4 degree arc at the perimeter of 168 km radius).  

For the vehicle to move 1 degree  

TimeToMove1Deg
OneDegAt168

Vehiclespeed


                   TimeToMove1Deg 0.607s  
 

For the vehicle to move 4 degrees (within the UHF coverage angle of the antenna):  

TimeToMove4Deg TimeToMove1Deg4  
 

For this vehicle to leave the 4 degree half beamwidth of the antenna it will take: 

TimeToMove4Deg 2.428s   
 

At 10degrees/sec angular speed antenna will take 0.4 sec to move 4 degrees: 

AntennaLead
TimeToMove4Deg

0.4sec


             AntennaLead 6.07    times. 

At 10 deg/sec angular speed, antenna is over six times faster (ahead of) the target at its 

most critical position to track. 

 

Conclusion: 

Antenna tracking can cover 10 degrees/second. Therefore it would take the antenna only 

0.1 sec to move 1 degree.  

Under normal flight conditions, the vehicle will stay in the antenna's tracking angle of .8 

degrees in S band and 4 degrees in the UHF band.  

Verify if antenna can keep up with the acceleration: 

Let us start at the point when the vehicle is at the edge of the omnidirectional antenna 

coverage point.  Antenna can accelerate in any direction at 15 degrees/sec2.  

The worst case is at this point of 168 km radial distance when the system switches to 

directional antenna coverage area. At this point, the vehicle acceleration is 4.6g (Vehicle 

parameters in Table-1): 

g 9.807
m

s
2



        VehicleAcc 4.6g                  

VehicleAcc 45.111
m

s
2
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At 168 km, in 1 sec, this translates to a speed change of: 

Speed1secChange VehicleAcc 1 sec                             
Speed1secChange 45.111

m

s


 
In TimeToMove1Deg seconds, as shown above, meaning during 1 degree of movement 

at 168 km distance:             TimeToMove1Deg 0.607s                  

vehicle speed will increase by:                 
VehicleAcc TimeToMove1Deg 27.381

m

s


 

Meaning during one degree movement the vehicle will change its linear speed to : 

Vehiclespeed VehicleAcc TimeToMove1Deg 4.858 10
3


m

s


 
Can Antenna match this or do better? :  AntennaSpeed 10    degrees per second. 

LinearSpeedAntAt168km AntennaSpeed 2.9      

10 deg/sec * 2.9 km/deg at 168 km         LinearSpeedAntAt168km 29  

km

sec  

 

This antenna's 29 km/sec linear speed at 168 km compared to 4.9 km/sec (approximate) 

linear speed of the vehicle at the 168 km radial distance point (worst case study point) 

will keep the antenna easily in step with the vehicle's linear movement (from speed 

perspective.) 

Considering the 4 degree tolerance we have from the boresight to the UHF half-

beamwidth, the vehicle will always be in the Command Destruct System coverage. 

 

At further distances, as the angular velocity shall be smaller, the required angular speed 

and linear speed to track the vehicle shall be less.  

 

Vehicle continues to fly for 4 degrees to reach the UHF antenna beam edge: 

Let us add acceleration during 4 degrees of movement to the vehicles speed. 

Vehicle will take  TimeToMove4Deg seconds to move 4 degrees (UHF antenna coverage 

angle.)   

At 168 km 4 degrees will take          TimeToMove4Deg 2.428s     to fly. 

VehicleAcc 45.111
m

s
2



     
Vehiclespeed 4.831 10

3


m

s


 
NewVehicleSpeed Vehiclespeed TimeToMove4DegVehicleAcc

NewVehicleSpeed 4.94 10
3


m

s


 
Vehicle will be at 4 deg. Starting from 0 speed at 15 deg / sec^2 antenna would need to 

gain a speed of: 
AntAcc 15   deg/sec^2      AntNewSpeed:= 0 + Ant.Acc* TimeToMove4Deg 

AntNewSpeed =: 36.42 deg/sec 

 

Antenna cannot reach this speed. Antenna's maximum angular speed is 10deg/sec. Will 

this be enough to catch up from a stationary position of the antenna? 

At speed of 10 degrees per second it will take antenna       
AntMaxSpeed 10

deg

sec


 

4 deg /10 deg * 2.428 sec = 0.971     seconds more to catch up with the vehicle. 



 

 

 

 10 

 

At this point vehicle will be :  4*0.971 /1.462 = 2.66 deg       4+2.66 = 6.66 degrees 

away from starting point.  (Vehicle took 2.428 seconds to move 4
0
, antenna took 0.971 

seconds.) 

Even if the antenna would not track, this 6.7-degree point is still within the 8 degree side 

lobe coverage of the antenna. Vehicle can be reached by the command destruct signal.  

If we check the levels calculated below, we can assume that the side lobes that are at 

approximately +/- 8 degrees, at the power levels of -20 dBc (off the boresight levels) 

would be enough to reach the vehicle. 

In reality antenna did not stop and will continue to move and track the vehicle to keep it 

within the 1.6 degree boresight angle (+/-0.8 degrees). 

It will take the antenna :    6.66 / 10 = 0.666 seconds 15 deg/sec^2 * .666 sec = 9.99 

deg/sec (antenna is capable of 10 deg / sec speed.)  

Approximately [0.67 seconds] to swing to the 4 degree point from 0 deg/sec starting 

point of acceleration. Vehicle can be reached by the signal out of the directional antenna 

(within +/-4 degrees) at this point.  

2.0 TYPICAL ANTENNA CHARACTERISTICS  

Flight Termination System antenna : 

Operating Frequency Bands: 400-450 MHz 

Power output: 1 to 2 kW 

Polarization: LHCP 

Gain: 0 dBi nominal 

Azimuth Beamwidth: Omnidirectional (+/- 3dB) 

Elevation Beamwidth:   > 120 degrees typical (3 dB) (+/- 60 deg) 

            > 180 degrees nominal (10 dB)  

A high gain tracking antenna: 

5.4 m Antenna Dish Summary Performance when used in S band (receive) and P band 

(transmit) 

Item               Receive             Transmit 

Band  S-band    UHF band 

Freq Range 2200-2400 MHz  400-450 MHz 

Antenna Gain 38 dBi min @ feed port 23 dB min at feed port 

Data Tracking 

G/T @5deg 17 dB K min   N/A 

Half Power BW  1.6 deg min    8 deg min 

Transmit Capability NA   32 dBW min 
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LOW NOISE AMPLIFIERS WITH HIGH DYNAMIC RANGE. 
 
 

Robert Ridgeway 
Sr. Principal R. F. Engineer 

Digi International 
 
 

Abstract 
 

This new transistor will make it possible to achieve signal to noise ratio improvements of 
up to 15 dB ( six times more link distance) for systems where the antenna looks sky ward.  Using 
this type of low noise pHEMT device for on the horizon links insures that the telemetry link will 
be limited only by the natural thermal radio back ground noise and not by the receivers noise.  
 
 

INTRODUCTION 
 
For the most extreme cases in telemetry one must lower the RF links receiver noise figure to 
extend the link range to its maximum.  The fundamental limit to such a link is the antenna noise 
temperature which depends on the temperature of objects in its radiation pattern.  For this Low 
Noise Amplifier (LNA) we will focus on sky looking systems. This LNA will be useful in 
receiving satellites, aircraft or balloon transponders. More uses might be in radio astronomy, and 
SETI arrays. Terrestrial antennae have a high noise floor due to the microwave black body 
radiation of the earth at 310 Kelvin, which often fills its entire radiation pattern. Such terrestrial 
systems will not be improved much by an LNA offering less than 1.5 or 2 dB noise figure (NF). 
Because the NF is so low (~0.15 dB) this LNA is best specified in degrees Kelvin noise 
temperature (10 Kelvin). The conversion equation for noise figure to LNA noise temperature:    
 
Equation  (1.) NT=290*(10^(NF/10)-1)  (eg. 0.15 dB NF= 10Kelvin) 
 
Where:  NF= the LNAs’ Noise Figure in dB   

NT=the LNAs’ equivalent Noise temperature in degrees Kelvin 
 
Just how low of a noise temperature is useful will be determined by the radiation pattern of the 
receive antenna. This will include any conductive ground sheet or shrouds used to shield any 
black body radiation from the earth. For sky looking systems it may also be desirable to design 
an antenna radiation pattern to avoid (<10 degrees) low elevation angles. Having a null in the 
antennas radiation pattern just below the horizon will eliminate most terrestrial man made 
interference sources.  RF noise from the absorption and radiation of a thick atmospheric column 
can be avoided if the first 10 or 20 degrees of elevation can be blocked out of the antennas 
radiation pattern. If one uses this LNA for systems looking below 20 degrees elevation then the 
maximum link range will be limited by the natural noise sources, and not by the receivers system 
noise temperature.  
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 The atmospheric noise is a function of temperature, frequency, pressure, and transparency.  At 
1.5 GHz this can be made worse by water or smoke in the air. These clouds can attenuate and 
radiate at their physical temperature. Usually this means that for a sky looking antenna, the worst 
case receiver antenna noise temperature can be as bad as 200 Kelvin, or as good as 2 Kelvin for a 
clear sky at zenith.   
 

 
 
Figure 1. Atmospheric noise as frequency and zenith angles (0,5,10,20,30,60, & 90 degrees) [2] 
 
 

A Non Cryogenic, 15 Kelvin NT , Low Noise Amplifier 
 
As indicated by Figure 1, when a receive antenna is pointed less than 20 degrees above the 
horizon, the atmosphere will limit how low the system noise floor is for a system using this  
pHEMT LNA with 10-15 Kelvin equivalent noise temperature.  I have settled on this level of 
amplifier noise level due to the fact that this amplifier does not require any cryogenic cooling. 
This provides exceptionally good receiver sensitivity without the high cost of cryogenic cooling. 
This system model does not include any band pass filter, or transmission line loss, and the 
antenna is assumed to be efficient. Even though the pHEMT is at 290 K, it has an equivenant 
noise temperature of only10 to 15 Kelvin due to the high conductivity of the pHEMT channel. If 
one did choose to cool this LNA to say 77 Kelvin using liquid Nitrogen, then the improved noise 
temperature would be around 3-5 Kelvin and it should require a new matching configuration. [1] 
This may not be worthwhile given that there are actually other losses and external noise sources 
(like side lobe pickup) that would still dominate the system antenna noise temperature.  
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Figure 2.a dB gain and S11    2.b NF dB and K>1 in band 
 
The gain is seen in the top curve of figure 2a and is plotted using the left hand axis. The lower 
curve shows the output return loss on the right hand axis. The dynamic range of the LNA is very 
high. However, adding an input band pass filter with low loss would yield even higher dynamic 
range due to the noise bandwidth limiting as well as stopping any out of band (jamming) 
saturation. A suspended strip line band pass filter was designed having <<0.1 dB loss, which 
may later be integrated into the input impedance or optimum noise matching circuit. Narrower 
band width LNA matching was tried but there was no improvement in noise temperature. This 
narrow match was not shown here in order to focus on an LNA useful for the wide band general 
case.  The criteria for choosing the bandwidth of the LNA matching was that it should offer the 
lowest possible noise temperature and stability. That is how I arrived at 1.2-1.7 GHz the low 
noise (<15K) bandwidth seen in figure 2b. The noise figure is the bottom curve which shows 
how at 1.3 GHz the noise figure dips to 0.15dBNF which is 10degrees Kelvin. At the same time 
the stability factor (K) is always above one. Limiting the band to say 1435-1540 MHz with a 
band pass filter would improve the dynamic range by > 4 dB. In any case, the stability factor is 
always K>1, meaning that connecting a filter to a port always yields no danger of oscillations. If 
one wishes to use a filter at the input, then the noise matching and stability factor should be 
carefully checked using noise and stability circles on the Smith chart. These functions were in 
the Ansoft Designer software. 
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Figure 3.a   Package used for pHEMT LNA    b.  LNA  schematic 
 
The amplifier design was first planned using Radio astronomy experience, intuition and Smith 
charts.  Later, the design was verified and improved using Ansoft Designer [3].  This LNA uses 
the FPD6836SOT343 pHEMT seen in figure 3a from RFMD [4].  It was essential not to allow 
any resistors being a part of the input match, as they are thermal microwave RF noise sources. 
This is also true for the pHEMT source lead inductor. This micro strip inductor, the input 
inductor, and the output inductor are constructed on 62 mil Rogers RT-5880, due to the 0.0009 
loss tangent. The input capacitor C1 (seen in figure 3b)  is an adjustable Sapphire dielectric 
trimmer. The only resistor in the microwave signal path is in the output where it is used to adjust 
the gain shape factor and control the stability factor K. Other PCB materials were tried but with 
these only 0.25 dB noise figure was achievable.  The noise temperature was measured using a 50 
Ohm SMA load at hot and cold temperatures.  The gain over the useful band varied from 17 dB 
to 16.7 dB.  The IOP3 was +30 dBm when biased at 3 Volts and 30 mA. The device may be 
damaged when the RF input is >12 dBm. 
 

 
Conclusion 

 
This work shows that one can now use new pHEMT devices in an LNA at room temperature and 
still obtain (~10 Kelvin NT) a very low equivalent noise temperature. Given the small amount of 
expected noise improvement at lower physical temperatures (77K), cryogenic cooling may not 
be worth the expense in many systems. If one uses this LNA for systems looking below 20 
degrees elevation then the maximum link range will be limited by the natural noise sources and 
not by the receiver system noise temperature. If one uses this LNA with a specially designed sky 
looking receive antenna, a quantum leap in receiver sensitivity can be had.  This can be as much 
as 10-15 dB improvement in signal to noise ratio over a terrestrial system.  
Future work will be in lower frequency bands using this device. The most recent design gives 
0.15 dB NF from 420-950 MHz with >17 dB gain.  Other bands of interest are around 2.4 GHz 
and 5.8 GHz and will use similar pHEMT devices as they evolve.  
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Nomenclature 
 

Antenna noise temperature (NT) :  An equivalent temperature in degrees Kelvin which would 
give the same amount of noise power to the input of an amplifier if a matched input termination 
was at that physical temperature. The main contribution is due to the side lobe pick up of the 
earth at ~310 Kelvin. 
 
LNA noise temperature :  An equivalent temperature in degrees Kelvin which would give the 
same amount of noise power to the input of an amplifier as if it had a matched input termination 
at a physical temperature also in degrees Kelvin. 
 
Equation  (2.)     PRL = kTsBn  

in Watts, where: 

• k = Boltzmann Constant (  Joules/Kelvin)  
• Ts = noise temperature (K)  
• Bn = noise bandwidth (Hz)  

 
Radiation pattern :  the directional (angular) dependence of radiation from the antenna or 
another  RF source. 
 
Microwave black body radiation :  an object  re-radiates noise energy in the radio spectrum 
which is characteristic of its physical temperature. 
 
Noise figure (NF) :  The noise figure is the ratio of the output noise power of a device to the 
portion thereof attributable to thermal noise in the input termination at standard noise 
temperature T0 (usually 290 K). 
 
Suspended strip line :  the effective dielectric constant "mostly air" will be close to 1. 
 

Stability factor (K) :   K-factor that is greater than one indicates that an amplifier is 
unconditionally stable. If K is less than 1, the LNA may have a problem. The equation for K-
factor is; 

Equation  (3.)             

http://products.rfmd.com/renderer.jsp?objectName=FPD6836SOT343&partFamily=Amplifiers
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pHEMT :  a depletion mode pseudomorphic High Electron Mobility Transistor  
 
 

Appendix: Circuit elements file 
 
      var 
      w1#30 30.03807 300 
      w2#30 161.65363 200 
      ckt 
        msub er=2.28 h=62 t=0.7 rho=0 rgh=0 
       TAND TAND=.0009 
        mlin    2 4     w^w1 L#10 1.081e+03 2000 
        SRLC    4 5     R=.1 L=.05 C\0.38837 ! Sapphire trimmer 
        mtee    5 7 8  w1^w1 w2^w1 w3=10 
        SRLC    8 0     R=.1 L=18 C=56 
        def2p  2 7    NaIN 
        mlin    9 10    w#10 43.29545 44 L#0 1.474e+03 2700 
        def2p   9 10   Naser 
        s2pa    2 3 0   WSMB 
        def2p   2 3     NA2P 
        mlin   1 2     w^w2 L# 0 970.94562 1500 
        mtee    2 3 8  w1^w2 w2^w2 w3=10 
        SRLC    8 0     R=.1 L=47 C=1.836e+03 
        pRC    3 4     R\57.20404 C\2.33882 
        mlin    4 5    w^w2 L#0 951.02887 2000 
        SRLC    5 6     R=.1 L=.1 C=220 
        mlin    6 7   w^w2 L^w2 
        def2p  1 7    NBIN 
        NAIN    1 2 
        NA2P    2 3 9 
        Naser   9 0 
        NBIN   3 4 
         def2p   1 4  LNA 
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CHANNELS 

 

Daniel K. Kamirah 

Advisor: Dr. Richard Dean 
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ABSTRACT 

This paper provides an introduction to the Orthogonal Frequency Division Multiplexing 
(OFDM) scheme which has been proposed for future aeronautical telemetry applications. OFDM 
offers the potential for high data rates on radio channels with multipath such as aeronautical 
telemetry channels. This paper provides in introduction to OFDM and demonstrates how 
orthogonality is maintained over multipath channels by the introduction of a guard band and by 
the inclusion of a cyclic prefix. The simulation of OFDM in multipath is simulated and 
performance results are presented that show the degradation of this scheme on a multipath 
channel with and without the guard band and the cyclic prefix. 

Key Words: OFDM, Multipath, Inter-Symbol Interference, Inter-Channel Interference, 
Aeronautical Channel, Orthogonal 

 

 

INTRODUCTION 

 

Frequency Division Multiplexing (FDM) is a discrete multi-tone data transmission scheme 
where the data is spread over multiple sub-frequencies within a frequency band. OFDM therefore 
increases the rate of transmission of the medium by a factor equal to the number of the 
subchannels. Its spectral efficiency, robustness against Inter-Symbol-Interference and fading are 
just some of the properties that make OFDM an ideal choice for the physical layer of the 
proposed iNET enhanced network architecture. This proposed network will succeed IRIG 106 
standard and will support bi-directional communication between test articles and the ground 
station while offering remarkable quality of service (QoS) amongst other advantages. This 
technology is applicable in both wireless networks and physical media.  
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FREQUENCY DIVISION 

 

Frequency Division in OFDM scheme means that the transmission line or channel is divided 
into multiple subchannels, which are non-overlapping, and therefore cannot interfere with each 
other. As a result, they can be individually assigned symbols (groups of data bits) intended to be 
relayed through the channel. Multiplexing, on the other hand is the process of combining the 
subchannels and sending them though the same medium simultaneously. In order to ensure that 
the subchannels, also known as subcarriers, do not interfere destructively with each other during 
data relay, they have to be orthogonal to each other. In the case of a wireless network, for 
instance, the carrier signal is an electromagnetic wave, which is split into constituent sine waves. 
These constituent waves are infinitely many, each differing from each other by its polar 
orientation or spacing. As a result, these different polar orientations (spacing) cause some degree 
of interference between the waves. This interference, also referred to as Inter-Channel-
Interference (ICI) occurs when the waves are not orthogonal. After this channel subdivision, 
orthogonal waves, which are also parallel to each other, are carefully isolated and used as data 
carriers or subchannels. This allows for an enormous amount of data symbols to be transmitted 
over the channel. This technique also prevents the receiver (with a demodulator) from seeing 
signals that are different from the intended subcarriers. A typical structure of two orthogonal 
subcarriers looks similar to the figure 1 below:- 

 

Orthogonal sine waves

 

Figure 1: Orthogonal Sine waves. The waves are spaced 90 degrees apart 

so that their trigonometric properties are completely distinct. 

 

OFDM offers a set of advantages that have made it desirable to some of the largest 
telecommunication and ISP companies like Qualcomm (Flarion Technologies), Lospan Wireless 
(MIMO-OFDM), Cisco Systems (Vector-OFDM) and Lucent/Bell Labs (flash-OFDM). Each of 
these companies utilize from a variety, some of the communications protocols including 
Bluetooth (for PDAs, laptops and cell phones) and cellular like CDMA, TDMA and GSM. 
Among the most significant advantages of OFDM is its spectral efficiency. Large amounts of 
data symbols are transmitted simultaneously over one transmission medium which arise from the 
channel subdivision. This is achieved by applying a modulation scheme that can fit as much data 
into the sub-channels as possible, maximizing power efficiency, spectrum efficiency and data 
rate.  
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In the initial stage of the transmission, Phase Shift Key (PSK) modulation scheme is preferably 
used in modulating binary data bits into symbols, which are then inserted into the sub-channels. 
For instance, one symbol may contain four data bits, which are treated the same a one data bit. 
Phase shifting is preferred especially because it is more energy efficient compared to amplitude 
shifting or frequency shifting. The PSK scheme takes a discrete number of wave phases; each 
representing a unique sequence of bits and sends them over the link as though they were a single 
unit of data. There are several sub-schemes including Binary Phase Shift Key (BPSK) scheme 
which uses two phases to encode data bits into symbols and Quadrature Phase Shift Key 
(QPSK) scheme which takes four phases at a time. An increased efficiency is achieved when 
QPSK scheme is applied. It encodes two bits per symbol, which is twice that achieved in using 
BPSK. In essence, it uses a four phases that are perpendicular to each other and encodes the bits 
into the phases at equidistant points. The constellation diagram shown in Fig. 2 below can be 
assumed to be a transverse section of the channel in which QPSK scheme is used. It represents 
the PSK symbols in a complex plane. This can be expanded with Quadrature Amplitude 
Modulation (QAM) which can provide as much as 10 bits per symbol. However, a high error rate 
will be recorded at the receiver due to the Inter-Symbol and Inter-Channel interferences that 
occur as a result of multipath. 

 

QUADRATURE PHASE SHIFT KEY

1

1

0

0

0

1

1

0

Constellation Diagram with Grey coding.

Each of the four perpendicular phases is coded with two bits at 

equidistant points. 

 

Figure 2: Constellation diagram with Grey's coding. 

 

 

MULTIPATH 

 

This is a term used to describe the various paths that the signal takes to travel from the 
transmitter to the receiver. A radio frequency traveling from the sending antenna towards the 
receiver in the form of a radial wave spreads out radially around that sending antenna. The 
further away it travels from this antenna, the wider it disperses. It thus encounters obstacles 
along its path that cause interferences such as reflection, refraction, and diffraction. These 
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interferences subject the signal to be distorted. Obstacles in this case can include buildings, hills, 
vegetation, rugged terrains, layers of the ionosphere and even water masses. Since these 
obstacles are placed at different distances along the path of the signal and also have infinite 
variations in form, they cause infinitely many reflected images of the original wave form. More 
so, they cause different amounts of delay on each of the reflected wave fronts, causing them to 
arrive at the receiver at different times as illustrated in figure 3 below:- 

receiver
transmitter

mountain

buildings

i

iii 

ii 

v 

iv 

Path (i) illustrates the signal travelling along the line of sight while ii, iii, iv and v 

represent reflected paths.  

Figure 3: Multipath. 

From this illustration, we see that the signal can travel in a straight line between the two 
antennae, but only when there is no obstacle in between. This line is referred to as the line of 

sight. A signal that arrives at the receiver along this line is normally the strongest, and 
consequently gives the biggest impulse response at the receiver. All other duplicates of the same 
signal that follow alternative paths due to reflection are weaker. The delay that a reflected signal 
encounters differs according to the total length of the path that it follows. It may be reflected 
once or a number of times depending on the nature of the path it takes. In fact, more obstacles 
cause more delay. 

  

 

INTER-SYMBOL INTERFERENCE (ISI) 

 

Inter-Symbol Interference (ISI) is another effect that arises from multipath. ISI is a destructive 
interference whereby a reflected ghost image affects the direct line of sight signal at the receiver. 
Ghost images of the original signal arrive at the receiver with variable delays, therefore 
distorting the line-of-sight signal. They add up on the amplitude of the line-of-sight signal and 
change its form causing disarrangement of data symbols. Consequently, the demodulator records 
errors. Figure 4 below is a simplified illustration showing how delayed signals interfere with the 
line-of-sight signal. 
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iiii ii

i – Represents the signal travelling along a reflected path.

ii – Represents the signal travelling along the line of sight.

iii – Represents the resultant signal as it arrives at the receiver.

 

Figure 4: Effect of reflection and delay on a symbol stream. 

 

Bleeding also occurs at this time. This is the interference of a ghost image of an initially sent 
symbol stream onto a later sent stream. To demonstrate bleeding, a series of rectangular blocks 
representing symbol streams are used in figure 5 below.  

 

 

Figure 5: Bleeding effect causing inter-symbol interference 

 

From the diagram, it is clear that the symbol stream at the receiver is not the same as it was 
transmitted. The receiver sees symbols that have been bled into and distorted. In order to avoid 
this distortion, a space is created between every two serially arranged symbol streams. This 
empty space is called the guard band.  
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INTER-CHANNEL INTERFERENCE (ICI) 

 

Inter-Channel Interference is another problem that occurs in the OFDM transmission. This 
results from lack of orthogonality of the subcarriers. Carrier frequencies can sometimes lose their 
orthogonality during time-frequency conversions of the data symbols. In order to convert the 
binary-coded symbols from time domain to frequency domain, the inverse Fast Fourier 

Transform (iFFT) conversion scheme is used. This scheme is preferred especially due to its 
simplicity and high efficiency. Using iFFT, each subcarrier is modulated with a rectangular 
pulse. However, the frequency response of the channel naturally attenuates some frequencies 
more than others, causing them to lose orthogonality. At such a time, the attenuated subcarriers 
no longer possess completely distinct trigonometric properties relative to their phase and position 
at every point because their sine functions have been changed by some different amounts. More 
so, the inner product of their sinusoids (basic vectors) is no longer zero and hence not 
orthogonal. This non-orthogonality allows the subcarriers some degree of similarity, and thus 
they ‘interact’ with each other exchanging energy. This interaction prevents the unique recovery 
of the correct spectral coefficients of the sinusoids when a direct Fourier Transform (FFT) is 
performed at the demodulator. This interference can be corrected by padding the data symbols. 

ISI causes a high error rate as shown in figure 6 below. The graph compares the Energy per bit 

to Noise Power spectral density ratio (Eb/No) - which is simply a normalized measure of the 
Signal to Noise Ratio (SNR), to the Error Ratio (ER) 

 

 

Figure 6: performance of a link experiencing multipath. 
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This graph shows an error rate of 10-2 at best, which means that one in a hundred symbols will 
contain errors. This is a very poor performance compared to the theoretical performance that 
would be achieved in an ideal path with no effect of multipath. It would have a reduced error rate 
to nearly 10-5 before any equalization is required. This severity of error requires corrective 
action. The first measure, therefore, is the creation of guard bands or guard intervals. 

 

 

GUARD BANDS (GUARD INTERVALS) 

 

First, guard intervals or guard bands are created. These, as mentioned earlier, are empty spaces 
between two adjacent, serially arranged symbol streams. The guard band serves as a delay 
between the two symbol streams so that the delayed images of an initially sent stream will land 
within the guard interval at the receiver. The size of the guard band is selected so that all the 
bleeding occurs within the band. A short guard band would fail to correct the interference 
because bleeding would occur beyond the length of the band and interfere with other arriving 
streams. On the other hand, an unnecessarily long guard band would cause inefficiencies in the 
transmission. 

 

 

Figure 7: Bleeding effect. 

On introducing guard bands of the right size, bleeding occurs only inside the bands. The 
destructive effect therefore does not affect the incoming data streams.  

Figure 8: Bleeding within the guard bands (Guard intervals). 

Clearly, guard intervals reduce Inter-Symbol Interference significantly. In fact, the error rate in a 
link with guard bands used reduces to up to less than 10-3 at an SNR of 40dB as seen in figure 
12a below.  
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Although this improvement appears quite good, there is still a big difference between this 
performance and the ideal-path performance which is the ultimate target. Therefore, the link 
requires further modification. Equalization at this point would be quite effective, but also quite 
expensive. A more appropriate technique that requires less energy and at the same time improves 
the channel’s performance is used. The most efficient corrective method is cyclic prefixing. 

 

 

CYCLIC PREFIXING 

 

This is simply the duplication of some rear segment of a stream of data symbols and appending 
the duplicate segment at the front end of the same stream. The prefix is inserted to completely 
occupy the guard band, therefore linking two symbol streams. Prefixing is done before the data 
streams are converted from parallel to serial arrangement. 

 

Figure 9: Cyclic prefix correcting inter-symbol interference. 

 

In figure 11 the smaller, bold rectangles represent cyclic prefixes that have been bled into, while 
the longer rectangles represent the uninterrupted information as it arrives at the receiver. The 
demodulator at the receiver then discards the cyclic prefixes, making it possible to recover the 
undistorted information, which is then rearranged back to a parallel series and decoded. It is 
important to remember that cyclic prefixes are redundant data being sent across the link, and will 
not be needed after the information has been demodulated. A cyclic prefix of the right size is the 
most effective, as well as efficient. A performance curve of a link in which cyclic prefixing has 
been done yields the performance shown in figure 10b below. 
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 Figure 10a      Figure 10b

Figure 10a illustrates OFDM performance with guard bands while 10b illustrates the 

improvement after cyclic prefixing.

At best, this graph indicates a performance of error rate less than 10-4 at an SNR of under only 25 
decibels. This is a quite attractive performance, considering that the link suffers a moderately 
severe effect of multipath, and no equalization has been applied so far. This achievement 
demonstrates the significant difference between a link with cyclic prefixing, another with guard 
bands only and one without any corrective measures. These differences can be seen in the 
composite figure 13 below:- 
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Figure 11: Composite plots showing the performance of the same link at every step of 

improvement. 

Cyclic Prefixing achieves almost the same error rate as the ideal curve, except that the 
transmitting energy per bit (Eb/No) for cyclic prefix is about 25dB while that the ideal path is 
about 12dB. This however is a significant achievement, and makes it reasonable to introduce 
equalization techniques at this stage. 

 

 

CONCLUSION 

This paper has demonstrated the performance advantages of OFDM. It shows that OFDM is 
severely degraded by the introduction of multipath channels due to inter-symbol and inter-
channel interference. These effects can be reduced by the introduction of a guard band between 
data symbols and by the inclusion of a cyclic prefix. By doing so, the error performance can be 
reduced from 10-2 to 10-4, two orders of magnitude. Further improvements in performance will 
require channel equalization. 
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ABSTRACT

In this paper we present a system-level description of a demodulator for shaped offset quadrature
phase shift keying, telemetry group version (SOQPSK-TG) for use in forward error correction (FEC) ap-
plications. We describe the system in block-diagram form and provide implementation details for data se-
quence detection, symbol timing synchronization, carrier phase synchronization, and block recovery. This
decision-directed demodulator is based on maximum likelihood principles, and is efficiently implemented
by the soft output Viterbi algorithm (SOVA). We also provide results of the demodulator’s performance in
the additive white Gaussian noise channel, based on the observed bit error rate at different signal-to-noise
ratio levels.

INTRODUCTION

The telecommunications and information industry has been experiencing a migration to forward error
correction (FEC) systems in recent years. FEC applications, like low-density parity-check (LDPC) and
turbo codes, allow the demodulator to detect and correct errors (up to some limit) without the need and,
more importantly, the cost of data retransmissions. The introduction of FEC codes is a clear advantage.
However, migration to this better technology also represents a challenge because existing demodulators
must be enhanced to work with FEC systems.

In this paper, we present a demodulator for shaped offset quadrature phase shift keying, telemetry
group version (SOQPSK-TG) for use in FEC applications. SOQPSK is categorized as a highly bandwidth
efficient continuous phase modulation (CPM) scheme, which can be demodulated using a CPM-based
detector. The proposed decision-directed detector uses maximum likelihood principles, implemented by
the soft output Viterbi algorithm (SOVA), to estimate the unknown quantities of information sequence,
symbol timing and carrier phase. This detector is attractive for its low complexity and strong performance,
and is based on the work presented in [1].

Unlike previously published works, in this paper we describe how a number of separately published
technologies can be assembled into a fully synchronized demodulator. The main contributions of this
paper are to discuss the implementation details of data sequence detection via the SOVA, symbol timing
synchronization, carrier phase synchronization, and block recovery. Also, the demodulator’s performance
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is evaluated based on the measured bit error rate (BER) at different signal-to-noise ratio (SNR) levels. This
study should be considered as a simulation of the final model that yet needs to be integrated, developed
and tested in hardware.

In the following, the decision-directed maximum likelihood detector implementation is described. The
sections of sequence detection, symbol timing synchronization, carrier phase synchronization and block
recovery are explained in detail. Finally, the simulation results are summarized and conclusions are pre-
sented.

THE DECISION-DIRECTED MAXIMUM LIKELIHOOD DETECTOR

SOQPSK can be considered as a highly bandwidth efficient form of CPM with unique characteristics
that represent considerable advantages at the transmitter side [2]. The transmitted SOQPSK signal, which
is described in detail in, e.g. [1], has the following form

s(t; α) =

√
Es

Ts

ejψ(t;α)

where Es is the symbol energy, Ts is the symbol duration and ψ(t; α) is the phase of the signal.
We now consider a signaling waveform sent through additive white Gaussian noise, the AWGN chan-

nel. The received signal can be expressed as

r(t) =

√
Es

Ts

ejψ(t−τ ;α)ejφ + w(t) (1)

where w(t) is a zero-mean complex-valued AWGN process with one-sided power spectral density N0.
This representation shows that the data symbols α, symbol timing τ , and carrier phase φ, are unknown to
the demodulator and must be recovered. The data symbols α are demodulated by applying maximum like-
lihood sequence detection (MLSD), which is efficiently implemented via the soft output Viterbi algorithm
(SOVA). The soft output provided by the SOVA is required to drive the LDPC decoder. On the other hand,
symbol timing synchronization and carrier phase recovery are achieved via a timing error detector (TED)
and a phase error detector (PED), respectively, both based on maximum likelihood (ML) principles. The
sections of sequence detection and timing recovery presented below are based on the decision-directed
maximum likelihood timing error detector (DD-MLTED) described in [1]. In what follows, we refer to
the estimated and hypothesized values of a generic quantity a as â and ã respectively. Also, â and ã can
assume the same value of a itself.

A. Maximum Likelihood Sequence Detection

CPM signals are optimally demodulated by applying MLSD [2, Ch. 7]. SOQPSK is categorized as one
form of CPM; therefore, this method can be employed to recover the data symbols α (and consequently,
the information sequence u).

The ML detector first assumes that the carrier phase φ and the symbol timing τ are known [1]. It was
shown in [3] that the likelihood function for (1), given a hypothetical information sequence ũ over the
interval 0 ≤ t ≤ L0T is

Λ(r|ũ) = exp

{
1

N0

√
Es

Ts

L0−1∑

k=0

Re
{

e−jφZk(c̃k, α̃k, τ)e−jθ̃k

}}
(2)
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where Zk(·) are the matched filter (MF) outputs. The variables c̃k, α̃k and θ̃k correspond to hypothetical
values obtained from ũ, which are used within the SOVA.

The TG version of SOQPSK is a waveform with partial response (L > 1). An optimal detector for this
modulation type requires 512 phase states and MF outputs [1], which is highly complex. A near-optimum
approximation called pulse truncation (PT) is applied in, e.g. [4, 5], which allows (2) to be implemented
with only the outputs of three MFs (instead of 512) with a loss in performance of 0.2 dB [3].

The SOVA finds the data symbols sequence α̃ that maximizes (2) and outputs the estimated sequence
α̂. Implementation details of the SOVA are given in, e.g. [6], [7].

B. Maximum Likelihood Timing Synchronization

Timing synchronization ensures that sampling of the received signal is executed at the correct instance.
In general, a clock signal is not transmitted for the purpose of timing synchronization because of spectrum
constraints. Therefore, the clock must be recovered from the noisy received waveforms that carry the
data [8].

In order to recover the symbol timing τ , the ML detector assumes that the data symbols sequence α and
the carrier phase φ are known. It was shown in [9] that the likelihood function for (1), given a hypothetical
timing value τ̃ over the interval 0 ≤ t ≤ L0T is

Λ(r|τ̃) = exp

{
1

N0

√
Es

Ts

L0−1∑

k=0

Re
{
e−jφZk(ck, αk, τ̃)e−jθk

}
}

. (3)

The ML estimate τ̃ is the value of τ that maximizes the logarithm of (3), the log-likelihood function.
In order to find τ̃ , we first need to take the partial derivative of the log-likelihood function.

∂

∂τ̃
log(Λ(r|τ̃)) =

L0−1∑

k=0

Re
{
e−jφY k(ck, αk, τ̃)e−jθk

}
(4)

where Y k is the partial derivative of the MF bank outputs Zk with respect to τ̃ . The ML estimate τ̃ is the
value of τ that forces (4) to zero.

Previously, it was assumed that α and φ were known to the demodulator. However, the actual data
sequence and carrier phase are yet unknown. Therefore, two close approximations are used to substitute
these values. α is replaced by the estimated decisions α̂ within the SOVA, and φ, by the most recent phase
estimate from the PED. Due to these assumptions, τ̃ is said to be computed in an iterative and adaptive
way.

The output of the TED is a timing error signal, which is a function of the MF outputs and the estimated
data symbols α̂. The timing error signal is defined as [9]

eτ [k −D] , Re
{

e−jφ̂[k−D]Y k−D(ĉk−D, α̂k−D, τ̂ [k −D])e−jθ̂k−D

}
(5)

where D represents how far we traced back along the SOVA trellis to obtain the tentative decisions for
computing the error. The vectors ĉk−D, α̂k−D, and θ̂k−D are taken from the path history of the best survivor
in the SOVA. This timing error signal is then fed to a PLL that produces the next estimate of the symbol
timing τ̃ [k −D].
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Figure 1: Discrete-time implementation of a decision-directed phase and timing recovery system for SOQPSK.

A discrete-time implementation of the DD-MLTED is shown in block diagram form in the bottom of
Figure 1. An interpolator is used to sample the discrete-time received signal r[n] based on the most recent
timing estimate τ̃ [k−D]. In addition, a late and early samples are also taken. The difference between the
late and early samples is used to approximate the derivative Y k as described in, e.g. [9]. All three samples
are fed to the MF bank, whose output Zk is used to calculate and update the branch metrics within the
SOVA. Then, the TED provides a timing error signal, eτ [k−D], which is used by the PLL to generate the
next timing estimate τ̃ [k −D].

C. Maximum Likelihood Phase Synchronization

Phase synchronization is the process of forcing the local oscillators in the detector to be in both phase
and frequency with the carrier oscillators [8]. The implementation of the phase error detector (PED) is
similar to that of the TED. First, the detector temporarily assumes that the symbol timing τ and the data
symbols sequence α are known. The likelihood function for (1) given a hypothetical phase value φ̃ over
the interval 0 ≤ t ≤ L0T is

Λ(r|φ̃) = exp

{
1

N0

√
Es

Ts

L0−1∑

k=0

Re
{

e−jφ̃Zk(ck, αk, τ)e−jθk

}}
. (6)

The ML estimate φ̃ is the value of φ that maximizes the logarithm of (6), the log-likelihood function.
In order to find φ̃, we first need to take the partial derivative of the log-likelihood function.

∂

∂φ̃
log(Λ(r|φ̃)) =

L0−1∑

k=0

Im
{−je−jφZk(ck, αk, τ)e−jθk

}
(7)

where the ML estimate φ̃ is the value of φ that forces (7) to zero.
Contrary to timing synchronization, in this case, the imaginary part of the MF outputs is forced to zero.

This is because of the multiplication of the −j term, which results from the derivative of e−jφ, with the
real and imaginary arguments of Zk.
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Previously, the detector assumed that α and τ were known to the demodulator. However, the actual
data sequence and symbol timing are yet unknown. Therefore, two approximations are used one more
time. α is replaced by the estimated decisions α̂ within the SOVA, and τ , by the most recent symbol
timing estimate. Using the supposedly time-synchronized tentative decisions within the SOVA, the PED
generates the following phase error signal

eφ[k −D] , Im
{
−je−jφ̂[k−D]Zk−D(ĉk−D, α̂k−D, τ̂ [k −D])e−jθ̂k−D

}
(8)

which is then fed to a PLL that produces the next estimate of the carrier phase φ̃[k −D].
The top of Figure 1 shows a discrete-time implementation of the decision-directed ML phase error

detector (DD-MLPED). The interpolator samples the received signal r[n] based on the most recent timing
estimate τ̃ [k −D]. The time-synchronized samples are then rotated by the output of the VCO to remove
any residual phase error. All three time and phase synchronized samples are fed to the bank of MFs, whose
output Zk is used to calculate and update the branch metrics within the SOVA. Then, the PED outputs a
phase error signal, eφ[k−D], which is used by the PLL to generate the next carrier phase estimate φ̃[k−D].

D. Block Synchronization

Block synchronization is an operation that achieves two purposes. The first one is to determine the
beginning of a block in the received data stream. And the second, is to resolve the phase ambiguity that
can occur after the carrier phase is locked. Block synchronization is achieved in part by inserting a pattern
of known symbols (or “attached synch marker” - ASM) at the front of the data symbols. Considering this
factor, the structure of each block or frame consists of some junk bits at the front, then the ASM followed
by the codeword, and finally some more junk bits at the end.

Similarly to QPSK modulation, SOQPSK exhibits a 90◦ phase ambiguity. In other words, the PED
PLL can lock in four different ways with the carrier: it can lock in phase with the carrier, 90◦ out of phase
with the carrier, 180◦ out of phase with the carrier, or 270◦ out of phase with the carrier [8]. After carrier
phase lock, the detector searches for the four possible ASM rotations using a correlation operation, and
corrects phase ambiguity by inverting the appropriate bits according to the detected ASM rotation.

SIMULATION

The proposed decision-directed ML detector was simulated and tested in software via the Matlab
application. The purpose of this simulation was to evaluate the demodulator’s performance based on the
observed BER at different SNR levels. We set the SNR test interval from 1.0 dB to 2.3 dB, and simulated
each data point until a minimum of 1000 bit errors were obtained. Timing synchronization employs a
first order PLL with a user-specified loop bandwidth of 1/1024. Similarly, phase synchronization relies
on a first order PLL with the same loop bandwidth value. After the time and phase-synchronized blocks
are extracted from the received data stream, the LDPC decoder is allowed a maximum of 200 iterations to
detect and correct any errors in the decoded information sequence. The demodulator’s performance results
are shown in Figure 2.
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Figure 2: Performance results of SOQPSK-TG demodulator with LDPC decoding scheme

CONCLUSIONS

In this paper, we have described how a number of separately published technologies can be assembled
into a fully synchronized demodulator for SOQPSK compatible with FEC applications. We discussed
the implementation details of data sequence detection via the SOVA, symbol timing synchronization and
carrier phase synchronization based on ML principles, and block recovery by means of an ASM. Then,
we simulated the demodulator in Matlab and provided performance results in the AWGN channel. With a
loop bandwidth of 1/1024, the demodulator’s performance is essentially optimal. A larger loop bandwidth
value should produce results closer to the perfect timing case. We have verified this with reasonably large
values of the loop bandwidth, and it was seen that the detector provides accurate results. Because of scope
limitations, these curves are not shown here. As a final remark, the presented timing and phase recovery
schemes are compatible with recently introduced optimal CPM-based detectors for SOQPSK, which opens
the possibility for potential use in a wide range of applications in the telemetry industry.
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ABSTRACT 

 

Orthogonal frequency division multiplexing (OFDM) is a new technique for data transmission. 

Conforming to the final draft of OFDM-based DVB-T (ETSI EN 300 744 V1.6.1), which is 

intended for digital terrestrial television broadcasting, a DVB-T baseband system is designed. 

The system performance is simulated in MATLAB using Simulink. Then it is implemented on 

Field Programmable Gate Array (FPGA) with the help of System Generator software. The result 

shows that OFDM is robust against multipath effect and convenient for implementation as well, 

thus owning a quite promising future. 

 

KEY WORDS: OFDM, DVB-T, FPGA 

 

 

I. INTRODUCTION 

 

Wireless channels are inherently noisy. Due to frequency selective fading in frequency domain 

and multipath delay spread in time domain, to meet the demand for higher-speed data 

transmission, traditional single carrier modulation can no longer be sufficient. Orthogonal 

frequency division multiplexing (OFDM) splits a single wide-band carrier into a large number of 

orthogonal narrow-band subcarriers in parallel, which results in high tolerance toward multipath 

effect. OFDM has already been adopted in several technical standards, e.g., Asymmetrical Digital 

Subscriber Loop (ADSL), Digital Audio Broadcasting (DAB), Digital Video Broadcasting (DVB) 

and IEEE 802.11 standards for wireless local area network (WLAN). 
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DVB is a suite of open technical standards for digital television, developed by the DVB Project 

[1]. Digital Video Broadcasting for terrestrial networks (DVB-T) is intended for digital terrestrial 

television (DTT) broadcasting and based on OFDM. DVB-T standardizes framing structure, 

channel coding and modulation [2]. Compared with other standards for DTT broadcasting, e.g., 

Advanced Television Systems Committee (ATSC) and Integrated Services Digital 

Broadcasting-Terrestrial (ISDB-T), DVB-T is the most widely adopted and deployed in the world, 

and has developed into the more advanced second generation system for terrestrial broadcasting 

(DVB-T2) [3]. 

 

As DVB-T is a typical OFDM system, after exploring fundamental principles concerning 

modulation process of OFDM, according to the final draft of DVB-T (ETSI EN 300 744 V1.6.1) 

[4], a baseband system is designed. The system is simulated in MATLAB using Simulink and 

implemented on Xilinx Spartan 3 Field Programmable Gate Array (FPGA) xc3s2000-5fg456 

using System Generator software. 

 

 

II. OFDM OVERVIEW 

 

A. Principles of OFDM 

 

The core of OFDM is to use many orthogonal narrow-band low-rate subcarriers for data 

transmission. In theory, OFDM maximizes the utilization of spectrum, attributed to the overlap 

between different subcarriers in frequency domain. 

 

The modulation of OFDM is equivalent to inverse discrete Fourier transform (IDFT). 

s n = s nT =
1

 N
 S k ej

2πkn

NN−1
k=0 (0 ≤ n ≤ N− 1)                                 (1) 

 

While the demodulation of OFDM can be seen as discrete Fourier transform (DFT). 

S k =
1

 N
 s n e−j

2πkn

NN−1
n=0 (0 ≤ k ≤ N− 1)                                       (2) 

 

As IDFT and DFT can be realized using the existing time-efficient IFFT and FFT algorithm, the 

complexity of OFDM is greatly reduced. 

 

During data transmission multipath effect will bring about ISI. To reduce the impact of it, certain 

length of cyclic prefix is inserted in front of every frame. As long as the length of cyclic prefix 

exceeds maximum of multipath delay spread, ISI can be avoided. And if different subcarriers 

keep orthogonal to each other, ICI can be eliminated as well. 

 



3 
 

The transmitter of a typical OFDM baseband system is made up of channel coding, 

serial-to-parallel conversion, signal modulation, IFFT, parallel-to-serial conversion, adding cyclic 

prefix and D/A conversion (DAC). While in receiver the opposite operation is conducted, i.e., 

A/D conversion, removing cyclic prefix, serial-to-parallel conversion, FFT, signal demodulation, 

parallel-to-serial conversion and channel decoding. 
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Figure 1. Typical OFDM baseband system 

 

B. OFDM vs. Conventional FDM and CDMA 

 

Compared with conventional frequency division multiplexing (FDM), as different subcarriers 

maintain orthogonal and overlapped, and no guard interval is needed in frequency domain, the 

spectrum utilization of OFDM is much more efficient. On the other hand, while OFDM 

modulation and demodulation can be realized using IFFT and FFT algorithm, for conventional 

FDM, a corresponding band-pass filter (BPF) is required for each frequency range, adding to the 

overall complexity. 

 

Code division multiplexing access (CDMA) is the core technique of the present third generation 

telecommunication for mobile networking. Some research has already shown that OFDM 

performs better than CDMA in most conditions [5] [6]. 

 

 

III. DVB-T BASEBAND SYSTEM 

 

A. DVB-T Standard 

 

DVB-T is a DVB standard for digital terrestrial television (DTT) broadcasting, concerning the 

physical layer and data link layer of the distribution system. The core technique of DVB-T is 

OFDM, which presents high tolerance toward multipath effect. As during transmission the signal 

suffers from noise and multipath effect [8], DVB-T system adopts outer coding, outer 

interleaving, inner coding and inner interleaving to compensate for that. 

 

According to the final draft of DVB-T (ETSI EN 300 744 V1.6.1) [4], there are two available 

transmission modes for DVB-T, hierarchical mode and non-hierarchical mode. The former allows 
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two different transport streams delivered simultaneously, while for the latter only a single stream 

is permitted. After MUX adaptation and energy dispersal, the transport stream goes through 

concatenated Reed Solomon (RS) coding, i.e., RS(204,188). The RS coding can correct up to 8 

random erroneous bytes in a received word of 204 bytes [4]. After that, the data is interleaved 

convolutionally and inner convolutional coding is required, along with puncturing. As when long 

bursts of errors exist, the performance of RS coding and Viterbi decoding deteriorates [9], bit and 

symbol interleaving, i.e., inner interleaving, which uniforms the errors, is set. After signal 

modulation and normalization, OFDM frames are formed by inserting scattered pilot cells, 

continual pilot carriers and transmission parameters signaling (TPS) carriers among the 

transmitted data. Then OFDM modulation is taken, with cyclic prefix inserted. Finally, after DAC 

is conducted, the baseband signal is converted into radio frequency and transmitted by front end. 

 

 
Figure 2. Functional block diagram of DVB-T system in non-hierarchical mode [4] 

 

DVB-T does not regulate receiver. But usually the receiver just does the opposite operation, i.e., 

converting radio frequency signal to baseband by front end, synchronization, removing cyclic 

prefix, OFDM demodulation, equalization, signal demodulation, symbol and bit deinterleaving, 

Viterbi decoding, convolutional deinterleaving and RS decoding. 

 

Table 1. Major parameters of DVB-T system [4] 

Forward Error 

Correction 

RS(204,188) 

Convolutional Coding(1/2, 2/3, 3/4, 5/6, 7/8) 

Mapping Mode QPSK，16-QAM，64-QAM 

Guard Interval 1/4, 1/8, 1/16, 1/32 

Transmission Mode 
2K (2048 carriers), 8K (8192 carriers) 

Hierarchical, Non-hierarchical 

 

B. Designed DVB-T Baseband System 
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Although some research has pointed out that wavelet-based OFDM outperforms Fourier-based 

OFDM in DVB-T system [10], as wavelet-based OFDM has not been put into practical use, the 

designed system still adopts IFFT and FFT algorithm for OFDM modulation and demodulation. 

It adopts code rate of 3/4, mapping pattern of 16-QAM, cyclic prefix length of 1/8 and 2K 

non-hierarchical mode. 

 

Table 2. Parameters of designed DVB-T baseband system 

Forward Error 

Correction 

RS(204,188) 

Convolutional Coding(3/4) 

Mapping Mode 16-QAM 

Guard Interval 1/8 

Transmission Mode 2K(2048 carriers), Non-hierarchical 

 

In transmitter, the initial data goes through RS(204,188) coding, convolutional interleaving of 

size 12×17, convolutional coding of code rate 3/4, bit and symbol interleaving, 16-QAM 

mapping, 2048-point IFFT and adding cyclic prefix of length 1/8. 

 

In receiver, the process of deciphering is composed of removing cyclic prefix of length 1/8, 

2048-point FFT, equalizing, 16-QAM demodulation, symbol and bit deinterleaving, 

convolutional decoding using Viterbi algorithm, convolutional deinterleaving and RS decoding. 

 

 

Figure 3. Illustration of the equalizer in receiver 

 

 

IV. SIMULATION RESULTS 

 

Consulting other simulation of DVB related systems [15] [16], the performance of designed 

DVB-T baseband system is evaluated under AWGN channel and multipath Rayleigh fading 

channel. The result is presented as bit error rate (BER) under different signal to noise ratio, which 

is shown as SNR.  

 

The transmitter and receiver of designed DVB-T baseband system is constructed in Simulink and 

connected by AWGN channel and multipath Rayleigh fading channel. The multipath effect is 



6 
 

assumed as two paths. The propagation delay and gain of the second path is set to 5 × 10−9s and 

-3dB. 

 

 

Figure 4. Designed DVB-T baseband system in Simulink 

 

The result shows that the designed DVB-T baseband system owns a high tolerance toward 

multipath effect, especially when the propagation delay is below the length of inserted cyclic 

prefix. 

 

 

Figure 5. BER performance of designed DVB-T system under multipath channel 

 

 

V. FPGA IMPLEMENTATION 

 

System Generator software can automatically translate specific Simulink model into HDL for 

hardware implementation. Compared with traditional VHDL or Verilog programming, using 

System Generator is usually more time-efficient. And as the performance of each component in 

Xilinx blockset has been verified, the chance of error is comparatively low. Therefore System 
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Generator is used for FPGA implementation of designed DVB-T baseband system. 

 

According to the design, transmitter includes RS encoder, convolutional interleaver, 

convolutional encoder, inner interleaver, 16-QAM modulator, 2048-point IFFT and adding cyclic 

prefix of length 1/8. In 16-QAM modulator, the mapping is achieved using block RAM; in 

2048-point IFFT, pipelined streaming I/O is chosen. RS encoder, convolutional interleaver, 

convolutional encoder and IFFT are realized using intellectual property (IP) core. 

 

 

Figure 6. DVB-T baseband transmitter constructed by System Generator 

 

Receiver is composed of removing cyclic prefix of length 1/8, 2048-point FFT, 16-QAM 

demodulator, symbol and bit deinterleaver, Viterbi decoder, convolutional deinterleaver, RS 

decoder. 2048-point FFT uses pipelined streaming I/O; 16-QAM demodulator is realized using 

block RAM. IP core is used when performing FFT, convolutional decoding, Viterbi decoding and 

convolutional deinterleaving. 

 

 

Figure 7. DVB-T baseband receiver constructed by System Generator 

 

After building the system model from components of Xilinx blockset in Simulink, System 

Generator translates it into VHDL on Xilinx Spartan 3 FPGA xc3s2000-5fg456, generating the 

hardware description of designed DVB-T baseband system. 

 

The device utilization summary shows that the transmitter and receiver of designed DVB-T 

baseband system can be implemented on a single middle-sized FPGA chip, thus verifying its 

capability of practical use. 
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Table 3. Device utilization summary of transmitter 

Logic Utilization Used Available Utilization 

Number of Slice Flip Flops 9,589 40,960 23% 

Number of 4 input LUTs 7,984 40,960 19% 

Number of occupied Slices 6,945 20,480 33% 

Total Number of 4 input LUTs 8,804 40,960 21% 

Number of bonded IOBs 66 333 19% 

Number of RAMB16s 16 40 40% 

Number of MULT18X18s 28 40 70% 

Number of BUFGMUXs 1 8 12% 

 

Table 4. Device utilization summary of receiver 

Logic Utilization Used Available Utilization 

Number of Slice Flip Flops 11,130 40,960 27% 

Number of 4 input LUTs 11,066 40,960 27% 

Number of occupied Slices 9,201 20,480 44% 

Total Number of 4 input LUTs 12,094 40,960 29% 

Number of bonded IOBs 27 333 8% 

Number of RAMB16s 15 40 37% 

Number of MULT18X18s 28 40 70% 

Number of BUFGMUXs 1 8 12% 

 

 

VI. CONCLUSION 

 

The simulation of designed DVB-T baseband system shows that it can cope with multipath effect 

well. Although channel condition varies, with adequate length of cyclic prefix, the system 

performance can be reliable. By implementing the system on Xilinx Spartan 3 FPGA 

xc3s2000-5fg456, the feasibility of designed system is verified. 

 

As DVB-T system is typically OFDM-based, the reliability and feasibility of designed DVB-T 

baseband system proves OFDM’s high tolerance toward multipath effect and its convenience for 

application. 

 

Although OFDM still has several disadvantages, such as the high peak-to-average-power ratio 

(PAPR) problem of low power efficiency, and the vulnerability to frequency offset and phase 

noise, as it can guarantee both high-speed and high-quality for data transmission, it is a quite 

promising technique, especially under harsh channel conditions. 
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IMPROVED ERROR PERFORMANCE IN SOQPSK
MODULATION USING A TERNARY SYMBOL ENCODER

David T. Counsil, Ratish J. Punnoose
Sandia National Laboratories, P.O. Box 969, Livermore, CA 94551 USA

ABSTRACT

Telemetry transmissions have been evolving over the recent years from PCM/FM
to other constant envelope modulation schemes such as SOQPSK and multi-h CPM.
These newer modulations schemes have better spectral efficiency but tend to have
worse error performance than optimally detected PCM/FM.

We present a new ternary symbol encoder to replace the existing differential en-
coder and pre-coder for SOQPSK. This improves error performance while minimally
affecting the spectral properties. The ”reach” of the new ternary code length is not
much longer than current symbol encoder, so there will not be a significant increase
in synchronization time in the receiver. We provide simulation results showing the
increased performance. Along the way, we also provide a simplified view of the current
SOQPSK differential encoder and pre-coder.

I. INTRODUCTION

ARTM Tier-1 (SOQPSK) and Tier-2 (multi-h CPM) constant envelope telemetry modulations
were originally adopted since they had much better spectral efficiency and error performance
than the ARTM Tier-0 (PCM/FM) approach [1]. However PCM/FM detectors have matured from
the simple limiter-discriminator based technique to optimal sequence detection methods. With
these maturations, ARTM Tier-1 and Tier-2 approaches no longer have better error performance
than the Tier-0 PCM/FM approach although they still have better spectral efficiency [2]. These
descriptions are illustrated in Figure 1.

In many applications, link reliability (i.e., error performance) is more important than spectral
efficiency. One way to achieve this is to transmit at a higher data rate and use the extra data
bandwidth for error correction. However, this results in a change to the spectral mask which
requires altering the frequency allocation schemes in place. Ideally, it is best if the spectral
mask is not changed, or minimally changed while still conforming to the IRIG mask, so that
compatibility with existing frequency allocation schemes is maintained.

We introduce a coding scheme to replace the differential encoder and pre-coder for SOQPSK
which improves the error performance while minimally affecting the spectral properties. This
scheme allows a drop in replacement of the SOQPSK transmitter and receiver, without altering

1
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Fig. 1. Comparison of the ARTM modulation schemes [2].

a) the input data rate to the SOQPSK transmitter, and b) the spectral mask of the transmitted
signal. In fact, since the improvement is in the coding scheme, in almost all cases, this can be
achieved with a firmware upgrade to the transmitter and receiver.

In Section II, we go over differential encoding and the pre-coder used in SOQPSK and provide
a simplified view of the SOQPSK symbol encoding process. Section III describes our ternary
code and how we will replace the differential encoder and pre-coder while improving the error
performance and minimally affecting the spectral efficiency. Our error performance simulation
results will be presented in Section IV and compared against other modulation schemes. In
Section V we look at the spectral differences between ternary coded and conventional SOQPSK.
Lastly, Section VI summarizes all of our work together.

II. THE SOQPSK SYMBOL ENCODER SIMPLIFIED

A. THE TRADITIONAL VIEW OF THE SOQPSK SYMBOL ENCODER

The different components of the SOQPSK transmitter are shown in Figure 2. The SOQPSK
symbol encoder consists of a differential encoder and pre-coder defined in IRIG 106-07 [1].
Dr. Rice has provided an in-depth look at how the differential encoder eliminates phase and
delay-axis ambiguities associated with carrier phase synchronization [3]. The pre-coder is used
to produce ternary values for carrier modulation.

2
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The data bits, dk, at time, k, are transformed into differentially encoded values by the differential
encoder (Eqn 1).

δ2k = d2k⊕ δ̄2k−1 (1)

δ2k+1 = d2k+1⊕δ2k

These values are then passed through the pre-coder to produce a ternary output, αk (Eqn 2).

αk = (−1)k+1
[

ak−1 (ak−ak−2)
2

]
, (2)

where ak is the polar(±1) representation of the bit δk, i.e., ak = 2δk−1.

The αk values, which are ternary (+1,-1,0), are used to modulate the carrier with a phase change
of 90, -90, or 0 degrees. The combined operation of the differential encoder and pre-coder result
in the seemingly complicated input-to-output relationship given in Figure 3 [1]. However, it turns
out to be much simpler than this.

B. THE SIMPLIFIED VIEW

We can derive a much simpler model for the symbol encoder by combining and analyzing the
the differential encoder and pre-coder. Let us use d′k which is the polar(±1) representation of the
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Fig. 4. Simplified view of the SOQPSK Symbol Encoder.

input bit sequence dk. We can re-write the differential encoder into a simple equation simply as

ak = (−1)k+1(−d′kak−1). (3)

Note that for a polar representation, p ∈ ±1, of a bit, the following identities hold:

p2 = 1. and 1/p = p. (4)

We can describe ak−1 and ak−2 as

ak−1 = (−1)k+1(−d′kak) (5)

ak−2 = (−1)k(−d′k−1ak−1) =−d′k−1d′kak.

Substituting this into the pre-coder equation, gives us a very elegant result:

αk = (−1)2k+2(−1)d′kak(ak +d′k−1d′kak) =−1
2
(d′k +d′k−1). (6)

This is a simple result stating that an input bit transition from 0 to 1 or 1 to 0, results in an
output symbol of 0. Two successive 0s result in an output of +1. Two successive 1s result in
an output of −1 (Fig 4). This is a much simpler description of the SOQPSK symbol encoder
than the table given in the IRIG standard (Fig 3).

III. USING A TERNARY CODE FOR THE SYMBOL ENCODER IN SOQPSK

As seen in the previous section, the standard SOQPSK symbol encoder takes bits, dk, as inputs
and produces ternary symbols, αk (-1,0,1), as outputs. This is essentially a binary to ternary
code with a 1 to 1 ratio (for each binary input bit, we have a ternary output bit). If we use an
improved binary to ternary code with a 1 to 1 ratio, we could possibly improve the SOQPSK
error performance with the increased coding gain of the ternary code.

One such code is described in ”Ternary Phase Shift Keying and Its Performance” by Makoto
Nakamura and Hideyuki Torii [4]. In the paper, a ternary convolutional encoder is derived which
is described in Figure 5. The encoder was developed over GF(3) instead of GF(2) to give a
ternary output. The generator polynomial of the code is:

g(D) = 1+2D+D2 +D4 +D5 +D6 (7)
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Fig. 5. Ternary Convolutional Encoder [4].
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Fig. 6. Best Code of the Ternary Convolutional Encoder [4].

The code has a constraint length of 7 and a minimum free distance of 6 which is shown in
Figure 6. In the next section we will see the results of replacing the symbol encoder with this
code for SOQPSK modulation.

IV. SIMULATION RESULTS USING THE TERNARY CODE IN SOQPSK

Using the Ternary convolutional encoder described in Section III as the symbol encoder instead
of the current differential encoder and pre-coder, we can try to improve the error performance
of SOQPSK while minimally affecting the spectral properties. The ternary encoder does not
significantly extend the re-sync time after dropped bits since the constraint length of the code
is of the same magnitude as the current symbol encoder.

For the simulations, we analyzed SOQPSK using Matlab and Simulink. We created a custom
trellis structure in Matlab to use in custom trellis blocks in Simulink. These trellis blocks are
utilized in the modulator and demodulator. The demodulator also uses optimal Viterbi decoding
to achieve a lower error rate. The channel noise is modeled using Gaussian distributed noise
which is added to each symbol.

In Figure 7 we see the performance of several different modulation schemes including ternary
encoded SOQPSK, SOQPSK, and QPSK. The SOQPSK parameters we used are as follows: ρ =
0.7,B = 1.25,T1 = 1.5,T2 = 0.5. We see that the proposed ternary encoded SOQPSK has better
error performance than SOQPSK with the old symbol encoder by around 1 dB at a bit error rate
of 10−5.
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V. SPECTRAL EQUIVALENCE

Besides looking at the error performance improvement of the proposed ternary code, we must
also look at the effect the ternary code has on the spectrum. This is important because if the
spectrum is not within the IRIG spectral mask, there will be added channel interference and
reduced spectral efficiency.

The spectrum of the ternary encoded SOQPSK signal should be very similar to the standard
SOQPSK signal. We would expect minor differences since in the standard SOQPSK signal,
the 0 ternary output is twice as likely as the +1 or −1 symbols, i.e., it is twice as likely to
have zero phase change as a phase increase or a phase decrease. With the new symbol encoder,
either of +1, 0, −1 are equally likely. The spectrums (99% power bandwidth) are shown in
Figure 8. We can see that the spectrum of the ternary encoded SOQPSK is a little larger than
the SOQPSK spectrum, however, it still conforms to the IRIG mask and will therefore not add
channel interference or reduce the spectral efficiency when used with the IRIG standards.

VI. CONCLUSION

In this paper we first studied the symbol encoder, or differential encoder and pre-coder, used in
SOQPSK and presented a simplified view of these blocks by encapsulating the logic in a simple
truth table shown in Figure 4.
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We proposed an improved symbol encoder using the ternary convolutional code described in
Section III. In Section IV we demonstrated that we are able to achieve a performance gain over
the current SOQPSK modulation scheme by about 1 dB at a bit error rate of 10−5. These results
are shown in Figure 7.

We then continue to analyze ternary encoded SOQPSK by looking at the spectrum and confirming
it conforms to the IRIG spectral mask and is very similar to the spectrum of standard SOQPSK.

As a result we now have introduced a coding scheme to improve error performance while
minimally affecting the spectral properties for SOQPSK modulation. The new scheme can be
implemented with firmware updates to the SOQPSK transmitter and receiver.
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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. However, the best 

effort nature of Ethernet is in sharp contrast to the intrinsic determinism of tradition FTI 

systems. The challenge for network designers is to optimize the configuration of the Ethernet 

network to meet the data processing demands in terms of reliability and latency. This paper 

discusses the necessary planning and design phases to investigate, analyze, fine-tune and 

optimize the networks performance.  

 

 

I. 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 [1, 2, 3]. The trend towards Ethernet is further driven by the CTEIP Integrated 
Network Enhanced Telemetry (iNET) initiative that is pushing the adoption of Ethernet 
technology for the future of FTI [4]. 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. As more ranges move towards 
Ethernet and together with the momentum of iNET, the number of published networked 
solutions both in small and large systems will increase. However, Ethernet technology is best 
effort: Ethernet does not make any guarantees with respect to data reliability, in-order delivery, 
latency, or determinism. Therefore it is crucial to design the FTI network such that these 
negating aspects of data transmission may be mitigated.  

 
During the design and planning phases of a networked FTI system, extensive modelling, 
simulation and emulation of the intended topology and data traffic are required in order to ensure 
the Quality of Service (QoS) targets can be achieved. QoS targets are typically quantified by the 
network-related metrics: end-to-end latency, jitter, throughput, and packet loss probability. It 
cannot be assumed that the network is homogenous since although networked devices may 
contain the same networking functions and interfaces, the internal operations in terms of 
switching, queuing and buffering may differ rendering accurate modelling difficult. Furthermore, 
modelling the characteristics of the projected data traffic is particularly arduous for ad-hoc, 
asynchronous, and adaptive traffic such as those transmitted as Transmission Control Protocol 
(TCP).  There are numerous QoS techniques categorised as Differentiated Services (DiffServ) or 
Integrated Services (IntServ) that can be employed to minimize end-to-end latency, jitter, and 
packet loss probability. However, these techniques are only truly effective when there is 



congestion in the network and the links are running close to capacity. Often it is favoured to 
simply adequately dimension or over-provision the network by allocating the necessary 
resources to service the projected data rates. In this paper, the components and characteristics of 
a heterogeneous networked FTI system are presented. In particular this paper discusses 
techniques to optimize and ensure the networked FTI QoS performance targets are met. 
 
This paper assumes that the reader is familiar with Ethernet networking technologies, an 
overview of networked data acquisition systems can be found in [5]. The remainder of this paper 
is structured as follows: Section 2 provides an overview of the key components that comprise a 
networked data acquisition system. Section 3 discusses the various aspects of the networks’ 
operation that must be considered during the preliminary network design and planning phases. In 
particular, an important aspect of the networks deployment is the definition of QoS. This 
involves the quantification of acceptable performance metrics and ensuring that the network is 
adequately designed and provisioned ensuring that these QoS performance targets can be met. 
Network simulations and emulations can be used to fine-tune and optimize the networks’ 
configuration. Finally, some simple considerations and techniques to optimize the networks’ 
design are discussed.   
 
 

II. NETWORK DATA ACQUISITION 

 
In a networked FTI system there are a number inter-connected networked nodes, as shown in 
Figure 1, these include: Ethernet links, DAUs, network switches, the 1588 Precision Time 
Protocol (PTP) Grandmaster, and the network recorder.   
 

 
Figure 1. Network Tree Topology 

 

A. Ethernet Links and Speeds 

There are a number of Ethernet standards that define the physical properties of packet 
transmission across the network. Ethernet links may be either Fast Ethernet (FE) or Gigabit 
Ethernet (GbE), which determines the capacity of the link to carry data. FE is a collective term 
for a number of Ethernet standards that carry traffic at the nominal rate of 100Mbps. FE may be 
transmitted over twisted-pair copper or fiber links i.e. 100BaseTx (100Mbps over two-pair Cat5 
or better cable) or 100BASE-FX is a version of Fast Ethernet over optical fiber. As the name 
implies, GbE is the term for the family of technologies that govern the transmission of Ethernet 
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frames at a rate of a 1Gbps. This too, may be transmitted over copper, 1000BaseCx, or fiber, 
1000BaseX.  By far, 100BaseTx is the most common Ethernet standard used today for data 
transmission while GbE technologies are more suited for backhauling the aggregate data to a on-
board data processing device or network recorder.  
 

B. The Data Acquisition Unit 

As previously described, the DAU must be capable of being synchronized using the IEEE 1588 
PTP protocol [6, 7] and begin the transmission of the telemetered data reliably and without 
interruption in real-time within a very short boot-up cycle (<10s). The telemetry data is 
packetized according to the chosen Application Layer protocol, which is then typically 
subsequently encapsulated as a UDP/IP packet. The Application layer protocol prepends 
additional descriptive metadata to facilitate the decoding and processing of the data, for example, 
through the inclusion of sampling timestamps, sequence numbers and so on. There are a number 
of Application Layer protocols that have been developed for FTI telemetry data such as the 
IENA protocol from Airbus or the iNET data message format [8, 9, 10].  
 
For a DAU to be able to transmit data, the DAU must be assigned a system-wide unique IP 
address. There are two main protocols to assign IP addresses, dynamically using the Dynamic 
Host Configuration Protocol (DHCP) or statically using the Bootstrap Protocol (BootP). The 
main disadvantage in using DHCP configured DAUs is that the IP address assigned to the DAU 
is not known in advance. (Although static IP address assignments are possible with DHCP). 
More crucially, DHCP is more complex with in-built mechanisms for IP address lease renewal, 
rebinding, and expiration that may not be suitable for a networked FTI system. As a consequence 
DHCP may be slow and that in turn prolongs the delay between power-up and the start of data 
transmission. On the other hand, BootP is a simple and fast method of assigning IP addresses. On 
power-on the DAU can configure itself dynamically and without user supervision. BootP 
provides a means to notify a DAU of its assigned IP address, the IP address of a boot server, and 
the name of a file to be loaded into memory and executed. For DAUs that do not know their IP 
addresses, the DAU contacts the BootP server requesting its IP address. The server has a 
database that maps hardware addresses to IP addresses which is relayed back to the DAU in the 
bootreply from the server. The advantage of static IP address assignment is that the network can 
be configured and optimized with prioritization and routing. Since the DAU supports standard 
Ethernet technologies, networking tools such as Ping, trace route, and packet sniffers may be 
used to debug and analyze the performance of the DAU. Management protocols such as Simple 
Network Management Protocol (SNMP) may be used to issue SET and GET commands on the 
DAU allowing for configuration and state changes to be remotely invoked [11].  
 

C. The Switch 

In a 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 DAU’s may be connected or inter-connect 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, the 
packets are stored in a queue until they are switched or forwarded. Switching introduces delay 
and jitter. There are two components to the delay in the switch, the queuing delay and the 
switching delay. Queuing delay is the buffering of waiting time of the packets to reach the head 
of the queue, whilst the switching delay occurs during the lookup mechanism. Moreover, since 
buffers have a finite capacity, by ensuring that the packet arrival rate does not exceed the service 



or switching rate, no packets will be lost in the switch due to buffer overflow and furthermore 
the average queuing delay for the packets can be minimized.  
 
Switches vary in complexity: unmanaged switches have no configurable options while managed 
switches have a configuration interface and additional management features. Although the 
available configuration features is largely vendor-specific, typical managed switch options 
include:  

• 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;  

• 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 user should be cognizant that the internal operations in the switch are not standardized and 
that this in turns affects how the packets are switched which may encumber deterministic 
behavior, consume processing/switching resources, and typically have a longer start-up delay. 
The switch should have a short boot-up time comparable to the boot-up time of the DAU’s 
(<10sec).  
 

1) PTP Support 

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. 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 occurs at each switch hop between the grandmaster and the 
DAU resulting in an accumulation of non-linear time offsets degrading the synchronization 
accuracy. This is problematic in highly cascaded network topologies.   
 
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 [12]. In Transparency mode, the switch intercepts the incoming 
PTP packets and calculates the time in residence (i.e. the buffering, queuing, and switching 
delay). Before the PTP packet is forwarded on, the timestamp in the PTP packet is modified to 
compensate for this residence time in the switch. The Transparency mode results in more 
accurate end-to-end synchronization between Grandmaster and DAU than can be achieved using 
Boundary Clock operations.   
 

D. The Network Recorder 

The network recorder allows for packets to be captured on the network link. As with all other 
nodes in the network, the network recorder is synchronized using the 1588 PTP protocol. 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.  
 
An important aspect of recording data is choosing a suitable file format that facilitates fast read 
and write functions in real-time. At high data rates, for example on GbE links, complex 
processing may potentially exhaust the recorders’ resources and result in recording gaps. For 
example, there is a significant processing overhead to examine each packet to locate and identify 
a specific parameter to be recorded. Furthermore, in order to extract the data from the packets, 
the network recorder would need to know the structure and placement of each parameter in each 
stream.  
 
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 [13, 
14]. The PCAP file format is a simple, lightweight file format that supports the recording of 
packetised data on a variety of networking technologies including Ethernet, WLAN, Bluetooth, 
Token Ring, IrDA, USB and so on. From a user perspective, an open-standard, simple, file 
format allows custom applications and software to be developed to post-process the recorded 
data.  
 
 

III. DESIGNING AND OPTIMIZING THE NETWORK 

 
During the preliminary planning and design phases of networked data acquisition system, there 
are two core aspects of the systems configuration that must be addressed: physical network node 
limitations and intended target data routing [15].   
 
Physical considerations:  

• The number and types of networked nodes in the system needs to be determined (e.g. 
DAU’s, network recorders, 1588 grandmaster, on-board data processing stations and PCM 
RF link requirements).  

• The network topology is constructed by determining the number of interconnecting network 
switches and the number of physical interfaces on these devices. For networked FTI data 
acquisition systems, typically a cascading switch tree-type topology is adopted with full-
duplex DAU-switch and inter-switch connections.    

• The aggregate data rates generated by each DAU impact on the choice of link speeds and 
physical media, i.e. fiber or copper Fast Ethernet or Gigabit Ethernet. These options are 
naturally balanced against the availability of such physical interfaces in the switches.  

• The functional requirements of the interconnecting switches in terms of managed versus 
unmanaged features. Such features may include the ability to pre-configure the switch with 
static routing tables, prioritized queuing mechanisms and so on. 

 
Routing and Data Flow: 

• For each DAU it is necessary to identify the number of data flows and the intended 
destinations for each flow. Furthermore, per-flow optimization is required in terms of 
minimizing the packetization latency and maximizing the payload utility such that the packet 
rate is reduced.  

• The transmission paths of the data, choosing between unicast as opposed to multicast routing, 
and configuring routing tables. Similarly choices with regard the protocols used for the data 



flows including the Transport Layer protocol (i.e. TCP, UDP) and Application Layer 
protocol (i.e. IENA, iNET etc.).  

• Ancillary network services, such as network management and dynamic reconfiguration using 
SNMP, should be identified.  

 
Concurrent to the design of the physical network, network performance acceptance targets must 
be defined. The network design and topology have a direct impact on the transmission reliability 
and end-to-end latency of the acquired data. To improve upon the best-effort nature of data 
delivery over Ethernet, reliability and delivery enhancing mechanisms (such as link redundancy, 
bandwidth over-provisioning, traffic flow bandwidth reservation and traffic prioritization) can be 
integrated and/or enabled in the network.  

A. Quality of Service 

Quality of Service (QoS) is the measure of performance for a networked FTI data acquisition 
system that reflects the data transmission quality and service availability. QoS is captured by the 
key metrics: latency, jitter, loss, throughput and determinism. During the network design, the 
upper bounds of acceptable QoS are defined to ensure real-time data integrity, reliability and 
availability. Moreover the QoS definitions need not be homogenous for all data types nor for all 
applications, for example, data destined for a network recorder does not have the same real-time 
latency constraints as those mission critical data destined to be transmitted over PCM RF links 
and processed in real-time. Similarly, certain multimedia flows such as video and voice have a 
certain degree of packet loss tolerance that does not impede data decoding and display.   
 
There are two classes of QoS provisioning mechanisms, Integrated Services (IntServ) or 
Differentiated Services (DiffServ).  IntServ is configured on a network-wide basis whereas 
DiffServ is deployed on a per-node and per-switch basis implementing what is known as Per 
Hop Behaviour (PHB). Integrated Service (IntServ) is a QoS enabling mechanism that provides 
fine-grained QoS. Each router and switch in the network must be configured with IntServ and 
traffic flows may request and be reserved bandwidth across the network path. For example, the 
ReSource reserVation Protocol (RSVP) provides mechanisms to request and reserve resources 
through a network. 
 
The more popular QoS approach is Differentiated Service (DiffServ) that implements a Per Hop 
Behavior (PHB) whereby there is coarse behavioral differentiation between the individual traffic 
flows. In DiffServ, traffic flows are differentiated by setting the Differentiated Service Code 
Point (DSCP) field in the packet IP header to a specific value that is subsequently interpreted by 
the switch to provide a particular service to the traffic flow. The intermediate switches 
supporting DiffServ contains multiple queues that are configured with different behaviors. There 
are three main queue Classes of Service (CoS): the Assured Forwarding (AF) queue for 
reliability critical traffic; the Expedited Forwarding  (EF) queue for latency critical traffic; the 
Best-Effort (BE) queue that is used for all other traffic. The switch is configured with a DiffServ 
policy whereby specific DSCP values are mapped to a corresponding queue. As packets arrive in 
the switch, the DSCP value is examined and the packet is buffered in the appropriate queue. 
Each queue is serviced according to some scheduling policy that achieves the desired properties 
of the queue as shown in Figure 2. Furthermore, each queue may be configured with a specific 
buffer management mechanism to handle queue overflow for example.  
 



 
Figure 2. DiffServ Per Hop Behavior Operation 

 

An important caveat, DiffServ QoS is most effective when the network is homogenous and that 
all intermediate nodes and switches are configured with the same QoS policy and use the same 
internal scheduling policy. Moreover, it is neither trivial nor always possible to adequately 
partition and prioritize the traffic flows mapping them to a given queue such that DiffServ 
mechanism provides optimal efficacy in a diverse range of network conditions. For example, if a 
majority of the traffic is mapped to an EF queue, this yields little benefit over a pure best-effort 
solution. QoS mechanisms yield maximum efficacy in the intervals preceding the onset and 
during periods of congestion, however, in an unsaturated over-provisioned network, the benefits 
of QoS may not be observable or significant.   
 

Investigating and exploring the numerous possibilities for configuring the network for optimal 
performance requires significant testing prior to deploying the network. Performing this analysis 
and investigation with a real network is time-consuming and from a practical standpoint, only a 
fraction of the myriad of possible configurations may be covered.  
 

B. Network Simulation and Emulation 

For small scale and relatively simple network configurations, analytical techniques such as the 
use of network queuing theory can provide an insight to the systems’ performance. The 
application of analytical techniques becomes complex and less accurate for example, as the 
number of nodes increases; “unknown” and complex internal operations in the hardware to 
optimize the nodes throughput, possibly integrating proprietary prioritization mechanisms; 
protocol sophistication; interactivity and ad hoc externally generated events.   
 
To overcome these issues, simulation is beneficial for performing network research and 
development and more specifically for analyzing realistic scenarios of network operations and 
deployments. Network simulation allows for behavioral models of the network topology, 
protocols, and characteristics of the network nodes (e.g. DAU’s and switches) to be assessed 
such the systems’ performance can be observed under a variety of controlled test conditions. In 
essence a network simulator is a software surrogate for a real network.  During the network 
planning and design phase, real networks, particularly large network configurations, are difficult 
to instantiate (purchase, install and configure) in order to experiment with scenarios. Moreover, 
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it is difficult to experimentally generate or recreate specific network conditions of interest.  In 
this way simulation acts as a software surrogate enabling the network designer to easily and 
quickly evaluate different configurations in order to avoid congestion and optimize the network 
design. Some of the more popular simulators include OPNET [16], QualNet [17], ns-2 [18], 
NCTUns [19], and Glomosim [20].  
 
It is important to note that a simulation is only as good as the accuracy and realism of models 
within the package. For example, not all network switches operate in the same manner; there 
may still be certain proprietary optimization mechanisms that are not captured by the simulator. 
To improve upon the realism and accuracy of a network simulator, emulation is a technique that 
is used in conjunction with simulations that allow for the integration of live applications or live 
network nodes in a simulation. For example, in FTI this would include the ability to attach a live 
DAU into a network simulation so that the end-to-end transmission of the packets generated by 
the DAU to be assessed. Traffic generators are devices that can be used to emulate the end-nodes 
or DAU’s. For black box testing, a traffic generator can be used to create traffic with known and 
specific statistic properties through a ‘live’ switch allowing for behavioral operations of the 
switch to be observed and for models to be derived, which can be subsequently plugged into a 
simulation package.  
 
C. Getting the most out of the network 

One of the most important caveats associated with the use of Ethernet technology is that Ethernet 
is best effort. That means there is no guarantee that packets will delivered in time, in order or 
arrive at the destination at all. There are a number of simple techniques that may be employed in 
the design of a networked FTI system to achieve better determinism, reliability, throughput, and 
reduced latency.  
 
Achieving Determinism:  

• Limit the use of dynamic traffic and adaptive protocols on the network during data 
acquisition i.e. TCP, SNMP, FTP data transfers etc. 

• Avoid dynamic multicast joins (if IGMP is enabled). 

• Configure switches with static routes to avoid MAC address learning, table timeouts and 
dynamic routing algorithms. Moreover it should ensured that these configurations be retained 
on power-up. 

• Understanding of the switch behaviour in terms of queuing and switching algorithms. For 
example some switches implement Head of Line Blocking Prevention, Virtual Output 
Queues, Random Early Discard, Expedited Forwarding and so on.  

• The network topology should be kept static, nodes should not be dynamically 
added/connected to the network nor should they transmit data sporadically during data 
acquisition. 

• Assuming stable and constant traffic conditions, transmitting data in a deterministic manner 
results in quasi-deterministic received data. 

 
Achieving Reliability:  

• Use Ethernet IEEE 802.3 full-duplex point-to-point collision free links between the DAU and 
the switch, ensures that no packets are lost due to line contention or collisions.  

• The network topology is known in advance, stable and does not change during a test. 

• Over-provision the network. The aggregate peak data rate on each link never exceeds the 
capacity of that link.  

• Switch load balancing. Queues in the switch have a finite capacity. The packet arrival rate in 
the queue should be less than the switching rate in order to prevent overflow and lost packets.  

• Distribute the packet load from each DAU as uniformly as possible across the switch 
interfaces. 



• Distribute the data load as uniformly as possible across the network. 
 
Maximizing Throughput: 

• Load balancing to avoid saturating any one single link. 

• Use GbE and aggregate links if necessary.  

• Make effective use of multicast. By using IGMP only receivers interested in the data, receive 
the data.   

• Optimize data packetization strategies.  

• For each packet that is transmitted there is an associated network header overhead. By 
transmitting data in larger packets, fewer packets need to be transmitted for the same 
quantity of data, which in turn reduces the bandwidth used by network header overhead.  

• Furthermore, by transmitting data in larger packets, this reduces the number of packets 
that need to be switched, which improves the switch throughput.   

 
Minimizing Start-up Delays and End-to-End Latency:  

• Minimize the Start-up delay by ensuring that all DAUs and switches in the system boot-up 
quickly (<10s). 30seconds or more is too long, for example avoid DHCP to assign IP 
addresses on start-up.  

• Minimize the number of switches through which packets must pass to reach their destination. 
There is an associated queuing and switching delay.  

• Maximize the amount of data in a packet by using larger packets. By reducing the number of 
packets switched this reduces the queuing time for each packet to be switched.  

 

Keep It Simple and Stupid (KISS):  

• Design simplicity and reliability should be a key goal. Unnecessary complexity and 
sophisticated features that could potentially interfere with FTI data transmission should be 
avoided. 

 
 

IV. CONCLUSIONS 

 
Networked FTI solutions are becoming more and more prevalent. Ethernet technology offers 
many benefits to the FTI community including open standards-based technologies, greater 
vendor inter-operability, system design flexibility and simplicity. Naturally there is a challenging 
transition from deterministic “legacy PCM” towards a non-deterministic packet-switched 
system. The adoption of Ethernet requires a fundamental change in how data acquisition is 
performed, planned, and designed. However, with a good understanding of Ethernet and the 
behavior of the components in the network, in particular the switches, the network can be 
designed and optimized to meet the requirements and challenges of FTI. INET is actively driving 
the adoption of Ethernet, designing platforms of interoperability, and developing solutions for 
the short and long-term future of FTI.  
  
This paper provides the reader with an overview of components in an Ethernet network in terms 
of their operation and functional requirements. The networked components discussed include the 
networked-DAU, switches, IP recorders and the time reference Grandmaster. There are a number 
of core protocols that provide system-wide time synchronization; management services; and data 
transfer between these components across the network. Finally this paper described some ways 
the network can be designed, planned, and optimized. By far the best approach is to keep the 
network as simple as possible to achieve predictable and reliable behavior and performance.   
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ABSTRACT 
 

This paper describes research aimed at investigating how to help decision makers devise 

optimized frequency scheduling and management strategies, both for advanced planning and 

real-time metrics adjustment.  Part of these investigations include research to (i) define the 

metrics, objectives, and constraints involved in optimal frequency allocation decision-making; 

(ii) harmonize competing, orthogonal goals when devising candidate solutions; and (iii) devise 

an architectural strategy for dynamic spectrum allocation and management.    
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INTRODUCTION 
 

Effective spectrum and frequency management is essential to the success of U.S. military 

operations.  Military operations, both now and in the future, increasingly rely on the ability to 

maintain full access and reliable control of the radio frequency (RF) spectrum for 

communications (including satellite communications), radar, electronic warfare, remote fires, 

avionics, global positioning, logistics, medical support, and signals intelligence use.  Information 

dominance cannot be achieved without it.   

 

Meanwhile, historical notions of spectrum allocation and management are changing 

dramatically.  What was once a static, one-dimensional property is now beginning to be viewed 

as a dynamic, multifaceted commodity.  Spectrum allocation and management has long been 

based on the idea of owning parts of the spectrum for a predefined purpose.  More recently, the 
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notion of spectrum ownership has shifted in response to recent developments in software-

programmable radios and radars, spread-spectrum waveforms, digital signals, spectrum-sharing 

technology, and dynamically allocated frequency that allow users to share common spectrum, 

separated by frequency, location, time and waveform under the control of supervisory systems.  

In addition, the Department of Defense is finding this resource increasingly scarce, largely due to 

economic pressures arising through the increased commercial uses of the electronic spectrum.   

 

The test and evaluation (T&E) community is not immune to these challenges.  It is not unusual 

for test missions to include multiple aircraft, thereby requiring multiple telemetry links.  Imagine 

a test involving four aircraft attacking six intruder targets.  Each aircraft could be operating two 

telemetry links.  Each missile and target may have its own telemetry link.  Therefore, it would 

not be unusual for one test to involve 14 or more telemetry links and multiple frequency ranges.  

Depending on the missile types and test requirements, there could be aggregates of 70-plus 

megabits per second (MBPS) passing over the communications links.    

 

In the T&E environment, contention for bandwidth is most often the main challenge in mission 

scheduling.  Multiple systems may need to broadcast simultaneously using different frequencies 

at different power levels and in different directions.  There are other complications as well. 

Frequency requirements must often be determined dynamically, in real-time. Hence, each system 

must be able to communicate its changing requirements to a controller function, which must, in 

turn, communicate its allocations to all involved parties [1].  

 

In classical optimization, frequency scheduling 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 make 

it evident that there is a need to provide more efficient frequency management.   

 

SPECTRUM ALLOCATION ALGORITHM DESIGN CONSIDERATIONS 
 

It is unlikely that one allocation algorithm will work well for the various frequency scheduling 

scenarios encountered.  For example, real-time requests for a change in bit rate and/or 

modulation schemes will require almost immediate response.  Simple conflict assessment or 

satisfying methods may be all that is needed in this case.  Weekly planning and negotiation 

processes, however, could explore multiple options, thereby expanding algorithm options.  One 

goal of this research is to test alternative scheduling optimization strategies to determine which 

are the most appropriate for the various scenarios involved in frequency scheduling.    

 

Our initial efforts in this area focused on two predominant frequency-scheduling scenarios, 

which we refer to as off-line scheduling and real-time frequency scheduling.  In both scenarios, 

the goal is to optimally allocate spectrum to individual missions to maximize the availability of 

the remaining or leftover spectrum.  The off-line scheduling scenario involves creating a 

schedule from a clean slate once you’ve received all known frequency scheduling requests for 

that scheduling period.  In the real-time scheduling scenario, there are scheduled missions one 

needs to work around, often with insufficient time to make changes to those commitments.  The 

goal in this case is to schedule new missions in a way that minimizes disruption to already 

scheduled missions while simultaneously maximizing the availability of the leftover spectrum.  
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FORMULATION FOR DYNAMIC SPECTRUM ALLOCATION 
 

We now provide an initial problem formulation for the frequency management problem.  First, 

we provide a general formulation.  We then illustrate its application for a spectrum assignment 

problem involving two dimensionstime and frequency.   

 

Our general formulation reflects the goal of optimally making frequency assignments to satisfy a 

set of time-indexed requests.  Let  kt  define the frequency assignment at a time instant kt .  

Let     kik tmtM   be the set of mission requests at time kt . These missions are situated in a 

multi-dimensional decision space consisting of time, frequency, a discrete set of multiplexing 

options, and spatial dimensions.  Among these may be missions that have active spectrum 

assignments while others are not yet serviced.  Let   ktMD  define the frequency demand at 

time 
k

t  based on the mission set  ktM .  The goal is to find an optimal  kt
*  that maximizes 

an objective function f while satisfying a set of equality constraints g (e.g., two missions that 

have to start simultaneously) and inequality constraints h (e.g., allocation needed no later than 

some specified time).  The resulting constraint equations reflect spectrum requirements (i.e., 

demand) and previously made allocation decisions.  The objective function is structured to 

embody goals relative to mission priorities, costs, quality of service, etc.  Formally stated:   

 

Find  1
*

 kt , such that  
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The goal of this dynamic assignment model is to optimally allocate spectrum so as to maximize 

the utility of the solution to the enterprise relative to some set of objectives f.  This general 

formulation can be focused toward optimally allocating spectrum so as to maximize the 

remaining usable spectrum, measured in terms of “availability”, while accommodating as many 

missions as possible.   

 

Figure 1 shows a simplistic visual representation of this optimization problem.  It shows four 

preexisting missions, with a new mission that has to be scheduled within certain time and 

frequency constraints.  The goal is allocate it in a way that maximizes the objective function. 

 

Missions that have spectrum allocated to them fragment the time-frequency space, which leads to 

deterioration of this space in terms of its ability to accommodate additional missions.  In making 
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those assignments, the objective thus becomes one to maximize certain availability metrics that 

reflect the goodness of the left over spectrum. There are multiple ways to measure this 

availability.   One prominent way to evaluate the true availability of the leftover spectrum is by 

quantifying the largest mission profile that can be accommodated.  Some prominent availability 

metrics from literature [2] include: 

 
Figure 1.  Conceptual Overview of the Optimization Problem 

 

 Maximum Available Duration (MAD) – the longest possible duration a mission that can be 

scheduled for a given start time and required bandwidth.  

 Maximum Available Bandwidth (MAB) - the largest possible bandwidth that mission can 

be scheduled for a given start time and required duration. 

 Maximum Available Mission Occupancy (MAMO) – the largest mission occupancy that 

can be scheduled for a given start time and frequency (where mission occupancy could be 

defined as the largest time-frequency block). 

 Maximum MAMO – The maximum MAMO that can be achieved over the feasible set of 

start times and frequencies. 

 

The first three metrics are specific to a particular start time or frequency.  To achieve a global 

performance objective, one could take the averages or maximum of these local metrics over the 

entire set of feasible start times and frequencies to create global metrics.   The focus of our recent 

work in formulation, algorithm design, test and evaluation was based on the Maximum MAMO 

metric.  While undertaking this work, we sought to extend current metrics to more accurately 

reflect domain requirements while ensuring that the resulting algorithm was extensible. 
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The formulation and algorithms are explained with the help of simple examples.  First, a few 

definitions are provided. All of the definitions are based on the 2-dimensional time-frequency (t, 

f) plane with the origin 0,0  located at lower left corner.  Note that an empty rectangle in time-

frequency means that the space inside the rectangle is free and available for any mission 

assignment. 

 

Definition 1 – Maximal Empty Rectangle: An empty rectangle that cannot be further extended.  

 

By corollary, each edge of the maximal empty rectangle is either (i) at the border of the available 

spectrum, or (ii) a part of the edge forms the boundary of an already scheduled mission, or (iii) 

the edge contains an anchored corner of the rectangle. It is obvious that for any maximal empty 

rectangle, there is no other empty rectangle subsuming the maximal rectangle and satisfying any 

constraint on anchoring of rectangle corner. 

 

Definition 2 – Maximal Empty Rectangle at point (t, f): A maximal empty rectangle with its 

lower left corner anchored at point (t, f).  

 

Definition 3 – AMO (t, f) (Available Mission Occupancy) – AMO at a point (t, f) can be defined 

as the maximal empty rectangle with left bottom corner anchored at the given point (t, f). 

 

Observe that all the rectangles with lower left corner anchored at a point (t, f) have the following 

properties - the rectangles are lying in the positive quadrant from (t, f), and any larger rectangle 

subsuming these rectangles would intersect an existing mission.  For the example shown in the 

Figure 2 containing the two time-frequency blocks, for the point X, there are two AMO’s 

represented by the dashed rectangles.  One of the AMO’s is maximal along the f direction, and 

the other along the t direction. 

 

time

F
re

q
u

e
n

c
y

11, ft 111 , flt 

111, bft  1111 , bflt 

22 , ft 111 , flt 

222 , bft  2222 , bflt X

 
Figure 2. Two AMOs at Point X 

 

Definition 4 - Corner Points (CP): A CP is the lower left corner of any maximal empty 

rectangle.  
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The corner points of the given spectrum, include the following set of points:  (a) the origin (0, 0) 

if no mission is scheduled at the origin, (b) the projections of the top or right edge of the mission 

onto the edges of other missions,., and (d) the projections of the top or right edge onto the or 

spectrum boundary or axis.  

 

As a general Lemma, for n rectangular missions, there are 2n+1 CPs.  For the example 

containing two time-frequency mission blocks, Figure 3 shows all the CPs for the assigned 

missions. 
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Figure 3:  2n+1 CP's  for the Example Mission Schedules 

 

With the definition for CP, we describe the algorithm for determining Max-MAMO for a certain 

configuration.  As stated earlier, Max MAMO represents a global measure for availability of the 

left over spectrum, and represents the objective function for the optimization problem. 
 

 Step 1:  Identify all the Corner Points (CP) 

o Lemma 1: For N blocks, there are maximum 2N+1 corner points  

o Lemma 2: Max MAMO has to lie at a CP 

 Step 2: Determine MAMO’s for all CP’s 

 Step 3: Find maximal MAMO among these. 

 

While allocating a new mission, another observation that can be made here is that for a feasible 

allocation, the new mission must fit within a MAMO for some CP.  Note that as new missions 

are scheduled, the space gets more fragmented and the probability of scheduling new mission 

decreases. The goal of optimal placing of the given mission is to maximize the probability of 

scheduling a future mission. This objective is equivalent to maximizing the available spectrum in 

large size MAMOs. For optimal mission scheduling, a minimum MAMO must be determined 

that is big enough to for the given mission. With this fact, the following algorithm enables the 

allocating a new mission in a way that preserves the best MAMO properties. 

 

 Find the smallest of the MAMO’s associated with the 2n+1 CP’s. 

 Evaluate the 4 corners for this MAMO.   

 Pick the corner that leaves the maximum sub-MAMO within the MAMO 



 7 

 

 

AVAILABILITY METRIC EXTENSIONS 
 

The allocation solutions provided by an optimization formulation are largely driven by the 

choice of an availability metric.  There are many potential availability metrics, as described 

above.  One limitation of these metrics is that they assume a uniform usability (or desirability) 

across the entire time-frequency spectrum.  This uniformity assumption does not hold since 

certain regions of the spectrum are likely to be in greater demand.  Ideally, spectrum allocation 

strategies should be derived so as to maximize the availability of more desirable regions of the 

spectral real estate.  This concept can be elaborated through a simple, one-dimensional 

illustration.   

 

Given a set of pre-assigned blocks as shown in Figure 4(a), the best place to assign an additional 

block is in the narrowest available space since this maximizes the overall MAMO.  However, 

with a demand distribution for the real estate as shown in Figure 4(b), a better allocation for the 

block is as shown since this maximizes the availability of the high-demand region. 

 

Thus, having availability metrics that take into account the regional demand or desirability 

within the time-frequency spectrum is important in deriving a truly optimal allocation process.  

The desirability for a particular region can be represented by a demand distribution.  The 

demand-weighted area is computed as the volume under the two-dimensional demand 

probability density function (the 1-d representation shown in Figure 4(b).  Reconfiguring 

availability metrics such as Maximum MAMO to this new demand-weighted area enables 

establishing allocations that truly maximize the usability of the remaining spectrum. 

 
Figure 4:  Illustration of Desirability-driven Allocation 

 

 

ADDITIONAL CONSIDERATIONS 
 

Feasible spectrum allocation solutions involve more than just central frequency and bandwidth 

constraints.  Among the additional constraints to be considered are the following: 
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 Mission priorities and timing constraints 

 Multiple test article mission groupings and relative timings 

 Equipment capability constraints (e.g., transmitter tunability and range, digitization rate, 

on-board memory, multiplexing schemes supported) 

 Mission flexibility constraints (e.g., sufficient fuel for extended flight) 

 Cost constraints 

 Environmental constraints (e.g., weather) 

 Truly available frequency (e.g., moving out of Upper S-Band between 2330-2360) 

 Multiple access strategy physics 

 

With regard to multiple access constraints, consider a situation where Asset 1 requests 1MBPS 

for downlink telemetry and 256 kilobits per second (KBPS) for downlink video.  Asset 2 

requests 750 KBPS for telemetry.  Assume that what’s available is one contiguous band of 

2MBPS equivalent capacity.  In this situation, there are at least five choices, depending on the 

capability of the assets and the ground station(s) as shown in Figure 5. 

 

Note that the second and third solutions require common frequency tuning capacity by both 

assets and time division multiple access (TDMA)-capable transmission (i.e., each asset needs to 

know when to shout and when to be quiet). 

 
Figure 5.  Options Available to Satisfy Spectrum Requests 

 

HARMONIZING DIFFERENT OBJECTIVES 
 

Usually, frequency scheduling problems involve more than a single objective criterion.  For 

example, one objective may be to pack as many missions into the available spectrum with the 

aim of maximizing spectrum occupancy.  Another might be to maximize the frequency-time 

domain separation among scheduled missions to maximize schedule adjustment flexibility. Other 

goals may be expressed in terms that have less to do with frequency management, per se, such as 

minimizing cost or maximizing on-time performance for critical T&E milestones.  Objectives of 

interest may fall into one or more of the following categories:  

 

 Spectrum utilization-related objectives (e.g., maximize utilization of available spectrum) 

 Priority-related objectives (e.g., maximize high priority missions serviced) 
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 Service-related objectives (e.g., maximize ratio of actual versus scheduled tests) 

 Time-related metrics (e.g,. maximize on-time test completion rate, minimize test queuing 

time) 

 Cost-related metrics (e.g., minimize ratio of actual cost per test versus infinite spectrum-

based cost) 

 

Most often, when multiple objectives are simultaneously applied to a problem they may work at 

cross-purposes with each other.  That is, while one objective improves, another one becomes 

worse.  The major difficulty with these problems is the non-existence of a feasible solution that 

simultaneously optimizes the conflicting objective functions.  A feasible single-objective 

optimization problem does not have such difficulty.  For this reason, it is very difficult to deal 

with a multi-criteria optimization (MCO) problem practically or theoretically although it is one 

of the most realistic problems faced by decision makers.   

 

The most difficult aspect of this problem is to determine tradeoffs among values of the objectives 

with diverse measuring units.  That is, solution performance relative to each objective is often 

measured in different units (e.g., on-time performance may be measured in percentage values, 

costs are measured in dollars, throughput may be measured in test missions generated per month, 

efficiency may be measured in terms of percent utilization per month).   

 

The current effort includes research of a metrics harmonization approach that first elicits 

decision maker judgments of value for each key objective in terms of a utility function, and then 

uses those value judgments 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. 

 

 

CONTRIBUTIONS TO THE INET ARCHITECTURE 
 

Ultimately, a key goal of this work is to provide a foundation for the Spectrum Assignment 

Management function within the iNET architecture (Figure 6).  This goal is supported through 

efforts to develop a pre-production prototype spectrum allocation advisor (SAA).  The prototype 

will target a “typical” iNET scenario that one would expect to encounter two to three years down 

the road wherein an operator calls up an advisor to propose how to best respond to a metric 

adjustment request.   

 

The primary role of the SAA is to provide a test environment to dynamically visualize different 

assignment algorithms and analyze their effectiveness.  The prototype takes a set of requests as 

input, applies an assignment algorithm to allocate frequency, records the request and the result of 

the request in a scrolling text window, and maintains an updated map of all active frequency 

assignments.   
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Figure 6.  Potential SAA Role in iNET Architecture 

 

 

SUMMARY 
 

Novel and efficient methods are needed to better manage the available spectrum and increase 

data transfer throughput capacity.  The research described in this paper is targeted at (i) defining 

the metrics, objectives, and constraints involved in optimal frequency allocation decision-

making; (ii) harmonize competing, orthogonal goals when devising candidate solutions; and (iii) 

devising an architectural strategy for dynamic spectrum allocation and management.   An initial 

formulation for the optimization problem has been developed.  This process served to help 

identify additional extensions that will be needed to support an iNET environment.  Among these 

was the recognition that different segments of the spectrum must be treated differently, just as 

the location of real estate determines its value.  There is also a need to recognize and deal with 

competing objectives and complex constraints.  These developments will provide foundational 

insights regarding how to evolve a key function of the iNET architectureSpectrum Assignment 

Management.   
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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.  

 

Key Words: Telemetry, test data, prognostic, diagnostic, failure analysis, data anlysis, Fourier 

analysis, spectral analysis, spectrum analysis, communications science, telemetry science, signals 

Introduction 

 

Man has been launching satellites and spacecraft into space since 1957 when the Soviet Union 

successfully launched the first of several Sputnik satellites into low-earth orbit which used the 

first dual frequency telemetry system. Space vehicle equipment analog telemetry originating in 

space has been believed too costly and complex to quantify.  

 

Space vehicle factory testing does not mimic the environment 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 

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.  
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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 

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 ANAOLG 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. 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. Understanding satellite equipment 

telemetry behavior can be crucial to the success of many business ventures that use satellites to 

earn 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.  
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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.  

 

 
 

FIGURE 2 POWER SPECTRAL DENSITY (PSD) FOR AN RF SIGNAL 

 

The addition of telemetry to space systems has been for many decades, overhead, a cost of doing 

business, and not leveraged completely to reduce risk to spacecraft and astronauts. With 50 years 

of building and launching space systems experience, there has been no way to improve vehicle 

reliably and cost effective balancing cost and risk. 

 
1
Telemetry is a source of information that can increase space vehicle reliability and safety but 

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) 
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Telemetry originating from satellites in space, exhibit sinusoidal behavior similar to electrical 

and RF signals. Until now, these properties have been relatively underutilized. Engineers 

responsible for the 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. As a consequence, engineers have developed many tools to automate 

the evaluation of large quantities of telemetry. The most common tool to determine the 

correctness of telemetry behavior is upper and lower limits. These limits may be from factory 

testing which use 2 sets of limits, acceptance test limits and qualification test limits. 

Qualification limits are values determined to be the worse-case the space systems equipment is 

expected to operate in and so only a “qualification” unit is exposed to these worse-case 

conditions and the equipment telemetry values must remain between qualification limits without 

equipment damage or measurable degradation in performance during its mission life. Acceptance 

telemetry test limits are values the equipment supplier must use during factory acceptance testing 

are not to be exceeded but are within qualification limits and are still extreme values not 

expected to be experienced by the equipment during its normal mission life. All space systems 

equipment normal telemetry behavior will be well within acceptance 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 

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.  

 

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, in which 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 

distance of the arc shown. Figure 2 illustrates circular or elliptical motion converted to times 

series data. 

http://en.wikipedia.org/wiki/Fourier_analysis
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FIGURE 3 HARMONIC FUNCTION 

  

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 almost repeat their behavior every orbit, telemetry measurement behavior repeat their 

behavior every orbit period allowing the same generalizations 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 signals which are intentionally distorted can be recovered by knowing how the originally 

signal was distorted. Figure 4 illustrates modulated and unmodulated electrical signal.  
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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.  

FIGURE 5 ANALOG ELECTRONIC MEASUREMENT SINUSOIDAL 

BEHAVIOR AND ITS FREQUENCY AND PHASE SPECTRUM 
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BASEBAND, PASSBAND 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 fairly close to 0 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 

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 90o when the orbit plane is orthogonal to the orbit plane.  For low 

earth circular orbits, orbit planes, β changes very quickly.  
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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 isn’t present, the equipment is exposed to the extreme low 

temperatures of space. The thermal blankets outer layer is exposed to a 120
o
C degree change 

from sun to shade every orbit. To provide insulation, the thermal blanket material used is many 

layers of aluminum with an outer Teflon skin. It protects the onboard instruments against 

extreme temperature swings even though the blanket is incredibly thin and light-weight, 

measuring less than one-tenth of an inch thick. 

 

FIGURE 9 FREQUENCY SPECTRUM FOR TELEMETRY 

BEHAVIOR IN FIGURE 7  

Amplitude 

+1/T -1/T 

Frequency (Hz) 

FIGURE 8 PHASE SPECTRUM FOR FIGURE 11 

 

+ π/2 

- π/2 

Frequency 

Amplitude 
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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 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 
 

Satellites and spacecraft vary in many design parameters. The different design parameters can 

influence telemetry measurement behavior. Vehicle attitude control approaches often used 

include gravity-gradient, spin-stabilized and 3 axis stabilized. Gravity-gradient satellites will 

FIGURE 10 FIGURE CIRCULAR AND ELLIPTICAL ORBITS SHAPES 
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keep their orientation towards the earth based on the very small change in the force of gravity 

over a short distance.  

 

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 it 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 in 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 for minimum temperature control (9.25 

x 10
-5

 Hz) 

 Equipment thermal heater cycling every 4 hours for minimum temperature control (6.9 x 

10
-5

 Hz) 

 Rate gyro cycling weekly to assure its availability for loss of earth-lock recovery 

activities (1.65 x 10
-7

 Hz) 

 TT&C subsystem actvation every 6 hours during regular telemetry collection periods (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 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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Figure 11 illustrates the frequency spectrum for the harmonic behavior in figure 10. Telemetry 

measurements include engineering data such as voltage, current, temperature, rpm's, attitude 

errors, attitude motion rates, frequency, etc. Satellite’s, in-orbit or in factory test telemetry 

behavior mimic properties of an electromagnetic signal and are referred to as virtual telemetry 

electrical signal (VTES). The mathematics and principals used to understand RF and digital 

communications signals are applicable to some telemetry behavior.  

 

CONCLUSION 

 

Fourier analysis and spectral analysis can be used to determine satellite equipment telemetry 

behavior quality from space. 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 

 

The Central Test and Evaluation Investment Program (CTEIP) Integrated Network 

Enhanced Telemetry (iNET) program is currently  developing new standards for wired-

wireless local area networking (LAN-WLAN) using the Internet Protocol (IP), for use in 

telemetry (TM) channels, under the umbrella of the Telemetry Network System (TmNS).  

Some advantages of TmNS are real-time command and control of instrumentation, quick-

look acquisition, data retransmission and recovery (‘gapless TM’ or ‘PCM backfill’), data 

segmentation, etc..  The iNET team is developing and evaluating prototypes, based on 

commercial 802.x and other technologies, in conjunction with Range Commander’s 

Council (RCC) Inter-Range Instrumentation Group (IRIG) standards and standards 

developed under the iNET program.  
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INTRODUCTION 

 

To discuss data flow and control we designate our TmNS channel as both a serial 

streaming format, and 3
rd

 layer and 4
th

 layer internetwork protocols that carry data 

payload.  The data channel is a unique abstraction, independent of the underlying signal 



 2 

channel, which are usually referred to as 1
st
 or physical (PHY) layer signal structure, and 

2
nd

 or data link (DL) layer framing and associated protocols
[4][6]

. 

 

To simulate data flow in the TmNS channel require serial streaming telemetry (SST) 

frame and network protocol data unit (PDU) payload models for the TmNS (Figure 1.).  

The SST frame and PDU payloads are expected to be similar, but not identical.  In 

conjunction with the data flow, a command and control (C
2
) completes a ground station 

(GS) to test article (TA) communication link (CL).  The SST, PDU downlinks and C
2
 

uplink form a prototypical model of an TmNS channel. 

   

 
 

Figure 1 

TmNS Channel 

 

 

This paper (the fifth in a series of papers on simulating the TmNS channel
[1][2][3][4]

) will 

discuss prototype development and preliminary findings of full TmNS channel prototype 

testing. Our modeling approach employs specific aspects of IRIG-106
[7]

 telemetry (TM) 

standards, the Internet Protocol (IP) with User Datagram Protocol (UDP)
 [5]

 transport.  

Our approach is also consistent with the Open Systems Interconnection (OSI)
[6]

 model.  

All iNET standards developed by the standards working groups (SWG) imply 

commercial IP networking and IRIG TM standards.   

 

 

 

DATA FLOW 

 

A downlink refers to a communication link in the TmNS channel, i.e., from a TA to a GS.  

The downlink in our model is a composite of one TM and two IP channels with source 

and sink operating as a client-server link (Figure 2).  Although independent of serial TM 

and network physical (PHY) and data link (DL) layers, the simulations imply legacy 

pulse-code modulation
1
 (PCM) formats, and both wired and wireless media access 

control (MAC) and (LLC) protocols
[5]

.  

 

 

 

 

                                                 
1
 PCM is a comprehensive legacy term for data formatting, bit coding, serial streaming and signal 

modulation.  Data structure is independent of any imposed pulse stream modulation technique. 
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Source Model 
The source model (Figure 2) employs for both IRIG standard (legacy PCM) formats, for 

the TM, and the UDP transport protocol operating over an IP network protocol.   

 

 

 
 

 

Figure 2 

TmNS Channel Source Model 

 

 

The PDU payload are 32-bit signed integer and 64-bit floating point words.  Frame size is 

selectable.  Each frame contains a SST and PDU headers.  The PDU header is an 

additional six words, plus a status word, which are removed prior to SST subsystem 

transmission to comply with IRIG Chapter 4 SST format.  The RFNE designates the RF 

network element: the wired and wireless network interface.  RFNE standards are now 

being developed under iNET by the network element standards working group 

(NESWG).   

 

The LabVIEW™ (LV) graphical user interface (GUI) used to generate the source data, 

frame it and transport it to the transmitters is shown in Figure 3.  The controls for 

assigning IP addresses and for configuring the IRIG frame are on the left.  Controls for 

four types of data sources are on the bottom right.  The sources are a sine wave, a triangle 

wave, a gaussian noise and a random multiplier that scales random numbers generated 

over the real number interval [0,1].  The top right is a display of the GPS data prior to 

packaging into UDP/IP for multicast.  The other controls are for frame timing, turning 

channels ‘ON’ or ‘OFF’ and saving source data.  The yellow ‘SyncClock’ and white 

background ‘ATMSocket’ are Active-X indicators, of the controls that bind the LV code 

to the Monarch-E TM system and a Brandywine™ PCI-SYNCCLOCK32 GPS system.  
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Figure 3 

Data Generator GUI 

 

The GUI controls (on the left hand side) shows three selectable transport layer addressing 

schemes
[5]

:  

 

 Unicast: addressed to a specific host on a network. 

 Broadcast: addressed to all hosts on an subnet. 

 Multicast: addressed to a some hosts on a subnet. 
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To emulate TmNS data flows we use multicast addressing.  In the LV application, SST 

frames are converted to serial streams via an ATM Socket interface to a Monarch-E TM 

system, which sources data and clock at a fixed rate to drive an IRIG-106 transmitter 

(Tx).  The PDU payload is carried in a UDP transport over IP.  All ‘host addressing’ is at 

the 3
rd

 (IP) layer.   

 

The source model generates a data frame of selectable size and transports this over a TM 

and an IP channel.  A second IP channel carries GPS data acquired from the PCI-

SYNCCLOCK32 system for delivery over another Ethernet link.  Each IP source 

connects to GS sink via the transport and assigned ports.  The interfaces that bind the 

GPS and TM subsystems to the data source are via Active-X controls.  The serial stream 

module of the Monarch & LV data source simulator run independently, synchronized by 

local clocks jammed to GPS time.   

 

 

 
 

Figure 4 

Active-X Application Connections 

 

 

The source model is built as a LV application that binds to other applications via Active-

X controls (Figure 4.).  This model can run in either the Windows™ XP operating system 

(XPOS) or Linux operating system (LXOS). 

 

Sink Model 
The sink models are based on prototypes of data streaming processes presently under 

investigation and development by GSSWG for IP data routing, TM decommutation, 

stream segmentation and word presentation.  A diagram is shown in Figure 5.   



 6 

 
 

Figure 5 

TmNS Channel Sink Model 

 

 

A prototype GS application collects both the SST and PDU payloads and segments the 

data for display and side-by-side comparison of both the TM and IP segments.  A screen 

shot of the Interactive Analysis and Display System (IADS) is shown in Figure 6. 

 

 
 

Figure 6 

GSS IADS Application GUI 
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This shows TM and IP data segments side-by-side.  You can see a sine wave and 

triangular wave in the second and third ‘strip-charts’.  The first window is the same data 

as the seconds window; the third is the same as the fourth.  The difference in the views is 

due to time scaling.   

 

Initially, to test the source delivery over the IP network, a rather simple sink model, built 

in LV/XPOS, linked with the source via UDP/IP sockets on local host.  Tests were run 

using all addressing schemes to verify source structure and data delivery.  We verified the 

data delivery via a display of real-time and stored payloads.  A Monarch module was 

used to capture and store the SST payload for verification of the TM delivery via a third 

party data display application.  We then established connections to remote workstations 

running developmental GS applications in LXOS.  To segment payload and display data 

we employed existing decommutation and network hardware, and GS applications now 

under development by the GSSWG.  The GS segments conform to payload standards 

developed by the TASWG.  The GS applications used are built primarily in the C 

programming language, and run on a LXOS Fedora Core (FC9).   

 

Transport Data Packets 

Simulated TmNS data is transported via UDP in the TASWG payload format
[9]

.  A 

message is show in Figure 7.  The SST data payload contains 1 status word followed by 1 

minor frame packaged as data words.     

  

ApplicationDefinedFields

(Optional, {OptionWordCount}*32 bits)

AcquisitionTimestamp

(64 bits)

MessageLength

(32 bits)

32 bits

MessageDefinitionSequenceNumber

(32 bits)

MessageDefinitionID
(32 bits)

MessageFlags

(16 bits)

Reserved

(8 bits)

Option

Word

Count

(4 bits)

Message

Version

(4 bits)

 
 

Figure 7 

TmNS Message Header Format 
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To keep processing simple, only TmNS Data Message Headers append data i.e., no 

payload package headers were used.  The format of a TmNS Data Message includes a 6 

word header followed by payload.  The header contains 8 fields.  We foresee a similar 

structure for ‘TmNS Control’ and ‘TmNS Status’ Messages.  

 

PCM Backfill 

An advertised capability of iNET is the ability to provide what is known as ‘gapless TM’.  

One approach we’re experimenting with provides this capability by seamlessly replacing 

corrupted SST (PCM) frames with recorded frames retrieved from the on-board recorder 

or data acquisition unit (DAU).  The GSSWG call this capability ‘PCM backfill’ (Figures 

8. And 9.). 

   

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 8 

TmNS Message Flow 

 

 

Backfill Data Flow 

In our implementation, we will not replace corrupt data after it’s been processed, but 

rather, we process backfill data when corrupt PCM data is detected.  We queue PCM data 

while fetching replacement frames from the recorder or DAU.  The replacement frames 
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are then inserted into the PCM stream. This non-corrupt data will be treated at the GS as 

a completely independent data source.  Data transport for backfill is via TCP. 

 

 

 

 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 9 

TmNS Message Backfill 

 

 

 

Other Data Flows 

Other data flows besides back fill of PCM will also be tested as we progress with our 

experiments and development.  Several are presented in a companion paper: ‘Augmenting 

Serial Telemetry with TmNS Data Delivery’
[8]

.
  

We will test a TCP connection to the 

recorder to get, in near real-time, a small data set in the TmNS data message format.  The 

data will be compared to the real-time transmission of the UDP multicast data with the 

same content. 

 

iNET Recorder 

We’ve also built a prototype iNET Recorder prototype as an application over LXOS on a 

PC104 computer.  The iNET Recorder employs COTS Dell servers and the PC104 

computer.  The recorder is configured via custom eXtensible Markup Language (XML) 

files.  The recorder ‘listens’ for IP multicast packets that conform to the TASWG TmNS 

data message format, and records the specific message definition identifiers (MDID) 

listed in the configuration file. 
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Using the Dell server and an external USB hard drive, a recording rate of 17.1 

MB/second (MB/s) was achieved.  Using the same USB hard drive on the PC104 

computer, a recording rate of 3.96 MB/s was achieved.  This lower record rate is a result 

of the slower 10MB/s Ethernet link on the PC104 Computer.  When running performance 

tests on the PC104 computer, via local-host, results comparable to the Dell server were 

achieved. 

 

Metadata 

To describe the individual measurements for processing in the GS, TmNS metadata was 

not used.  Instead, the follow on to the Joint Test Data Management System (JTDMS)
[9]

,
 

called Telemetry Attributes Manager (already incorporated into the AFFTC Mission 

Control System (MCS) telemetry processor) configures all measurement parameters for 

decommutation, segmentation and data display. 

 

Results 
The actual payloads delivered over TM and IP channels were verified via a full TmNS 

channel simulation.  We directly plumbed both data and clock from the Monarch-E TM 

system to a PCM decommutator; or data only to a bit-sync, via RF plumbing (simulated 

RF link).  Although we could not get a deterministic synchronization between the 

LV/XPOS and Monarch-E applications via the UDP sockets, both the decommutator and 

bit-sync locked on the serial TM data streams.  The IP data packets were delivered via a 

direct IP routing, and viewed with ‘Wire Shark’ (a.k.a. ‘Ethereal’ – a network standard 

third-party packet viewing application), as it was traversing the network.  Wire Shark 

permits displays of the data as packaged at each layer of the IP stack, i.e., from link to 

transport layers.   

 

Other custom LV tools and the IADS run in both XPOS and LXOS, and allow for direct 

access to the data flows for comparison between TM and IP source data, i.e., we can view 

SST and PDU payload parameters.  There were notable delays between the TM and IP 

deliveries, about ½ second delay (see Figure 6) was encountered on the SST data due to 

slack synchronization of the LV/XPOS AX Monarch-E interface.  Data loss using the TM 

interface was also encountered, due to the inability to synchronize the timing of the LV 

calls with the Monarch PCM transmitter clocking edges.   

 

Future Development 

In flight, the TM data will be transmitted to the GS using standard legacy means.  The 

TmNS data stored onboard an ‘iNET aware’ recorder will allow queries to command 

backfill for TM signal dropouts.  The reconstructed ‘pristine’ data will be displayed side 

by side with the legacy SST data in the IADS.  A ‘TCP like’ protocol will provide 

transport between the iNET recorder and GS applications.  The next phase of source data 

will employ an FPGA data frame generator, built on NI PCI eXtended for 

Instrumentation (PXI), to directly drive an IRIG-106 compliant TM Tx and fill PDU for 

transport, thus eliminating the slack synchronization of the TM and IP channels and the 

delay between the running data of the IADS displays.  The PXI will house both digital 

and analog acquisition units, a GPS receiver, an ARINC 429 bus interface unit, as well as 

standard peripheral interfaces, e.g., Ethernet (10/100Mb and Gig-Ethernet), EIA-422, 
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USB, 1395, etc..  As with prior work on communication links, we will also simulate the 

signal channel using the channel emulator in the Telemetry Lab at Edwards AFB CA. 

 

 

 

COMMAND and CONTROL 

 

An uplink refers to a communication link from a GS station or site to a TA asset and/or 

network.  As with the downlink, an IP network provides the GS to TA link.  A C
2
-

interface connects a GS work station to a TA asset, in this case an IRIG-106 compliant 

TM Tx as a client-server implementation using UDP/IP, port mapping and an IP-to-

HDLC converter.  Figure 10 shows the command flow. 

 

 

 
 

 

Figure 10 

Command and Control Flow 

 

 

C
2
 Uplink 

To uplink we use a C
2
-interface built in LabVIEW™  and run on the XPOS.  The GUI for 

a client-server proxy is shown in Figure 11.  Intially
[4]

, this interface was built on 

LV/XPOS on a PC104 computer, using two methods of transport over an 802.x
[5][11]

 link: 

the first employed TCP/IP and the Hypertext Transfer Protocol (HTTP), so the operator 

uses either a client-server or a web-browser to proxy an interface to the IRIG-106 Tx; the 

other proxy mapped serial ports from a remote OS to a local OS using virtual instrument 

standard architecture (VISA) serial port mapping protocol.   

 

In the latest incarnation we interface via an IP-to-HDLC converter.  This converter allows 

for transport of serial command in TCP or UDP PDU transport payload over an IP 

network, without need for an application (e.g., an agent) interface proxy.  The IP-HDLC 

converter bridges a serial device and network device (in our case, the network device is 

either a router or Ethernet switch).  The converter unpacks the IP and TCP payloads and 

converts the payload (in our case, ASCII coded commands) into serial HDLC for 

message exchange with the TA serial asset (in our case, an IRIG-106 Tx).  Conversely, 

asset responses are translated from HDLC as IP PDUs (TCP or UDP transport) payload, 
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preserving the ASCII data structure.  The IP is then framed in the Ethernet DL layer for 

delivery to the remote workstation via our network downlink. 

 

 

 

 
 

 

Figure 11 

Local server Proxy for SST Remote Control 

 

 

 

Results 
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As there are no rigid timing requirements for the delivery of commands from a local GS 

workstation to a remote TA asset, we can employ acknowledgements or a connection-

oriented transport protocol for the uplink C
2
 interface.  Using TCP/IP, the C

2
 uplink 

behaved as expected.  We were able to reconfigure retrieve status messages from the TA 

ARTM Tx via the link.  We previously interfaced with a remote video camera to retrieve 

streaming video over our standard GPS/TSPI link, both in the AFFTC Telemetry Lab and 

flight tests.
[4]

  
 

 

SUMMARY and CONCLUSION 

 

To simulate an TmNS channel, we have developed prototypes over the past three years 

that implement various subsystems of the TmNS channel.  This is the fifth in a series
[1][2] 

[3][4]
 of papers that presents the channel development via prototype testing.   

 

The initial prototypes were built around 802.x
[5][11]

 standards, using commercial network, 

instrumentation, XPOS and LXOS applications and hardware products.  Initially we 

tested the RF link, using a Harris Corporation SecNet11+
®
 802.x transceiver operating in 

a LXOS environment.  We then incorporated C
2
 interfaces using various proxies and 

802.x Mikrotik routers to interface GS workstations with TA assets, e.g., data recorders 

and an ARTM Tx using LV/XPOS development application to create custom software 

application proxies.  Now we’ve incorporated the ‘final link’ in the chain with a 

simulation of a full GS-to-TA communication using both IRIG TM and commercial IP 

standards.  The next step is to implement a full wide area network (WAN) with a LAN-

WLAN interface to existing range infrastructure to test network performance and 

limitations. 

 

The test results show that telemetry and networks can operate in parallel as one TmNS 

channel to extend the operator interfacing with TA assets during flight with an TmNS 

channel.  With both a data downlink and C
2
 uplinks, the potential use of the channel to 

extend TM and instrumentation is only limited by developer and user imagination. 
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ABSTRACT 

The office of the Defense Test Resources Management Center (DTRMC) has developed two 

major programs to achieve Joint/Interoperable exercises between DoD test and training ranges. 

Joint Mission Environment Test Capability (JMETC) defines a LVC environment in which Joint 

operations take place, while the Test and Training Enabling Architecture (TENA) defines the 

communication within that environment. Putting these programs to everyday use has been a 

challenge for the ranges. The Pacific Missile Range Facility (PMRF) is executing the Central 

Test & Evaluation Investment Program (CTEIP) sponsored Pacific Ranges Interoperable Test & 

Evaluation Capabilities (PRITEC) project designed to develop a set of tools that will facilitate 

implementation of JMETC and TENA. This paper will discuss the PRITEC project in detail. 
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INTRODUCTION 

The PRITEC project seeks to enhance interoperability between test and training assets in the 

Pacific and other DoD ranges and facilities.   PRITEC will enable PMRF to integrate with other 

ranges and test facilities for effective testing of systems-of-systems within a realistic joint 

mission construct. In order to realize this vision, PRITEC will leverage capabilities and 

infrastructure developed by two programs managed by the Test Resource Management Center 

(TRMC).  The first of these is the JMETC, which provides common infrastructure for joint, 

distributed testing within the DoD, enabling newly developing programs to test the Acquisition 



requirements of Joint Interoperability and Net Centricity.   The second capability being leveraged 

by PRITEC is the TENA, which has been developed by the CTEIP to enhance reuse and 

interoperability among test and training ranges. In the past, operations that crossed from one 

range to another have been supported; however each instance typically resulted in a new and 

different connection method.  TENA is a disruptive technology that has the power to change the 

way ranges conduct their operations by defining standard tool set and processes for connections 

and data transfers resulting in more efficient and cheaper ways of connecting ranges.  This paper 

will describe how the PRITEC project is leveraging disruptive technologies such as TENA and 

creating disruptive technologies within PMRF, including a TENA-based telemetry 

decommutation system. 

One of the key enabling technologies being used is TENA.   PRITEC will enhance the PMRF 

infrastructure with insertion of TENA technology at the sensor and enable PMRF to interoperate 

with other DoD assets as part of a distributed T&E network. Key benefits of using TENA in the 

range environment include increased interoperability through the use of DoD standard interfaces 

and middleware, enhanced control of data flow during data processing through TENA’s  publish-

subscribe mechanism, and reuse of TENA applications and tools between ranges. 

Specifically, PRITEC will do the following to enhance the use of TENA at PMRF: 

 Build a TENA-based network at PMRF 

 Develop  TENA interfaces to range instrumentation 

 Develop a TENA-based decommutation system for telemetry 

These activities are discussed in more detail below. 

 

DEVELOPING A RANGE ARCHITECTURE WITH TENA 

PRITEC will plan, design, and build an accredited network at PMRF that leverages TENA using 

a three phased approach.   

In Phase 1, PRITEC will design, document, and build a TENA-based network (tNet) with 

security and information assurance (IA) requirements built into the tNet design.  This network 

will be the backbone for TENA applications and sensor interfaces, such as telemetry, described 

in more detail later in this paper.  Overall, the tNet will provide the network infrastructure 

between sensors and range applications, and the TENA Middleware will marshal the exchange of 

data and control messages across the tNet infrastructure. 

In Phase 2, PRITEC will connect tNet to the JMETC network, providing external connectivity to 

DoD distributed test capability.  By establishing a JMETC node at PMRF, remote users and test 

facilities can participate in live range test, execution and analysis.  The JMETC Network Node 

builds on the tNet component to allow remote users to subscribe to the sensor object model. A 

conceptual diagram of the JMETC Network Node is shown in Figure 1. 



 

Figure 1.  JMETC Network Node Conceptual Diagram 

 

In Phase 3, PRITEC will connect the legacy PMRF instrumentation network (iNet) to the tNet 

and JMETC networks.  Connectivity to iNet will provide access to all sensor data available at 

PMRF.  At the end of the three phases, there will be end to end connectivity between PMRF 

instrumentation and the T&E assets on the JMETC network.  This three phased approach was 

chosen in order to mitigate schedule risk associated with the certification and accreditation 

process.  Over time, data processing applications and sensors will migrate from the legacy 

infrastructure to the TENA-based architecture.   PRITEC is developing a migration strategy that 

will serve as a road map for this transition and provide a template for TENA implementation at 

other ranges. The iNet Connectivity component builds on previous work and is depicted in 

Figure 2 

 

 

 

 

 

 

 

 

Figure 2.  iNet Connectivity Conceptual Diagram 



 

DEVELOPING TENA INTERFACES TO RANGE INTERFACES 

The overall capabilities of TENA will promote interoperability and reusability among DoD 

ranges, facilities, and simulations.  In order to take full advantage of TENA capabilities, the tNet 

architecture at PMRF supports TENA interfaces at range sensors.  PRITEC is working to take 

TENA all the way to the sensor, thus reducing latency, eliminating “Stovepipe” handling of 

various instrumentation sources, and providing native interoperability with other TENA 

compliant resources.  PRITEC is developing a road map to migrate all range applications and 

sensors to the tNet over time.   As a starting point, PMRF formed a team comprising 

stakeholders of the major range systems whose task was to select a candidate sensor for TENA 

integration.  Based on a comprehensive study of radar, optics, and other systems, telemetry was 

chosen for its high return on investment.  For many tests conducted at PMRF, telemetry systems 

collect a great deal of data that is of interest to range users.  Since one of the primary reasons for 

using TENA at the range is to facilitate data exchange, the project wanted to work with data that 

both internal and external users wanted to see.  The selection of telemetry also minimized risk to 

ongoing operations at PMRF.  The range has multiple telemetry receivers, and existing digital 

switches on range would make it easy to maintain range operations while concurrently sending a 

telemetry feed to tNet for the prototype effort.   

Telemetry was chosen to be the first TENA enabled system to connect to the tNet.   PRITEC 

would develop an interface to the telemetry receiver that would incorporate the TENA 

Middleware to publish data over the network.  

One of the overall goals of the effort was to implement TENA as close to the receiver as 

possible.  In the case of telemetry systems, the farthest upstream one can locate TENA is within 

the decommutation system itself.   The input of the decommutator is typically pulse code 

modulated data containing multiplexed data from onboard sensors of the test article.  The 

decommutator turns the serial stream into parallel words, at which time the data can be placed 

into a data structure for further processing and transmission.  Within TENA, the structure for 

storing and transmitting data is called and Object Model (OM).  There are standard OMs used by 

the community to define such measurands as position, velocity, and acceleration data. Users can 

also create their own OMs for special case applications and share them with others.  It is the 

TENA Middleware that puts data within a TENA object model and then publishes this data to the 

network.  The TENA Middleware on the receiving end subscribes to the types of object models 

that contain data of interest to the end user.  The ideal technical approach for implementing a 

TENA interface to telemetry, then, is to implement the TENA Middleware within the 

decommutator itself and then exploit the powerful data processing capabilities of the Middleware 

to control information exchange over the tNet.  As part of the TENA Sensor Interface 

development effort, PRITEC will also design and implement a TENA Measurand Object Model 

in which telemetry data will be published and disseminated.  This object model will be shared 

with the TENA user community.   Figure 3 illustrates the connection between the telemetry 

system and tNet along with the publication and subscription process employed by the TENA 

Middleware.   



 

Figure 3.  TENA Sensor Integration Conceptual Diagram 

 

 

TENA SOFTWARE DECOMMUTATION SYSTEM (TSDS) 

TENA is implemented within the telemetry decommutation system in order to bring TENA as 

close as possible to the sensor interface.  Since the TENA Middleware runs within a software 

environment, it makes sense to implement the final portions of the decommutation process in 

software and feed the output of the decommutator directly to the TENA Middleware.  PRITEC 

calls the final portion of the software decommutator, which publishes directly to TENA, the 

TENA Software Decommutation System (TSDS).   Within the overall architecture, bit 

synchronization and frame synchronization are performed before data is sent to the TSDS, and 

the TSDS takes as an input a time tagged minor frame encapsulated within a packet.  There are 

three attributes of the TSDS that make it of interest to CTEIP and the broader T&E community.  

First, the TSDS is a software based approach to telemetry stream decommutation implemented 

within Java.  This offers technical advantages such as platform independence which will be 

discussed in more detail later in this paper.  Second, the TSDS uses auto code generation 

technologies to further reduce the effort associated with updating decommutation systems to 

support new telemetry stream definitions.    Users of the TSDS within the range are not required 

to have detailed knowledge of proprietary protocols, nor are they required to have an 

understanding of how to implement decommutation within software.  The use of code generation 

in software decommutation offers potential cost savings throughout the entire T&E community.  

The third aspect of the TSDS that is of interest to CTEIP is that it offers a native TENA interface 

so that telemetry data can be published directly into TENA object models.  Figure 4 shows how 

the TSDS is connected to the telemetry receiver and publishes TENA objects to the PMRF tNet 

and ultimately to users off range over the JMETC network. 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 4.  TSDS implementation within PMRF and JMETC network infrastructure 

 

In order to provide the flexibility required to handle a variety of telemetry streams, TSDS is 

implemented with a modular architecture comprising 4 major components.   This modularity 

offers the following advantages: 

 Takes advantage of modern multi-processor and multi-core computers, thus maximizing 

the supported flow of telemetry data. 

 Facilitates support for a variety of ways by which the raw telemetry data frames are 

collected 

 Allows publication of selected telemetry data to TENA 

 Simplifies the porting to different platforms. 

 Facilitates the automatic generation of the component themselves. 

 

 Figure 5 highlights the functionality of each of the four components of the TSDS.  

 

 

 

 

 

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5.  TSDS Architecture 

 

 

TSDS DESIGN GOALS 

In addition to modularity, other major design goals of the TSDS include: 

• Platform Independence: The various elements of the decommutator system must be 

available for multiple platforms.  Where possible these modules must be platform 

independent. 

• Ease of Use: The TSDS should be implemented in such a way that a telemetry systems 

engineer can reconfigure the decommutator.  No software development expertise should 

be required to implement changes in the telemetry stream definition or in the display or 

publication of data.  The TSDS should have a user friendly GUI to allow the user to 

configure the decommutator.   

• Performance:  TSDS must support complex telemetry streams, including both 

synchronous and asynchronous data, as well as video.   Latency must be monitored and 

minimized.  The TSDS architecture should be multithreaded to take advantage of 

multiple cores and processors. 

• Multiple Input Standards: The TSDS should accept multiple definitions for the 

incoming telemetry stream including TMATS and other ad-hoc representations such as 

XML or Excel spreadsheets 
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• Remote Performance Monitoring:  The TSDS should include a display for remote 

performance monitoring and control of multiple instances of decommutators in the 

network.   

TSDS Key Performance Parameters (KPPs) 

The PRITEC project has identified the following KPP thresholds and objectives for the TSDS: 

• User Interface: As a threshold, the TSDS shall provide a GUI for system configuration. 

This would include ad-hoc representations of the incoming telemetry streams, and 

parameter selections for TENA object output. The objective for this KPP is a fully 

functional GUI to include TMATS representation of the telemetry stream, and full TENA 

Measurand Object Model output. 

• Data Type: The TSDS shall support both Synchronous and Asynchronous data types as 

input. This is both the threshold, and objective. 

• Data Rate: As a threshold, the TSDS shall support data rates of 14 Mega bits per second 

(Mbps). The objective is 32 Mbps. 

• System Latency: The threshold for system latency is 250 milliseconds, and the objective 

is 100 milliseconds. System latency is described as the time between the reception of the 

last bit of the incoming frame, and the transmission of the first bit of the TENA output 

object. 

• Output Parameter Selection: The Threshold for this performance parameter is that the 

TSDS shall be able to extract parameters from the incoming stream to include TSPI, 

Range Safety, and Display Objects. The objective for this parameter is that the TSDS will 

have the capability to select data from the entire stream, including asynchronous video. 

 

 

SUMMARY 

Initial tests of the TSDS prototype indicate that the system is capable of meeting the design 

goals.  The performance of the software based decommutation and publication to TENA object 

models has met most KPP thresholds, and many objectives.  The KPP thresholds and objectives 

that have been met include: An initial GUI; Can handle both synchronous and asynchronous 

input data; Data rates of 15Mbps; and System Latencies below 100 milliseconds. Not all 

components of the TSDS are fully developed, and further testing will occur in the coming 

months. 
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Abstract 

 
It is well known that current PCM telemetry formats are outstripping the capability of 
commercial off-the-shelf (COTS) Telemetry Systems to implement the corresponding 
data conversions required to process them. Two complementary approaches are 
needed for solving this problem: one is to put end users into direct touch with the 
information stored in telemetry streams; and the other is to convert telemetry 
applications into this new way of doing things. It is less known that a single technology, 
software decommutation, provides a practical foundation for both approaches. This 
document explains why this is so. 
 
 While developing this software decommutation theme, a very sharp line must be drawn 
between a software decommutation approach and the COTS telemetry systems solution 
so that the label “software decommutation" will not be used in misleading ways. The key 
to drawing this line is SDM's (Software Decommutation Model) ability to: 
 

• Extract bits from the raw telemetry stream into 64-bit parameter "containers" in a 
platform independent ("big endian" or "little endian") manner. 

 

• Process algorithms in an algorithm chain on telemetry parameter data to support the 
desired formatting (i.e. engineering unit conversion). 

 

• Easily integrate "special" processing of non-IRIG 106 telemetry data as required (i.e. 
multiple embedded streams, mode changes, embedded packetized data, etc.). 

 

• Independently interface to user-developed data displays locally or via a network 
connection. 
 
*Note: The SDM cannot process a PCM stream directly; to do its job, a databridge is 
required that provides telemetry data as frame aligned IP packets via a network port. 
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INTRODUCTION 
 

 
It is generally admitted that a productivity crisis exists in the development of "running 
code" for non-trivial telemetry applications. The data demand growth in new telemetry 
streams by the missile and aircraft builders is outstripping the capability of telemetry 
processing systems to handle them.  
 
Why are COTS telemetry systems failing now? 
 
COTS vendors look to the IRIG 106 standard when designing their systems. 
Unfortunately, missile and aircraft builders do not always follow those conventions. 
When this mismatch occurs, the vendor is often asked to add "special" features to the 
telemetry system for processing their non-IRIG 106 data or the data format of the 
telemetry stream has to change. 
 
The Software Decommutation Model (SDM) is the process of reading network IP 
packets containing minor frames of telemetry data from a well-known port, extracting 
data bits from each minor frame for all requested parameters, and, lastly, performing all 
specified algorithms for each parameter using its extracted bits as an input value.   
 
The flexibility of SDM allows non-standard telemetry streams to be handled no matter 
the processing required, freeing users from dependence upon a COTS telemetry 
system. 
 
Factors that made SDM a reality are: 
 

• Hardware boxes with the capability of taking in PCM clock/data, frame aligning the 
minor frames, and outputting them as IP packets onto a network. 

 

• Low-cost high speed networks. 
 

• Computers with very fast CPU's, massive amounts of memory, and real-time 
operating systems. 

 
COTS telemetry systems of today often process non-mainframe parameters in software 
rather than hardware, indicating they too have embraced the concept of software 
decommutation.  
 
See Figure 1 "SDM DATA FLOW” 
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THEORY OF THE SOFTWARE DECOMMUTATION MODEL (SDM)1 
                     "Without deviation, progress is not possible." Frank Zappa. 3 

 
The SDM discards many of the early telemetry system concepts (i.e. processing 
parameters in order, dependence upon specific display packages, adherence to a 
limited algorithm set) and takes a fresh look at the processing of data in a frame 
context. 
 
Let us contrast "allocation-based" versus "parameter-based" telemetry processing. 
 
The positional concepts of "allocation-based processing" have played a significant role 
since the first telemetry system came online, where relevant data from a particular 
parameter appearing  first in the stream must be handled before the second parameter 
in that stream. 
 
With the advent of new technology in the form of a hardware databridge capable of 
converting PCM into network packets containing frame-aligned minor frames of time 
stamped telemetry data, "parameter-based processing" became a reality. 
 
In the SDM, we replace the old positional addressing with the new totally associative 
parameter addressing of "parameter-based processing" where a "set" of data is made 
available for processing rather than a single parameter. Each parameter in a minor 
frame can be uniquely addressed no matter where it lies in the frame (even if it is split 
up into multiple words within the frame) because the SDM gets a network packet 
containing one or more minor frame(s) in a single read! Each packet is processed one 
minor frame at a time and the SDM allows telemetry data to span multiple packets. 
 
In keeping with the flexibility aspect of SDM, "parameter-based processing" of this form 
enables users (yes, and even programmers) to: 
 

• Perform an engineering unit conversion on a parameter and send it to a display. 
 

• Specify the details of extracting a new piece of information derived from multiple 
parameter values. 

 

• Store information across multiple frames for use in a larger, more complex 
calculation or data collection (i.e. video data). 

 
One of the goals of SDM is for its source code be easy to understand and debug; it 
must also be able to run correctly on either a big or little endian platform. While software 
is easier to change, it's harder to develop and get right. Software must be coded for 
debuggability.  
 
"Program testing can be used to show the presence of bugs but never to show their 
absence." Edsger W. Dijkstra. 2 
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                                        SDM COMPONENTS  
 
THE DATABRIDGE 
 
The function of the databridge is to convert PCM telemetry data into time stamped 
minor frames of telemetry data and broadcast them onto a dedicated Ethernet network. 
 
The databridge used in the WSMR implementation described is a NetAcquire F20SIO. 
The F20SIO converts one or more PCM streams into IP packets containing one or more 
time stamped minor frames and broadcasts them to one or more SDM host computers 
running a Mac OS X operating system. The maximum packet size is 65536 bytes. A 
dedicated network is used between the F20SIO and the SDM hosts to assure packets 
arrive in the correct order. 
 
UDP broadcast is preferred over a connected socket so that additional processing 
computers can be added without changing software. 
 
Experience has taught the aggregate number of broadcast network packets that can be 
successfully read by a SDM application (via a single network card)  must be around 300 
or less per second, depending on packet size; therefore to reduce the broadcast rate, 
the databridge must allow for multiple minor frames to be sent in a single network 
packet. 
 
LATENCY 

 
A major concern with telemetry data processing is the issue of latency. Latency is the 
time between when data leaves the vehicle and when it arrives at the telemetry display. 
It should always be factored in when looking at the timestamp of a piece of data. Note 
that latency is added by the databridge when it buffers up one or more minor frames of 
data before sending them out as an IP packet. 
 
The earlier the timestamp is applied, the better. The best timestamp happens on the 
vehicle and is embedded in the PCM stream itself. 
 
The next best timestamp happens at the receiving site, but may be difficult to do with 
encrypted data that won’t have a recognizable frame sync pattern until it’s decrypted. 
 
At WSMR, the time stamping is done by the F20SIO and reflects the time at which it 
broadcasts the IP packet onto a dedicated network. The F20SIO timestamp is off by the 
amount of time needed for the data to travel from the vehicle to the F20SIO plus the 
length of time required for the F20SIO to collect the packet of data. 
 
SDM "SWDECOM" 
 
SDM code generated applications that process IP packets of telemetry data are referred 
to as "swdecom"s.  How a "swdecom" comes into being is described later. 
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The SDM allows one or more streams to be processed on the same computer allowing 
data from multiple streams to be merged together, if desired. Merging takes place in a 
shared memory data structure called a CVT (Current Value Table) that is accessible for 
reading/writing by all running "swdecom"s. The CVT may be thought of as table of 
columns and rows. There are 65536 rows; each row contains one column of 32 bits in 
length.  
 
Each stream in a test is defined by a "telemetry setup file" (TSF) initialization file. Each 
TSF file spawns a "swdecom" to process the stream's data. 
 
A real-time "swdecom" gets its input from a network port, while a post-flight "swdecom" 
reads data from a disk file created by a "binary data logger" (described later). Reading a 
binary file is useful for replay and debugging because the data remains the same from 
run to run and processing can occur as fast or as slow as desired. 
 
Data processed by "swdecom" is typically stored in a CVT for those applications that 
need a polled sampling; the tag number assigned to each parameter is its offset into the 
CVT.  All streams being processed are able to write 32 bit values (cookies) for selected 
parameters to the same CVT.  
 
An auxiliary function of "swdecom" generates an ASCII "tag list" file in a well-known 
location. The "tag list" file associates a tag number/id with a parameter name, which 
together defines a set of data needed by telemetry displays. It is read by the external 
application described in the next section.  See Figure 3 "SWDECOM OPERATION" 
 
SIMPLE DATA BROADCAST SERVER 

 
The Simple Data Broadcast Server (SDBS) is a symbiotic application that extracts a set 
of data from the CVT and broadcasts it onto a "display" network using well-known 
network port numbers. Since the data is broadcast, the display application may be 
running on the same local host as “swdecom” and SDBS, or it may reside on a remote 
host connected by a common network. 
 
A telemetry parameter gets included in the data set by virtue of it being stored in the 
CVT by a "swdecom" which also adds the parameter to the "tag list" file read by SDBS 
 
The "simple" part of SDBS comes from the format of the data it outputs – a table of tags 
once per second and a table of data values at the user-requested data rate. There is a 
one-to-one correspondence between the tag table and the data table allowing the 

telemetry displays to use direct addressing to reference specific parameters. 
 
BINARY DATA LOGGER 

 
A special "swdecom" application is the "Binary Data Logger" application. It reads IP 
packets from the databridge and writes them to a user-specified disk file. 
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"Binary Data Logger" creates a binary data product file that customers can take home 
with them for enhanced analysis. 
 
The binary data product file can later become input to a "swdecom" in lieu of reading IP 
packets from the databridge, freeing up resources and supplementing the debugging 
capability of "swdecom". 
 
DECOM GUI 
 
A graphic user interface (Decom GUI) was developed in LabView to make it easy to 
control the running of "swdecom"s and SDBS. The primary attributes of the  Decom GUI 
are simplistic design, execution, and status feedback. 
 

                                                    CODE GENERATION 
 
THE TELEMETRY SETUP FILE (TSF) 
 
The stream(s) information to be assimilated by the SDM is dictated by an ASCII 
Telemetry Setup File (TSF) that unambiguously defines how elements of a telemetry 
stream are to be processed, one TSF per telemetry stream.  
 
The directives contained in a TSF introduce high level language concepts via well-
known algorithms with well-known inputs and outputs. They enable users to express 
operations resulting in EU-converted values using parameter data taken from anywhere 
in the minor frame in any order. 
 
This powerful concept is implemented via "algorithm chaining" whereby algorithms 
become linked together in their order of appearance in the TSF, with one algorithm 
creating input to subsequent algorithms or using data created by previous algorithms. 
Processing telemetry data one minor frame at a time enables individual parameter data 
to be easily combined with other data in that frame or from anywhere in the telemetry 
stream. 
 
A GUI was written for creating/updating a TSF, but any editor capable of creating ASCII 
text may be used. 
 
SDM "BUILDER" 
 
“Swedcom” is a code generated application that actually processes the telemetry 
stream. The process of generating “swdecom” is accomplished with the SDM “Builder”.   
  
The SDM “Builder” assimilates stream information from a TSF and generates “C” code. 
The “C” code is then compiled to create the executable generically referred to as 
“swdecom”.  See Figure 2 "SWDECOM CREATION" 
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The three most important modules (generated by “builder”) of SDM are “Engine”, 
Extract” and “Engineering Unit Conversion”.  
 

• The "Engine" module calls “Extract” and “Engineering Unit Conversion” for each 
minor frame of data. 

 
• The "Extract" module takes the specified bits from the minor frame of data and 

stores them in 64-bit containers for all requested parameters. 
 
• The "Engineering Unit Conversion" module performs all requested algorithms on the 

set of selected parameters stored in 64-bit containers. 
 
ADVANTAGES OF CODE GENERATION: 
 

• The processing application doesn't have to anticipate everything and be bloated with 
functions not applicable to the stream being processed. 

 

• Code generated right is generated right every time. 
 

• Since "builder" isn't time critical, a huge amount of error checking is embedded 
within to insure correctness of pre-test stream information.  

 

• Less code is easier to understand and less prone to errors. Coupled with a well-
defined framework for output of the simply-coded, unambiguous, stream-specific 
generated files, the debuggability requirement is met. 

 

• Generated code uses literal values instead of variables for array sizes and loop 
indices, allowing better code clarity and improved compiler optimization. 

  

• Dynamic memory allocation isn't required because the sizes of buffers are known. 
 

• The generated source code is so simple it can be examined with your favorite editor. 
 

•  The executable code can be run under the control of the a debugger. 
 

• The very few source files involved in building "swdecom" are contained in a well-
known directory. 

 
DRAWBACKS OF CODE GENERATION: 

 

• Validation and verification (V & V) can be tricky. Whenever "builder" changes, old 
TSF files must be reprocessed to make sure the new generated files match the 
validated originals. 
 

• Anytime data is received from a well-known network port, what's to prevent an 
unwelcome application from broadcasting to that data port 
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• SECURITY  
 
Security concerns prompted WSMR's selection of the Mac OS X computer to host SDM. 
With the Mac's built-in ability to boot from an external disk, an internal disk is 
unnecessary. External data disks are safely stored when not in use.  
 

FUTURE DIRECTIONS 
                       "So little done, so much to do." Alexander Graham Bell. 3 

 

Expand the CVT From 32-Bits to something bigger 

• Elements of the Current Value Table are 32-bit cookies. Greater accuracy is 
possible by permitting storage of 64-bit integers, 64-bit doubles, and maybe 128-bit 
long doubles. 

 
Use Java for displays 

• As a cost reduction, any new displays will be written in Java. LabView displays for 
popular tests will also be rewritten in Java. 

 
Add support for TMATS 

• SDM may be modified to allow the Telemetry Attributes Transfer Standard (TMATS) 
IRIG 106-09 Released April 2009 to be used in addition-to/instead-of the TSF file. 

 
Incorporate a Database Management System (DBMS) 

• A Database Management System (DBMS) may be accessed to get setup 
information for tests and displays. Telemetry data itself may be stored in the DBMS 
or at least the information telling where it is stored.  
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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 45 years.

On behalf of the entire ITC organizing committee, we cordially invite you to attend the
45th International Telemetering Conference being held in Las Vegas, NV.  This year’s
program is focused on disruptive technologies, or disruptive innovations, and their
impact on telemetry.  A few examples of past disruptive technologies would include
digital media, digital synthesizers, light-emitting diodes, and voice over mobile IP.

For those of you who have attended the ITC before, you will notice some exciting
changes in 2009.  The most significant of these changes is the multi-million dollar room
upgrades in the Riviera Hotel.  Also, if you stay at the Riviera, you will be eligible to win
up to $1,000. Please see page 14 for details.

The opening session features a Blue Ribbon Panel presentation and discussion on
disruptive technologies in the functional areas of Science and Technology, Research and
Development, and Test and Evaluation.  The panel will be moderated by the Honorable
Dr. Charles E. McQueary, the former Director of Operational Test and Evaluation,
Office of the Secretary of Defense.  The panel members’ backgrounds include expertise
in Department of Defense (DoD) and Department of Homeland Security (DHS)
technology developments, weapon systems testing and executive leadership.

As expected of our conference, this year’s technical program is an exciting one.  Our
technical program will provide over 22 diverse sessions, including two special sessions.
Additionally, there will be 12 one-day short courses, including a new course on Theory
of Constraints Project Management. 

As an added bonus, we are honored to have Major General Dave Eichhorn, Commander
of the Air Force Flight Test Center, as our conference luncheon keynote speaker. He will
provide an entertaining and exciting presentation on “Telemetry in the Modern Age.”

Of course, this conference would not be possible without the commitment and
generosity of our event sponsors and volunteers. Thank you for helping us make the
ITC/USA 2009 another successful event.

— Jim, Joe, Lena & Bill
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EVENT GUIDE DATE TIME

Registration Sunday, October 25 4:00pm–6:30pm

Monday, October 26 7:00am–6:00pm

Tuesday, October 27 7:00am–6:30pm

Wednesday, October 28 7:30am–11:45am / 2:00pm–5:00pm

Thursday, October 29 8:00am–10:00am

Short Courses Monday, October 26 9:00am–5:00pm
(See pages 8 & 9 for complete short course information.) 

Exhibition Hours Tuesday, October 27 10:00am–7:00pm

Wednesday, October 28 8:00am–11:45am / 2:00pm–6:00pm

Thursday, October 29 8:00am–12:00pm

Technical Sessions Tuesday, October 27 1:30pm–4:30pm

Wednesday, October 28 8:30am–11:30am / 2:30pm–5:30pm

Thursday, October 29 8:30am–11:30am

Special Events
Golf Tournament See Web site for the latest information

Icebreaker: “A Major League Event” Monday, October 26 6:30pm–8:30pm

Opening Ceremony & Blue Ribbon Panel Tuesday, October 27 8:00am–10:00am

Historical Perspective Luncheon Tuesday, October 27 12:00pm–1:00pm

Exhibit Hall Reception & Raffle Tuesday, October 27 5:00pm–7:00pm

Conference Luncheon & Keynote Speaker Wednesday, October 28 12:00pm–2:00pm

Spouse & Guest Activities 
Welcome Monday, October 26 8:00am–9:30am

Las Vegas Premium Outlets (free transportation) Monday, October 26 12:00pm–4:30pm

Breakfast Tuesday, October 27 8:00am–9:30am

Mandalay Bay Shark Reef Tour Tuesday, October 27 9:30am–12:00pm

Las Vegas Outlet Center (free transportation) Tuesday, October 27 12:00pm–4:30pm

Clark County Museum Tour Wednesday, October 28 8:15am–11:00pm

Creating Fun Greeting Cards Wednesday, October 28 2:30pm–4:30pm

CONFERENCE
PLANNER

CONFERENCE PLANNER

Calendar subject to slight modifications.  Consult on-site program for latest information.

Free!

Free!

Free!

Free!

Free!

Free!

All Welcome!

No other venue provides the depth of coverage on the telemetry industry you’ll get from ITC.
With a focus on disruptive technologies within telemetry and how telemetry must be applied
to test and train disruptive weapon systems technologies, you’re sure to get the most
comprehensive and up-to-date information in one place at one time.  We’re kicking off the
conference with a “Major League Event” for our Icebreaker held on Monday night.  We continue
the fun with an Exhibit Hall reception Tuesday evening that keeps the exhibition halls open an extra hour.  You
won’t want to miss out on Tuesday’s Historical Luncheon — enjoy lunch while the panel explores various
aspects on the impact of disruptive technologies in range telemetry development and operations. The
conference caps our special events with an entertaining and interesting conference luncheon on Wednesday.



CONFERENCE
AT A GLANCE

4

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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Short Courses Halls

TIME

9:00 AM
to

5:00 PM

Adv.
Modulation
Techniques

Basics of
Signals &
Modulation

Intermediate 
Concepts

Principles of
TM Ground
Station
Antennas 

Telemetric
Networks

IRIG 106-09
Chapter 10,
Recording
Standard 

Basic
Systems

Engineering

Basics of
Aircraft

Instrumen-
tation

Performance
-Based
Sensors

Image
Compression
with JPEG

2000

Test Project
Management

Using
Theory of
Constraints

Funda-
mentals of
Microwaves

& RF

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2009 Icebreaker:  “The Major Leagues”
>Location: Top of the Riv

CLOSED

TU
ES

DA
Y, 

OC
T. 

27

8:00 AM
to

10:00
AM 

Opening Ceremony & Blue Ribbon Panel  >Location:  Grande Ballroom C & D

Disruptive Technologies and Their Impact on Telemetry
Moderator: Chuck McQueary, Director of Operational Test & Evaluation (ret.) | Panel Members: Dr. John Foulkes, Director, Test Resources Management Center;
Thomas Berard, Exec. Director, Air Force Flight Test Center, Edwards AFB; Jim Tuttle, Director of S&T’s Explosive Division, U.S. Dept. of Homeland Security; 

Dr. Ernest A. Seglie, Science Advisor, Operational Test and Evaluation, Office of the Secretary of Defense

CLOSED

10:00 AM Exhibits Are Open from 10:00 AM to 7:00 PM

OPEN
10:00
AM
to

7:00 
PM

12:00 PM
to

1:00 PM

Disruptive TM Technologies: A Historical Perspective Luncheon >Location: Top of the Riv
Moderator: Eddie Burroughs, Strategic Planning Division, Test Resource Management Center

Panel Members: Bill Rymer, Telemetry Operations, NAWCAD (ret.); Charlie Van Norman, Technical Advisor, AFFTC (ret.);
Mark Kerzie, Lockheed Martin Fellow; Daniel Dawson, Vice President, Wyle Telemetry & Data Systems

1:30 PM
to 

4:30 PM

Technical 
Sessions:

1.
iNET Standards

2.
Multiple Inputs
Multiple Outputs

(MIMO)

3.
Network

Telemetry 1 

4.
Security

5.
RCC TG
& TSCC

6.
Telemetry and

Range Systems 1

5:00 PM Reception  >Location:  Exhibit Halls  (5:00 PM – 7:00 PM)

W
ED

NE
SD

AY
, O

CT
. 2

8

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.
Imaging
and Video

8.
Metadata

Applications

9.
Network

Telemetry 2

10.
Recording

11.
RF Design

Receivers and
Transmitters

12.
User Applications

12:00 PM
to

2:00 PM

Conference Luncheon & Keynote Speaker  >Location:  Top of the Riv

Telemetry in the Modern Age
Major General David J. Eichhorn, Commander, Air Force Flight Test Center, Edwards Air Force Base

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 PM to 5:30 PM >Capri 107
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

5:30 PM

Technical
Sessions:

13.
Data Acquisition

14.
Data Processing /

Management

15.
Error Control

Coding

16.
Modulation and

Coding 1

17.
Telemetry and
Range Systems

2

18.
Telemetry in
Extreme

Environments

Exhibits Are Open until 6:00 PM 
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9 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.
Antennas

20.
JAMI

Users Group

21.
Modulation and

Coding
2

22.
ICTS

23.
System

Management

24.
Telemetry Systems
and Architectures

Exhibits Are Open Until 12:00 PM

Special

Session
Special

Session

Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!

CONFERENCE AT A GLANCE
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NEW! NEW!

Fun!

Food!

Prizes!
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OPENING CEREMONY

BLUE RIBBON PANEL

>Tuesday, October 27, 2009  
8:00am – 10:00am | Grande Ballroom C & D

DISRUPTIVE TECHNOLOGIES AND
THEIR IMPACT ON TELEMETRY
Join us for a discussion of the Department of Defense and the
Department of Homeland Security Science and Technology,
Research and Development, and Test and Evaluation technolo-
gy advancements.  From the Congreve Rocket to network
enabled precision guided weapons, the panel of executive
experts will discuss the application of disruptive technologies
as applied to telemetry, weapon system development and test,
test range infrastructure and explosives detection.

Moderator:

Dr. Charles E. McQueary – Director of Operational
Test and Evaluation, Office of the Secretary of Defense (ret.)

As Director of Operational Test and Evaluation from 2006 to 2009, Dr.
McQueary served as a Presidential appointee, confirmed by the U.S. Senate,
in the role of senior advisor to the Secretary of Defense on testing of DoD
weapon systems, prescribing policies and procedures for the conduct of

operational and live fire test and evaluation. Prior to that appointment, Dr. McQueary
was confirmed by the U.S. Senate in 2003 as the first Under Secretary for Science
and Technology at the Dept. of Homeland Security. In this position, he led the research
and development arm of the Department, utilizing our nation’s scientific and techno-
logical resources to provide federal, state and local officials with the technology and
capabilities to protect the homeland.

Panel:

Dr. John B. Foulkes – Director, Test Resource
Management Center (TRMC)

As Director of the TRMC, Dr. Foulkes serves as the principal advisor to the
Secretary of Defense, the Deputy Secretary of Defense, and the USD (AT&L)
on strategic planning and assessment of the DoD’s Major Range and Test
Facility Base, the nation’s critical range infrastructure for conducting effec-

tive test and evaluation (T&E) of major weapon systems. Dr. Foulkes is required by
law to develop and submit to Congress a biennial Strategic Plan for Defense T&E
Resources, and an annual report certifying the adequacy of the Military Departments’
and Defense Agencies’ T&E budgets. As Director of the Army Test and Evaluation
Management Agency (TEMA), Office of the Chief of Staff, Dr. Foulkes’ accomplishments
in consolidating testing organizations into a single Army Test and Evaluation
Command, instituting better business practices, and preserving critical civilian person-
nel have had significant positive impacts in the execution of the Army’s critical T&E
mission.

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 pro-

gram execution of the center’s development, test and evaluation mission. His role as
an executive manager involves long- and short-range planning, policy development,

the determination of program and center goals, including scientific and technical mat-
ters, 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 technical 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, including the acquisition, transmission, processing and display of flight test
data for AFFTC customers. 

Jim Tuttle – Director of Science and Technology (S&T)
Directorate Explosives Division, U.S. Dept. of Homeland
Security

As Head of S&T’s Explosives Division, Mr. Tuttle is responsible for all
stages of scientific research and technology development for explosives
detection, blast mitigation, and response to non-nuclear explosives and

other energetic threats, including shoulder-fired missiles aimed at commercial aircraft.
Prior to this assignment, Mr. Tuttle served as Program Manager for S&T’s Counter
MANPADS (Man-Portable Air Defense Systems) program, managing a budget of $272M
and a team of 55 contractors and Federal employees. In this role, he coordinated
communications with stakeholders such as airlines, aircraft manufacturers, the DoD,
the Dept. of State, the Federal Aviation Administration, and the National Transportation
Safety Board.

Ernest A. Seglie, Ph.D. – Science Advisor, Operational
Test and Evaluation, Office of the Secretary of Defense

As Science Advisor of Operational Test and Evaluation, Dr. Seglie provides
scientific and technical guidance on the overall approach to DoD eval-
uation of operational effectiveness and suitability. He also provides tech-
nical review of test reports and briefings to high level DoD officials to

ensure that the results of high visibility test programs are technically correct.  Dr.
Seglie serves as Chief Technical Advisor to the Director, Operational Test and
Evaluation (DOT&E) and represents the DOT&E as the scientific expert on high-level
technical groups and committees comprised of personnel from DoD and industry. As
scientific liaison, he provides primary DOT&E technical and scientific interface with
industry and advanced technology groups. At the direction of the Director, he per-
forms special studies in highly complex technology areas to resolve especially diffi-
cult or controversial issues.

ITC/USA 2009
OPENING CEREMONY & BLUE RIBBON PANEL
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HISTORICAL PERSPECTIVE LUNCHEON & PANEL DISCUSSION
>Tuesday, October 27, 2009
12:00pm – 1:00pm | Top of the Riv

DISRUPTIVE TELEMETRY TECHNOLOGIES:  A HISTORICAL PERSPECTIVE

Moderator: Mr. Eddie Burroughs, Strategic Planning Division, Test Resource Management Center

Panel Members: Bill Rymer, Telemetry Operations, NAWCAD (ret.); Charlie Van Norman, Technical Advisor, AFFTC (ret.); Mark Kerzie, Lockheed Martin Fellow;
Daniel Dawson, Vice President, Wyle Telemetry & Data Systems

Join us at Tuesday’s luncheon for a historical look back at some disruptive technologies in the telemetry community. Our
diverse panel will include representatives from the premier government aeronautical Test & Evaluation Ranges, a major aircraft
platform developer, and the vendor community. They will explore various aspects of the impact these disruptive technologies
have had in range telemetry development and operations, flight test engineering, and telemetry vendor product development.

Bill Rymer – NAWCAD, Telemetry Operations (retired)

Mr. Rymer began work with naval aviation as a student trainee at Patuxent
River, MD in 1962. He worked in Purdue’s Lab for Applications of Remote
Sensing while in graduate school and did acceptance testing on Grumman’s
Automated Telemetry System in 1969. He specified, procured and managed
the first Real-time Telemetry Processing System (RTPS) at Pax. He worked

a specialty in spectral analysis and vibration for most of his career. He was in the
RCC IRIG Telemetry Group (TG) from 1981–2001, chaired the Data Multiplex
Committee for many years, and was Chairman of the TG in ’90–’91. He chaired
the Telemetry Standards Coordinating Committee, was a charter member of the
Range Spectrum Requirements Working Group for OSD and was Tech Chair for ITC
’95. He was awarded the Pioneer Award in Telemetry by the IFT in 1997. He was
head of Telemetry from 1982–2000 and retired Jan. 2001 as Head of Range
Instrumentation in Atlantic Ranges & Facilities at Patuxent. He currently works part-
time for Spiral Technology Corp. and OSD on Network Enhanced Telemetry. Bill is
a Rotarian and Life Member of IEEE.  He has served on the Board of Directors
since 2004 and is the current President of the IFT.

Charlie Van Norman – AFFTC, Technical Advisor (retired)

Mr. Van Norman has over 45 years of experience in T&E. He began his
career at the Air Force Flight Test Center, Edwards Air Force Base, CA as a
flight test engineer. During his time at Edwards, he was directly involved
in the testing of over 30 different fighter, bomber, transport and utility air-
craft. At the time of his retirement from civil service, Mr. Van Norman was

the Senior Technical Advisor to the 412th Test Wing Commander. In addition to his
technical duties, Mr. Van Norman also served as a principal adviser to the Air Force
Flight Test Center commander concerning resource allocation, downsizing, organiza-
tional re-engineering issues, and contractor award fee determination. He was a mem-
ber of various Air Force and Tri-Service committees and boards who provided pol-
icy, direction and oversight of the test infrastructure investment accounts for the
Department of Defense. Mr. Van Norman is currently the Senior Technical Advisor
and Business Manager for the Systems Engineering Group of the TYBRIN Corporation.
Mr. Van Norman holds a BS Aerospace Engineering from California State Polytechnic
University and an MS in Mechanical Engineering from the University of Southern
California.

Mark Kerzie – Lockheed Martin Fellow

Mr. Kerzie is the Lockheed Martin Aeronautics Flight Test Data Center
Senior Lead. He is a Lockheed Martin Fellow with over 25 years of
experience in the test instrumentation and data processing field. His
responsibilities include ensuring that all Aeronautics Flight Test Data
Centers meet current and emerging program test data processing

requirements. His expertise is focused on the flight test planning, real-time and
post-test data processing, data mining, and related tools. Mark currently manages
the development and integration of the LM Aeronautics Common Data Processing
capabilities that are now the standard for all LM Aero test programs and deployed
at all major LM Aero test facilities. He also leads the horizontal integration of the
toolset to support other LM Corporation test initiatives.

Throughout his career at Lockheed Martin, Mark has supported many of the cur-
rent and past Lockheed Martin airframe and avionics development/certification pro-
grams. His work includes supporting the instrumentation, tool development, and
operational data processing for the P-3, S-3, L-1011, YF-22, F-22, C-130, X-35, F-16,
C-5, F-35, VH-71, and several ADP flight test programs.

Daniel Dawson – Wyle Telemetry & Data Systems, Vice President

Mr. Dawson has been continuously involved in the telemetry market
since 1984. In 1987, Mr. Dawson helped establish Veda Systems
Incorporated or VSYS and began a 20-year history developing teleme-
try ground acquisition, processing, archiving and display systems. Since
1987, VSYS has operated unchanged under Veridian Incorporated,

General Dynamics and most recently Wyle, Inc. Today,  Mr. Dawson is Vice President
of Wyle Telemetry and Data Systems and continues to lead development of next-
generation telemetry hardware and software products and services. Mr. Dawson holds
a B.S.E.E. degree from the University of Maryland and resides in Hollywood, MD.

SPECIAL EVENT:  HISTORICAL PERSPECTIVE
LUNCHEON & PANEL DISCUSSION



I
T

C
/U

S
A

 
2
0
0
9

GUEST SPEAKERS

7

CONFERENCE LUNCHEON & KEYNOTE SPEAKER

CONFERENCE LUNCHEON
>Wednesday, October 28, 2009
12:00pm – 2:00pm | Top of the Riv

Relax during lunch as you enjoy Major General Dave Eichhorn’s speech on flight
test telemetry.  Major General Eichhorn is a United States Air Force Command
Pilot and has more than 5,700 flight hours in more than 40 different aircraft
types, including the F-15C/E, T-38, B-1B, B-52D/H, C-135, C-18, F-111 and T-37.
In addition, General Eichhorn completed the Air Force Test Pilot School and spent
several years as a B-1B experimental test pilot at Edwards AFB, CA. 

TELEMETRY IN THE MODERN AGE

KEYNOTE SPEAKER:

Major General David J. Eichhorn
Commander, Air Force Flight Test Center, Edwards Air Force Base

Maj. Gen. David J. Eichhorn is the Commander, Air Force Flight Test Center, Edwards Air Force Base,
Calif.  His area of responsibility includes the development, test, and evaluation of manned and
unmanned aircraft systems in both experimental and proven aerospace vehicles. He supports the con-
duct of test and evaluation programs for the Department of Defense, the Defense Advanced Research
Project Agency, the National Aeronautics and Space Administration, and the U.S. Air Force, Army, Navy
and Marine Corps.

General Eichhorn entered the Air Force as a distinguished graduate through the Reserve Officer
Training Corps in 1976. In earlier assignments he served as an experimental test pilot, and his com-
mands include two flight test squadrons, a test group, a test wing, and the Arnold Engineering
Development Center overseeing developmental flight tests on a wide variety of weapon systems.  A
certified acquisition professional, he served at the Electronic Systems Center as the Vice Commander,
where he was previously assigned as Director of Advanced Command, Control and Communications
Systems as well as Director of Advanced Aircraft Systems. He has also served as Director of the
Aeronautical Enterprise Program Office, Deputy Director of Plans and Programs at Headquarters Air
Force Materiel Command, and Deputy Program Executive Officer for Aircraft at Aeronautical Systems
Center. Prior to his current assignment, General Eichhorn was the Director of Air, Space and
Information Operations, Headquarters Air Force Materiel Command.

General Eichhorn has flown the B-52D/H, B-1B, F-111 and T-38, serving as an instructor pilot and air-
craft commander. He has accumulated more than 5,700 hours in more than 40 aircraft types. General
Eichhorn is highly decorated, with major awards and decorations including: Legion of Merit with oak
leaf cluster, Meritorious Service Medal with four oak leaf clusters, Air Medal, Aerial Achievement
Medal with oak leaf cluster, and Air Force Commendation Medal with three oak leaf clusters.
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Short Course Who Should
Attend? Description Instructor

Advanced
Modulation &
Demodulation
Techniques

Technical 
personnel with
some telemetry 

background

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

Mr. Terry Hill, 
Quasonix, LLC

Basics of Signals
& Modulation

Beginning technical
personnel with

limited experience
in communication

& modulation
systems

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

Dr. Stephen Horan, 
New Mexico State

University

Intermediate 
Concepts

Experienced
telemetry 

users

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 condition-
ers to recorders, workstations, and software.  Specific topics include systemic implementations of
Nyquist and its hidden impacts, recorder architectures (both hardware & software), RAID imple-
mentations (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.

Mr. Tim Gatton, 
Wyle Telemetry &

Data Systems

Principles of TM
Ground Station

Antennas

Experienced in
telemetry &

satellite
communications

The full-day objective of the class provides insight into various major components of a tracking sys-
tem. The course starts out with a “Microwave 101” overview of various antennas and propagation,
then specific relevance to how tracking RF feeds and optics operate. The course then progresses on
to the design of positioners, controllers, servo control loops and, finally, how a tracking receiver is
utilized to control the entire system. This course does not cover receiver design or modulation
techniques.

Mr. George R. Blake,
Senior Member,
Technical Staff,

TECOM

Telemetric
Networks

Technical 
personnel

This course introduces participants to telemetric inter-networks.  Participants will gain an under-
standing of networking principles, applicable networking technologies, design issues associated with
building networks that contain telemetric links, and end-to-end telemetric applications.  Specifically,
the iNET (integrated Network Enhanced Telemetry) standards will be introduced and the applicabil-
ity of Telemetry Network Systems discussed.

Mr. Thomas Grace,
NAVAIR &

Mr. John Roach,
TTC

IRIG 106-09
Chapter 10,

Onboard Solid State
Recording Standard

Technical 
personnel

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.

Mr. Al Berard,
Eglin AFB &

Mr. 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 con-
centrates on analysis of data streams for efficient transfers over the communication link. Sampling,
filtering, commutation, and RF link characteristics are studied. Line Coding (NRZ-L, BIΦ-L, etc.) with
their spectral (Fourier) characteristics, bandwidth and filtering requirements are analyzed.  Benefits
of using source coding for data transmission is explained (randomization, Forward Error Correction
(FEC), Block coding, Convolutional coding, Turbo Coding concepts are explained).  Modulation tech-
niques such as AM, PCM/FM (CFSK), BPSK and QPSK are analyzed; their Eb/N0 and BER perform-
ance characteristics are compared.

Mr. Hal Altan,
Honeywell
Aerospace

Performance-Based
Sensor Selection

Telemetry 
test engineers

Is intended for engineers, program managers and technicians who want a better understanding of
transducer characteristics and specifications. It is presented from the viewpoint of a user who also
has experience marketing transducers, rather than from that of a manufacturer.  Participants will
learn how to interpret transducer specifications, define necessary performance characteristics for
specific applications, and how to select the best transducer for their applications.

Mr. Jon Wilson, 
Jon S. Wilson

Consulting, LLC

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 med-
ical 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

SHORT COURSES

8

Short course certificates provided upon request.  

SHORT COURSES
>MONDAY, OCTOBER 26, 2009 | 9:00AM–5:00PM
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TECHNICAL SESSIONS
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Short Course Who Should
Attend? Description Instructor

Fundamentals
of Microwaves

and RF

Technical 
personnel

The 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. The second section of the course discusses various microwave component design
and their applications. Consideration of antennas, transmissions lines, couplers/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 gener-
al design and application 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.

Mr. Mark
McWhorter,
Lumistar, Inc.

Basics of Aircraft
Instrumentation

Technical 
personnel 

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

Test Project
Management

Using Theory of
Constraints

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 one 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.

Carl Dane
& Joe Dale,

AFFTC/Edwards

>Tuesday, October 23
Session 1.  iNET Standards
Raymond Faulstich, CSC Range and
Engineering Services

Session 2.  Multiple-Inputs
Multiple-Outputs
Kevin Crawford, NASA Marshall Space
Flight Center

Session 3.  Network 
Telemetry 1
Darryl Burkes, NASA Dryden Flight
Research Center 

Session 4.  Security
Rodger Charroux, The Aerospace
Corporation

Session 5.* RCC TG & TSCC
Robert Given, Chair, RCC Telemetry Group
and Dr. Sheila Horan, Chair, Telemetering
Standards Coordination Committee

Session 6.  Telemetry & Range
Systems I
Victor Martinez, Air Force Flight Test Center

>Thursday, October 25
Session 19.  Antennas
Archie Moore, Spiral Technology, Inc.

Session 20.  JAMI Users
Group
Steven Meyer, Naval Air Warfare Center,
Weapons Division

Session 21.  Modulation &
Coding 2
Dr. Gerhard Mayer, Dept. of Computer
Science, University of Salzburg, Austria

Session 22.* ICTS
Jean-Claude Ghnassia, Chair, ICTS

Session 23.  System
Management
Lee Eccles, Boeing Corp.

Session 24.  Telemetry
Systems & Architectures
Jaime Reyes, White Sands Missile Range

Session 7.  Imaging and
Video
Jesus Benitez, White Sands Missile
Range

Session 8.  Metadata
Applications
Thomas Grace, Naval Air Warfare
Center, Aircraft Division

Session 9.  Network
Telemetry 2
Michael Golackson, Air Force Flight
Test Center

Session 10.  Recording
Tim Gatton, Wyle Telemetry & Data
Systems

Session 11.  RF Design
Receivers & Transmitters
Gene Law, CSC Range & Engineering
Services

Session 12.  User
Applications
Lance Self, Air Force Research Lab

Session 13.  Data
Acquisition
Brian Keating, Naval Air Warfare
Center, Aircraft Division

Session 14.  Data
Processing / Management
James Yates, L-3 Telemetry & RF
Products

Session 15. Error Control
Coding 
Terry Hill, Quasonix

Session 16.  Modulation &
Coding 1
Rich Hansen, Air Force Flight Test
Center (ret.)

Session 17. Telemetry &
Range Systems 2
Chris Paust, OUSD (AT&L), TRMC

Session 18.  Telemetry in
Extreme Environments
Robert Sakahara, NASA Dryden
Flight Research Center

>Wednesday, October 24

ITC/USA 2009 TECHNICAL SESSIONS AND SESSION CHAIRS

Continue your education
and stay on top of
technology by attending
ITC short courses and
technical sessions,
presented by experienced
members of the industry.

NEW!

NEW!

* Special Session  
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>WEDNESDAY, OCTOBER 28, 2009
Conference Luncheon & Keynote Speaker 12:00pm–2:00pm
Telemetry in the Modern Age >Top of the Riv

Relax during lunch as you enjoy Major General Dave Eichhorn’s speech on flight
test telemetry.  Major General Eichhorn is a USAF Command Pilot and has
more than 5,700 flight hours in more than 40 different aircraft types, including
the F-15C/E, T-38, B-1B, B-52D/H, C-135, C-18, F-111 and T-37. In addition,
General Eichhorn completed the Air Force Test Pilot School and spent several
years as a B-1B experimental test pilot at Edwards Air Force Base, CA.

Tickets: $20.00/person

>TUESDAY, OCTOBER 27, 2009
Opening Ceremony & Blue Ribbon Panel 8:00am–10:00am
Disruptive Technologies and Their Impact >Grande Ballroom C & D
on Telemetry
Join us for a discussion of the DoD and the Dept. of Homeland Security Science
and Technology, Research and Development, and Test and Evaluation technolo-
gy advancements. The panel of executive experts will discuss the application of
disruptive technologies as applied to telemetry, weapon system development
and test, test range infrastructure and explosives detection. The awards ceremo-
ny for ITC 2009 best papers and presentations by our Partner Universities on
their TM-related projects.  A light continental breakfast will be served at 7:30am
and the program will begin promptly at 8:00am.

Reception & Raffle 5:00pm–7:00pm

Sample appetizers & technology together! >Exhibit Halls

This not-to-be-missed reception allows you to sample great food while enjoy-
ing a taste of the industry’s very latest innovations.  This year’s reception will

include a large raffle with many must-have premium prizes.
Attendees will use entry cards to gather special color-coded
stickers from the exhibit booths that will qualify them for each
drawing. The more color-coded stickers gathered, the greater
the value of the prize.  Attendees must be present during the
drawing to win.  All conference attendees are welcome!! 

Historical Perspective
Luncheon & Panel Discussion

Tuesday, October 27
12:00pm–1:00pm
>Top of the Riv

Disruptive Telemetry Technologies:
A Historical Perspective

Join us at Tuesday’s luncheon for a histor-
ical look back at some disruptive tech-
nologies in the telemetry community.
Our diverse panel will include represen-
tatives from the premier government
aeronautical Test & Evaluation Ranges, a
major aircraft platform developer, and
the vendor community. They will explore
various aspects of the impact these dis-
ruptive technologies have had in range
telemetry development and operations,
flight test engineering, and telemetry ven-
dor product development.

Tickets: $20.00/person

>MONDAY, OCTOBER 26, 2009
Icebreaker 6:30pm–8:30pm

Major League Event! >Top of the Riv

Let ITC take you out to the ball game!!  This year the ITC
Icebreaker will be a “Major League” event!  Prizes for baseball
trivia and fast pitch contests.  Wear your favorite baseball hat
or jersey and join us for complimentary hors d’oeuvres
and the best view in town.  Everyone is welcome to
this event — a great way to renew old acquaintances
and make new contacts.

ITC SPECIAL EVENTS
TE C H N I C A L CO N F E R E N C E EV E N T S
Join us for these special events!

Free!
All Welcome!

Free!
All Welcome!

Annual ITC Golf
Tournament
If you are interested in playing
golf at ITC ’09, please visit the
Web site: www.telemetry.org and
take a brief survey to help us measure
the interest f o r  t h i s  y e a r ’s  e ve n t ,
o r  c o n t a c t  M i k e  G a i n e s  a t
MGaines@ASTROMED.com.

Winners of the Stay at the Riviera
drawings will be announced at the

Conference Luncheon.
Winners need not be present to win.

Seating for Wednesday’s luncheon is
limited, so buy your ticket(s) early.
Online purchase is available through
October 23rd — just go to the website,
www.telemetry.org.  Or you can buy your
tickets on-site at the registration desk
starting Sunday, October 25th at 4:00pm.
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>Monday, October 26, 2009
Welcome 8:00am–9:30am

Enjoy morning coffee/tea in the Spouse/Guest
Lounge before the day’s activities!  FREE.

Let’s Shop! 12:00pm–4:30pm

Transportation to/from The Las Vegas
Premium Outlets (shuttle will make round
trips from noon until 4:30pm).  150 shops —
designer fashions and sportswear, shoes,
children’s shops, fine leather and luggage,
accessories and jewelry.

>Tuesday, October 23, 2009

Breakfast 8:00am–9:30am

Join us for a FREE breakfast in the Spouse/Guest Lounge.

Mandalay Bay
Shark Reef Aquarium 9:30am–12:00pm

Free shuttle (depart Riviera at 9:30am, the shuttle van
wi l l  run unt i l  noon) .  Cost :  Adults  $16.95; 
Children (4 and under) $10.95

Let’s Shop Again! 12:00pm–4:30pm

Transportation to/from The Las Vegas Outlet
Center (shuttle will make round trips from
noon until 4:30pm). 130 shops — designer
fashions and sportswear, shoes, children’s
shops, fine leather and luggage, accessories
and jewelry.

SPOUSE & GUEST ACTIVITIES
The sights, sounds, and yes, smells of Las Vegas await as we take you around town...

>Wednesday, October 24, 2009

Clark County Museum 8:15am–12:00pm

Transportation and admission is free (depart Riviera at
8:15am; depart Park at 11:00am to return to Riviera by
noon).  This trip is limited in size, so please sign up at the
Spouse/Guest desk (at registration booth).

Heritage Street is a unique collection of historic homes,
restored to recreate the lifestyles of important periods in
local history. Revisit the news at a replicated 1900s news-
paper print shop. Wander through a resurrected ghost town and half-mile
nature trail, and visit a pueblo of the ancient ones.  FREE!

Create Your Own Greeting Cards 2:30pm–4:30pm

It’s fun and it’s free!  Come join us in creating fun greeting
cards (birthday, get well, etc.), using rubber stamps, markers,
and other techniques.  You will be provided with all the
materials needed to complete your cards. In the
Spouse/Guest Lounge; snacks provided.  FREE.

Sign up online to secure your spot
on each of our fun-filled tours.
Just go to www.telemetry.org.  Or
you can sign up directly at the
conference registration desk.

Spouse/Guest

lounge located  in

Capri 111.  Open

Monday-Thursday

Free!
All Welcome!

Stay at the
newly renovated

Riviera for
chances to win
$$! See page 14

for details.

WIN Up To$1,000!!

W

ELCOM

E
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ABOUT ITC/USA 2009

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 five 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
2009.  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 45 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!

ABOUT
ITC/USA 2009
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ITC/USA 2009 EXHIBITOR LIST (AS OF JULY 27, 2009)

Aeroflex  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 623

Apogee Labs, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . .802

ACRA Control, Inc.  . . . . . . . . . . . . . . . . . . . . .820

Acroamatics, Inc.  . . . . . . . . . . . . . . . . . . . . . . . .1115

AIM-USA  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .605

AMPEX Data Systems  . . . . . . . . . . . . . . . . . . . . .902

Apollotek Ltd . . . . . . . . . . . . . . . . . . . . . . . . . . .1102

Argon ST, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . .613

Astro-Med, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . .402

BiTMICRO Networks, Inc.  . . . . . . . . . . . . . . . . .521

CALCULEX  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .920

Cobham  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1011

Compunetix, Inc.  . . . . . . . . . . . . . . . . . . . . . . . .1113

Consultative Committee for Space Data Systems
(CCSDS) / NASA JPL  . . . . . . . . . . . . . . . . . . . . .413

CPI Malibu Division  . . . . . . . . . . . . . . . . . . . . . . .722

Curtiss-Wright Controls  
Embedded Computing  . . . . . . . . . . . . . . . . . . . . .603

Data Device Corporation  . . . . . . . . . . . . . . . . .1008

Delta Digital Video . . . . . . . . . . . . . . . . . . . . . . . .410

Dewetron Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . .1016

Dynetics  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .808

Edge Consulting & Sales  . . . . . . . . . . . . . . . . . . .726

EMC Corporation  . . . . . . . . . . . . . . . . . . . . . .212

Endevco  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1201

ESE  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1020

EURILOGIC  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .510

Evertz  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .321

GDP Space Systems . . . . . . . . . . . . . . . . . . . . . . .412

Gray Labs, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . .1010

Haigh-Farr, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . .720

Herley Industries  . . . . . . . . . . . . . . . . . . . . . . . .1001

iNET Program Office . . . . . . . . . . . . . . . . . . . . . .506

Instrumentation Technology Systems  . . . . . . . .1014

Integral Systems, Inc.  . . . . . . . . . . . . . . . . . . . . .1216

International Test and Evaluation Association  . .1012

IPtec, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .312

ITT Corp., Antenna Products & Technologies  . . .514

JDA Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . .1116

JT3 LLC  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .426

KING AEROSPACE, Inc.  . . . . . . . . . . . . . . . . . . .909

Kongsberg Spacetec AS  . . . . . . . . . . . . . . . . . . . .315

Ktech Corporation  . . . . . . . . . . . . . . . . . . . . . . .907

L-3  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .702

MFG Galileo Composites  . . . . . . . . . . . . . . . . .1101

MicroStrain, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . .601

Microwave Innovations  . . . . . . . . . . . . . . . . . . .1120

mWAVE Industries, LLC  . . . . . . . . . . . . . . . . . .1214

NASA Dryden Flight Research Center . . . . . . . .911

NAVAIR Range Department  . . . . . . . . . . . .501

NetAcquire Corporation . . . . . . . . . . . . . . . .916

Orbit Communication Systems . . . . . . . . . . . . . .609

Orion Systems  . . . . . . . . . . . . . . . . . . . . . . . . . .1219

Precision Filters, Inc.  . . . . . . . . . . . . . . . . . . . . . .621

Quad Tron  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .901

Quasonix  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .516

Quintron Systems Inc.  . . . . . . . . . . . . . . . . . . . .1213

Range Commanders Council . . . . . . . . . . . . . . . .428

Reach Technologies Inc.  . . . . . . . . . . . . . . . . . . .1022

Red Rapids  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1114

Rotating Precision Mechanisms Inc.  . . . . . . . . .1007

Satellite Services BV  . . . . . . . . . . . . . . . . . . . . . .522

Society of Flight Test Engineers  . . . . . . . . . . . . . .411

Southwest Research Institute  . . . . . . . . . . . . . . .502

Spectracom  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .317

Spiral Technology, Inc.  . . . . . . . . . . . . . . . . . .819

Summation Research, Inc.  . . . . . . . . . . . . . . . . . .422

Summit Instruments . . . . . . . . . . . . . . . . . . . . . . .527

Superior Access Solutions, Inc.  . . . . . . . . . . . . . .427

Symmetricom . . . . . . . . . . . . . . . . . . . . . . . . . . . .326

Symvionics, Inc.  . . . . . . . . . . . . . . . . . . . . . . . .816

Sypris Data Systems . . . . . . . . . . . . . . . . . . . . . . .322

Systems Engineering & Management Company  .316

Teletronics Technology Corporation . . . . . . . . . .301

TRAK Microwave . . . . . . . . . . . . . . . . . . . . . . . . .910

TRAX International  . . . . . . . . . . . . . . . . . . . . . . .825

Ulyssix Technologies, Inc  . . . . . . . . . . . . . . . . . . .912

Universal Switching Corporation  . . . . . . . . . . . .716

US Army White Sands Missile Range  . . . . .314

US Army Yuma Proving Grounds . . . . . . . . . . . . .823

ViaSat  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1002

Wallops Flight Facility  . . . . . . . . . . . . . . . . . . . . .812

Wideband Systems  . . . . . . . . . . . . . . . . . . . . . . .416

WV Communications Inc.  . . . . . . . . . . . . . . . . .1225

Wyle Telemetry & Data Systems  . . . . . . . .302

Zodiac Data Systems, Inc.  . . . . . . . . . . . . . . . . . .406

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

= Gold Sponsorship

= Silver Sponsorship

Sponsorships still available.
Be a gold sponsor and get noticed!

[Exhibitors providing staff members
on this year’s ITC Committee]
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HOTEL INFORMATION
Event Location
ITC/USA 2009 will take place at the Riviera Hotel & Convention Center in Las
Vegas, NV.  Located right on the famous Las Vegas Strip just 20 minutes from
McCarran International Airport, the Riviera is an all-in-one convention destination,
offering convention services, dining, entertainment, and hotel accommodations — all
under one roof.  Most ITC events, including short courses, technical sessions, and
exhibits, will occur in the Convention Center area of the hotel property.  Other
events, including the ITC icebreaker and conference luncheon, will be clearly marked
with signs.  The Riviera is located at 2901 Las Vegas Boulevard, south of Sahara
Avenue and north of Desert Inn Road.  Free parking is adjacent to the Convention
Center.

Hotel Reservations
ITC/USA 2009 encourages all attendees and exhibitors to stay at the Riviera during
the conference.  Doing so, justifies our free use of convention space during the con-
ference, 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 conference when booking your reser-
vation.  The cut-off date to reserve under the room block is October 7th, 2009.
After that, rooms will be sold on a space-available basis.

Room Block Cut-Off: October 7, 2009

Reservations via Web: www.telemetry.org

Reservations via Phone: 1.800.634.6753 / please cite “International Telemetering
Conference” when making reservations.

Reservation Policy: The credit card number you submit when reserving the
room will not be charged until you check in at the hotel.  There is a 12% hotel sales tax.

Cancellation Policy:  There will be a charge for one night’s stay, plus tax, if the
reservation is not cancelled prior to 12:00 noon (Pacific Time) 2 days prior to the
arrival date.

Energy Surcharge: A $3.81 surcharge will be included in the guest room rate of $89.

If you need to reserve more than one room, establish master billing, or have any
questions, please contact Riviera Hotel Room Reservations at 1.800.634.6753. For
more information on the hotel’s policies, please visit their Web site at
www.rivierahotel.com/roomsandreservations.html.

Riviera Hotel
 & 

Convention C
enter

$20M renovation

just complete
d!

Reserve now to 
ensure the best selecti

on!

WIRELESS
ACCESS

For your convenience,
the Riviera offers
wireless access in the
lodging rooms at the
rate of $9.95 per 24-
hour period.  There
will also be an Internet
Café for personal use
by attendees within
the Exhibit Halls.
Please consult the
Exhibitor Packet for
Internet access at
exhibitor booth spaces.

ICE

Now Skating!

STAY AT THE NEW
RIVIERA AND WIN!!
Thirteen ITC Attendees
will win CASH $$

• One Grand Prize $1,000!!
• Two First Prizes $500
• Ten Runner-Ups $100

ITC attendees staying at the
Riviera will be given one entry for
each day booked, up to a maxi-
mum of 4.

Drawing will be held at the
Keynote Luncheon.  Winners need
not be present to win.

NEWLY

RENOVATED

ROOMS!
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ITC’09 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

Regular with 
Short Course

Provides access to all exhibit areas/technical sessions and one Monday short
course.  Includes a DVD of the Technical Proceedings.

$425

Author/
Session Chair

For those individuals whose technical paper has been published in ITC 2009
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

Author/Session
Chair with
Short Course

For those individuals whose technical paper has been published in ITC 2009
Technical Proceedings and/or individuals who will be chairing a technical
session and want to take one Monday short course.  Includes access to all
exhibit areas/technical sessions and a DVD of the Technical Proceedings.

$425

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

Active Duty
Military with
Short Course

For those individuals on active duty.  Provides access to all exhibit areas,
technical sessions, one Monday short course and includes a DVD of the
Technical Proceedings.

$260

Student
For full-time students.  Provides access to all exhibit areas, technical sessions
and includes a DVD of the Technical Proceedings.

$10

Student with
Short Course

For full-time students.  Provides access to all exhibit areas, technical sessions,
one Monday short course and includes a DVD of the Technical Proceedings.

$260

Exhibits Only
Pass

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 Provides access to all exhibit areas. No Charge

Conference
Luncheons

Ticket allows admittance to Conference Luncheon or Historical Perspective
Luncheon. 

$20 each
luncheon

ITC/USA 2009 
REGISTRATION POLICIES

Online Registration Deadline
Don’t wait… 
go to www.telemetry.org.
Online registration ends
October 23, 2009.
Substitutions
Substitutions are allowed.  Please
e-mail requests to: itcusa@live.com.
Cancellations
Refunds will be accepted only for
cancellations received before
October 16, 2009.
Badging Info
Badges for anyone that registers
online will be available for pickup
at the ITC registration desk
beginning Sunday, October 25,
2009 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 23,
2009, you’ll need to register
at the conference.  On-site
registration begins Sunday,
October 25 at 4:00 p.m.
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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.
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CONFERENCE PLANNER

Join Us For

The world’s most comprehensive telemetry event, featuring:
> Short courses on telemetry topics and technical sessions on the latest solutions

and technologies

> Exhibits from over 100 of the industry’s traditional and newest suppliers

> Keynote speaker and panel discussions

> Special events and drawings

Stay at the NEWLY

RENOVATED Riviera

and you could WIN 

up to $1000!!
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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, and the University of
California at Santa Barbara.

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.

>

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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