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Foreword
Thanks everyone for attending this, the forty-fourth year of the International Telemetering Conference.
In last year’s edition I described the roles of the International Foundation for Telemetering and the volunteer ITC organizing
committee in providing financing for and organizing the conference. The two leadership positions on the volunteer committee, the
General Chairperson, and the Technical Chairperson change each year. There are five principle organizations, each stake holders
in the development of the telemetry sciences, which provide senior personnel for these two positions and rotate sharing responsibility
for sponsoring the conference; Army, Navy, Air Force, NASA, and Education.
This year’s conference is sponsored by the five universities that are recipients of financial support for their telemetry studies
programs from the IFT. These universities are Brigham Young University, Missouri University of Science and Technology, University
of Arizona, University of California at Santa Barbara, and New Mexico State University. This year’s General Chairman is Dr. Michael
Rice from Brigham Young and our Technical Chairman is Dr. Kurt Kosbar from Missouri University of Science and Technology.
Each of these universities has vibrant programs dedicated to expanding the knowledge of telemetry sciences. As I’ve read through
the reports for this year from the Universities to the Board of Directors of the Foundation, I’ve marveled at the technical depth of the
topics being explored by the students in their studies and projects.
Of particular significance is the practice where the telemetry studies groups of each of the universities contribute their resources and
expertise to other departments and projects. As we know, telemetry is present in many non-obvious aspects of our lives, from
access controls and alarm systems to the diagnostic computers that the corner garage uses to tune our cars.
Some of my favorite examples from reading through the reports included instrumenting a solar powered car for a race that Missouri
University of Science and Technology fields for a competition every two years. The instrumentation systems started out as simple
designs that reported only a few basic measurements and have evolved into complex units that monitor and control a large number
of the systems on the vehicle, including integrated voice and data communications.
At the University of Arizona, multi-disciplinary teams of students and faculty from the Electrical and Computer Engineering
Department, College of Engineering and the College of Optical Sciences have joined together for Capstone design projects.
The conference, by way of the contributions of the Foundation, plays a very important role in development of future range engineers.
Your attendance supports the Foundation and our committee in meeting our annual goals of putting on a quality conference that
strengthens the advancement and study of the telemetry sciences.
Speaking for the foundation and our all volunteer committee members that help to organize the conference each year, we hope that
all of you will leave this year’s conference with more knowledge, more understanding, and more appreciation for the sciences that
support your endeavors.
Steve Proudlock

Disclaimer:
We have strived to accurately reproduce papers on CD-ROM and now DVD in a format that can be easily
read and widely accessible. We know this process is less than perfect, and errors may have been introduced
or material inadvertently omitted. There were instances in which the electronically submitted manuscript
differed from the hardcopy reference – some papers were resubmitted multiple times. Wherever possible we
tried to use the most recently submitted electronic copy as the correct version. For hardcopy conversion of
old proceedings, additional opportunity for error is introduced. The trials and tribulations of this aspect of our
work have been noted annually in this set of notes accompanying each CD or DVD over past years. In any
case, the International Foundation for Telemetering assumes no responsibility for the correctness or accuracy
of material appearing in these proceedings. In all cases where the data is to be put to use, the author or
authors of the material should be consulted to verify the correctness and accuracy of the material.
Copyright:
All material on this DVD is Copyright© International Foundation for Telemetering, all rights reserved unless
the paper was submitted as “U. S. Government - All Rights Reserved,” or other restrictions were accepted as
noted on individual papers and/or on the copyright forms.
Corrections:
This DVD contains the 1965 through 2008 proceedings. Corrections to this material will be considered for
inclusion in future DVD’s. In order to be considered, corrected material must be accompanied by a correction
request signed by all authors of the paper. The correction request must note exactly what material has been
or needs to be corrected. To be considered, corrections must be submitted by June 1 of the current year to
that year’s Technical Program Chair. The 2002 conference proceedings on this release implemented a
correction of this type: paper 02-04-1 was withdrawn by the author.
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On behalf of the International Foundation for Telemetering (IFT),
it is my pleasure to welcome you to the 2008 International
Telemetering Conference. This year’s ITC committee, led by the
General Chairman, Michael Rice, and the Technical Program
Chair, Kurt Kosbar, has again assembled an outstanding technical and social program. The year after year dedication, innovation, and professionalism of the all-volunteer team is the prime
reason the ITC continues to meet the needs of the telemetry
community and the telemetry industry.
Norm Lantz
Board President
International
Foundation for
Telemetering

This year’s program provides a comprehensive program to you,
the attendees. There are short courses which cover the fundamentals for the new telemetry engineer and new technology
courses for the experienced individual. The technical program is
well-integrated with many interesting new concepts being presented. And the technical exhibits continue to grow. Each exhibitor has a wealth of new
technology available to apply to your particular or unique needs.
The IFT commitment to the science and applications of telemetry continues to move
forward. The goal of our academic programs has been to promote the art and science
within academia by establishing telemetry-focused programs at five major universities:
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 are pleased with both the results at the individual universities and with
the synergistic relationship that have developed between them - all in the name of
telemetry technology innovation.
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The IFT exists solely to serve the telemetry industry and you, the telemetry professional. To this end, we continue to solicit your comments on how we can better serve your
needs. Contact one of us at the ITC or through the “telemetry.org” web site.
While attending the ITC take the time to renew friendships, meet new colleagues, and
re-kindle your enthusiasm for telemetry and its applications.
The ITC committee has provided the opportunity to do so …take advantage of it!
— Norm Lantz
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2008 General Chairman
BYU University
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Wiley Dunn
2008 Exhibits Chairman
L-3 Communications
San Diego, CA

Lena Peña
2008 Executive Coordinator
MIRATEK Corp.
El Paso, TX
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On behalf of the ITC Organizing Committee, we invite you to attend the 44th
International Telemetering Conference in beautiful San Diego, California. The conference
theme “Telemetry: Measure, Move, Record, Analyze... We Do It All” conveys the
can-do attitude exemplified by the technicians, engineers, instrumentation, flight test, and
data processing specialists that make all this possible. The conference program this year
will celebrate the accomplishments of these working engineers.
For those of you who have attended the ITC before, you will notice some exciting
changes in 2008. The most significant of these changes is the opening of the new Grand
Exhibit Hall at the Town and Country Convention Center. This hall features new, stateof-the-art exhibit space that has allowed the conference to expand to more comfortable
dimensions.
The opening session features a panel discussion describing the recent WRC allocations
for worldwide telemetry spectrum. Like the new exhibit hall, the new spectrum has the
potential to alleviate some of the pressures on frequency management in some of the
more crowded telemetry bands. We invite you to attend the opening session to meet
those who made this possible, to learn about the regulatory issues accompanying these
new allocations, and to ask your own questions.
The keynote luncheon speaker is Dr. Michael Marcellin who will give an informative and
entertaining overview of digital cinema. This is an opportunity for you to learn from one
of those who wrote the standard, how digital cinema may solve some of the data movement problems in range telemetry.
The technical program features 11 one-day short courses and 22 technical sessions
devoted to the usual suite of topics important to telemetry personnel.
The ITC staff is grateful to all the attendees, exhibitors, and speakers who volunteer their time
to make ITC the premier event in telemetry. We look forward to seeing you in San Diego.
— Michael, Kurt, Wiley & Lena
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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 43 years.
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Short Courses

Principles of
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Intermediate
TM Ground Telemetry Chapter 10,
9:00 AM Modulation Signals &
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Station Networks Recording
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Techniques Modulation
Standard
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TIME
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to
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8:00 AM
TUESDAY, OCT. 28
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CLOSED

>Location: Terrace Pavilion (by the pool)

Opening Ceremony >Location: Golden Pacific Ballroom
Telemetry and the World Radiocommunication Conference. Now What?
Chair: Dr. John Foulkes, Director, Test Resources Management Center

11:00 AM

CLOSED

Exhibits Are Open from 11:00 AM to 7:00 PM
1.

1:30 PM
to
4:30 PM

2.

RCC-TG and TSCC
Technical Sessions:
Special
Session

3.

Time-Space
System
Positioning/ Management
GPS

4.

5.

Payload &
System
Software
Development

Network & Transport
Protocols

5:00 PM

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

8:00 AM

Exhibits Are Open from 8:00 AM to 11:45 AM
6.

WEDNESDAY, OCT. 29

Performance Image
Fundamentals
-Based Compression Introduction
of Microwaves SETUP
Sensor
with JPEG
to GPS
& RF
Selection
2000

Panelists: Brian Ramsay, Dr. Gerhard Mayer, Jean-Claude Ghnassia, and Steve Lyons

8:30 AM
to
11:30 AM

12:00 PM

Technical Sessions:

Emerging iNET
Standards
Special
Session

7.

8.

9.

Telemetry in Reliability, Modulation &
Extreme
Maintenance SynchroniEnvironments
& Risk
zation
Management

OPEN
11:00
AM
to
7:00
PM
ree!

F
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All Welco

10.

Multipath
Environments

Conference Luncheon >Location: Golden Pacific Ballroom
An Overview of Digital Cinema: Are There Answers for Telemetry?

OPEN
8:00
AM
to
11:45
AM

CLOSED

Speaker: Michael Marcellin, Regents’ Professor, University of Arizona
2:00 PM

Exhibits Are Open from 2:00 to 6:00 PM / Exhibitor Feedback Meeting 4:30 to 5:30PM >Esquire Room
11.

2:30 PM
to
5:30 PM

Technical Sessions:

12.

13.

14.

15.

16.

Joint Advanced Missile
iNET
Aeronautical Remote Site
Data
Imaging &
Instrumentation (JAMI) Technologies Telemetry
Telemetry Management
Video
User Group
Systems
& Post
Processing
Special
Session

OPEN
2:00
PM
to
6:00
PM

Exhibits Are Open until 6:00 PM
8:00 AM
THURSDAY, OCT. 30
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Basic Systems
Engineering

Exhibits Are Open from 8:00 AM to 12:00 PM
17.

8:30 AM
to
11:30 AM

Technical Sessions:

18.

19.

ICTS:
Telemetry
Data
Future Direction of Receivers & Acquisition &
International Telemetry Systems
Instrumentation
Systems
l
Specia
Session

20.

21.

22.

Telemetry
& Range
Systems

Error
Control
Coding

Sensor
Networks

OPEN
8:00
AM
to
12:00
PM

Exhibits Are Open Until 12:00 PM

Special sessions consist of late-breaking technical presentations and will not have material in the Proceedings.
Times and locations subject to change. Consult on-site program for latest information.
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>MONDAY, OCTOBER 27, 2008 | 9:00AM–5:00PM
Short Course

Who Should
Attend?

Advanced
Modulation
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 waveforms
are also addressed, with particular emphasis on synchronization techniques and performance.

Mr. Terry Hill,
Quasonix, LLC

Basics of Signals
& Modulation

Beginning
technical
personnel

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 representations. Emphasis will be on graphical representations with minimal mathematical requirements.

Dr. Stephen Horan,
New Mexico State
University

Intermediate
Concepts

Experienced
telemetry
users

It includes a discussion of technology topics covering the entire system from Nyquist through computers, RAID, and Chapter 10 airborne and ground recorders — from signal conditioners to recorders,
workstations, and software. Specific topics include systemic implementations of Nyquist and its hidden
impacts, recorder architectures, RAID implementations (DAS, NAS, SAN) and performance issues of
Windows and Unix system architectures, Range Communications, and the use of the new Chapter 10
data formats, with a review of how the new iNET architecture will impact the ranges through 2025.

Mr. Tim Gatton,
Wyle Telemetry
and Data Systems

Principles of TM
Ground Station
Antennas

Experienced in
telemetry &
satellite communications

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, Orbit-CS, Inc.

Telemetry
Networks

Technical
personnel

Participants will gain an understanding of network models, applicable network technologies, design
issues associated with building networks that contain telemetric links, and end-to-end telemetry applications. This will be followed by an overview of current networking technologies that show promise for
use in airborne telemetric networks and specifically will address the technologies being investigated by
the iNET (Integrated Network Enchanced Telemetry) program.

Mr. Thomas Grace,
NAVAIR; Mr. John
Roach, TTC; Mr.
Myron Moodie,
SwRI

IRIG 106-07 Chapter
10, Onboard Solid
State Recording
Standard

Technical
personnel

Offers an in-depth tutorial presentation of the new IRIG 106-07 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 concentrates on analysis of data streams for efficient transfers over the communication link. Sampling, filtering,
commutation, and RF link characteristics are studied. Line Coding (NRZ-L, BIΦ-L, etc.) with their spectral
(Fourier) characteristics, bandwidth and filtering requirements are analyzed. Benefits of using source coding for data transmission is explained (randomization, Forward Error Correction (FEC), Block coding,
Convolutional coding, Turbor Coding concepts are covered). Modulation techniques such as AM, PCM/FM
(CFSK), BPSK and QPSK are analyzed; their Eb/N0 and BER performance characteristics compared.

Mr. Hal Altan,
Honeywell,
Clearwater Space
Division

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

Technical
personnel

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

Dr. Michael W.
Marcellin,
University of
Arizona

Image Compression
with JPEG 2000

Introduction
to GPS

Fundamentals of
Microwaves and RF

Description

Instructor

Technical
This course will provide a fundamental understanding of GPS concepts including the latest techniques in GPS
personnel with inpositioning, error calculations, and DGPS Methods in real-time. Comprehensive analysis of strapdown inerdepth mathematitial navigation systems as applied to military aircraft, guided weapons, and ground tracks over land and sea.
cal experience

Technical
personnel

The course begins with basic principles such as the microwave spectrum, wave propagation and reflection theory, standing waves and polarity. The second section discusses microwave component design and
applications such as antennas, transmissions lines, couplers/splitters, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc. The use of the Smith Chart is discussed. The final section discusses
the design and application of a microwave digital TLM transceiving system, including trade-offs impacting
performance such as bit error performance, noise and dealing with multipath effects.

Mr. Karl Horton,
DRS C3, Inc.

Mr. Mark
McWhorter,
Lumistar, Inc.

*Short course certificates provided upon request.

GUEST SPEAKERS

ITC/USA’08 GUEST SPEAKERS
OPENING CEREMONY: TELEMETRY AND THE WORLD
RADIOCOMMUNICATION CONFERENCE. NOW WHAT?

>Tuesday, October 28, 2008 8:00am – 11:00am | Golden Pacific Ballroom
By means of an international grassroots effort, a small group of telemetry practitioners has gained us
access to additional spectrum for flight test. Likening to a “mouse that roared”, this panel, comprised
of the major players in this WRC 2007 success, will discuss how this success was achieved, how the
telemetry community should position and defend itself in future WRCs, and where international
telemetry should go from here.

Chairman: Dr. John B. Foulkes

Director, Test Resource Management Center (TRMC)
As Director, 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 effective 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.
Brian Ramsay – Member, US WRC Delegation
Mr. Ramsay is a Lead Communications Engineer for
The MITRE Corporation, specializing in spectrum policy and regulatory issues. He has over 20 years of
domestic and international spectrum management
and regulatory experience, including participation as
a U.S. delegation member and/or spokesperson at
several International Telecommunication Union (ITU) World
Radiocommunication Conferences (WRCs).
Dr. Gerhard Mayer – Member, German WRC
Delegation
Dr. Mayer is an honorary and visiting professor for
applied informatics at the Department of Computer
Science, Paris Lodron University of Salzburg, Austria,
lecturing on acquisition and transmission of real-time
data and wireless networking technologies. Previously,
Dr. Mayer worked for the German Aerospace Agency
(DLR), where he was responsible for the design, analysis
and operation of various aerospace ground and onboard
systems, mainly in science and remote-sensing missions. He

was one of the founding members of the European Society
for Telemetering and their first president. As one of the
founding members of the International Consortium for
Telemetry Spectrum (ICTS), he served as chairman
(2006–2008), participating in the WRC 2007 as a German
delegate.
Jean-Claude Ghnassia – Member, French WRC
Delegation
Mr. Ghnassia retired recently as Deputy
Director, Airborne Instrumentation for Airbus
(Toulouse, France). He remains active in the
international telemetry community as a member of the French WRC delegation in 2007, as
an advisor to the Agence Nationale des
Fréquences (French Spectrum Management Agency), member
of the European Telemetry Standards Committee, the
European Test and Telemetry Conference steering committee, and the European Society for Telemetering, and as the
Region 1 Coordinator for the International Consortium for
Telemetry Spectrum.
Steve Lyons – QinetiQ iX, UK
Mr. Lyons has held a diversity of management positions within QinetiQ including
responsibility for Telemetry Operations at the
UK Aberporth and Hebrides Air Ranges. He is
presently a Senior Project Manager with the
QinetiQ SDS department tasked with delivering a major program of investments in UK T&E capabilities in order to fulfil future test and training requirements. Mr. Lyons is a past chairman of the International
Consortium for Telemetry Spectrum. He remains active in
the ICTS, European Telemetry Standards Committee and
the European Society for Telemetering.

CONFERENCE LUNCHEON
>Wednesday, October 29, 2008
12:00pm – 2:00pm | Golden Pacific Ballroom

Relax during lunch as you hear an overview of
critical issues in digital cinema, including image
characteristics, projection technologies, encryption, watermarking, and most notably — very
high quality compression for high-resolution
motion images.The talk will include a discussion
of current and potential applications for this
compression technology in telemetering applications.

A N OVERVIEW OF
D IGITAL C INEMA :
A RE T HERE A NSWERS
FOR T ELEMETRY ?
Luncheon Speaker:
Michael Marcellin, PhD
Regents’ Professor, University of Arizona
Dr. Marcellin holds the title of Regents’ Professor
of Electrical and Computer Engineering, and of
Optical Sciences at the Univ. of Arizona,. His
research includes digital communication and data
storage systems, data compression, and signal
processing. He has authored or co-authored
more than 200 publications in these areas.
Dr. Marcellin is a major contributor to JPEG2000,
the emerging second-generation standard for
image compression. Throughout the standardization process, he chaired the JPEG2000 Verification
Model Ad Hoc Group, and is coauthor of the
book, “JPEG2000: Image compression fundamentals, standards and practice,” a graduate level
textbook on image compression fundamentals,
and definitive reference on JPEG2000. He served
as consultant to Digital Cinema Initiatives (DCI),
a consortium of Hollywood studios, on the development of the JPEG2000 profiles for digital cinema. Professor Marcellin is a Fellow of the IEEE,
and the recipient of numerous awards.

ITC/USA 2008 TECHNICAL SESSIONS AND SESSION CHAIRS
>Wednesday, October 29
Session 6. iNET Standards
Daniel Skelley, NAVAIR-Pax River

Session 2. Time-Space
Positioning/GPS
Kevin Crawford, NASA Marshall Space
Flight Center

Session 7. Telemetry in
Extreme Environments
Jaime Reyes, White Sands
Missile Range

Session 3. System Management
Ray Faulstich, CSC Range &
Engineering Services

Session 8. Reliability,
Maintenance & Risk
Management
Brian Keating, NAVAIR-Pax River

Session 4. Payload & System
Software Development
Rodger Charroux, The Aerospace
Corporation

Session 9. Modulation &
Synchronization
Robert W. Selbrede,
JT3-Edwards AFB

Session 5. Network & Transport
Protocols
Lance Self, Air Force Research Lab

Session 10. Multipath
Environments
Terry Hill, Quasonix

Session 11. Joint Advanced
Missile Instrumentation (JAMI)
User Group
Rick Marvin, NAVAIR-China Lake
Session 12. iNET Technologies
Daniel Skelley, NAVAIR-Pax River
Session 13. Aeronautical
Telemetry
James Yates, L-3 Communications
Session 14. Remote Site
Telemetry Systems
Darryl Burkes, NASA Dryden Flight
Research Center
Session 15. Data Management &
Post Processing
Richard Hansen, AFFTC-Edwards AFB (ret.)
Session 16. Imaging & Video
Jesus M. Benitez,White Sands Missile Range

>Thursday, October 30
Session 17. ICTS
Gerhard Mayer, University of
Salzburg/ICTS
Session 18. Telemetry Receivers
& Systems
Archie Moore, Spiral Technology, Inc.
Session 19. Data Acquisition &
Instrumentation Systems
John Welker, AFFTC-Edwards AFB
Session 20. Telemetry & Range
Systems
Thomas Grace, NAVAIR-Pax River
Session 21. Error Control Coding
Tim Gatton, Wyle Telemetry & Data
Systems
Session 22. Sensor Networks
Lee Eccles, Boeing Corporation

ITC/USA 2008

>Tuesday, October 28
Session 1. RCC-TG & TSCC
James Yates, L-3 Communications and
Ronald Pozmantier, AFFTC-Edwards AFB

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

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

Telemetry Learning Center at
Missouri University of Science and Technology
(Formerly: University of Missouri – Rolla)

In 1998 the Telemetry Learning Center (TLC) in Rolla, at the school now
known as the Missouri University of Science and Technology (Missouri
S&T). The goals of the center include creating new courses directly related
to telemetry applications, introducing telemetry problems and projects into
the existing curriculum, and providing hardware and expertise to a wide
range of projects which use telemetry. Many of the projects have been in
non-DoD related areas.
Missouri S&T has been working for many years in the area of alternative
energy sources. One of the high visibility projects in this area has been the
UMR/MST solar car project. A new vehicle is built for every race, typically
held every two years. The cars have evolved from slow moving vehicles
simply trying to complete the course without stopping each day – to cars that
are now usually only limited by the speed limit on the roads they travel.

With each new car, comes a new telemetry system. These systems have also
evolved from devices that did little more than report a few basic
measurements, to ones that have the ability to monitor and control a large
number of systems on the vehicle, and provide integrated voice and data

communications. The Students shown below were funded in part with IFT
donations, and developed the telemetry system used in one of the recent
solar vehicles.

Another UMR/MST project has been a house built for the Solar Decathlon
challenge. These houses are designed to be as comfortable and attractive as
a modern apartment, but rely exclusively on renewable sources of energy.
They must also be constructed using currently available technology – and be
moved to the National Mall for the annual competition. A variety of
students working on this project have also been supported by the IFT.

Other projects supported by the TLC include: Multiple-Input Multiple
Output Channels for air-to-ground telemetry systems, cognitive radio
systems, nanosat support, structural health monitoring of civil engineering
structures, sensor networks, health monitoring and performance analysis of
composite materials, telemetry for autonomous vehicles, and SAE formula
race cars.
The technical breadth of the telemetry community, combined with the
flexibility of the IFT support, has made the TLC a particularly useful and
adaptable center. The TLC is often used to support projects initiated outside
the center. This support has provided welcome relief to many teams who
have discovered that they overlooked, or failed to allocate enough resources
for, the telemetry and data logging aspects of their designs.
Faculty specializing in communications, image processing, electromagnetic
compatibility and power distribution all participate in the TLC activities. To
support distance education, these faculty have developed web resources for
telemetry applications, EMC, and real-time digital signal processing. A
distance education curriculum has been developed at Missouri S&T in
cooperation with the University of Southern California (USC) and the
Boeing Company to offer a Master of Science degree in Systems
Engineering to non-traditional graduate students. Using the world wide web,
and other means of electronic delivery, students from across the U.S., and
throughout the world, can participate in selected courses taught on the MST
and USC campuses.
The IFT funds have been used to leverage additional support from a variety
of public and private sources, providing students with improved test
equipment including high frequency signal sources, scopes, spectrum
analyzers, printed circuit board fabrication equipment, SMT assembly and
rework stations, and assorted test equipment.
Travel funding has also been supplied by the IFT, to allow students to attend
the ITC conferences. In addition to providing technical stimulation for the
students, it has given some Midwestern students their first taste of Las Vegas
and Southern California (and some have never been the same since).
The faculty, staff, and students at Missouri S&T would like to thank the IFT,
and the ITC participants for their many years of support, guidance and
encouragement.

UC Santa Barbara
Annual Program Review
Ron Iltis and Hua Lee
April 2008
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High Efficiency MIMO Telemetry by Spatial Multiplexing
MIMO-OFDM and Space-Time Eigencoding
Single-Carrier vs OFDM Underwater Acoustic Modems
Combined Optical-Acoustic-Microwave Sensing Systems
Ground Penetrating Radar Imaging
Flexible Ultrasound Imaging Arrays
THz Imaging
UAV UUV Collision Avoidance

Cooperative Sensor MIMO

Multi-antenna
collector

Assume local sensor subnet has already formed consensus
(e.g. target localization.)
Transmit common pool of data b to stand-off collector.
Goal is to keep individual sensor radio power constant, but
add sensors to increase range.

AquaNode Modem Prototype
Power
Amplifier

Pelican case

TI 6713 DSK

Sonatech Transducer
24 KHz center freq.

UC Moorea

Modem field tests, July 2007
UC Berkeley Gump Station, Moorea French Polynesia

Moorea 2007 UCSB
UWA Modem Results
Graduate Students:
Tricia Fu, Daniel Doonan,
Chris Utley, Bridget Benson.

Unanchored Transducers:
Viapahu Lagoon Test
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Viapahu Lagoon Results
(Test Set B)
MP Modem Test
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RV Test
Dist (m)

SNR (linear)

SNR (dB)

330

151.48

21.80

440

61.39

17.88






Distances:

L1: 333 m +/- 7.5 m

L2: 440 m +/- 25 m
SER averaged < 1% at both 330 and 440 m.
Few obstructions on lagoon floor.
Doppler spread (after median filtering) generally on the order of 0.01 Hz.
Only 10 watts electrical power fed into transducers (~ 2 watts acoustic output).

HDS Transducer

Stability Problems
of the Conventional Approach
50

Sweep1 (Blue Circles)
Sweep2 (reversed) (Red square)
Sweep 6 (Reversed) (Blue Circles)
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(Laboratory experiments)
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Full-view vision array

Field Tests
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Microwave reflectivity profile
(8 transceiver elements)

Flexible Ultrasound Imaging Array

Image Formation
(Variation of Number of Transceivers)

Image Formation
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Current THz Medical Imaging





Current medical imaging
systems are transmission based
time domain systems
Slow acquisition times
Samples must be specially
prepared to obtain good image
quality




Cancer of the esophagus (horse)
http://www.pi1.uni-stuttgart.de/indexjs.html

Dried
Sliced very thin
Sandwiched flat between low loss
dielectric sample mounts

Liver Cancer (human)
http://www.opto.rub.de/

Basal cell carcinoma (human)
http://optics.org/cws/article/research/9937

Imaging System Overview










Broadband THz Source
Wave guide mounted diode
detectors
Quasi-Homodyne, Gated
receiver
16 ms time constant
Peak SNR of 70 dB (600
GHz)
2 dimensional whiskbroom
scanning

THz Source






High speed photoconductive
material grown at UCSB
Large instantaneous power
(2.2 W)
Broad instantaneous
bandwidth (1 THz)

Reflective THz Imaging System
780 nm Laser

Off-Axis
Parabolic
Mirrors

Photoconductive
Switch

Target
Bench-top setup

Close up of system and
components
Photodiode
VDI 600 GHz Detector

Detector
DC Bias Lines

Mounted
Photoconductive
Switch
(Front)

Si Hyperhemisphere

Mounted
Photoconductive
Switch
(Front)

Imaging through Denim








Imaging in reflection of
metallic target through 1 mm
thick denim
~ 4.5 dB attenuation per
1mm of denim
Denim thread SNR ~ 36 dB
16 ms integration/pixel
Spatial resolution better than
1.2 mm demonstrated

Pig Skin Imaging Results

Uninjured Skin






Burned Skin

Black dots on top side of image are mounting nails
Burned
area
Burn
+ 5contains
layersless water and hence less reflective
Burn + 10 Layers
Arc underneath UCSB denotes possible burn intensity
Imaging possible through 10 layers of gauze

Current Extramural Funding
Grant/Contract

Dates

Budget

NSF “Noncooperative Beamforming for Ad hoc
Networks”

2004 - 2008

$ 240K

NSF “Adaptive Radiolocation for Mobile Sensor
Networks”

2004 - 2008

$ 400K

NSF SGER “Algorithms and Architectures for Low Cost
High Data Rate Acoustic Modems using Single Carrier
Modulation”

2007 - 2008

$ 70K

Toyon-AFOSR “Non-line-of-sight communications”

2007 - 2008

$ 225K

UC Micro-Sonatech “UUV Homing and Docking”

2007 - 2008

$ 60K

DHS-TFEI “Sensor and sensing technology”

2007 - 2008

$ 500K

ONR STTR “UAV Collision Avoidance”

2007 - 2008

$ 50K

Army TATRC

2007 - 2008

$ 200K

Upcoming Activities






Combined Optical-Acoustic-Microwave Sensing
Systems (OSD)
Non-line-of-sight Communications for UAV
Units (OSD)
Ground Penetrating Radar Imaging
(ArgonST)
Flexible Ultrasound Imaging Arrays
(US Army TATRC)
THz Imaging (US Army TATRC)

Additional 2008 - 09 Tasks





National Security Institute (2008)
Research Workshop (2009)
Acoustical Imaging Symposium (March 2009)
Textbook (Imaging Systems, Wiley)

TELEMETERING AT THE UNIVERSITY OF ARIZONA
Michael W. Marcellin
Department of Electrical and Computer Engineering
The University of Arizona
Tucson, AZ 85721

ABSTRACT
The University of Arizona has vibrant education and research programs in telemetering. We
teach a significant number of courses related to telemetering. Numerous undergraduate capstone
design projects are based on telemetering concepts. Several research projects, resulting in MS
and PhD theses, are relevant to telemetering. We briefly summarize our activities in these areas,
as well as our involvement in the International Telemetering Conference.

COURSES
In the 2007-08 academic year, we taught many courses that include telemetering concepts. The
most germane of these are listed below:
Telemetering Systems
Microwave Engineering
Antenna Theory and Design
Digital Signal Processing
Intro to Communications
Fundamentals of Computer Networks
Digital Communication Systems I
Digital Communication Systems II
Optical Communication Systems
Computational Sensing
Detection and Estimation
The Telemetering Systems course was taught in Spring 2008 by Professor Marcellin, using the
excellent text by Professor Horan of New Mexico State University. In the 2008-09 academic
year, we will offer the same courses, but with Telemetering Systems, Computational Sensing,
and Detection/Estimation replaced by Radar Systems, Data Compression, and Information
Theory. Each of these courses is currently being taught every other year.

CAPSTONE PROJECTS
The Electrical and Computer Engineering Department has recently taken the lead on a change in
format of the undergraduate senior capstone design projects. We have joined forces with other
departments in the College of Engineering, as well as the College of Optical Sciences. Each
capstone project is addressed by a multi-disciplinary team involving students from several
1

departments. Capstone design projects can be proposed and sponsored by external organizations
and/or university faculty. Projects are typically sponsored by engineering companies. In the
2007-08 academic year, one project was sponsored by the International Foundation for
Telemetering. At least wo projects will be sponsored for 2008-09. Several additional projects
employ telemetering concepts. These include a self guided security robot, a conceptual design of
a camera for the Orion spacecraft, an automobile tire monitoring system, smart cars in a self
healing mesh network, a wireless traffic data collection system, and a wireless shopping cart
network. Two of these projects are discussed briefly below.
The self guided security robot was sponsored by Intel, with faculty mentors Chuck Higgins and
Anthony Lewis. The goal was to design a robot that could monitor an indoor area. The robot was
to be capable of detecting and challenging intruders, asking for identifying information such as
name or password. A competition was organized with three teams from Arizona State
University. The University of Arizona team emerged victoriously.

…in action.

The robot…

The victorious team!

The wireless shopping cart network project was sponsored by the International Foundation for
Telemetering, with faculty mentors Michael Marcellin and Hao Xin. The team developed a
wireless network system to streamline grocery store checkout procedures. The design employed
wireless MPR2400 MICAz motes as transceivers for the system. The module in the shopping
2

cart employed a barcode scanner and an LCD display integrated to the wireless mote. This
system allows customers to scan items while they shop, permitting them to use the cashier only
for payment purposes, rather than standing in line and waiting for the cashier to scan each one of
their items. This project resulted in an undergraduate paper for ITC 2008.

Shopping cart module:
Controller, scanner, mote, display

Base station w/ wireless receiver (left)
Cashier station (right)

Sean Tunell, Bruno Mayoral, Andrea
Chaves, Hyun-Jin Park, Mark Tsang

INTERNATIONAL FOUNDATION FOR TELEMETERING FELLOW
The International Foundation for Telemetering has graciously sponsored a graduate fellowship at
the University of Arizona. The 2007-08 IFT Fellow is Han Oh. Han is a PhD student in
Electrical and Computer Engineering at the University of Arizona. He is doing his PhD research
in the area of perceptual-quality-driven image and video compression. Han will present his work
at ITC 2008.
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Han Oh

ITC 2007 ACTIVITIES
The University of Arizona was well represented at the 2007 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 overlaps 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 a presentation on Telemetering at
the University of Arizona at the Opening Session, along with presentations from the other
universities supported by the IFT.
Six students from the University of Arizona attended ITC 2007. Three undergraduate students
and three graduate students were there. The three undergraduate students were Bruno Mayoral,
Hyun-Jin Park, and Mark Tsang. These are three of the “wireless shopping cart” capstone team
discussed above. They were very excited about attending the ITC in 2007, and were highly
motivated to write a paper for ITC 2008. The three graduate students were Yookyoung Kim, Han
Oh, and Hari Lalgudi. Hari had a student paper at ITC 2007: Scalable low complexity coder for
high resolution airborne video. Han will have a paper at ITC 2008 as detailed below.
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ITC 2008 ACTIVITIES
2008 is a banner year for the University of Arizona. The Spring IFT board meeting and ITC
planning meeting were hosted by the University of Arizona. Both meetings were a resounding
success. Professor Marcellin will again attend the TSCC meeting at ITC 2008, as well as offer
his JPEG2000 short course. He will serve has a session chair for the conference. Additionally, he
is giving the luncheon keynote talk. The title of this talk is “An overview of digital cinema: Are
there answers for telemetry?” In this talk, he will discuss his experience working on digital
cinema standards (in particular, the compression system employed therein), and how they might
be useful in telemetering applications.
The University of Arizona will have four student papers at ITC 2008. These papers are detailed
below:
• Two undergraduate student papers
o Wireless sensor networks: A grocery store application
 Students: Andrea Chaves, Bruno Mayoral, Hyun-Jin Park, Mark Tsang,
and Sean Tunell
 Faculty Mentors: Michael Marcellin and Hao Xin
o Joint JPEG2000/LDPC code system design for image telemetry
 Students: Kristin Jagiello, Zafer Mahmut, and Wei-Ren Ng
 Faculty Mentors: William Ryan, Michael Marcellin, and Ali Bilgin
• Two graduate student papers
o Scalable perceptual image coding for remote sensing systems
 Students: Han Oh and Hariharan Lalgudi
 Faculty Mentors: Michael Marcellin and Ali Bilgin
o On guaranteed error correction capability of GLDPC codes
 Students: Shashi Chilappagari and Dzung Nguyen
 Faculty Mentors: Bane Vasic and Michael Marcellin

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.
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Telemetering and Telecommunications Program Activities:
New Mexico State University
Stephen Horan, Telemetering and Telecommunications Program Chair
Klipsch School of Electrical and Computer Engineering

I. Faculty Status
Dr. Stephen Horan continues as the holder of the Frank Carden Telemetering and
Telecommunications Chair at New Mexico State University with Dr. Phillip DeLeon
continuing as the Associate Director of the program. Drs. Deva Borah and Charles
Creusere continue as faculty with the program. Dr. Joerg Kliewer joined the faculty in
August 2007. Dr. Sheila Horan continues as the chair of the Telemetry Standards
Coordinating Committee’s coding and data compression subcommittee and Vice Chair
of the TSCC. The IFT sponsored the development of an IFT Professorship at NMSU.
The funds donated by the IFT for this project were matched by NMSU internal funds,
alumni donations, and state funds. The professorship is expected to be awarded as
part of the 2008 NMSU Homecoming activities.

II. TSCC Participation
Dr. Sheila Horan continues as the chair of the Telemetry Standards Coordinating
Committee’s coding and data compression subcommittee and Vice Chair of the TSCC.
Dr. Russell Jedlicka participated in the TSCC in 2007-2008.

III. Scholarship Program
The IFT-sponsored scholarship program continues to support students at the
undergraduate and graduate levels at NMSU. The scholarship program awards three
scholarships each year to students in the electrical and computer engineering program
and one scholarship to a student in the computer science program. The four winners of
the 2008-2009 academic year scholarships will be presented at the ITC in October.

IV ITC Participation
NMSU will again participate in the 2008 ITC. Dr. Horan will again be presenting the
basic modulation techniques short course on Monday. The program will again have a
booth at the Conference. NMSU faculty and students will be presenting three papers at
the conference. Additionally, NMSU is hosting the registration computer in the
Telemetering Center.

V. Educational Programs
In 1999, NMSU began the development of small satellites as part of the University
Nanosatellite Program. This program emphasizes student education and development
as a key goal of the program. The first mission, 3 Corner Satellite, was launched in
2004 and it was collaboration with the University of Arizona and the University of
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Colorado, Boulder. NMSU continued a solo development on the NMSUSat program.
This satellite did not win an opportunity to launch on a rocket with the Air Force.
However, a back-up plan that would permit operation of the satellite using a highaltitude balloon mission was pursued. The NMSUSat was renamed BalloonSat for this
mission. The IFT supported the development of this effort. The payload is scheduled
for launch in early May 2008 as part of a test flight run by the Columbia Scientific
Balloon Facility. The BalloonSat was constructed and tested as one of the 2007-2008
senior design projects in the Electrical Engineering program. A shadow software
development for the flight software was conducted as part of the senior design program
in the Computer Science department. Additionally, the project hosted a local high
school student who was gaining practical experience as part of her program.
In addition to student education and training, the mission of the BalloonSat is to test
Scientific instruments for earth atmospheric measurements
Flight computer control software
Ground station control software
Public outreach techniques

Figure 1 - EDU on the payload carrier

Figure 2 - Payload carrier

NMSU has begun a distance education Systems Engineering Certificate program. This
is a 12-credit graduate program taught entirely via asynchronous techniques. The first
cohort will graduate in May 2008. The Telemetering Program contributes two classes to
this program: Telemetering Systems (E E 585) and System Integration and Test (E E
590).
Dr. Stephen Horan continues as a member of the Universities Space Research
Association (USRA) Science and Engineering Education Council. This council assists
the USRA management in directing association educational activities for the association
membership.

VI. Outreach Program Support
Dr. Sheila Horan continues to run the New Mexico Boosting Engineering Science and
Technology (NM-BEST) program. This program is part of a national effort to stimulate
interest in science, mathematics, and engineering in pre-college students. The BEST
2

program has the students in the schools form teams to build a robot to meet a specified
challenge problem. The school robots then compete against each other to determine
the winner who then proceeds to the regional and national competitions.

VII. Research Programs
The NMSU faculty members maintain a strong sponsored research program. Current
sponsors include
Sandia National Laboratory
Los Alamos National Laboratory
National Geospatial Intelligence Agency
Army Research Office
National Science Foundation
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BYU Telemetry Laboratory
424 Clyde Building
Brigham Young University
Provo, Utah 84602
BYU Telemetry Laboratory is sponsored by generous donations from the International
Foundation for Telemetering and matching, private donations to Brigham Young University.
The Lab’s mission is to support telemetry by providing a solid education in the fundamental
theories of signal processing, communication theory, and electromagnetics. This mission is
accomplished by three major activities: participation in the International Telemetering
Conference, graduate and undergraduate research in the related arts and sciences, and senior
projects.
IFT Endowment Fund. The IFT endowment fund
has supported three students: Chris Shaw, Xiaoyu
Dang, and Qiang Lei. Chris Shaw is a PhD student
from New Jersey and is working on bandwidth
efficient coded modulations using non-linear power
Chris Shaw

Xiaoyu Dang

Qiang Lei

RF power amplifiers in aeronautical telemetry.
Xiaoyu Dang’s work has been on space-time coding and its applications in aeronautical
telemetry. Qiang Lei just completed work on multipath channel models for SHF-band telemetry
and is now exploring mitigation techniques for multipath interference.
BYU at ITC. Last year, at ITC
2007, BYU students and faculty
presented seven papers. Xiaoyu
Dang (left) won First Place in the
graduate category of the student
paper contest for the paper “An
Optimum Detector for SpaceTime Trellis Coded Differential
GMSK.”

Xiaoyu Dang receives his award
from Clliff Aggen

Michael Rice receives his award
from Norm Lantz.

Michael Rice (right) won Best Paper for “Differential Encoding Revealed: An Explanation of
the Tier-1 Differential Encoding in IRIG 106.”
News from the BYU Telemetry Lab. Tom Nelson received his PhD in April 2008. His
dissertation title is Space-Time Coding for Offset Modulations. Tom is now working for L-3
Communications, Communication Systems – West, Salt Lake City, Utah. He is working on
signal processing and modem designs. The space-time demodulator was delivered to Edwards
AFB for testing in May 2008. The development of this demodulator was funded by grants from
the S&T/T&E and CTEIP Programs.

Tom Nelson (left); the space-time
demodulator (right)

A Sampling of Telemetry-Related Senior
Projects. The Ad-Hoc Networking project
was a new edition to the suite of senior
projects offered during the 2007-2008
academic year. The networking gear was
donated by Rincon Research Corp., Tucson,
AZ. The goal of the competition was to
design an ad-hoc network to track the location
of an asset as it moved through the network.
The network nodes consisted of batterypowered “micadot” motes. Each team
designed a custom routing protocol and
graphical user interface (GUI) to display the
location of the asset. Four teams competed.
On competition day, a micadot mote was
attached to the collar of Prof. Rice’s dog and
the network tracked the location of the dog.
The winning team received $400 in prizes.

A mica-dot mote
(above); Prof. Rice
and his networkequipped pooch
(right).

A student team monitors its network during the
competition (top); The GUI designed by one of the other
teams.

The Quad-Rotor Senior Project was another
new addition to the suite of senior projects
during the 2007-2008 academic year. A quadrotor aircraft is a vertical-lift aircraft
consisting of four propellers, counter-rotating
in a stable way. The goal of the project was to
design a quad-rotor aircraft and on-board
vision system capable of autonomously
tracking the position and orientation of a
ground target. The design challenge is the
requirement that the airborne platform carry
its own sensors and vision system and the
capability to process the signals to
accomplish the mission. The on-board system
consisted of three-axis rate gyros, three-axis
accelerometers, and ultrasonic altimeter, and
an LCD camera. A Gumstix processor was
used to perform the video processing. Four of
the five teams hovered autonomously and two
of the five teams successfully tracked the
target with vision in the loop.
Two of the quad-rotor aircraft designed by the student
teams.

The camera and ultrasonic altimeter The “Gumstix” processor used to perform on-board video processing.
used for each quad-rotor aircraft.
The winning team proudly
displays their quad-rotor
flying machine.

A Sampling of Telemetry Related Research. The space-time coding project, funded by
S&T/T&E and CTEIP is nearing completion. BYU researchers showed that space-time coding
can be used with Tier-1 modulations (FQPSK-JR and SOQPSK-TG) to eliminate the selfinterference caused by the use of multiple antennas to transmit the same signal. This contract
provided funding to implement a prototype space-time demodulator as a proof-of-concept
device. The space-time demodulator was delivered to Edwards AFB May 2008 for airborne
testing.
A graphical illustration of the selfinterference problem caused by transmitting
the same signal from two antennas (right).
The space-time demodulator prototype
(below).

Rb/BW (bits/sec/Hz)

The turbo-coded APSK project explores the
use bandwidth efficient modulation coupled
with a non-linear RF power amplifier. Back-off
must be applied to linearize the RF power
amplifier. The reduction in available RF
output power can limit the useful range of a
telemetry link. The use of turbo codes can
be used to recover the loss in power.
However coding requires additional
overhead that reduces bandwidth efficiency.
The goal of this project is to explore this tradeoff space using real codes with practical code
rates and real RF power amplifier AM/AM and
AM/PM characteristics.
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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.

JAMES YATES
L-3 Communications
Chairman

SHEILA HORAN PhD
New Mexico State University
Vice Chairman

DAVID GREBE
Apogee labs
Secretary - Treasurer

COMMITTEE MEMBERS

Telemetering Standards Coordination Committee - 47th Annual Report

SCOTT BRIERLEY
Boeing Integrated Defense
Systems

TIM CHALFANT
Air Force Flight Test Center
EAFB

LEE H. ECCLES
Bowing Commercial Aircraft

SID JONES
NAWC-AD
Patuxent River MAryland

GREGG J. KAZZ
NASA Jet Propulsion Laboratory

To: Directors of the International Foundation for Telemetering
Subject: 2007 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 2007 International Telemetering Conference in Las Vegas, Nevada and the second in the spring in
Yuma, Arizona in conjuction with the 117th RCC-TG conferrence. Additionally the TSCC was
represented at the European Telemetry Conference in Munich, Germany this year.

JOHN KOLB
ACRA Control

FILIBERTO MACIAS
White Sands Missile Range

GEORGE MANZ
Advanced Data Systems

GERHARD MAYER
GVM Consulting

STEVE NICOLO
GDP Space Systems

RON POZMANTIER
Air Force Flight Test Center
EAFB
Ex-Officio TG Rep

BILL RYMER
Spiral Technology Inc.
Ex-Officio IFT Rep

MERV MACMEDAN
ERWIN H. STRAEHLEY
Members Emeritus

This year also saw another large transition in membership, with the departure of 6 members (one of which
was quite sad with the passing of Dr. Russ Jedlicka) and the addition of 3 new members. We anticipate to
fill the other open slots by the fall meeting this year in San Diego.
The TSCC members & committees reviewed (and commented where necessary) on the following
standards:
• CCSCS – IP over CCSDS/best practices 702.1 red book (magenta)
• CCSDS 401.0-P-18.1 RF and Modulations Systems
• CCSDS XTCE
• New NASA/JPL LDPC codes (AR4JA)
• IEEE1451.2 & .5
• JPEG – ISO/IEC 29199 – JPEG DI, part 9 (JPIP), part 10 (JP3D), Part 11 (wireless, JPWL
ISO/IEC 15444-11) & part 13
• IRIG-106-Chapters 9 - DDML (data display mark up language ) 6, 7 & 10
• IRIG-118 Test Methods
• IRIG-119 Telemetry App’s Handbook
• ANSI ID-1
• MIL-STD-2179
• USAF SGLS/USB spacecraft TT&C stds
The TSCC presented the first “Best Paper for Telemetry Standards” award at ITC in Las Vegas this past
year.
Finally, the TSCC has continued to improve its web site and has formalized a new reporting template for
all sub-committees to assisit in standardizing and documenting all ongoing committee efforts.
Respectfully submitted,
James William Yates
Chairman, TSCC

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

International Consortium for
Telemetry Spectrum
Report to the IFT
30 Apr, 2008
Tim Chalfant

Activities since Fall Report
• WRC 2007 Booth
• 20th ICTS Meeting (Munich, Germany)
– Business meeting
– Special Session at
ETC/Aerospace 08

WRC07- ICTS Booth
• “Critical” to the success of 1.5
– Answerred questions
– A source of expertise used by others
– Over 350 visitors

• Also helped to defend encroachment
• Thanks to our Sponsors
–
–
–
–
–

IFT
AFTRCC
TRMC
SEE
European Society for Telemetry

WRC 2007- A success
• Agenda Item 1.5 debated
• Gained access to an additional 1.4GHz
– 4400 to 4910 MHz
– 5091-5150 MHz (Int’l Harm. Band)
– 5925-6700 MHz

• Flight test only, protection criteria
• TM community- A mouse that roared!

20th ICTS Meeting
2008-11 Plans
• Occupy/Defend
– Hit Int’l conferences
– SETE, ITEA, SFTE, RAeS, ITC, AIAA

• UAS WRC 2011 issue
– Payload Telemetry- debate
– Booth at WRC2011?

• Non-Flight Test TM issues
• Committee proposing By-Laws Changes

ICTS Post WRC-07 Activities
• Give credit/thanks to our awesome AFTRCC/IFT/RCCTG/DoD/FAA/ICTS/NASA allies for this TEAM COUP.
• Brief your Telemetry Offices and Range Commanders.
• Be aware USA domestic implementation, particularly for
5925-6700 MHz, will be conditional. Certain areas with
1000s of local earth stations will be especially difficult to
coordinate. Download/Study ITU Document 8/227-E.
• Choose/budget for new C-Band telemetering equipment
and process their Spectrum Certification Allocation
Applications (Form DD-1494) in anticipation of numerous
future frequency assignments at your facility.

G. Mayer
Chairman

M. Webber
Germany

M. Ryan
Reg 2

D. Petit
France

J. Ghanassia
Reg 1

F, Kitchen
BAE

S. Lyons
QinetiQ

M. Harris
VC & Reg 3

D. Ernst
Mitre

WHAT DO WE DO NOW?
•

ADOPT IT. Once the FCC and NTIA reconcile their proposed table
modification and the FCC finishes its rulemaking, reallocation
occurs.
– Political issues, such as Federal Government access to “5925-6700
MHz exclusive non-Gov” band, could stall progress unless carefully
managed.
– While process of domestic implementation can take 1-2 years at a
minimum most test ranges can’t wait.

•

THE CLOCK IS TICKING:
– Our L-Band & S-Band AMT assets are reaching the saturation point.
And JSF arrives next year.
– We lose the 1710-1755 MHz band in AUG 2010.

•

WE NEED TO MOVE AGGRESSIVELY AHEAD:
– Focusing on the less-contentious 4400-4940 & 5091-5150 MHz bands.
– Use our new bands “efficiently, effectively, conspicuously and NOW.”
– Will get temporary assignments & use XT Authority (NTIA Para 7.7).
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Session 1: Joint Range Commanders Council – Telemetry Group (RCC-TG)
and Telemetry Standards Coordinating Committee (TSCC)
Special Session
Chair:

James Yates, L3 Communications - Telemetry & RF Products and
Ronald Pozmantier, AFFTC - Edwards AFB
This session has been created to allow the dissemination of the results of
work accomplished in the telemetry field by two of the industries leading
organizations for both standards development and review. The first half
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.
The second half will be
briefings/presentations on on-going reviews task efforts being undertaken by
the TSCC over the last 12 months, including findings across both flight test
and spacecraft telemetry standards developments.

ITC 2008 Technical Program
Tuesday, Oct. 28th, 1:30 - 4:30 p.m.
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Session 2: Time-Space Positioning / GPS
Chair:
1:30 p.m.
08-02-01

Kevin Crawford, NASA/Marshall Space Flight Center
"Dual Antenna use on a GPS Receiver"
Hal Altan, Honeywell International
Combining signals from multiple antennas have always created
challenges for dynamic GPS receiving system designers during
acquisition and tracking. This paper tries to open the topic for further
discussion and study.

2:00 p.m.
08-02-02

"High-Precision Geolocation Algorithms for UAV and UUV
Applications in Navigation and Collision Avoidance"
Hua Lee, University of California, Santa Barbara
This paper presents the theoretical analysis, signal processing, and the
field experiments of two algorithms in UAV and UUV applications in
homing and docking as well as collision avoidance.

2:30 p.m.
08-02-03

"The Development of a Flight Test Real Time GPS Navigation Tool
(GNAV)"
Nelson Paiva Oliveira Leite et al., Grupo Especial de Ensaios em Vôo,
Centro de Computação da Aeronáutica de Brasília and Instituto
Tecnológico de Aeronáutica - Divisão de Eng. Eletrônica
The development and the preliminary tests results of a real-time data
processing tool to compute Time Space Position Information using
differential GPS techniques is presented where Rover observables are
embedded into the FTI PCM stream.

3:00 p.m.
08-02-04

"Current Status of Adding GPS Tracking Capability to a Missile
Telemetry Section"
Scott Kujiraoka, NAVAIR-Pt. Mugu, Russ Fielder & Alvia Sandberg,
NAVAIR-China Lake
This paper chronicles the latest effort in adding GPS Tracking
Capability (developed by JAMI) to a Five Inch Diameter Missile
Telemetry Section as well as upgrading the Test Ranges to support
these new Missile Firings.

ITC 2008 Technical Program
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Session 3: System Management
Chair:
1:30 p.m.
08-03-01

Ray Faulstich, CSC Range and Engineering Services
"System Management in Network-Based Telemetry Systems"
Allison Bertrand, Michael Moore, and Ben Abbott, Southwest Research
Institute
Network-based flight test systems benefit from being managed in a
coordinated fashion. Standards-based System Management interfaces
support variable styles of user interaction and quick integration of new
types of devices. Implementation trade-offs will be discussed.

2:00 p.m.
08-03-02

"Technology Trades for Management of Telemetry Network
Systems"
Allison Bertrand, Thomas Grace, Ben Abbott, Kase Saylor, Southwest
Research Institute and NAVAIR
The Integrated Network Enhanced Telemetry (iNET) Project System
Management Standards Working Group has been studying foundation
technologies for interfaces supporting the integrated management of
telemetry network systems to ensure interoperability among varied
equipment.

2:30 p.m.
08-03-03

"iNET Based Automatic Hardware Selection"
Benjamin Kupferschmidt, Teletronics Technology Corp.
The paper discusses the design of an automatic hardware selection
system that can automatically transform the requirements for a flight
test program into a list of hardware that can accomplish the desired
task.

3:00 p.m.
08-03-04

"Managing Instrumentation Networks"
Eric Pesciotta, Teletronics Technology Corporation
This paper explores the technologies required to satisfy traditional
system configuration as well as the less understood aspects of network
management and analysis. Examples of software that meet or exceed
these requirements are provided.

ITC 2008 Technical Program
Session 3: System Management (continued)
3:30 p.m.
08-03-05

"The Optimization of Node Configuration in a Mixed network for
Quality of Service"
Laurie St. Ange and Richard Dean, Morgan State University
This paper shows that optimum node configurations can be achieved in
a mixed network for Quality of Service and Signal-to-Interference
requirements. This is achieved by implementing developed distance
measures in a modified k-means clustering scheme.

ITC 2008 Technical Program
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Session 4: Payload and System Software Development
Chair:
1:30 p.m.
08-04-01

Rodger Charroux, The Aerospace Corporation
"A Data-Oriented Software Architecture for Telemetry"
Rajive Joshi, Real-Time Innovations Inc.
Historically telemetry architectures have tightly coupled remote
articles, links, and ground resulting in brittle/expensive designs.
"Data-Oriented Architecture" is a framework for loosely-coupled realtime information-driven systems, relying on tunable standards-based
middleware to realize modular scalable designs.

2:00 p.m.
08-04-02

"Using LabVIEW to Design a Payload Control System"
Stephen Horan, New Mexico State University
In this paper, we will look at LabVIEW-based state machines for
controlling a payload and its groundstation, the challenges for the
PC/104 flight computer development, and show how the final product
was deployed.

2:30 p.m.
08-04-03

"IP-Based Networking as Part of the Design of a Payload Control
System"
Stephen Horan, Ryan Aaronscooke, and Daniel Jaramillo, New Mexico
State University
We have developed a ground station and flight computer employing IPbased networking for command and telemetry communications. We
have also demonstrated the ability to operate the payload remotely
over the Internet through the remote groundstations.

ITC 2008 Technical Program
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Session 5: Network & Transport Protocols
Chair:
1:30 p.m.
08-05-01

Lance Self, Air Force Research Lab
"Analysis and Application Scenarios for Telemetry Data
Transmission and Synchronization over Wireless LAN"
Nikki Cranley and Diarmuid Corry, ACRA Control Inc.
This paper provides an overview and experimental analysis of WLAN
technology focusing on its application in networked telemetry data
acquisition systems and its limitations for real-time telemetry data
transmission.

2:00 p.m.
08-05-02

"Real-time Transport Protocols for Telemetry Data and Signaling"
Nikki Cranley and Diarmuid Corry, ACRA Control Inc.
This paper presents the open standard Real-time Transport Protocol
(RTP) for networked telemetry systems and proposes a preliminary
Telemetry payload profile definition as a subset of the RTP protocol
specialized for telemetry data transmission.

2:30 p.m.
08-05-03

"Networked Data Acquisition Systems for the Army FCS
Program"
Eric Pesciotta, John Roach, Nathan Sadia and Hsueh-szu Yang,
Teletronics Technology Corp.
This paper describes the High-Speed Digital Recording system, a
network-based data acquisition system designed to allow for the
recording of high-resolution (1600x1280) RGB video, user-selected
Ethernet packets, along with audio and GPS time information.

3:00 p.m.
08-05-04

"A Cross-Layered Protocol Architecture for Highly-Dynamic
Multihop Airborne Telemetry Networks"
Abdul Jabbar, James P.G. Sterbenz and Erik Perrins, University of
Kansas
Networks of high-velocity airborne nodes present unique challenges to
the current Internet protocols. This paper presents the architecture
and design of a network layer and a cross-layered routing protocol
optimized for airborne telemetry networks.

ITC 2008 Technical Program
Session 5: Network & Transport Protocols (continued)
3:30 p.m.
08-05-05

"NonTraditional Uses of the CCSDS Space Link Estension (SLE)
Protocol"
Brian Safigan, Kirill Lokshin and Amit Puri, CVG/Avtec Systems, Inc.
This paper discusses non-traditional uses of the CCSDS SLE protocols
outside the constrained discrete packet telecommand/telemetry model
envisioned by CCSDS.

4:00 p.m.
08-05-06

"Key Components in a Networked Data Acquisition System"
Diarmuid Corry, ACRA Control Inc.
This paper assumes little previous experience with networks, and looks
at how a networked based approach affects the elements of an FTI
network and the things the engineer must look for when designing an
Ethernet based FTI network.

ITC 2008 Technical Program
Wednesday, Oct. 29th, 8:30 - 11:30 a.m.
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Session 6: Emerging iNET Standards Special Session
Chair:

Daniel Skelley, NAVAIR - Pax River
Sponsored by the Central Test and Evaluation Investment Program
(CTEIP), the integrated Network Enhanced Telemetry (iNET) Project has
developed an architecture for network enhancing telemetry. This
architecture will be implemented via a set of standards; allowing multiple
vendors hardware to interoperate within a single system. Throughout 2008,
iNET has engaged the community through a collaborative working group
process to develop the standards. This session will present an overview of
these emerging standards, and describe the work performed to date.

8:30 a.m.

"Overview of iNET Acquisition Strategy"
William Cookson, Edwards Air Force Base

9:00 a.m.

"System Management Standards"
Ben Abbott, Southwest Research Institute

9:30 a.m.

"Communication Link Standards"
Kip Temple, Edwards Air Force Base

10:00 a.m.

"Test Article Standards"
Gary Ragsdale, Southwest Research Institute

10:30 a.m.

"Ground Station Applications"
Bruce Lipe, Edwards Air Force Base

11:00 a.m.

"Metadata Standards"
Michael Moore, Southwest Research Institute

ITC 2008 Technical Program
Wednesday, Oct. 29th, 8:30 - 11:30 a.m.
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Session 7: Telemetry in Extreme Environments
Chair:
8:30 a.m.
08-07-01

Jaime Reyes, White Sands Missle Range
"In-Bore Acceleration Measurements of an Electromagnetic Gun
Launcher"
Edward F. Bukowski, T Gordon Brown and Tim Brosseau, US Army
Research Laboratory
This paper discusses a system to measure in-bore structural loads of
projectiles launched from an electromagnetic gun.

9:00 a.m.
08-07-02

"Low-Cost Semi-Active Laser Seekers for US Army Applications"
K. Hubbard et al., Army Research Laboratory and Dr. T. G. Horwath
Consulting, LLC
This paper presents the design and basic characteristics of a low-cost
semi-active laser seeker for gun launched projectiles.

9:30 a.m.
08-07-03

"An Economic Method to Increase Equipment Rack Shielding"
Robert Ridgeway, Digi International Inc. and Henry Newton, National
Radio Astronomy Observatory
The ALMA Project is developing a based radio astronomy array for
northern Chile. The array utilizes high level shielded racks. Carbon
filled foam installed in the racks is being used to enhance shielding.

10:00 a.m.
08-07-04

"Approaches to Mitigate Disruption of Telemetry During Directed
Energy Testing"
Michael Keidar et al., The George Washington University, University
of Michigan and Edwards Air Force Base
Telemetry in the case of directed-energy beam interaction with a target
might be disrupted due to plasma formation causing communication
blackout. In this paper several mitigation approaches, namely
electrostatic and electromagnetic, are considered.

10:30 a.m.
08-07-05

"Soft Recovery Recording System for Interior and Exterior
Ballistics Characterization"
Mauricio Guevara and Boris Flyash, US Army ARDEC, Precision
Munitions Instrumentation Division
This paper describes the design and acceleration data collected of a
data acquisition system built to fit in a M831 modified tank round.

ITC 2008 Technical Program
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Session 8: Reliability, Maintainence & Risk Management
Chair:
8:30 a.m.
08-08-01

Brian Keating, NAVAIR - Pax River
"Analytic Redundancy of Navigation Systems for Flight Test Data
Validation"
Walton Williamson, Jason Speyer, Greg Glenn, Vu Dang and Terri
Xiao, SySense Inc.
Theory and flight test example of using analytic redundancy methods to
automate the process of looking for sensor anomalies. The example
demonstrates detection of air data system anomalies using GPS.

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

"A Constraint-Based Approach to Predictive Maintenance Model
Development"
Joe Gorman, Glenn Takata, Subhash Patel and Dan Grecu, Charles
River Analytics
Predictive maintenance can provide significant cost savings while
preserving system performance and readiness. This paper describes a
novel application of constraint-based data mining applied to predictive
maintenance

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

"Spectral Analysis for Spacecraft Analog Telemetry Behavior"
Len Losik, Failure Analysis
Spectral analysis analyzes complex electronic signals breaking them in
amplitude, time, frequency and phase components and provides
another tool to resolve suspect space vehicle telemetry measurement
behavior reducing risk to critical space assets.

10:00 a.m.
08-08-04

"Launch Vehicle and Satellite Independent Failure Analysis Using
Telemetry Prognostic Algorithms"
Len Losik, Failure Analysis
Telemetry prognostics is the use of generic, data-driven algorithms
usable across all satellites and launch vehicles allowing identification
of equipment failures that will occur for up to one year in the future or
has already occurred allowing for an independent failure analysis.

ITC 2008 Technical Program
Session 8: Reliability, Maintainence & Risk Management (continued)
10:30 a.m.
08-08-05

"Predicting Long-Term Telemetry Behavior for Lunar Orbiting,
Deep Space, Planetary and Earth Orbiting Satellites”
Len Losik, Failure Analysis
Oracol is a Windows-based telemetry behavior prediction service
providing accurate, long-term information engineers need to develop
tailored in-orbit analysis tools prior to launch and for comparison with
actual spacecraft telemetry behavior for decades into the future.

ITC 2008 Technical Program
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Session 9: Modulation & Synchronization
Chair:
8:30 a.m.
08-09-01

Robert Selbrede, JT3 - Edwards AFB
"Space-Time Shaped Offset QPSK"
Xiaoyu Dang and Michael Rice, Brigham Young University
This paper describes the use of orthogonal space-time block codes to
overcome the performance and complexity difficulties associated with
Shaped Offset QPSK modulation in multiple-input, single-output
telemetry systems.

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

"PAM-Based Timing Synchronization for ARTM Modulations"
Erik Perrins and Sayak Bose, University of Kansas, Marilynn P. WylieGreen, Nokia Siemens Networks
We develop a simple decision-directed timing recovery method for
continuous phase modulation (CPM), and apply this method to
PCM/FM, SOQPSK-TG, and ARTM CPM. The proposed approach
performs close to the theoretical limits in simulations.

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

"A Novel Multi-h CPM-SC-FDMA Transmission Scheme for
Aeronautical Telemetry"
Marilynn Wylie-Green, Nokia Siemens Networks and Erik Perrins,
University of Kansas
We describe a novel scheme that combines key characteristics from
continuous phase modulation and Single-Carrier Frequency Division
Multiple Access in order to produce a robust, power efficient scheme
for high-rate multiple-access aeronautical telemetry applications.

10:00 a.m.
08-09-04

"Re-Engineering PCM/FM as a Phase Modulation Scheme"
Ratish J. Punnoose, Sandia National Laboratories
With modern receivers, PCM/FM can have better error performance
(but worse spectral efficiency) than SOQPSK or multi-h CPM. We
present the limits of its error performance and explore additional
modifications that can improve it further.

ITC 2008 Technical Program
Session 9: Modulation & Synchronization (continued)
10:30 a.m.
08-09-05

"Considerations for Deploying IEEE 1588 v2 in Network-Centric
Data Acquisition and Telemetry Systems"
Todd Newton, Evan Grim and Myron Moodie, Southwest Research
Institute
This paper discusses the recently updated IEEE 1588 standard for
precise time synchronization. New features introduced in this version
of the standard as well as interoperability issues with version 1 are
discussed.

11:00 a.m.
08-09-06

"Utilization of an IEEE 1588 Timing Reference Source in the iNET
RF Transceiver"
Cheng Lu, John Roach and George Sasvari, Teletronics Technology
Corp.
Synchronization is essential for iNET due to its TDMA access control
and coherency of signal modulation waveforms. TTC proposes a
xross-layer (MAC, PHY) synchronization architecture that utilizes the
1588 timing reference to improve transceiver performance.

ITC 2008 Technical Program
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Session 10: Multipath Environments
Chair:
8:30 a.m.
08-10-01

Terry Hill, Quasonix
"New Results In Unitary Space-Time Code Construction and
Comparison to Upper Bounds"
Adam Panagos, Dynetics, Inc., Chris Potter and Kurt Kosbar, Missouri
S&T
A survey of unitary space-time code construction techniques, some
newly found codes, and a comparison of best known codes to diversity
product and diversity sum upper bounds are presented

9:00 a.m.
08-10-02

"MIMO Channel Prediction Using Recurrent Neural Networks"
Chris Potter and Kurt Kosbar, Missouri S&T, Adam Panagos,
Dynetics, Inc.
This paper describes the use of a recurrent neural network to predict
the state of multiple-input multiple-output channels.

9:30 a.m.
08-10-03

"Hardware Discussion of a MIMO Wireless Communication
System Using Orthogonal Space Time Block Codes"
Chris Potter and Kurt Kosbar, Missouri S&T, Adam Panagos,
Dynetics, Inc.
This paper describes a hardware test-bed which will be used to
evaluate multiple-input multiple-output systems for missle and other
aerospace telemetry applications.

10:00 a.m.
08-10-04

"Iterative Equalization for SOQPSK in Multipath Fading"
Qiang Lei and Michael Rice, Brigham Young University
This paper investigates the application of iterative equalization
techniques to overcome multipath fading for shaped offset QPSK in
aeronautical telemetry. An iterative decision feedback equalizer
suitable for use with SOQPSK-TG is proposed and this equalizer
offers good complexity/performance trade-offs and exhibits impressive
performance for SOQPSK-TG.

ITC 2008 Technical Program
Wednesday, Oct. 29th, 2:30 - 5:30 p.m.
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Session 11: Joint Advanced Missile Instrumentation (JAMI) User Group
Special Session
Chair:

Rick Marvin, NAVAIR - China Lake
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.

ITC 2008 Technical Program
Wednesday, Oct. 29th, 2:30 - 5:30 p.m.

Royal Palm 2

Session 12: iNET Technologies
Chair:
2:30 p.m.
08-12-01

Daniel Skelley, NAVAIR - Pax River
"The Design of a High-Performance: Network Transceiver for
iNET"
Cheng Lu, Paul Cook, John Hildin, and John Roach, Teletronics
Technology Corp.
iNET transceiver enables two-way communication capability between
nodes on both the ground and in the air. We describe TTC development
path in its implementation of nXCVR-2000G, an OFDM 802-11a-based
iNET-ready IP transceiver.

3:00 p.m.
08-12-02

"An Airborne Network Telemetry Link for the iNET Technical
Demonstration System"
Kip Temple and Dan Laird, Air Force Flight Test Center
This paper will discuss a COTS wireless network link for use in
aeronautical telemetry. A system description, system configuration and
monitoring tools, and flight test results over various flight paths are
presented.

3:30 p.m.
08-12-03

"Implementing iNET and the Operational Issues Involved"
David Hodack, Naval Air Systems Command
This paper will discuss an iNET operational demonstration that will
involve instrumenting an H-60 helicopter with a network based
telemetry system and the expected operational issues involve with such
an installation.

4:00 p.m.
08-12-04

"Technology Trades in IP-based Telemetry Networks"
Joshua Kenney, Myron Moodie and Gary Ragsdale, Southwest
Research Institute, Thomas Grace, NAVAIR
The iNET test article standards working group is defining open
standards for telemetry network interoperability. This paper describes
the current technology trades of an IP-based network paradigm used in
producing standards for test article networks.

ITC 2008 Technical Program
Session 12: iNET Technologies (continued)
4:30 p.m.
08-12-05

"Distance Measures for QOS Performance Management in Mixed
Networks"
Yacob Astatke and Richard Dean, Morgan State University
This paper provides the analytical foundation to prove that the
“power” distance measure is an excellent tool for optimizing the
clustering of a Mixed Network for Quality of Service applications for
the iNET project.

5:00 p.m.
08-12-06

"TENA in a Telemetry Network System"
Kase Saylor, William Malatesta and Ben A. Abbott, Southwest
Research Institute and NAVAIR
This paper discusses a demonstration prototype that is being used to
investigate the use of the Test and Training Enabling Architecture
(TENA) across a constrained integrated Network Enhanced Telemetry
(iNET) environment.
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Session 13: Aeronautical Telemetry
Chair:
2:30 p.m.
08-13-01

James Yates, L3 Communications - Telemetry & RF Products
"Migrating Airborne Instrumentation Systems from PCM to
Network"
Albert Berdugo, Teletronics Technology Corporation
This paper describes hardware components that enable
instrumentation engineers to migrate their existing PCM-based
instrumentation system to a network-based system.

3:00 p.m.
08-13-02

"Design and Implementation of an Avionics Full Duplex Ethernet
(A664) Data Acquisition System"
Alberto Perez, John Hildin and John Roach, Teletronics Technology
Corp.
This paper provides the hardware and software implementation choices
made by Teletronics in the design of an ARINC 664 bus monitor used
as part of a network-based data acquisition system.

3:30 p.m.
08-13-03

"Flight Test Instrumentation Manager Software"
Christian Herbepin, Eurocopter Flight Test Department
This paper presents a fully integrated and user friendly tool, internally
developed in JAVA at Eurocopter covering all the activities relative to
the Flight Test Instrumentation.

4:00 p.m.
08-13-04

"End-to-End Disruption-Tolerant Transport Protocol Issues and
Design for Airborne Telemetry Networks"
Justin P. Rohrer, Erik Perrins, and James P.G. Sterbenz, University of
Kansas
This paper explores the unique challenges to end-to-end
communication due to the highly dynamic topology and time-varying
connectivity found in airborne telemetry networks. We present a design
for a domain-specific transport protocol to address these issues.
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Session 14: Remote Site Telemetry Systems
Chair:
2:30 p.m.
08-14-01

Darryl Burkes, NASA - Dryden Flight Research Center
"Telemetry System for a Remote Ecological Field Station"
Erik Perrins, Balachandra Kumaraswamy and Sayak Bose, University
of Kansas
This paper presents a system-level design of a data transfer link for a
remote ecological field station, including requirements, candidate
solutions, and basic measurements from the fielded system.

3:00 p.m.
08-14-02

"Using the Ground Equipment Monitoring Service (GEMS) for
Satellite Telemetry & Command Systems"
Rob Andzik, Real Time Logic Inc.
Communication with space vehicles requires a sophisticated suite of
ground equipment. Integration of these devices can be a costly and
problematic endeavor. This paper describes how the GEMS
specification simplifies integration efforts and reduces costs.

3:30 p.m.
08-14-03

"Cost-Effective, Focused Instrumentation for TT&C/COMMS
Engineering"
Steve Williams, Real Time Logic Inc.
This paper describes economical and focused toolsets for TT&C and
COMMS system simulation, development, verification, analysis,
maintenance, debugging and education.
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Session 15: Data Management & Post Processing
Chair:
2:30 p.m.
08-15-01

Richard Hansen, AFFTC - Edwards AFB, retired
"Quantifying Coding Gain from Telemetry Data Combining"
Michael A. Forman, Ken Condreva, Gary Kirchner, and Kevin Lam,
Sandia National Laboratories
A method for combining telemetry data for a ballistic missile test flight
is presented. Received data is combined from multiple receivers and
polarizations, providing estimated coding gains as high as 30 dB.

3:00 p.m.
08-15-02

"Designing An Object-Oriented Data Processing Network"
Hsueh-szu Yang, Nathan Sadia, and Benjamin Kupferschmidt,
Teletronics Technology Corp.
This paper discusses a solution to the problem of decoding and
displaying many different types of data in the same system, using the
concept of a linked network of data processing nodes.

3:30 p.m.
08-15-03

"Integrating Heterogeneous Systems in an FTI Environment"
Alan Cooke, ACRA Control
This paper discusses three different ways of integrating hardware from
FTI vendors. The first employs ad-hoc methods, the second
leverages an FTI meta-data standard and the final method involves
using service oriented architecture approach

4:00 p.m.
08-15-04

"Storage Systems and Security Challenges in Telemetry Post
Processing Environments"
Jeff Kalibjian, Hewlett Packard Corporation
This paper reviews the storage options appropriate for telemetry postprocessing environments. In addition, the security services such
systems typically offer will be discussed and contrasted.

4:30 p.m.
08-15-05

"Sanitization of IRIG-106 Chapter 10 Storage Media"
Alfredo Berard, Catherine Cogan, Lorin Klein, Heath Massey, and Rick
Williams, Eglin Air Force Base
This paper examines the challenge of sanitizing and downgrading
media that is Commercial off-the-shelf and is utilized by test
organization in the operational communities, the Major Range Test
Facility Base, and other test ranges.
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Session 16: Imaging & Video
Chair:
2:30 p.m.
08-16-01

Jesus M. Benitez, White Sands Missle Range
"Highly Precise and Fast Digital Image Stabilization Technique
Based on the Control Grid Interpolation"
Jin-Hyung Kim, et al., Korea University and DANAM Systems Inc.
In order to achieve higher stability, the small instability should be
removed in as small accuracy with sub-pixel. The proposed methods
outperform other techniques in the terms of computational complexity
and the performance of stabilizing.

3:00 p.m.
08-16-02

"Scalable Perceptual Image Coding for Remote Sensing Systems"
Han Oh, Hariharan G. Lalgudi, Michael W. Marcellin and Ali Bilgin,
University of Arizona
This paper describes a scalable perceptual JPEG2000 encoder which
exploits the properties of the human visual system, including contrast
sensitivity function and visual masking effects, to improve the visual
quality of encoded remote sensing images.

3:30 p.m.
08-16-03

"Joint JPEG2000/LDPC Code System Design for Image
Telemetry"
Kristin Jagiello et al., University of Arizona
The joint selection of the JPEG2000 source code rate and the LDPC
channel code rate in an image telemetry system is considered. The
goal is to determine the optimum apportioning of bits between the
rates.
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Session 17: International Consortium of Telemetry Spectrum (ICTS) Special
Session on the Future Direction of International Telemetry
Chair:

Gerhard Mayer, University of Salzburg / ICTS
This session address how the telemetry community plays "internationally".
Recent successes at WRC2007, and telemetry topics to be presented at
WRC2011, will be discussed. This session is sponsored by the International
Consortium for Telemetry Spectrum and will serve to keep the attendee
aware of international issues and how to engage to address these issues in
the international arena. Topics to be covered include: 1. Reports from
international regions on telemetry status and issues 2. Report from WRC
2007 - additional telemetry for flight test applications 3. International Cband telemetry band - use it or lose it. 4. Agenda for WRC2011 - requesting
spectrum for UAV payload telemetry.

ITC 2008 Technical Program
Thursday, Oct. 30th, 8:30 - 11:30 a.m.

Royal Palm 2

Session 18: Telemetry Receivers & Systems
Chair:
8:30 a.m.
08-18-01

Archie Moore, Spiral Technology, Inc.
"Antenna Array Beamforming Technology: Enabling Superior
Aeronautical Communication Link Performance"
Cheng Y. Lu et al., Teletronics Technology Inc. and Villanova
University
We propose array beamforming technology in iNET system. By steering
of beams and nulls, an array can enhance desired signals and suppress
undesired interference. The technology is DSP-based, network-aware,
and adaptive, designed for optimizing performance.

9:00 a.m.
08-18-02

"Application of a High Data Rate Modem (HDRM)"
Tim Orndorff, Amit Puri, Mike Smiley and John Connell, CVG/Avtec
Systems, Inc.
The development of Software Defined Radios (SDRs) with
reprogrammable personalities has led to the consolidation of
traditional ground station processing elements.

9:30 a.m.
08-18-03

"Game Theory and Adaptive Modulation for Cognitive Radios"
Gaurav Sharma
This paper highlights how the concepts of game theory and adaptive
modulation can be incorporated in a cognitive radio framework to
achieve better communication for telemetry applications.

10:00 a.m.
08-18-04

"Telemetry Re-Radiation System"
Paul Cook, Teletronics Technology Corp. and Louis Natale, Lockheed
Martin Aeronautics Co.
This paper describes the design considerations for a system which reradiates the telemetry from missiles held inside a aircraft with the
missle bay doors closed.

ITC 2008 Technical Program
Session 18: Telemetry Receivers & Systems (continued)
10:30 a.m.
08-18-05

"Using the GNU Radio Platform to implement a Telemetry
Receiver"
Gregory Newcomb and Ratish J. Punnoose, Sandia National
Laboratories
GNU Radio is a flexible open-source software radio platform that
enables custom radio development. We present this architecture and an
example implementation of a PCM/FM receiver using this architecture
and the Universal Software Radio Peripheral.

Thursday, Oct. 30th, 8:30 - 11:30 a.m.
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Session 19: Data Acquisition and Instrumentation Systems
Chair:
8:30 a.m.
08-19-01

John Welker, AFFTC - Edwards AFB
"Connecting Network-Based Data Acquisition Nodes to the
Network"
John Hildin, Teletronics Technology Corporation
This paper is intended to assist the flight test instrumentation engineer
in understanding some of the basics of the Ethernet physical layer.
This will help the engineer architect and implement network-based
data acquisition systems.

9:00 a.m.
08-19-02

"Design Considerations for a Variable Sample Rate Signal
Conditioning Module"
Jeffrey C. Lee, L-3 Communications - Telemetry-West
This paper focuses on the requirements, design considerations and
tradeoffs associated with differing architectural topologies for
implementing a variable sample rate signal conditioning module and
the resulting implications on the encoder systems data acquisition
units.

9:30 a.m.
08-19-03

"XML Data Modeling for Network-Based Telemetry Systems"
Jeremy Price and Michael Moore, Southwest Research Institute and
Bill Malatesta, Naval Air Systems Command
Through our work defining the Measurement Description Language
(MDL) we experimented with user roles and presentation aspects. This
paper highlights that experimentation.

10:00 a.m.
08-19-04

"Extensions to the Instrument Hardware Abstraction Language
(IHAL)"

ITC 2008 Technical Program
John Hamilton, Ronald Fernandes, Michael Graul and Timothy Darr,
Knowledge Based Systems, Inc
In this paper we describe extensions to the IHAL, including the
development of multiple sub-schemas, the separation of the description
of instrumentation functions from the description of the hardware, and
the addition a function pool.

ITC 2008 Technical Program
Session 19: Data Acquisition and Instrumentation Systems (continued)
10:30 a.m.
08-19-05

"Automated Configuration and Validation of Instrumentation
Networks"
Timothy Darr, Ronald Fernandes, Michael Graul and John Hamilton,
Knowledge Based Systems, Inc
This paper describes the design and implementation of a test
instrumentation network configuration system. This system will select
and connect instruments from multi-vendor catalogs that satisfy user
requirements (including desired measurement functions) and technical
specifications.
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Session 20: Telemetry and Range Systems
Chair:
8:30 a.m.
08-20-01

Thomas Grace, NAVAIR - Pax River
"The Test and Training Enabling Architecture, TENA, Enabling
Technology for the Joint Mission Environment Test Capability
(JMETC) and Other Emerging Range Systems"
Gene Hudgins, TENA Software Development Activity (SDA)
The Test and Training Enabling Architecture, TENA, through its
enabling of range system interoperability, supports the Joint Mission
Environment Test Capability (JMETC), a distributed live, virtual, and
constructive (LVC) testing capability, and emerging range systems.

9:00 a.m.
08-20-02

"Integration Issues in Network-Based Flight Test Systems"
Rachel Smith, Todd Newton and Myron Moodie, Southwest Research
Institute
The future of flight test applications is moving towards a network based
approach. This paper discusses some major integration issues
encountered while developing a network-centric system and provides
guidelines to preventing and overcoming these issues.

9:30 a.m.
08-20-03

"WSMR Telemetry Capabilities: Today's Technology in
Telemetry"
Zoe Aguirre and Gabriel Beltran, White Sands Missile Range
White Sands Missile Range combines, fixed and mobile telemetry sites
with the ability to relay, record, process and display telemetry data in
real-time by utilizing modern technology establishing WSMR as a
premier test range.
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Session 21: Error Control Coding
Chair:
8:30 a.m.
08-21-01

Tim Gatton, Wyle Telemetry and Data Systems
"Adjacent Channel Interference for Turbo-Coded APSK"
Christopher Shaw and Michael Rice, Brigham Young University
A study of the effects of interference caused by adjacent channels on
the performance of turbo-coded 16- and 32-APSK. We also discuss
spectral regrowth in the nonlinear power amplifier when driven by a
non-constant envelope modulation.

9:00 a.m.
08-21-02

"Turbo Product Code with Continuous Phase Modulation"
Kanagaraj Damodaran and Erik Perrins, University of Kansas
We develop turbo-product coded continuous phase modulation (TPCCPM) techniques for aeronautical telemetry and study their
performances under coherent and non-coherent demodulation. This
paper presents a number of simulation results showing impressive
coding gain performances.

9:30 a.m.
08-21-03

"Spectrally Efficient Concatenated Convolutional Codes with
Continuous Phase Modulations"
Kanagaraj Damodaran and Erik Perrins, University of Kansas
This paper describes a bandwidth efficient serially concatenated coded
continuous phase modulation techniques for aeronautical telemetry,
which has impressive coding gains with only a modest increase in
bandwidth for coded SOQPSK and PCM/FM.

10:00 a.m.
08-21-04

"An Analysis on the Coverage Distance of LDPC-Coded FreeSpace Optical Links"
Ricardo Luna, Hrishikesh Tapse, and Deva K. Borah, New Mexico
State University
We design irregular Low-Density Parity-Check (LDPC) codes for freespace optical (FSO) channels for different transmitter-receiver link
distances and analyze the error performance for different atmospheric
conditions.

ITC 2008 Technical Program
Session 21: Error Control Coding (continued)
10:30 a.m.
08-21-05

"On Guaranteed Error Correction Capability of GLDPC Codes"
Shashi Kiran Chilappagari, Dung Viet Nguyen, Bane Vasic and
Michael W. Marcellin, University of Arizona
In this paper, we establish a relation between the error correction
capability and expansion of the underlying Tanner graph for GLDPC
codes. We also find lower and upper bounds on the guaranteed error
correction capability.
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Session 22: Sensor Networks
Chair:
8:30 a.m.
08-22-01

Lee Eccles, Boeing Corporation
"Wireless Sensor Networks: A Grocery Store Application"
Andrea Chaves et al., University of Arizona
The paper describes the implementation of wireless sensor network
system that may be implemented in grocery stores to accelerate the
checkout process and reduce waiting times in line at the cashier
stations.

9:00 a.m.
08-22-02

"Wireless Sensor System for Airborne Applications"
Steve Pellarin and Hy Grossman, Teletronics Technology Corp., Steven
Musteric, Eglin Air Force Base
This paper describes the status of the Advanced Subminiature
Telemetry System (ASMT) Project. It discusses the progress in fielding
a self-contained, wireless sensor system installed on the aircraft skin
using an Electro-Cleavable adhesive.

9:30 a.m.
08-22-03

"A Cost Effective Residential Telemetry Network"
Sean Byland et al., Missouri S&T
This paper descirbes the use of a COTS router to implement a low-cost
residential automation and telemetry network.

10:00 a.m.
08-22-04

"Tracking the Human Body via a Wireless Network of Pyroelectric
Sensor Arrays"
James Jolly et al., Missouri S&T
This paper describes the design and construction of a low-cost wireless
sensor network intended to track a human body walking upright
through its physical topology.

DUAL ANTENNA USE ON A GPS RECEIVER
Hal Altan, MSEE
Honeywell International

ABSTRACT
Due to vehicle dynamics in mobile systems, GPS signal reception may be blocked by the
body of the vehicle. This paper discusses various studies made on some vehicles such as
the Space Shuttle, various aircraft, and analyzes the implementation of dual GPS antenna
systems. Constructive and destructive interference characteristics of signal combining are
considered. The author suggests an approach which uses a delay line on one of the
antennas while analyzing the front end C/N0 needed for L1 GPS reception. An embedded
Excel spreadsheet provides a front-end Noise Figure (NF) calculation tool based on user
selected parameters.

KEY WORDS
GPS Receiver, dual antenna, constructive and destructive interference, signal blocking,
multipath, Noise Figure (NF)

INTRODUCTION
Due to the geometry and dynamics of a vehicle (Fig 1) vs. the GPS Space Vehicles
(SVs), the challenge is to have a minimum of four satellites in view of the GPS L band
antennas located on the receiver structure. Dual antennas receiving the same signal and
combining these signals create some challenges due to destructive and constructive
interference. When the signal arriving at the two antennas from a single SV reaches
simultaneously but at different phases due to geometry (possibly the attitude) of the
vehicle, it may double the signal level favorably (equal phase) or cancel the signal
detrimentally (opposite phase). We need to understand the implications of combining in
various approaches through math, system geometry and dynamics; and recommend the
best math driven approach to look at probable correction schemes.
Excel Tools were developed for parametric subsystem Noise Figure, Carrier to Noise
density (dB -Hz) and Amplification calculations. In either of the cases (whether the
combiner is used or not used, whether the combiner is located in the system prior to Low
Noise Amplifier (LNA) or after the LNA) the system provides good NF and
amplification margins. In the analysis below, the worst cases are considered. If due to a
nearby telemetry transmitter an external diplexer and/or a filter are used, the GPS LNA’s
filter capability does not have to be as stringent; therefore, the LNA noise figure can be
1

reduced to 1 dB or less at room temperature (and about 0.5 dB more in the full
temperature specification range.) Various approaches under this condition are studied.

Figure 1 A vehicle carrying two, 180 degree-separated GPS antennas

IMPLEMENTATION
DUAL ANTENNA GPS RECEIVE SYSTEMS
Four major configurations are considered and analyzed:
Case 1: A dual antenna system (180 degree separated antennas) on a space vehicle
connected to two separate inputs of the dual channel GPS Receiver subsystem, with a
GPS receiver providing dedicated channels for each antenna and LNA (Figure 2):

Figure 2 GPS with two interdependent multi-channel receivers with Common Clock
A common clock could assist the processors for an accurate position calculation. This is
achieved through the design of the receiver hardware and software accordingly.
PROS:
• No destructive interference possibility (no signal drops and reacquisition due to
combining),
• No need for corrective calculations for carrier smoothing (simpler GPS),
• Input circuit bandwidth could be lowered for lower noise reception,
2

•
•

Receiver channels utilize SVs (GPS satellites) in view in opposite directions,
Common clock use eliminates clock bias errors.

CONS:
• Complicated dual receiver (software) combining results from two receiver
systems for analysis of the position
• Larger receiver (cost, weight and power)
Case 2. Two completely independent GPS receivers connected to each antenna
subsystem, consequently computing positions using pesudorange measurements from
both receivers and combining the results (Figure 3).

Figure 3 Two Separate GPSs Resolving Pesudorange
PROs:
• Same as previous paragraph (no destructive interference and dropouts due to
cyclic C/N0 due to combining – reference 1 & 4)
• Both receivers can use all the satellites (in every direction)
• Each receiver can provide power through its power port to its in-line LNA
CONs:
• More accurate GPS solution calculations needed
• Complex software and processor hardware,
• Heavier and possibly more expensive system (more weight, space and power)
From the System Noise Figure and System Gain perspective, the two approaches above
yield equal results (all receive levels are based on Ref 5)With assumed Tantenna= 100K0 and Tsky =100K0 and Losscables=0.5 dB, VSWRconnectors=
1.5:1 and typical -5.5 dB antenna gain (loss) for a worst case reception.
We achieve front end system Noise Figure of NFGRFS = 3.08 dB (326 K0) and NFoverall =
4.35 dB (526 K0) and C/N0 = 37.62 dB-Hz minimum (against a desired 4.5 dB NF max
and 34 dB C/N0 minimum.)
NOTE: NFoverall includes antenna and cold sky noise temperatures as stated here.
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Case 3. Two antennas placed 180 degrees apart, using a passive RF combiner,
combining the signals and amplifying the combined signal prior to presenting it to the
single GPS receiver (simplest case overall)

Figure 4 Passively combining RF signals prior to LNA
PROS:
• Lower cost, fewer components, lighter weight hardware
• More common GPS receivers and combiners
• Can supply DC current to LNA through the RF input port (less cabling/power
distribution of conditioned +5, +12, +15 or other common LNA input voltages)
CONS:
• Cyclic C/N0 (reference 4)
• Possible occasional tracking drops (destructive interference) either from
antennas or from the vehicle body
• GPS receiver must have design features that support handling of a cyclic C/N0
combined signals – multipath discrimination, carrier smoothed pseudorange
options, etc
With same assumptions as previous model, the system in Figure 4 yields:
NFGRFS = 3.91 dB (423 K0) and NFoverall = 4.98 dB (623 K0) and
C/N0 = 36.65 dB-Hz minimum (against a desired 4.5 dB NF max and 34 dB C/N0
minimum.)
Case 4. Two antennas with two LNAs then a combiner providing amplified signals to
the single GPS receiver

4
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Figure 5 Combining signals after active LNA amplification
PROS:
• Higher G/T than previous approach (LNA first) – min 1 dB better
CONS:
• Same as previous method plus
• More complicated combiner for DC pass through for powering the LNAs
• Higher current (twice) requirement from the GPS receiver port or external
conditioned power system
• Heavier and more expensive dual LNAs
With same assumptions this system in Figure 5 yields:
NFGRFS = 3.08 dB (300 K0) and NFoverall = 4.35 dB (500 K0) and C/N0 = 37.62 dB-Hz
minimum (against a desired 4.5 dB NF max and 34 dB C/N0 minimum.)
Typical gain and losses one would observe in any one of the cases mentioned above are
depicted in the example in Figure 6 (assuming a typical 5.5 dB worst case loss on the
antenna):

Figure 6 Typical signal levels, gains and losses
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These calculations can be repeated by the reader, based on various parameters for a
“what if analysis” using the following embedded MS Excel spreadsheets (for single
input receiver and dual input receiver respectively.)

D:\Documents and
Settings\e227610\My

D:\Documents and
Settings\e227610\My

Note on attached EXCEL SPREADHEETS: These Excel spreadsheets provide a
practical tool for “What if” analysis for Noise Figure of the RF front end system, along
with C/N0 expected at the input to the GPS receiver. In the worksheets, the yellow
highlighted areas are for user parameter entry. One can change the VSWR values at
certain joints, insertion losses of the parts, cables and antenna noise temperature value,
LNA gain, etc. Once the numbers are entered in the yellow shaded areas, the results
change automatically. Critical outcomes are indicated in red. Red only means “results.”
(Additional internal worksheets in these spreadsheets provide the formulas used for
these calculations.) Spreadsheets are not protected.

NOTE : A system variation with diplexer use (in case multimode (S and L1 band)
antennas used) should also be considered. (S band is considered 2.2-2.4 GHz,
L1=1.57542 GHz)
As the S-band telemetry transmit system either shares or is collocated with the GPS L1
receive antenna, it is highly recommended to use a diplexer by the antenna design
group. A 75 Watt S-band signal is considered galvanically or “near-field” coupled to
the GRFS, providing approximately 49 dBm OOB interference.
A diplexer or cavity filter provided will bring this signal down by a minimum of 70 dB
[80 dB or a “minimum amount equal to 49 dBm + LNA Gain” is the preferred out-ofband filter attenuation.].
i.

If the user prefers not to use the diplexers for separation of the frequencies, the
filtered LNA capability with ceramic filters will not provide enough filtering to
eliminate coupled out-of-band S-band signals. In this case the GRFS will need
to supply a cavity notch filter at every antenna output prior to LNA processing
of L1 signals. This addition increases the GRFS Noise Figure (NF) by about 0.5
to 1.2 dB (exactly equal amount to the insertion loss of the notch filter.)

ii.

It is highly recommended that the S-band signals are pre-Modulation filtered to
reduce the significant harmonics that the unfiltered digital stream modulating
S-band carrier can cause in the L-band.
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ANALYSIS OF PREVIOUS STUDIES ON DESTRUCTIVE INTERFERENCE
Various studies and experiments independently conducted (1992) by Lockheed Houston
and FAA teams can be found in References 1 and 2, respectively. While Reference 1
shows the cyclic nature of the C/N0 when two antennas above and below the Space
Shuttle are used with a combiner on the same GPS receiver, Reference 2 discusses an
FAA experiment on an airplane and a correction algorithm used to reduce the effect from
the two antennas with a power combiner.
The cyclic nature of the C/N0 analyzed by the Lockheed paper indicates, in most of the
cases for the front end used, that the C/N0 fluctuated between 45 dB-Hz and 35 dB-Hz
with occasional drops to 25 dB-Hz. The cyclic nature of the C/N0 is due to satellites
geometry and the receiver antenna positioning towards the satellites. The tracking drops
do not happen until the C/N0 drops below 25 dB-Hz or less. Most current GPS Receiver
front end specifications support this. A simple comparison of data from the same paper
indicates that, with a certain system design and geometry, the C/N0 stays fairly constant
in a certain satellite position in the 1.5 hour observation time on earth. A comparison of
two signals using PRN 11 is depicted in figures (which figures) resulted in up to 25 meter
of errors. However, the data is always delivered. C/N0 is repeated (cyclic) approximately
every 2.8 minutes, due to the geometry of the SVs and the ground dual antenna
separation. Our geometry calculations verified this dependency. However, the main
question due to geometry and dynamics in space, is how often do these additions and
subtractions occur. For antennas places approximately 3m apart and are 180 degrees
opposite each other, and assuming that in space the vehicle will move at hypersonic
speeds, these changes will occur in seconds rather than minutes. A thorough study of this
phenomenon, with space flight characteristics introduced into simulation, is
recommended.
Reference 4 outlines the studies conducted by the Lockheed team in 1992. These tests
were done in a static environment (while, of course, the transmitting SVs are in motion,
the two antennas and the receiver were on earth on static ground.) Even in this static case,
in 1.5-hour duration there seemed to be two tracking dropouts due to L1 reception.
Referenced document concludes that the overall system would not suffer due to dual
antenna and a combiner use.
IMPLEMENTATION CONSIDERATIONS
1. Use two port GPS systems with a common clock, combine results received through
two separate antennas to eliminate cyclic nature of C/N0. Instead of connecting two
antennas to a single receiver input, it is better to have dedicated receiver channels
for each antenna. A common clock use would assist an accurate position calculation
(through receiver hardware and software design.) An alternate approach is to use
two separate receivers and then compute position using pseudo range measurements
from both receivers.
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2. Each receiver should have minimum of four satellites in view for accurate
computation of receiver clock bias.
3. Combine code and carrier measurements (implement carrier-smoothing)
4. Use separate antennas for S-band telemetry transmission and L1 reception and use
diplexers.
5. If multi-band antennas are used, separate signals using diplexers
6. Use low-loss cables with good radiation and temperature characteristics; make
antenna cable length to both antennas equal to avoid inducing a bias, resulting in a
position error.
7. Use wide band (16 MHz bandwidth) front-end and narrow correlators.
8. Use external Al/Cu resonance filters.
ASSUMPTIONS
During calculations the following were assumed:
1. Antennas on the vehicle are 180 degrees apart; however they can possibly see same
SVs simultaneously
2. Antenna separation is somewhere between 2 to 3 meters, however the cable lengths
from each antenna pair to the GPS receiver are exactly equal. (However, the “lever
arm” issue still needs to be resolved. The location of the GPS antennas on the
vehicle vs. the location calculation center may not coincide. GPS receivers, unless
addressed, resolve the position of the reception antenna rather than the center
position of the vehicle.) The length tolerance should be kept under a few
centimeters. The bias error equals the difference between the lengths of two cables.
3. If antennas are dual band (S and L), signals are separated by use of diplexers
4. The GPS receivers will have 12 channel SV support for L1 frequencies only. The
received signal level from the satellites is averaged at -158.5 dBW (-128.5 dBm)
minimum and -150 dBW (-120 dBm) maximum for the calculations. (In most cases
-5.5dB loss is added for the lowest antenna gain during reception.) No additional
gain or loss considered due to space vehicle’s location (in reality, a vehicle is
closer to or further away from the SVs in space).
5. The inherent CDMA characteristic with uneven receive level saturation from one
channel needs to be taken into consideration. In space this is more like to take place
as the space vehicles may fly much closer to “one” of the GPS SVs. This is studied
in Reference 6, Chapter 13, Special Topics.
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6. Cable insertion losses are expected to be no more than 0.5 dB within the operational
temperature range. (Slight phase shift possible at cold temperatures.)
7. LNA noise figure temperature coefficient is not larger than 0.01 dB/C degrees. (ie.
for an LNA with a 1.5 dB Noise Figure at 20 degrees C, a NF increase of 0.5 dB
maximum for the operation range is expected.)
NFmax (dB)= (Max TºC – spec identified room temperature in ºC) x NF coefficient
dB/ºC+ NF (dB) at spec room temperature
8. Antenna gain is expected to be no more than 2 dB. In calculations -5.5 dB antenna
gain (therefore a loss) was used, not the best angle of the antenna. However, this is
a configurable parameter in the embedded Excel files providing what-if analysis.
9. All I/O and cabling are assumed to have 50 ohms nominal characteristic impedance.
(A cable VSWR of 1.01 dB is possible.)
10. No LNA output power splitting is considered. (It is considered during analysis,
however, due to its complexity (external power supply need, internal power divider
need and additional NF incurred) it was excluded from this analysis.)
11. No multipath from other components in space is assumed.
12. The vehicle dynamics is considered to be to the system’s advantage from the
destructive addition of signals:
It is similar to a multipath effect; however both antennas receive equal signal levels
(with varying phase differences.) Per Reference 3:
sin Δφ
δφ = arctg (
) while δφ is the error in carrier phase measurement
1
+ cos Δφ

α
and while Δφ is the phase shift between the two waves.

Alpha is the difference in-between two signal amplitudes in ratio. Since the two signals
arriving are not expected to be different in amplitude (this is not a true multipath), alpha
will be 1. The shift in equal signal levels will not be more than 88 degrees. Therefore,
there will mostly be a residual signal difference (no complete cancellation). While the
phase shift changes between 0 to 180 degrees, we analyze that the 1575.42 MHz carrier
(19.04 cm wavelength) arrives at further away antenna far enough in time so that the
system shall not be able to correlate two signals, and effectively, not be able to use the
late arriving signal for the correlation. This will look like a quick passing artifact to the
GPS receiver. In very rare occasions, when the tilt angle of the space vehicle causes the
two opposite antennas to be only less than one half wavelength apart (under 19/2 cm=9.5
cm) for the incoming wave from the GPS satellite, then the signals can possibly add in
opposite phases. In order to reduce this effect it is recommended that the cables to both
antennas be kept equal in length and made multiples of the lambda/2 (multiples of 9.5
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cm). Length difference will induce a position error. Pseudo range errors will be as large
as the separation depending on the satellite geometry.

CONCLUSION

SUMMARY AND RECOMENDATIONS

In summary, to aid various space users while in flight, various approaches were analyzed
for use of a GPS RF Subsystem providing dual antennas, combiner and LNA system to
amplify GPS signals from GPS satellites. . The system would be able to obtain GPS
signals during orbital flight, ascent and descent to the degree that the hyper-speed-plasma
caused “blackout” does not block the antenna reception.
The results strongly suggest that the space vehicle should have four antennas, positioned
180 degrees apart; connected to two GPSs. Signals from these antennas would be
carefully summed and then amplified before being connected into the GPS port. For ease
of design and installation as well as lowering the part count for reliability, the GPS port
would supply the DC power needed for the LNA.
Due to constructive and destructive summing of the signals (in phase and out of phase
addition due to system geometry and dynamics), and a resultant cyclic C/N0 between 45
dB-Hz to 25 dB-Hz, tracking dropouts are rare. The measurement errors are slightly
larger than desired, 50% of the time. However, the single antenna approach will be worse
due to the antenna not seeing the satellites half the time.
A better method offered is to feed the signals into two separate GPS receiver inputs from
two oppositely located antennas and, using a common clock, resolve the position
calculations either from two separate channels or the two separate GPS systems
processing signals. Even though this is a better method, it will be heavier and costly.
FUTURE (FURTHER) STUDIES

Another study could be done connecting two antennas in the format suggested below to
validate if the complete system can be considered “the antenna.” (Figure 7) Even though
some bias due to separation of the two end antennas may still develop, this can be
reduced using carrier smoothing and filtering techniques discussed above while the
“destructive” nature of the “dual antenna” solution may be eliminated. This needs to be
verified in a lab with a simulator and a quiet (noise free) environment such as an anechoic
chamber. The author recommends the addition of a 1 micro-second (1 chip) delay, for a
variation, into one of the connection lines in series. This would help identify the second
antenna reception as a multipath beyond 300 meters (approximately) and ignore the late
arriving side. However, in this case, this delay side will only be used if the early arrival
side does not receive the data from a specific GPS SV.
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Figure 7 Dual GPS antennas and a cable form a single antenna
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High-Precision Geolocation Algorithms for UAV and UUV Applications in
Navigation and Collision Avoidance
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Abstract
UUV homing and docking and UAV collision avoidance are two seemingly
separate research topics for different applications. Upon close examination,
these two are a pair of dual problems, with interesting correspondences and
commonality. In this paper, we present the theoretical analysis, signal
processing, and the field experiments of these two algorithms in UAV and UUV
applications in homing and docking as well as collision avoidance.
Key words: Collision Avoidance, Homing and Docking, UAV, UUV.

Introduction
The conventional geolocation tasks for UAV and UUV maneuver are largely
image based, which involved computation intensive image reconstruction. The
required computation time has become the major challenge in high-speed
environment. So, it is of great importance to develop computationally effective
geolocation algorithms for dynamic homing and docking, navigation, and
especially collision avoidance.
For single-source coordinate systems, geolocation involves two major
parameters. One is the range distance, and the other one is the bearing angle. For
three-dimensional systems, the bearing angle represents a two-dimensional
vector, which is often denoted in complex form. For multiple-source coordinate
system, one parameter, most often the bearing angle, will be sufficient.
In terms of operating configurations, two have been most widely applied. One is
classified as the passive-receiver systems. The transmitting signal format is in
the form of a dual-pulse set, with opposite polarity. The bearing angle is
estimated from the temporal offset of the twin pulses. The second configuration
is in the active format. The transmitted signal is a wideband FMCW sequence.
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The twin receivers detected the returned signals. The bearing angle is estimated
from the spectrum of the product of the pair of received sequences.

Geolocation for Homing and Docking of UUV
Figure (1) is the three-element transmitter laboratory prototype for the base
stations. With the three transmission elements, the transmitter unit sends a
sequence of three calibration waveforms. The first, from the top transducer
element, is an in-phase reference signal. The second, from the middle transducer
element, is a pair of signals with a left-right polarity of 1800 phase offset for the
estimation of the bearing angle in the horizontal direction. Similarly, the third
signal from the bottom transducer is with a top-bottom polarity phase offset for
the estimation of the bearing angle in the vertical direction.

Figure (1): Three-element transmitter of the guidance system

At the top of the array, the square transducer element is designed to transmit a
combination of the fully in-phase reference signal s(t),
rref(t) = [ s(t) + s(t - ∆t) ]
The second transducer, in the middle, consists of two rectangular sub-elements,
separated by a small gap. The two transducer elements are transmitting the same
waveform s(t), but with different polarities. The signal detected by a sensor unit
can be written in the form of,
rx(t) = + [ s(t) – s(t - ∆t) ]
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The term Δt is due to the difference of the delays due to the physical separation
of the transducer elements D. The temporal offset Δt is directly related to the
off-axis bearing angle. Larger bearing angles produce larger time delay ∆t.
When the sensor is moving along the central axis, the time delay term is zero,
which results in a full cancellation and the received waveform is zero. This
means the beam pattern gives a null along the central axis.

Figure (2): Single-element receiver

The fundamental concept is to identify the bearing angle through the accurate
estimate of the time differential in the received signal. Yet, in practice, there are
serious challenges. When the bearing angle is large, the received signal becomes
weak due to the nature of the beam pattern. If the bearing angle is small, s(t) and
s(t - ∆t) start to overlap and cancel each other. The accuracy of the estimation of
the bearing angle becomes increasingly difficult due to the decreased signal-tonoise ratio, especially in serious multi-path environment, which is common in
underwater acoustic propagation.
The received signal can be represented alternatively in the form of a convolution
of the designated waveform with two impulses with temporal offset,
r(t) = s(t)

*

+ [δ(t) – δ(t –Δt)]

After demodulation and matched filtering, the signal is in the form of
γ(t) = h(t) * + [δ(t) – δ(t - Δt)]
= + [h(t) – h(t - Δt)]
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where h(t) is the auto-correlation of s(t). Then it can be seen that the most
critical element for the polarity estimation is the second term of the equation. If
we integrate the signal, it becomes
γ1(t) = h(t) * [+ g(t)] = + [h(t) * g(t)]
where the gate function g(t) is
g(t) = u(t) – u(t – Δt)
For positive polarity, the auto-correlation function h(t) will be convolving with
+g(t) and –g(t) for negative polarity. Since g(t) is non-negative and the pointlike auto-correlation h(t) is real and even, the results of the integral gives an
accurate estimate of the polarity. In addition, the duration of the gate function is
governed by Δt, which is directly related to Dsinθ, where D is the separation of
the transducer elements and θ is the bearing angle. Thus, the magnitude of the
subsequent integration produces the estimate of the bearing.
This model works in laboratory tests. In full-scale sea tests, due to phase residue
from demodulation, beam pattern changes, and noise, the formulation needs to
be modified into
rx(t) = + [ h(t) – β h(t - ∆t) ]
where β is a complex number. Mathematically, the phase of β is linearly related
to the delay ∆t, which is a monotonic function of the bearing angle. The
magnitude of β is governed largely by the beam pattern, which is also related to
the bearing angle, indirectly.
Because of the introduction of this new variable, the number of unknown
parameter increased and thus we need to utilize the first calibration rc(t) signal
as the reference,
rref(t) = [ h(t) + β h(t - ∆t) ]
For positive polarity, the sum of these two signals is
sum(t) = rref(t) + rx(t) = 2 h(t)
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and the difference is in the form of
diff(t) = rref(t) - rx(t) = 2 β h(t - ∆t)
After integration, the variable β can be estimated accurately from the ratio of the
final values of the integrals of sum(t) and diff(t).

Figure (3): Results of bearing-angle estimation by using the new method
As it can be seen, the magnitude and phase variation of β contain sufficient
information of not only the polarity, but also the angular bearing of the UUV.
Nonetheless, after normalization by β, sum(t) and diff(t) can be recombined into
the original form of
rx(t) = + [ h(t) – h(t - ∆t) ]
and then the double-integration method can be applied subsequently.
5

Collision Avoidance of UAV
The homing and docking system for UUV is considered a passive system. The
transmitter contains multiple signal elements and the receiver has one single
data-collection channel. Due to the separation of transmitter and receiver, the
transmitted signal is not readily available as the reference. As a result, the signal
utilized is a finite-duration pulse. On the other hand, the collision-avoidance
system for UAV is the dual configuration. It is an active system with a
combined transmitter-receiver unit. Because of the availability of the transmitted
signal as the reference, the UAV is able to utilize the FMCW signals for more
efficient computation.
The optimal design for target detection for UAV collision avoidance application
consists of one centered transmitter and two receiver units. The separation of the
receivers is D, which can be as large as the wingspan. The FMCW data
sequence collected at the left-wing receiver is denoted as rL(n) and the data from
the right-wing receiver is rR(n).
The sum (rL(n) + rR(n)) represents the average of the two range profiles. In this
application, the targets are typically in the far field. The bistatic configuration of
the radar, with the D/2 separation between the transmitter and receiver, can be
approximated as a monostatic case. Then rL(n) and rR(n) can be regarded as two
monostatic radar systems with separation distance of D/2. The sum (rL(n) +
rR(n)) allows the range estimator to combine these two range profiles according
to the frequency index system. Then the target range profile R(k) can be
computed from the sum of the dual sequences.
R(k) = FFT [rL(n) + rR(n)]
The bearing angle of the target can be estimated from the difference of the
arrival time between the two receivers. If we rescale the profiles with the
propagation speed, the bearing angle can be estimated from the relationship
D sin(θ) = difference in range

Because the range difference can be calculated effectively from the product
(rL(n) rR*(n)), the bearing angle profile can be computed from the product of the
dual sequences,
Angular profile = FFT [xL(n) xR*(n)]
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Note that the angular profile needs to be first scaled by the separation D, and
then nonlinearly mapped with the arcsine function to bring the profile into the
interval of (± π/2).
The target tracking algorithm is developed based on the assumption that a target
is on the collision course when (1) the target is consistently in the same bearingangle and (2) the range is decreasing at approximately the same rate.
The tracking in bearing-angle profile can be achieved by calculating the
weighted sum of several consecutive bearing-angle profiles. This process allows
the target to stand out from the angular profile, while the background noise
averages out,
φj(k) = θj(k) + θj-1(k) + θj-2(k) + … θj-M+1(k)
Let the sum of the dual data sequences be r(n)
r(n) = (rL(n) + rR(n))
The product rj(n) rj-1*(n) represents the change in the spectrum corresponding to
changes in the range direction. Thus
Change in range = Rj’(k) = FFT [rj(n) rj-1*(n)]
Similarly, we compute the weighted sum of several consecutive range changes
as we conduct in the tracking the bearing angle profile. If the range changes are
negative in the same bin, which is corresponding to decreasing in range at a
constant rate, it represents an approach target.
ρj(k) = R’j(k) + R’j-1(k) + R’j-2(k) + … R’j-M+1(k)
Once the system identifies the target, appearing in the same bearing-angle bin
with decreasing range distance at the same rate, the system can trigger on the
maneuver control. Assuming the UAV is operating at constant speed, the main
maneuver will be the change of flight direction. The optimal maneuver path is in
the direction perpendicular to the bearing-angle of the approaching target.
Because the all procedures involved are numerical, the maneuver control will be
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in the quantitative form, which can be directly fed to the mechanical control
hardware in a most precise manner.

Conclusion
Homing-docking and collision avoidance are subjects of great importance for
the advancement of the capability of autonomous vehicles. To achieve highprecision maneuver, many conventional algorithms are image-based, which
requires image reconstruction. Consequently, the extensive computation
significantly reduces the reaction time, critical to the successful execution of the
objectives.
In this paper, we presented one algorithm for UUV homing and docking, and
another algorithm for UAV collision avoidance. These two algorithms have a
high degree of equivalence and duality. In term so operating modality, the UUV
system is passive, functioning in the transmission mode with twin transmitters.
The UAV system is active with single transmitter and twin receivers in the
reflection mode. In the category of signaling, the UUV uses a simple finitelength pulse, and the UAV utilizes the FMCW signal format. In the form of the
estimation procedures, especially the estimation of bearing angle, the concepts
of these two algorithms are strikingly similar with the same level of the
performance.
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ABSTRACT
The real time acquisition and monitoring of the aircraft trajectory parameters is essential for the
safety of the flight tests campaigns held by most of the tests centers. Nowadays the us age of an
airborne GPS receiver as the main sensor for these parameters has become the preferred solution
for the Flight Tests Instrumentation (FTI) systems. The main problem arises when it is required a
high accuracy for these measurements (e.g. air data calibration) where the solution is achieved
through differential GPS techniques. The integration of this solution requires the acquisition and
the correlation of the pseudorange and phase measurements for all GPS satellites in view
observed by both base and rover GPS receivers. To avoid the usage of an additional uplink for
the GPS differential corrections (i.e. from the base receiver to the rover), it was developed a
novel solution where the GPS observables acquired by the rover receiver are merged into the FTI
PCM data stream and processed in the Telemetry ground station by a Real Time GPS Navigation
(GNAV) tool together with the GPS observables acquired by the base receiver. The GNAV
development is divided into several phases where the accuracy for the trajectory parameters and
the complexity of the solution increases. The prototype system was built and evaluated against
the post- mission Ashtech PNAV tool and the initial tests results show a satisfactory
performance for the GNAV. The tests profiles are fully compliant with the Federal Aviation
Administration (FAA) Advisory Circular (AC) 25-7A.
KEY WORDS
GPS, Flight Tests, Time Space Position Information, Differential GPS, Real time.
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INTRODUCTION
The aircraft Time Space Position Information (TSPI) is an essential parameter set for the
execution of several flight tests campaigns (e.g. Air data calibration). The availability of real time
TSPI during the test flight contributes for the flight safety. It also allows the integration of real
time software to show if the desired flight condition was achieved or not. This feature improves
the overall flight tests efficiency and could reduce the time and costs for a given flight tests
campaign.
Nowadays a GPS receiver becomes the major source for these parameters but to get the best
accuracy it is required to employ Carrier- Phase Differential GPS (CDGPS) techniques [1], which
is not suitable for real time applications.
In fact most of commercial off the shelf CDGPS (e.g. Thales Z-FX GPS receivers) are sold with
its own proprietary post- mission data analysis software package (e.g. PNAV ) that provide s an
accurate TSPI (e.g. ±5x10-2 m @1σ).
Another relevant issue is the certification requirements for a quality assurance program (i.e. SAE
AS 9100B:2004) [2] which is a major concern for the most of the flight tests ranges. The usage of
proprietary software algorithms (i.e. PNAV  built in functions) could impose restrictions for the
uncertainty expression [3] of the TSPI parameters and jeopardize the quality assurance
certification programs.
To match these requirements (i.e. real time capabilities and algorithm traceability), this work
proposes the development of the Flight Test Real Time GPS Navigation Tool (GNAV). The
GNAV development is divided into the following steps:
1.
2.
3.
4.

Post mission Pseudorange mode;
Real time Pseudorande mode;
Post mission carrier phase mode; and
Real time carrier phase mode.

For each step the GNAV will be improved in either real-time processing capabilities or TSPI
accuracy. This paper describes the implementation and the tests results of the first step and the
setup for the evaluation of the second step. As reference for performance evaluation, it was used
the PNAV software provided with the existing Thales GPS receivers.

THE GPS TSPI SOLUTION
The GPS TSPI solution is based on the hyperbolic navigation [4]. With the knowledge of the
average propagation speed and the associated transmitter’s positions and considering that all
clocks (i.e. Transmitters and receiver clocks) are properly synchronized, the user position can be
found as function of the propagation time (eq. 01).
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Tp1 .Vp1 = ( xT 1 − xRx ) 2 + ( yT 1 − yRx ) 2 + ( zT 1 − z Rx ) 2 

Tp 2 .Vp2 = ( xT 2 − x Rx ) 2 + ( yT 2 − y Rx ) 2 + ( zT 2 − z Rx ) 2 
Tp3 .Vp3 = ( xT 3 − xRx ) 2 + ( yT 3 − y Rx ) 2 + ( zT 3 − z Rx ) 2 


(01)

where:
o Tpi is the ith propagation time (s);
o Vp i is the ith average propagation speed (m/s) ;
o [xTi yTi zTi ] are the coordinates of the ith transmitter (m); and
o [xRx y Rx zRx ] are the receiver coordinates (m).
The left terms of eq. 01 are the true range between the ith transmitter and receiver expressed as:
Ri = Tpi .Vp i = Vp i (t Rx − t Ti ) + ε i

(02)

where:
o t Rx is the GPS time that the signal arrived at the receiver (s);
o tTi is the GPS time that the signal was transmitted by the ith Satellite Vehicle (SV), (s);
o εi is the range uncertainty (m).
Neither the SV nor the receiver clocks are synchronized with the GPS time, so the basic GPS
receiver measurement is a Pseudorange ( PRi ), expressed as:
PRi (t ) = Ri (t ) + v.(∆ t Rx − ∆ t SVi ) + ε i

(03)

where:

∆t Rx is the receiver clock error (s); and
∆ t SVi is the SVi clock error (s);
The SVi clock error [5] is expressed as:

∆t SVi = ∆t CKi + ∆t Ri
where:

(04)

∆ t CKi is the SV clock drift (s); and
∆ t Ri is the SV relativistic clock error (s);

A 2nd degree polynomial models the satellite clock drift (eq. 05). Its coefficients (ao , a1 and a2)
and validity period ( toc ) are embedded into the ephemeris data [5].
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∆ t CKi = a0 + a1 t Rx − Ri − toc  + a2  t Rx − Ri − toc 
c
c




where:
c

2

(05)

is the GPS speed of light, 2.99792458 x 108 (m/s);

The relativistic error (eq. 06) is caused by the relative dynamics between the satellite and the
receiver [6]. For minimizing this error, it is necessary to know the receiver and the satellite
position, as well its orbital parameters.

∆t Ri = F.e. A.sen( f i )

(06)

where:
F
e
A

fi

equals to -4,442807633 x 10 -10 (s/m1/2 );
is eccentricity of the orbit (dimensionless);
is the semi major axis (m); and
is the true orbit anomaly (semicircles);

Considering that v is also unknown, a new model for the Pseudorange is employed considering
that the electromagnetic signal travels at constant speed (c). Thus:

PRi (t ) = Ri (t ) + c.(∆t Rx − ∆t SVi ) + I i (t ) + Ti (t ) + d i (t ) + d Rx (t ) + M i (t ) + ε i

(07)

where:

Ii
Ti
d Rx
di
Mi

is the ionosphere propagation delay between SVi and Rx (m);
is the troposphere propagation delay between SVi and Rx (m);
is the receiver code error (m);
is the SVi code error (m); e
is the multipath error (m).

To minimize Pseudorange errors, a DGPS technique computes the single (eq. 08) and double
(eq. 09) differences [7], where a baseline is formed between a base and a rover GPS receiver.
Considering a short baseline length (e.g. up to 100km), most of the propagation effects can be
modeled as systematic errors to both receivers (base and rover) and be minimized.
PBi, Ri (t ) = PBi (t ) − PRi (t ) = RBi, Ri (t ) + c.(∆t Rb, Rr ) + M Bi, Ri (t ) + ε Rb,Rr

(08)

where:
PBi , PRi are respectively the SVi pseudoranges measured at the base and the rover receivers
(m) ;
RBi , Ri
is the SVi true double difference measurement (m);
∆ t Rb ,Rr

is the clock error between the rover and the base GPS receivers (s);
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M Bi, Ri

εRb,Rr

is the SVi multipath error difference between the base and rover receivers (m); and
is the baseline single difference uncertainty (m).

PBij ,Rij (t ) = PBi , Ri (t ) − PBj , Rj (t ) = RBij ,Rij (t ) + M Bij , Rij (t ) + ε Bij , Rij

where:
RBij,Rij

(09)

is the true double difference (m);

M Bij ,Rij is the multipath residual error of the double difference (m);
ε Bij, Rij

is the baseline double difference uncertainty (m).

The GPS pseudorange (eq. 07) and its associated single (eq. 08) and double differences (eq. 09),
can be respectively expressed in L1 and L2 carrier phase terms (eq. 10 to 12). The major
advanta ge of the carrier-phase measurement over the pseudorange lies in their respective
uncertainties (Figures 01 and 02), whereas the main disadvantage is the integer number of cycle
ambiguity present into the carrier-phase data which can be determined with an ambiguity search
algorithm.

Φ Ri (t ) = Ri (t ) + c.(∆t Rx − ∆t SVi ) + λk NRi − I i ( t ) + Ti (t ) + d i ( t ) + d Rx (t ) + M i (t ) + ε i

(10)

Φ Bi ,Ri (t ) = Φ Bi (t ) − Φ Ri (t ) = RBi , Ri (t ) + c.(∆t Rb ,Rr ) + λk N Rb , Rr + M Bi , Ri (t ) + ε Rb ,Rr

(11)
(12)

Φ Bij , Rij (t ) = Φ Bi , Ri (t ) − Φ Bj ,Rj (t ) = RBij , Rij (t ) + λ k N Bij , Rij + M Bij , Rij (t ) + ε Bij , Rij

where:
Φ Ri Φ Bi, Rj Φ Bij, Rij are respectively the carrier-phase and its associated single and double
differences (m);
N Ri N Bi ,Rj N Bij ,Rij are respectively the number of cycles integer of the carrier-phase and its
associated single and double differences measurements (adm);
is the L1 and L2 carrier wavelength (m).
λk

Figure 01 – Pseudorange Uncertainty

Figure 0 2 – Phase Uncertainty

A typical GPS receiver uses a linear simplification of eq. 01 [8] to compute its clock error and
interactively feedback such results, to refine its time and user position solutions. In fact, some
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receivers, such as the one used in this work, corrects its internal clock only when ∆ t Rx reaches
±1ms threshold to avoid C/A code ambiguity.

GNAV DEVELOPMENT
The GNAV shell was developed with C#.net and VB.net tools which perform calls to the Matlab
application that executes all scientific calculations. The GNAV application could be installed in
any operational system compatible with the Framework.net 1.0 environment.
The application performs the following tasks:
1. Receiver setup and control;
2. Post mission data acquisition;
3. Real time data acquisition; and
4. Real time data processing.
To do this the application should include the following capabilities:
ü To establish communication with the GPS receiver;
ü To configure the GPS receiver;
ü To access the GPS receiver files and/or list, read, download and delete selected files;
ü To read proprietary GPS receivers file formats;
ü To perform GPS observables real time data acquisition over the RS232 data port;
ü To perform real time acquisition of the GPS observables embedded into the PCM st ream
received over the Telemetry TCP-IP or the SCRAMnet networks;
ü To format and align the GPS observables;
ü To compute the receiver TSPI;
ü To compute the local satellites geometries;
ü To compute the associated uncertainties;
ü To minimize errors with DGPS techniques (i.e. single and double differences);
ü To minimize errors with CDGPS techniques;
ü To compute corrected TSPI and associated uncertainties;
ü To save, display and distribute resulting data;
ü To export formatted data;
ü To convert TSPI data to a user selected coordinate system;
ü To select and/or extract data slices; and
ü To execute post mission data analysis and filtering.
It should be noted that:
1. The GPS positioning algorithm (see eq. 01) requires the knowledge of the pseudoranges
and the SV position at the transmission time;
2. The algorithm that computes the SV position requires the knowledge of the pseudoranges
to compensate the SV clock errors (see eq. 04); and
3. The determination of the pseudoranges requires the knowledge of the receiver position
when the signal arrived and the SV position at the transmission time.
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So the GNAV TSPI algorithm was implemented as a convergent recursive function (Figure 03)
that runs until the convergence limits are found.

Figure 03 – GNAV TSPI Algorithm

THE EVALUATION OF GNAV
The preliminary GNAV evaluation was performed to certify that the TSPI solution errors were
within the expected range. To do this post mission DGPS processed by GNAV were compared to
the CDGPS solution provided by a commercial off the shelf application (i.e. Thales PNAV). For
the initial evaluation both Base and Rover GPS receivers were placed at a known fixed position
(Figure 04) and the associated errors were computed.

Figure 04 – GNAV Preliminary Evaluation

For the preliminary tests Base and Rover GPS receivers were placed at two known fixed geodetic
reference marks 180m apart. The resulting PNAV CDGPS to GNAV DGPS North East and
7

Down (NED) [9] position components and the corresponding range solutions errors (Figures 05
to 08) were considered satisfactory. With a deeper analysis it is possible to conclude that the
range errors were almost white noise (Figures 08 to 10).

Figure 05 – GNAV North Error (Static Test)

Figure 06 – GNAV East Error (Static Test)

Figure 07 – GNAV Down Error (Static Test)

Figure 08 – GNAV Range Error (Static Test)

Figure 09 – GNAV Error Distribution (Static Test)

Figure 10 – GNAV Error Correlation (Static Test)

Then for the final evaluation the Rover GPS receiver was installed in an F-5 Tiger II aircraft. For
this test the goal was to evaluate the GNAV in a high dynamic flight profile and to setup the real
time GNAV environment.
In this case all GPS observables acquired by the rover GPS receiver were sent to the Airborne
Flight Tests Instrumentation (FTI) System trough an RS-232 protocol and merged into the PCM
8

data stream (Figure 11). The signal is transmitted over the Telemetry link, decomutated by the
PCM Telemetry Front End (TFE) and distributed over the Telemetry Network. At the end node
the GNAV application receives the RS -232 packets and performs the identification and alignment
of the GPS observables, along with the ones acquired by the Base GPS receiver to compute the
DGPS TSPI parameters.

Figure 11 – GNAV Real Time Block Diagram

Two flights are analyzed. The first one was performed in low (i.e. low phase drops) and the
second in high flight dynamics (i.e. high phase drops). For the first flight the resulting TSPI
errors demonstrate a good performance of the GNAV when compared to the PNAV  application
(Figures 12 to 15) and the results were considered satisfactory. Looking deeper at the results it is
possible to verify that the range errors were almost white noise (Figures 15 to 17).

Figure 12 – GNAV North Error (Flight #1)

Figure 13 – GNAV East Error (Flight #1)
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For the second flight it was noticed that when the range between Base and Rover GPS receivers
reached 10Km threshold, the resulting PNAV application TSPI solution diverges from the
respective GNAV solution (Figure 18). Considering the dynamics of this flight it was noticed a
lot of phase drops during the entire flight. The most probable cause of this deviation is attributed
to the PNAV on-the-fly ambiguity resolution algorithm performance.

Figure 1 4 – GNAV Down Error (Flight #1)

Figure 15 – GNAV Range Error (Flight #1)

Figure 16 – GNAV Error Distribution (Flight #1)

Figure 17 – GNAV Error Correlation (Flight #1)

Figure 18 – PNAV and GNAV Range Error (Flight #2)

Figure 19 – GNAV Noth Position Error (Flight #2)

Looking deeper into the PNAV documentation [10] it was found that in fact the best results are
achieved with less than 10 km baseline separation. This glitch caused a major problem because
the CDGPS solution provided by the PNAV which was considered the TSPI reference diverges
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with long baselines. Then the best available methodology was to compare both PNAV and
GNAV TSPI solutions to the Rover GPS standalone solution, which provide us fairly good idea
of the associated errors.
Using this process it is possible to verify that the TSPI errors provided by the GNAV algorithm
were still satisfactory (Figures 16 to 18), but the lack of a more accurate reference jeopardizes an
exact error analysis. It is also possible to verify that the range errors were also almost white noise
(Figures 08 to 10).

Figure 20 – GNAV East Position Error (Flight #2)

Figure 21 – GNAV Down Position Error (flight #2)

Figure 22 – GNAV Error Distribution (Flight #2)

Figure 23 – GNAV Error Correlation (Flight #2)

CONCLUSIONS
The development of a Flight Tests Real Time GPS Navigation Tool was carried out and the
preliminary flight test demonstrates a satisfactory performance.
The real time solution which embedded all GPS observables into the PCM Telemetry Link seems
to be very efficient, but the lack of a standardized protocol to encode/decode formatted RS -232
GPS observables (e.g. NMEA 0183-HS protocol [11]) into the PCM stream overloads the GNAV
application. Considering that TSPI parameters are essential for the flight tests, it is recommended
the inclusion of this feature into the IRIG-106 [12] standard.
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The usage of GNAP known algorithms opposed to the PNAV proprietary algorithms provides a
better knowledge and traceability of the measurement uncertainties required by today’s quality
assurance programs (e.g. SAE AS 9100B:2004 [13]).
Future works should include the increase of the efficiency for the real time environment and the
preliminary tests of the GNAV application working with CDGPS.
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CURRENT STATUS OF ADDING GPS TRACKING
CAPABILITY TO A MISSILE TELEMETRY SECTION
Scott R. Kujiraoka
NAVAIR Point Mugu, CA
Russell G. Fielder & Alvia D. Sandberg
NAVAIR China Lake, CA

ABSTRACT
Past presented papers 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 is in the process of
undergoing flight qualification testing (including environmental and electro-magnetic
interference-EMI tests). After which it will be ready for mass production. This paper will detail
these current efforts. 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. Future plans to incorporate Flight
Termination System (FTS) capabilities into the TM section will be covered as well.

KEY WORDS
Global Positioning System (GPS); Time, Space, and Position Information (TSPI); Flight
Termination, Missile Telemetry.

BACKGROUND
JAMI is a Central Test and Evaluation Investment Program (CTEIP) sponsored by the Office of
the Secretary of Defense (OSD). CTEIP’s main charter is to develop Proof-of-Concept products
that can eventually be transitioned to the field. JAMI is tasked with developing a suite of GPS
and FTS components which are approved for use in weapons system currently fielded. The list
of components includes GPS based devices for Time, Space, & Position Information (TSPI);
Range Safety; and End Game Scoring applications. The purpose of this TM development effort

is to demonstrate the use of all of these capabilities in a single package for a small diameter
missile that can be tracked on a Government Missile Test Range.
Initially, this enhanced TM section should provide all of the functionality of the current
Telemeter, both mechanically and electrically. In addition, it will add the GPS-based tracking
capability for TSPI, Range Safety and possibly End Game Scoring purposes. It must also be
engineered to provide for the future implementation of a Flight Termination System (FTS).
Furthermore, the TM transmitter needs to be upgraded to add frequency selection capability.
This will be an immense time and cost saver to the Test Program, since frequency availability
while on the Test Ranges will no longer be an issue. If one frequency channel is occupied, the
transmitter can be tuned to an available channel in a matter of minutes. This transmitter will also
have improved bandwidth efficiency with the use of Shaped Offset-Quadrature Phase Shift
Keying (SO-QPSK) modulation, allowing for the tracking of six missiles at one time in the SBand frequency range. Only three missiles were capable of being simultaneously tracked with
the existing Pulse Code Modulation/ Frequency Modulation (PCM/FM) transmitters used by the
existing TM section. As part of the development effort, all missile integration and ground
support equipment will be developed for Missile AUR acceptance testing. All of the test ranges
supporting Missile Test Flights will have to be upgraded to support this new modulation scheme
along with the transmission of GPS data.
As mentioned in last year’s paper, a Creative Research and Development Agreement (CRADA)
has been established between NAWCWD and TECOM Industries to develop the GPS/TM dual
band antenna. The Agreement establishes a means for NAWCWD to transition the design of the
antenna to TECOM for production purposes. Under the Agreement, NAWCWD would provide
the design expertise and TECOM would provide the manufacturing processes expertise. Both
parties would share in the development and design qualification duties. After the completion of
the CRADA, the government will have a qualified source for the procurement of these antennas.
This antenna development is unique since the GPS low noise amplifier, limiter and filter to
screen out TM frequencies have all been integrated into the antenna substrate. This has been
accomplished since there was no available space inside the cramped TM section to accommodate
these items. If successful, it will be the first known use of these items embedded in a missile
instrumentation antenna.

FLIGHT QUALIFICATION TESTING
There are three main types of flight qualification testing which will be performed:
Environmental, Electromagnetic Interference (EMI) and Antenna. Environmental Qual Testing
will consist of all tests which simulates the flight environment the TM section will be exposed to
prior to and after missile launch. This includes, but is not limited to, High and Low
Temperature, Humidity, Altitude, Captive Carry & Free Flight Vibration, Launch Shock,
Acceleration and Salt Fog testing. Four units will be tested with two units containing
transmitters built by Quasonix Corp and two units containing NOVA Corp built transmitters.
The plan is to qualify two vendors, so as to avoid the issue of having only a sole source of supply
when procuring the transmitters for production TM units. Since both transmitters have been
already tested to MIL-STD 461E levels (and passed), only one unit will undergo full EMI

testing. As far as Antenna Qual Testing is concerned, some of the tests consist of High & Low
Temperature Operation and Storage, Temperature Shock, Temperature-Altitude, Humidity,
Vibration, Shock and Salt-Fog. Four units will be tested with two units built by NAWCWD and
two units provided by TECOM Industries under the CRADA mentioned above.

PRODUCTION SUPPORT
Two production locations (Raytheon-Tucson and Tyndall AFB) which take the TM sections and
integrate them into AUR Missiles need to be upgraded as well. These locations will perform
Acceptance Testing on all missiles to ensure they have been assembled properly. This involves
the installation of JAMI Ground Stations and SO-QPSK receivers, demodulators and PCM
decommutators similar to the Test Range Upgrade. Since these sites are indoors, a GPS reradiation system is required. An RF Test Shroud (otherwise known as an Antenna Coupler) is
being designed to provide the re-radiated GPS signal to the Missile Antenna as well as receive
the Missile telemetry signal and relay it to the TM Test Set. The upgrade of both of these
facilities should be accomplished by the beginning of Fall 2008.

TEST RANGE UPGRADE
JAMI has already installed Ground Stations at Tyndall AFB (in Florida) and Hill AFB (in Utah)
in support of other Missile Programs. These Ground Stations are used to process the GPS data
being transmitted down from the various missile platforms for TSPI and Flight Termination
purposes. Another JAMI Ground Station has been installed at NAWCWD-China Lake and has
supported multiple Captive Carry Flights and Live Firings. Additional JAMI Ground Stations
are scheduled to be installed at Eglin AFB (in Florida), Hill AFB (in Utah) and NAWCWD-Pt.
Mugu. Possible future locations include White Sands Missile Range (in New Mexico), Edwards
AFB (in California) and Patuxent River (in Maryland). All sites will also need to be retrofitted
to support the new SO-QPSK modulation scheme.

FUTURE FTS PLANS
Due to the long length of time needed to certify an FTS system, this newly redesigned TM
section has only telemetry and GPS capability. However it was mentioned in the Background
section of this paper, one of the design requirements is to provide for the future incorporation of
a FTS system. When the FTS design effort gets underway, only a few items need to be
accomplished. First, the outer shell has to be modified to accommodate the inclusion of the FTS
Antenna. Second of all, the Flight Termination Safe & Arm (FTS&A) devices, Flight
Termination Receivers, FTS Battery, and the Detonation Cord/Cutter Ring will have to be
included into the TM section. All of them will be COTS components. They will replace the
ballast currently being used to simulate these actual devices inside the newly designed TM
section. 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.

SUMMARY AND FUTURE PLANS
All design aspects of developing an upgraded TM section have been completed. Successful
missile integration has been performed along with two Captive Carry Missile flights.
Qualification testing should be completed by the summer of 2008 and production will begin
immediately thereafter. The FTS effort should shortly with the development of the FTS antenna
and the qualification of the FTS battery. It will be at least two years before the FTS version of
the TM section will go into production.
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ABSTRACT
Network-based telemetry systems are increasingly being used to improve the flexibility and
longevity of flight test systems. Modern network-based flight test systems utilize large numbers
of devices including high-speed network switches, data acquisition devices, recorders, and
telemetry interfaces, all of which must be managed in a coordinated fashion. The move to
network-based testing provides the ability to build a standards-based System Management
interface which can status and control a diverse set of devices. The benefits include the ability to
easily tailor System Management tools to support many different styles of user interactions and
to quickly integrate new types of devices. While the new capabilities presented by System
Management are exciting, the very openness of the system presents challenges to ensure that
future growth will be seamlessly supported. This paper will discuss issues encountered while
implementing flight test System Management tools for a network-based telemetry system.
KEY WORDS
iNET, System Management, Network-based Flight Test Implementation

INTRODUCTION
In an effort to improve the flexibility and longevity of flight test systems, the makeup of the
modern telemetry test network is moving towards increased use of the ubiquitous Internet
Protocol (IP) standard in place of serial or proprietary links for instrumentation [1]. Many
devices already offer support for IP, including high-speed network switches, data acquisition
devices, recorders, and telemetry interfaces.
IP network-based flight test systems have many advantages over the earlier test network
technology. The introduction of IP as a standard network technology allows integration to be
more rapid and more affordable with the use of more off-the-shelf hardware and software. The
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flexibility of IP also allows the test network to utilize larger numbers of devices and a variety of
topologies. This provides opportunities for new levels of complexity in test development,
creating the need for dynamic, real-time monitoring and configuration of the test system.

COORDINATION OF SYSTEM MANAGEMENT
For a network-based flight test system to perform in an optimal manner, devices must be
managed in a coordinated fashion. While past instrumentation networks have supported the idea
of “network management,” the management of just the network switching fabric, the idea of
actively managing all devices on the test system including the test components is fairly recent.
The evolution of such management is due in part to the move to IP-based network test systems.
The concept of System Management allows the coordination of all aspects of the test. This
includes centralized control of all test elements (switches, DAUs, recorders, telemetry links,
etc…), the ability to coordinate responses to changing test scenarios, and an ability to provide a
level of transparency, allowing a user to interact with a diverse set of devices in a uniform
way [2].
The control and statusing of a group of devices may be implemented by a process known as a
“system manager.” There may be one system manager for the entire network or there may be
several system managers, each on a localized subnetwork or even on individual test elements.
The management information may be passed up a tree in a hierarchical manner or may be
funneled to a centralized repository for distribution to any endpoint requiring system status.
Figure 1 shows examples of both geometries. In the first distributed (tree) example, there are
two system managers, one at the Test Article (TA) level and one on the Ground Support
Equipment (GSE). Information is relayed between the two managers. If the GSE system
manager needs information about the recorder, the Test Article system manager collects local
information and passes it to the GSE. In the second example (centralized management), there is
only one system manager shown. This system manager has the ability to collect information
directly from any element of the network. In this centralized example, all system management
data is distributed from and returned to the Ground Support Equipment.
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Ground Support Equipment
Network Switch

Note that because the Ground Support Equipment is not part of the active flight, this implies that,
in this particular example, the system manager is only used for pre-test configuration and posttest operations. The actual flight is conducted without a system manager present locally on the
test article. These are just two management scenarios out of many that would be possible. The
key is to have a process or processes designated to perform system management based on a
geometry that best complements the test and range setup being used.
The process of selecting a system management geometry is based on the required distribution of
device information. As status about individual devices is gathered together, more powerful
system views and operations become possible. One system management action is the collection
of status data from a large set of devices to be presented to the user in a unified display. Such a
coordinated data display allows the user to understand the interactions of various elements of the
network as the test progresses. This centralized knowledge also means that actions like
configuration of the test elements or enabling of all data recorders can be performed with as little
as one single command. The system manager accepting this command takes care of the behindthe-scenes details of dispatching device-specific commands to the correct elements of the
network needed to carry out these operations. This means that only minimal user intervention
and knowledge is required to set up and run a large and diverse test. This strength is a direct
result of the collection of device information in a centralized system manager.
A system manager may also be given knowledge of how to perform derived actions in response
to changes in the system. One example of a derived action would be the ability of the system
manager to shut off network packet generation. This might need to be done when the system is
set into a mode which plays back recorded data to prevent the mixing of current and past data
streams. This requires knowledge of which devices to disable and how to disable those devices.
This also requires the ability to confirm that the devices were actually disabled before playback
commences. These derived actions are examples of things that may be coordinated by a system
manager without user intervention.
The examples of multiple-device control or derived actions are two instances of transparent user
control. The user does not need to know the details of low-level device information unless
necessary (for advanced operations like debugging). At the highest level, the system status is
either “good” or “bad.” If the system is in a good state, it can generally be assumed that all parts
of the system are functioning correctly for the test. If there is a problem with the system, it may
be identified at a component level such as “bad recorder,” or there may be more detailed
information presented such as “the DAU on the left wing is over temperature by four degrees
Celsius.” The user may easily determine when a system fault puts a test in jeopardy without
knowing the particular set of commands required for collecting this information.. This
transparent control allows the test engineers to spend more time on their real jobs (running tests
and analyzing data) and less time on configuring and monitoring the test network devices.
The move to network-based testing provides the ability to build a standards-based system
management interface which can status and control a diverse set of devices. The benefits of
coordinated system management include the ability to simultaneously status and control many
devices, to coordinate derivative actions, and to enable different styles of user interactions
(transparent user control).

3

CHALLENGES AND SOLUTIONS IN SYSTEM MANAGEMENT
While the new capabilities presented by system management are promising, the very openness of
the system presents challenges to ensure that future growth will be seamlessly supported. There
are many low-level design decisions to make when implementing a system management solution
for a telemetry test network; however, it is also important to consider the high-level aspects of
the problem. When designing a system, flexibility is a highly desirable feature. Two key areas
which may support customization include device interfaces and the policies of the system
manager.
Plug and Play versus Standard Interfaces
Device interface customization is a question of how the device interface information (commands,
controls, and status variables) will be published. The system manager needs this information in
order to interact with the devices. One common model is to allow the device to provide this
information on the fly (plug and play). Another idea is to enforce standard interfaces on the
devices, so that the same types of information and controls are always available using the same
variables from one device to another. Both ideas have benefits and drawbacks.
The future growth of any telemetry system will no doubt include new types or brands of devices
not known today. The challenge is to be able to recognize, authenticate if necessary, and interact
with those devices. A system that could accommodate new device types without requiring
changes to any management processes would be ideal. There are two ways to accomplish this
goal. One is to build an infinite amount of flexibility into the system, and the second is to build
new devices compliant with a device management standard.
To build a system with maximum flexibility, a set of capabilities files could be established
specifying all facets of device identification and behavior. The management program would
need only to consume these capabilities files to understand which devices to interact with and
how those interactions should proceed. This would even allow for a plug and play environment
whereby a device could provide its capabilities specification at the time when it first attaches to
the network.
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Figure 2. Plug and Play vs. Standard Interface Discovery

While this would allow for infinitely flexible system management, it puts heavy demands on the
system management program and on the device itself. The manager must rapidly collect and
parse many capabilities files to get the system into an operational state. During power-up of the
whole system, that might include hundreds of devices transmitting capabilities files to be
consumed and understood by the manager or managers. In addition, each device would be
required to store and provide a complete description of its capabilities. For small, embedded
devices, this is a large burden. Figure 2 shows an example of a startup process for a network
with plug and play-type transmission of capabilities and startup for a network with standardized
interfaces. The end-nodes (DAUs and Recorders) in the system are colored green if they have
been registered with the system manager. In the plug and play interface network, the system
manager has processed some of the capabilities files and will have to receive and process the rest
before the test is ready to start. The standardized interface network has recognized all devices
are ready to begin testing since the system manager deterministically knows the details of each
interface from the standard. It is likely that (as in this example) the plug and play interface
network would take longer to start up than the standardized network due to multiple file transfers
and associated processing at the system manager.
Allowing devices to broadcast their capabilities also places a large burden on the network itself,
requiring that many capabilities files be transmitted prior to data transmission. If a new test
article joins an ongoing test, a trade will need to be made between continuing to collect the
latency/throughput critical (LTC) data and transmitting the capabilities of the elements of the
new test article. Such resource decisions need not be made if the system manager already knows
the standardized interfaces for communicating with the new test article.
Using capabilities files for devices also does not completely escape the idea of standardization –
after all, the capabilities file for each device must be standardized in such a way that the manager
understands how to parse and consume it. If standardized interfaces are defined for device
identities, controls, and status variables, new devices can be built conforming to these standards.
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This will allow new devices to be dropped into an existing test system without requiring
modifications to the system management software on that test network.
Configuration of System Managers
While it is expensive to create a highly configurable plug and play test system, there are features
of the system manager itself that may benefit from configuration. Configuration parameters may
be applied to the system manager to provide a level of customized control without incurring the
heavy cost of supporting individual device configuration files. Features such as recognition and
handling of different status and fault scenarios and an enumeration of types of devices to
recognize are all things that may be customized for improved management of each unique test
scenario.
Configuration of the system manager can provide the right information at the right time. If the
test elements are built with standard interfaces, they will provide a set of known status and fault
information. Despite the fact that there is a priori knowledge of the information being provided
by the test devices, there are cases where the test engineers will have a need to tailor the status
and fault information they are receiving. If an engineer knows that a network time source is
missing and allows the system to free-run, messages from the network devices indicating that the
external time synchronization has been lost will quickly overwhelm the user with unnecessary
information that effectively masks less-frequent real error events. If the system manager accepts
configuration for which fault messages to display and which to ignore, users can customize the
information they receive. Other fault and status configuration modes might include when to log
information and when to forward the information to another part of the system.
Customizing a system manager by providing a list of recognized device types is another valuable
form of configuration. If the system manager has a list of device types to recognize, this serves
as both a means for introducing new device types and a way to perform a very low level of
authentication. As mentioned before, it will not be likely that every possible device type and
vendor may be enumerated during system design time. If the manager knows which types of
devices it expects to deal with, it can reject those that it does not know. This can also serve as a
warning to the test conductors when there are unexpected or undesirable types of devices on a
network (Figure 3). If an unmanageable data acquisition unit is present on the network, it might
generate unwanted data that would corrupt the test results. A list of device types to be
recognized might also allow for division of labor between managers. In some situations it might
be beneficial to have a type-specific manager – a “recorder manager” or a “telemetry manager.”
For these benefits, and to more easily allow for future expansion of the standard, it is beneficial
to have a device type configuration for the system managers.
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Figure 3. Alert Issued for Unknown Device

These different types of system manager customizations allow a degree of specialization in the
test network without the burden of dynamic configuration. The information provided to the user
is configurable. The tuning of status and fault information allows for fine-grained control and
keeps information from overwhelming the user. Configurable device type recognition provides
authentication as well as a framework to grow the standard to include unknown future test
elements.

CONCLUSION
System Management has evolved from network management as a means of statusing and
controlling all elements of a flight test network. The information provided by system
management provides an overall picture of test health and status in a customizable form. The
trade-offs of having fully plug and play devices versus having standards-driven device interfaces
were presented. The concept of configuration of a system manager was introduced as one level
of information customization which can be achieved without placing a large management burden
on the network. These implementation ideas were born from experience with implementing a
system manager for a telemetry flight-test network. The options enumerated here will help
future test network developers make good choices when constructing their system management
infrastructure.
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ABSTRACT
The Integrated Network Enhanced Telemetry (iNET) Project established a standards working
group to address the integrated management of telemetry network systems and to ensure
interoperability among various pieces of equipment. The group has been studying the benefits
and drawbacks of various system management technologies with the goal of identifying a set of
management interfaces which will provide long-range benefit to a large and diverse telemetry
test system. This paper discusses control, configuration, status, performance, and fault
management. It addresses these from several viewpoints such as multi-test articles, multi-ranges,
and dynamic test environments.
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INTRODUCTION
The Integrated Network Enhanced Telemetry (iNET) Project was set up by the Department of
Defense (DoD) Central Test and Evaluation Investment Program (CTEIP) to chart a forward
path for telemetry testing and training. Some of the goals include the development of standards
which will 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. As such, several different working groups have been established to focus on specialized
segments of the problem. The System Management Standards Working Group (SMSWG) was
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formed to address the integrated management of telemetry network systems while ensuring
interoperability among various pieces of equipment.
The iNET System Management standard should emphasize connectivity of devices to provide
information flow across the network. It should be compatible with products from multiple
vendors and build upon well-established practices where possible. These goals will provide for
rapid deployment of future test and training networks with the help of off-the-shelf components
and introduce the freedom to move test articles between ranges with no fears of ground station
incompatibilities. The SMSWG has established the core technology which will be used as a
foundation for the commands and controls provided by the standard. The process of this
technology selection is described here.

FOUNDATIONS OF SYSTEM MANAGEMENT
System Management provides the tools which give the test technicians or engineers options for
custom levels of system status and system control. This may be as broad as the overall health of
the test network (a simple “good”-“bad” idiot light) to something as detailed as setting up the
firmware on individual Data Acquisition Units (DAUs).
While historical architectures for projects such as iNET included the concept of “Network
Management,” there was no central concept for control, configuration, status, performance, and
fault management of all test elements. The Network Management paradigm provided a basis for
management of the elements that ensure the flow of data on the network – a basic wires and
switches approach. While this basic connectivity level must still be the first goal of the iNET
standards, System Management presents a much broader view, unifying status and control of all
elements to allow for a more complete treatment of the system.
The unification of System Management above and beyond Network Management is an important
aspect because network elements do not exist in a vacuum. Tests with only a network
configuration might fail in situations that could be corrected with overarching System
Management. For example, a switch might be overloaded if it is sent more data than it can
handle. System Management could allow an operator to configure a DAU to send data at the
proper rate for that test network. In another example, all network elements might be correctly
configured to send and receive data, but a recorder might have no space left on its media.
System Management provides the tools that allow an operator to be alerted of such situations and
to take corrective action if appropriate (Figure 1).
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Figure 1. System Management -- Low Media Alert

Previous technology standards have addressed the breadth of concepts which are encompassed
by System Management. Following the work of such groups helps build confidence that all key
areas of management are being considered in the iNET System Management standard. The
International Telecommunications Union (ITU) developed a specification of System
Management [1] commonly referred to by its acronym of FCAPS and divided into the following
categories:
Fault Management
Fault Management entails the data and procedures required to monitor and
respond to system faults.
Configuration Management
Configuration Management includes not only the setup and verification of the test
elements, but also describes the monitoring of device status and the control of
device states.
Accounting Management
Accounting Management describes the data and procedures required to keep an
accounting of test element usage. In the telemetry environment, this may include
information required to bill users for bandwidth usage.
Performance Management
Performance Management tracks the overall performance metrics of the system.
Quality of Service analysis falls into this category.
Security Management
Security Management details the processes and data required to maintain system
security including communications security and authorization and authentication
policies.
The management categories enumerated by the FCAPS model provide good guidelines for
analyzing the configuration, controls, and status elements needed for providing a well-rounded
System Management standard. Experience building a network-based flight-test system for a
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commercial aircraft manufacturer [2] has also shown that these categories accurately describe the
management information required.
A study of the types of scenarios found in a telemetry test environment revealed that a fairly
basic set of functions could be used to support System Management and the FCAPS ideas. The
Query-Respond function pair is used to collect information and describes many of the operations
needed for Fault, Status, and Performance management. The Command-Acknowledge function
pair provides the tools to configure and control devices. The Event-Reset function pair allows
the test element to send immediate notification of faults or other time-critical information. These
basic function types implement the FCAPS management ideas and provide the structure on
which the iNET System Management standard is built.
It is interesting to note that the highly successful FCAPS standard does not mandate a particular
management philosophy. In fact, it specifically avoids mandating how to manage a network.
Rather, the standard allows for a variety of “managers” to be implemented. We think this is part
of the key to its success and have therefore tried to mimic this portion of the standard. That is,
we have set up to define standard “interfaces” for system management rather than specific
“managers”. Figure 2 illustrates some system management interfaces for a given test
configuration. The system managers shown in the picture interact with these interfaces to
configure, status, and control the devices. Several other interfaces (time sources, radio frequency
transceivers, etc…) have been omitted for simplicity, but would normally be included in the
system management interfaces.
Test Article (TA)
Recorder
TA System
Manager

Ground Station
Ground System
Manager

DAU

Network Switch T1
Ground Network
(gNET)
DAU

Test Article - Level
Network Switch
Ground Station - Level
Network Switch

DAU

System Management Interface

Network Switch T2
DAU

Figure 2. System Management Interfaces

SYSTEM MANAGEMENT AND INET
While these broad tenets of System Management provide insight into what is required to build a
successful networked instrumentation system, factors more specific to the telemetry test
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environment should also be considered. These include considerations for multi-test articles,
multi-ranges, and dynamic test environments.
The iNET Project has a goal of supporting a variety of environments and test setups. This
includes networks from the very simple to the very complex. The standard should include tenets
necessary to record data from one DAU onto one recorder and the framework required to flow
data from multiple DAUs to recorders or from DAUs across a telemetry link to the ground. The
standard should also support the ability to have multiple planes fly between multiple ranges.
Further down the road, it is envisioned that the standard will provide the rules required to move
information across networks as diverse as those composed of artillery or individual soldiers on
the ground.
There are complex issues which must be solved to enable System Management of these various
test and training scenarios. Configuration and control in a dynamic environment could be
impacted by dropped links, so verification of the device settings and device state are key
components of the standard. While status collection is important in monitoring the overall health
of the network, it should be remembered that the first goal is the transmission of latency and
throughput critical (LTC) data, such at test data. Performance management should be able to
support the dynamic reallocation of resources when required to meet changing user needs. Fault
management must be able to track problems in the global network, but must also be able to act
appropriately on subnetworks if (for instance) a communications link between a test article and
the ground station is dropped. During the development of the standard, these and other
important scenarios will be addressed.

SYSTEM MANAGEMENT TECHNOLOGIES
With the needs of the telemetry networked flight test system in mind, this paper will consider the
benefits and drawbacks of various system management technologies to the iNET System
Management Standard.
The core technology for System Management describes the tools used to interact with Telemetry
Network System (TmNS) end-node devices attached to the Test Article (TA) Vehicle Network
(vNET) and the Ground Network (gNET). This core technology defines only the interfaces to
those devices and does not define the technologies used to implement the range-specific system
manager algorithms. The iNET System Management Standard Working Group was charged
with selecting a core technology that was proven, open, and extensible.
Vendor-Specific Management Tools
Most commercially available test instrumentation or networking devices come with some flavor
of vendor-specific management tools. This is certainly a convenience to getting started quickly
with device management; often the device can be operated out-of-the-box without requiring
construction of additional software. All custom features of the device are likely to be accessible,
allowing the test network to take full advantage of a vendor’s design.
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The drawbacks to vendor-specific software, however, are easy to spot and point directly to the
need for standardization. There is no guarantee that a device will interoperate with other
devices; packet formats or even low-level network protocols may be mismatched. Without a
standard set of management interfaces, custom solutions are required to control and monitor each
different type of device added to the test network. The user is also left at the mercy of potential
interface changes which may cause the need for updates to any custom handling software which
has been developed for the test environment.
FTP, Telnet, SSH, and CLI
The File Transfer Protocol (FTP), telnet, Secure Shell (SSH), and Command-Line Interface
(CLI) methods of system management provide good access for humans but are not conducive to
providing a complete and flexible management tool [4]. These device interfaces have long been
used for device configuration and are especially useful during debugging while test elements are
in the development stage. They allow the user to get a direct, hands-on view of the device. This
allows a great deal of flexibility, but may not extend easily into the development of a more
autonomous system manager required to support large systems. If these interfaces are to be
wrapped into an executable program, scripting or script-like commands are often required. The
timing and sequencing of these commands without the designed-for “human-in-the-loop” can
also be tricky. FTP for transfer of configuration files is one exception as fairly standard
programming libraries have been developed to handle this operation.
SNMP
The Simple Network Management Protocol version 3 (SNMPv3) provides the tools necessary for
System Management of the TmNS and its subsystems. SNMPv3 is described by the Internet
Engineering Task Force Request for Comment 2571 [3]. This protocol is available both in opensource (such as Net-SNMP) and proprietary implementations. These implementations include
network tool suites and application programming interfaces (APIs). The SNMP standard
commands of snmpget, snmpset, and snmptrap map naturally to the ideas of Query-Respond,
Command-Acknowledge, and Event-Reset which support the management paradigm. This
natural fit means that no time need be expended defining the format of the management
functions. Instead, the standards group may focus on defining the parameters required to provide
coverage for the intended uses of the TmNS system.
SNMP is well supported by industry. Many devices (DAUs, Recorders, Network Switching
devices, Encryptors, etc.) already implement a suite of SNMP status and control interfaces.
SNMP provides a predefined “off-the-shelf” set of management parameters (such as sysDescr.0
for the system description) commonly implemented by many vendors around the world. It also
allows easy customization of parameters through the addition of Management Information Bases
(MIBs) for vendors who wish to provide support more specific to their particular device.
While SNMPv2c is still heavily used, the additional authentication, message integrity, and
encryption features provided by SNMPv3 make it a good choice to allow support of a wide range
of security scenarios. A combination of all, some, or none of these features may be implemented
according to the needs of the specific ranges.
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The use of SNMP has a long track record in network management and has been used to
implement a commercial network flight test system recording hundreds of megabits per second
of data while managing a large number of devices (recorders, switches, DAUs, telemetry and
data processors). SNMP continues to be a topic of research and development in the network
industry. The Network Management Research Group of the Internet Research Task Force was
still actively working on SNMP topics as of March 2008 meeting. It is compatible with future
growth while supporting many legacy devices. Since SNMP is an IP-based technology, it may
be integrated with other network technologies such as Simple Object Access Protocol (SOAP) to
build forward-looking system managers which communicate with current and future SNMPbased devices.
Web Services
Web services based on HTTP, XML, and remote-procedure call implementations such as SOAP
are up-and-coming technologies which may help enable a flexible management strategy for
future instrumentation networks. The basis on XML and HTTP provides the extensibility to
support a variety of functional interactions. The recently ratified (April 2008) Web Services
Management Standard (WS-Management) [5] was developed to provide guidance for the system
management of devices. While there is a broad base of corporate sponsorship (Microsoft,
Novell, and Hewlett-Packard to name a few) for the WS-Management standard, the number of
embedded devices (such as DAUs and flight recorders) that currently implement a full web
services management interface is limited. As of this writing, the iNET System Management
Working Group was able to find only examples of some DAUs which support a limited HTTP
interface for setting of a few parameters while using a very extensive SNMP interface for
configuration, control, and status of the device. The Working Group has concluded that web
service technologies may be valuable in the future, but have not yet demonstrated stability and
broad adoption in the instrumentation market. As shown in Figure 3, potential future interactions
between SNMP and HTTP systems are not difficult to implement (as with a translational
gateway) if this technology becomes key as the market support advances.
Network Switch
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Figure 3. Considerations for Potential Multi-Protocol Interactions

7

Ground
System Manager

TENA/CORBA
A significant investment in resources has been made by the United States DoD in test and
training ranges. These ranges are geographically separated and are used by the military services
and other agencies for evaluating systems and their effectiveness. Historically, ranges have
developed unique instrumentation systems, thereby creating a system of ranges that do not
adhere to the concepts of interoperability and reuse championed by the Office of the Secretary of
Defense (OSD) CTEIP. In order to achieve reuse and interoperability across range resources,
CTEIP created focus areas by forming investment projects to address these issues. One of these
projects was the Foundation Initiative (FI) 2010 project which created an architecture, the Test
and Training Enabling Architecture (TENA), that defines a common language, establishes a
communication mechanism, and provides context that enables divergent systems to communicate
via a middleware framework [6,7].
TENA is built upon The Adaptive Communication Environment (ACE) Object Request Broker
(ORB) (TAO). TAO is an open-source, standards-based CORBA middleware framework that
provides distributed objects that have methods that can be remotely invoked [8]. TENA
leverages the benefits of the TAO middleware by providing the tools to create distributed
objects, a common repository of distributed objects that can be used by the test and training
community, software tools for administrating and executing a distributed runtime environment,
and a common architecture that ensures interoperability and reuse. System management can be
accomplished by using both SNMPv3 and TENA. The actual devices would be managed via
SNMPv3, but TENA would provide a distributed object interface for each device. Using a
publish and subscribe paradigm, TENA would publish the devices that can be managed, and
TENA would allow a system management application to subscribe to any and all devices
available in the system. Because of the TENA framework, all device objects would appear as
local objects to the system management application; and developers of the system management
software would not need to focus on the transport of configuration and management commands.
Though there are many benefits for using TENA, there are some drawbacks. First, the TENA
libraries have memory requirements that are not generally found in test hardware. Next, the
TENA framework does not currently support reduced instruction set computing (RISC) or fieldprogrammable gate array (FPGA) based processors. These two drawbacks would seem to
preclude the use of TENA on a large number of available aircraft test devices as the TENA
framework could not operate on the device. However, instead of hosting the TENA framework
on the actual device, a TENA “gateway” could be used. This gateway could be hosted on an x86based embedded platform and would provide the distributed objects for each device in the
system.
After studying the benefits and drawbacks of these System Management technologies, the iNET
System Management Working Group has adopted SNMPv3 as a core technology. While it is
also envisioned that web-services, CORBA, or other technologies may provide important
elements of flexibility in the future, SNMP is well-proven and accepted by current vendors,
providing a solid foundation to build on. While SNMP has been chosen as the core technology,
the Standards group will focus on a broad-reaching set of information content, policies, and other
key building blocks so as not to be limited by the choice of one technology. This focus should
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allow a migration path for the System Management standard to grow with future changes to the
testing environment ranging from new instrumentation to new core technologies.

CONCLUSION
System Management is becoming an increasingly important topic as the complexity and
capabilities of networked flight test and telemetry systems grow. The iNET System
Management standard is being developed to provide a solid foundation for the future of
telemetry test systems. A basic structure of management function types has been laid out and a
framework for defining management information through the FCAPS model has been provided.
With these ideas in mind, various technologies were reviewed to determine a core choice for
System Management. SNMPv3 was chosen by the System Management Standard Working
Group as the best fit for the iNET Project and its goals because of its proven track-record, its
support for security features, and its extensibility to allow not only support of unknown future
device interactions, but also interactions with other future IP-based technologies.
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Abstract
One of the principle goals of the Integrated Network Enhanced Telemetry (iNET)
program is to help flight-test engineers configure their data acquisition systems more
rapidly. This will allow them to focus more of their energies on the collection of data
rather than on the design and configuration of their data acquisition hardware. Currently
most flight-test engineers spend the majority of their time configuring their data
acquisition systems to acquire data for test flights. Typically, the flight test engineers
must manually transform the requirements that are given to them into actual
measurements from the data acquisition system. This process forces the flight test
engineers to become experts in the implementation details of their data acquisition
systems.
This paper will discuss a possible design for an automatic hardware selection system.
This system would allow flight test engineers to step away from the implementation
details of their data acquisition system and focus instead on the parameter data that the
system is acquiring. The key design goal for this system is to create a mechanism that
can automatically transform the requirements for a flight test program into a list of
hardware that can accomplish the desired task.

Key Words
Automatic Hardware Selection, INET, Data Acquisition Systems, XML

Introduction
A vital aspect of every flight test program is the selection of the data acquisition
hardware that will collect data during test flights. This process must take into account all
of the unique requirements of the flight-test program. It is crucial that the correct
hardware be selected at the beginning of each project because the project will invest a
significant amount of time and money in acquiring and learning to use the hardware.
This investment makes it impractical to switch hardware systems later in the flight test
process even if the selected system does not perform all of the required functions
optimally.
In order to select appropriate hardware for a flight test program, flight test engineers must
contact many different instrumentation system vendors to learn about the capabilities of
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their equipment. This process typically takes a long time because the vendors each have
their own terminology and unique technology. This adds a high degree of confusion to
the process and forces flight test engineers to become experts in the design and operation
of many different vendors’ data acquisition systems.
This paper discusses the creation of a system that will allow flight test engineers to select
data acquisition hardware more efficiently. This system will automatically select the
appropriate hardware for a flight test project based on the requirements of the program.
Several critical aspects of the design of the automatic hardware selection system will be
discussed in depth. First, the paper will show how to refine the process of gathering
information to automate the transformation of measurement requirements to data
acquisition hardware. Second, the paper will cover how the physical configuration of a
test article interacts with the requirements for each measurement. Next, the topic of
automatically selecting hardware from a pool of available devices will be discussed.
After covering these topics, the paper will describe a possible implementation of an
automatic hardware selection system.
The creation of an automatic hardware selection system will help to accomplish the
principal objective of the INET program. The goal of the INET program is to create a set
of standards that will allow multiple vendors’ hardware to interoperate within a single
data acquisition system. An important objective of the INET program is to design
standards that use XML as the primary data interchange method. The power and
flexibility of XML makes it appropriate for use in the automatic hardware selection
system as well. This system will make use of several generic XML-based languages to
describe flight test requirements and the capabilities of the data acquisition hardware.
Eventually, the XML languages that this paper proposes could be integrated into the
INET program’s Measurement Description Language (MDL). The MDL is designed to
describe the configuration of a data acquisition system via a generic XML language. The
goal of this language is to give flight test engineers the ability to use a single file to
program a network of data acquisition devices manufactured by different vendors. To do
this, each vendor must provide a translator that can convert the MDL language into their
native format in order to program their hardware devices. The translator must also be
able to export data from each vendor’s proprietary format into MDL. The XML described
in this paper could be used as a preliminary stage in the process of creating an MDL file.

Selecting Data Acquisition Hardware
In order to design a system that will improve the hardware selection process, it is
important to understand what the problems are with the current approach. The current
process for selecting the appropriate piece of hardware for a particular data acquisition
task involves a great deal of communication between the flight test engineers and the
vendors. The flight test engineers must define their requirements and give them to the
vendors. The vendors must then interpret the requirements and decide if they have an
existing product that can satisfy the customer’s objectives or if they need to propose
designing a new product.
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In addition to the functional requirements of a flight test program, many other factors
need to be considered when selecting hardware. The most important of these factors is
how the physical environment of the test article interacts with the hardware. The
environment aboard the test article can significantly alter the requirements for the data
acquisition hardware. For example, the size of each hardware device is much more
important for a small fighter jet or UAV than on a large commercial jet. If the flight-test
engineers need to monitor a 1553 bus on a large jet they might be more willing to use a
rack mounted unit that had extra features like the ability to be reconfigured easily while
in flight. A fighter jet program with the same data acquisition needs would have to insist
on a small device that could fit into the extremely limited space aboard the vehicle.
Many other factors also need to be considered when selecting hardware. Some of these
factors are basic environmental constraints like the weight of the data acquisition system
and its operating / storage temperature range. Another consideration is the amount of
shock and vibration that the device can handle. Many test articles have very limited
available power so it is often very important for the data acquisition system to draw as
little current as possible. The peak power requirements of the data acquisition system
also need to be considered. Finally, if the data acquisition hardware is going to be used
on production commercial aircraft then FAA certification becomes an important
requirement as well.

Designing an Automatic Hardware Selection System
The first step in designing an automatic hardware selection tool is to refine the process by
which hardware requirements are gathered and sent to vendors. The creation of industry
standards has helped to address many of the factors that influence the selection of data
acquisition hardware. Vendors can convey a great deal of information to the flight test
engineers by stating that their hardware is compliant with a particular industry standard.
For example, if a vendor says that a particular device is Chapter 10 compliant, they are
communicating to the user that the device supports a particular set of features. The
problem with using standards to determine device compatibility is that standards often
leave room for misinterpretation. To solve this problem, flight test engineers and vendors
must continue to work together to refine the process by which requirements are gathered
for a flight test program.
Automatic hardware selection seeks to simplify the process further by completely
standardizing the specification of flight test requirements. The key to refining the
specification of requirements is to define a standard that is easy to use, flexible enough to
describe the requirements for any data acquisition system and extensible so that it can
accommodate new features. If the requirements for a flight test project are specified in a
standardized manner then a software tool can be created to select the appropriate
hardware for the project. This tool can consider all of the issues that are important for
each flight test program. A key aspect of the standardization of hardware requirements is
the ability to specify the relative importance of each factor that needs to be considered.
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Depending on the nature of the flight test program, the importance placed on each factor
can vary greatly.
The second step is to define a standard language that can be used to describe the
capabilities, features and operational properties of any data acquisition hardware. Several
existing standards could be used as the basis for this metadata language. At its most
basic level the purpose of this language is very similar to the purpose of the Universal
Description, Discovery and Integration (UDDI) standard. UDDI is an international
standard that defines an XML language, which allows businesses to publish online
directories of their web services. These directories include three items: contact
information for the business, a list of products and technical information about the
products and services that the business has for sale. Another standard that could be used
for this task is the Instrumentation Hardware Abstract Language (IHAL). IHAL defines a
standardized XML language for describing all aspects of the features of instrumentation
hardware.
While these existing standards can be used to define the capabilities of data acquisition
hardware, they may be too generalized to use as part of the automatic hardware selection
process. This paper proposes the creation of a completely new language that is designed
explicitly for this task. This would eliminate any issues involved in trying to use a
language that was designed for a different purpose.
The third step in designing an automatic hardware selection system is to integrate the
concept of selecting devices from a pool of shared hardware that is already owned by a
flight test group. This concept allows flight test engineers to accomplish their flight tests
more efficiently by reusing existing hardware. It can also help to define a common set of
hardware devices that can be used interchangeably on multiple programs. This makes the
training, configuration and maintenance of the data acquisition hardware much easier.
For example, if a particular device is damaged and needs to be replaced, it is simpler to
take an extra unit from the hardware pool than it is to send the damaged device back to
the vendor for an urgent repair.
The final step is to create a software application that combines the three inputs and
generates a list of the suggested data acquisition hardware. This tool will work by
checking the list of data acquisition requirements against the features of each vendor’s
hardware. It will have to consider all of the restrictions that are specified in the
requirements document when selecting the appropriate hardware to use. The optional list
of available hardware devices will be considered as well during the hardware selection
process. This will allow the end-users to see if it is possible to select the hardware for a
test flight without having to purchase any new devices. When finished, the application
will output a list of the suggested hardware to use for the flight test program.
To use the automatic hardware selection software, the flight test engineer will need to
provide two input files. The first file specifies the requirements for the flight test
program while the second file contains a list of all of the available hardware devices that
the program owns. The third input file is provided by the vendors. Each vendor submits
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a file that lists all of their hardware devices and includes detailed information on the
features of each device. These three input files will be used by the software to generate
the list of suggested hardware.

An Implementation of Automatic Hardware Selection

Figure 1: Automatic Hardware Selection System Flow Chart
Implementing the automatic hardware selection system involves creating four main
components. The four components are the data acquisition system requirements
language, the hardware description and compatibility language, the available hardware
list language and the software application that processes the three input languages. The
three input languages will be based on XML and they will be released as XML schemas.
This will make it easy for flight-test engineers and vendors to create documents that
comply with the standards. The software application will be designed to read these
documents, validate their contents against the appropriate schema and generate the
desired output.

System Requirements Markup Language
The most important of the three input XML languages is the Data Acquisition System
Requirements Markup Language (SysReqML). The SysReqML language can be used to
describe the data acquisition system that is needed for a particular flight test program.
The flight test engineers will create a SysReqML document at a very early stage in each
flight test program. The requirements will be specified in a generalized manner in the
document to allow for more flexibility. A key example of this flexibility is the ability to
specify ranges for each item that is described in the document. This makes it possible to
easily change things later in the setup process.
The content of the SysReqML language will be similar to the content that is included in
the INET program’s MDL language. In fact, an MDL document could be used as the
data acquisition system requirements document. However, it is unlikely that a flight test
engineer would have created an MDL file at this early of a stage in the configuration of
the data acquisition system. A more likely alternative is that the SysReqML document
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would be used as the basis for creating the MDL document when it is time to configure
and program the hardware.
The SysReqML language is structured around the concept of data acquisition nodes.
Each node represents a physical location on the vehicle where one or more measurements
need to be collected. When the requirements are transformed into actual hardware, these
nodes will be converted into data acquisition units. Nodes that are physically close to
each other on the test article can be grouped together in a single large data acquisition
system or kept as separate units. If a node has too many measurements, it may not be
possible to collect all of them with a single data acquisition unit. In this case, a node
could be separated into multiple units. The decision to combine or separate nodes will be
based on many factors including the size of the data acquisition units and the available
space on the test article.

Figure 2: An Example of a SysReqML Document
The description of each node on the test article will contain several sections. Each node
will contain information on its location in the test article and the environmental
conditions in the area surrounding the node. The most important section in each node
describes the measurements that need to be collected by the node. The measurements are
broken down by type and the flight test engineer provides a range for the minimum and
maximum number of each type of measurement that needs to be collected by the node.
For example, a node could specify that it needs to collect between 35 and 55 pressure
measurements. The node also includes information on any additional constraints that
limit the flexibility of the automatic hardware selection system. For example, available
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space, temperature or vibration restrictions may limit the types of devices that can be
used on a node.
In addition to the list of nodes, the SysReqML document specifies several other aspects
of the flight test requirements. It includes a section that details the layout of the nodes on
the test article. This section contains information on the physical distances between
nodes. This information helps the system to know which nodes can be grouped together
and which nodes need to be separate data acquisition units. The document also lists the
desired network type for the aircraft; for example CAIS or TCP/IP. In addition it will
specify all of the required outputs from the data acquisition system and which outputs are
recorded, transmitted or decommutated in real-time on the test article.
The final major section of the system requirements document lists the priorities that the
flight test engineers have assigned to each factor that is considered when selecting
hardware. This helps to optimize the hardware selection process so that it reflects the
intention of the flight test engineer. Some of the factors that can be weighted include the
size of the units, the channel density of the devices, the type and speed of the network
that is used to communicate between the nodes and the engineer’s desire to reuse existing
hardware.

Hardware Compatibility Markup Language
The second input language for the automatic hardware selection system is the Hardware
Compatibility Markup Language (HCML). This language will be used to describe each
hardware device that a vendor manufactures in a detailed but generalized manner. The
HCML allows vendors to describe the features and limitation of all of their products. It is
designed with extensibility in mind to allow new types of hardware to be described
without radically changing the language.
In order to dynamically select the appropriate hardware device to satisfy a particular data
acquisition requirement, it is vital that the vendors fully describe their products using
HCML. In order for the software application to select the hardware to use for a flight test
project, it must examine the set of HCML documents that contain all of the possible
devices that can be used on the program. This will allow the software to make a fully
informed decision when selecting a device to use.
The HCML language allows vendors to describe many different characteristics of their
products. HCML includes information about the inputs and outputs of each device. It
also includes a description of the transformation that is performed by the device on the
input to generate the output. This conversion can be a simple analog to digital conversion
for orange wire measurements or a selected data extraction for bus data. The HCML
also includes information on the environmental and physical configurations of the device.
This information includes the weight and size of the device and its operating temperature
range. Any special features or limitations on the use of the device must be included in
the HCML as well. Two examples of these limitations are the device’s maximum
sampling rates and the number of slots occupied in a unit by the device.
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Figure 3: An Example of an HCML Document
The example in Figure 3 shows a possible HCML description of the MSCD-104D-2,
which is one of TTC’s signal conditioner modules. This module has four input channels
and performs an analog to digital conversion on each input with 16-bit resolution. The
description of the module includes the information that the output can be sampled in the
PCM Format. It also lists the physical size of the MSCD-604D-2 module and its
operating and storage temperature ranges.

Hardware List Markup Language
The final language that is used by the automatic hardware selection system is the
Hardware List Markup Language (HardwareListML). This language describes a list of
hardware devices. For each device, the number of units that the flight test program
currently owns is listed. The number of units that are assigned to programs and the
number of units that are required for the current flight test program can also be specified.
Documents written in the HardwareListML language are used for two purposes in the
hardware selection software. The first use is to provide a list of the hardware that a flight
test program owns as an input to the hardware selection system. The system can try to fit
the existing hardware to the requirements for the program. This can minimize the
number of new devices that need to be purchased. The second use of HardwareListML is
in the output of the software. The software generates a list of required hardware from the
project requirements. This list can be written in HardwareListML.

8

Automatic Hardware Selection Software
In order to generate a list of hardware to use for a flight test program, the flight test
engineers will provide the three inputs to the automatic hardware selection software. The
software will process the requirements from the SysReqML document. It will then select
appropriate hardware from the HCML files that are provided by the various vendors. If
multiple hardware devices exist that can satisfy the basic requirements then the software
will use the priorities specified in the SysReqML file to determine which device should
be used. If an existing hardware list file in HardwareListML is provided then the
software will try to select hardware that the flight test program already owns. Finally,
after processing all of the requirements the software will generate a list of all of the
required hardware and how to interconnect all of the pieces.

Conclusion
The automatic hardware selection system described in this paper still has a long way to
go before it can be completely implemented. The idea needs to be refined further and the
definitions for the input XML languages need significant additional work to make sure
that they are complete enough to describe any hardware device and any set of data
acquisition requirements. The exact mechanism that would be used by the software
application to select the hardware for a particular task also needs to be developed.
There are several additional enhancements that could be made to the system that are not
mentioned in this paper. One crucial enhancement would be the creation of a graphical
user interface to allow flight test engineers to more easily define their requirements. This
interface would convert the user specified requirements into an automatically generated
SysReqML document.
Automatic hardware selection has the potential to significantly improve the process that
flight test engineers use to select hardware for their test articles. The automatic hardware
selection system is an important component of the INET vision of simplified data
acquisition system setup. This system will help to take us further down the road towards
completely automatic system configuration.
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ABSTRACT
As traditional data acquisition systems give way to network-based data acquisition
systems a new approach to instrumentation configuration, management and analysis is
required. Today, most flight test programs are supported by traditional instrumentation
systems and software. Pockets of network-based systems exist but are typically entirely
new, closed systems. Relatively soon, test articles will emerge with a mixture of
equipment. The merger of traditional and networked instrumentation is inevitable.
Bridging the gap in software tools is a non-trivial task. Network-based data acquisition
systems provide expanded flexibility and capabilities well beyond traditional systems.
Yet pre-existing equipment requires traditional configuration and analysis tools.
Traditional flight test software alone cannot fully exploit the added benefits gained from
such mergers. The need exists for a new type of flight test software that handles existing
instrumentation while also providing additional features to manage a network of devices.
Network management is new to flight test software but a thoughtful implementation can
facilitate easy transition to these modern systems.
This paper explores the technologies required to satisfy traditional system configuration
as well as the less understood aspects of network management and analysis. Examples of
software that meet or exceed these requirements are provided.
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INTRODUCTION
Traditional uni-directional serial (PCM) based data acquisition systems have been the
standard of the flight test community for decades. Almost all major flight test programs
active today use PCM based instrumentation systems. The technology to create, configure
and manage these systems is well understood by most flight test engineers. Teletronics

Technology Corp. (TTC) has a comprehensive line of PCM based products and
developed the TTCWare software specifically to work with these products.
While network-centric distributed data acquisition systems have become commonplace in
other disciplines, airborne data acquisition systems have changed little in the last twenty
years. Yet modern avionics and complex test articles are driving more demanding
acquisition requirements. Requirements from both commercial and military programs are
now exceeding the capabilities of PCM based acquisition systems. As a result, the
network revolution has started to influence airborne instrumentation. Over the past few
years, many papers have made the case for network based, distributed data acquisition
products [1] and systems [2][3][4]. Papers are now appearing to document the successful
deployment of such systems in both airborne and terrestrial programs [5]. Programs such
as the Boeing 787 and US Army Future Combat Systems (FCS) have realized the benefits
of network based acquisition systems.
Anticipating the demand for network based systems, the Network Products Division
(NPD) at Teletronics has developed a complete line of rugged network devices for data
acquisition, recording and switching. NPD products have been deployed in both airborne
and ground based instrumentation systems. Since TTCWare was designed largely with
PCM based systems in mind, it was not suitable for the network-centric product lines.
Thus, NPD developed the Instrumentation, Configuration, and Management System
(ICMS) to work with its network products.
With the development of both PCM and network based solutions minimal overlap
between TTC product lines has occurred. Bulk data acquisition such as that characterized
by bus monitoring fits well in a distributed, networked system. In such systems,
multicasting makes efficient use of high bandwidth pipes (gigabit Ethernet). Data capture
and recording devices with large amounts of random-access-memory (RAM) can sustain
high traffic rates and large bursts. This is in sharp contrast to the comparatively low
synchronized rates which characterize PCM based systems. The existence of both product
lines and the uniqueness provided by each has led some customers to design hybrid
systems. A hybrid solution can leverage existing inventories and provide modernization
only where required. Regardless, with or without existing equipment, lower costs are
associated with hybrid solutions versus an entirely new network based architecture.
Hybrid systems create new and interesting requirements for configuration and
management software. New tools are required for network design, configuration and
management. Yet the desire for a well known and comfortable user interface is prevalent.
The effort to consolidate and navigate between disparate software packages addressing
different parts of a hybrid system is explored in this paper.
BACKGROUND
PCM Based Instrumentation Architecture
The components within PCM based systems are widely known to the flight test
community and have well understood characteristics. These systems move data in a

unidirectional, synchronous manner at rates up to 20 Mbps. Without the ability to
designate classes of service, all data within the system is considered of equal priority.
However, outside of telemetered data, the risk of data loss is slight. Time and control
within these systems are not coincident with the data path. They are carried out of band
on separate cabling to each component that needs them. Time is generally provided by
IRIG and control provided via CAIS bus. Components within such a system are likely to
include a PCM controller (CAIS master), data acquisition slaves (CAIS remotes), a
telemetry transmitter, and a data recorder.

RS-232 / 422
IRIG or GPS time
XMTR
CAIS Bus 1
CAIS Bus 2
CAIS Bus 3
CAIS Bus 4

AIC-2004

20 Mbps
WB PCM

IRIG
Time

WDAU-2016

Sensor
Data

WDAU-2016

Sensor
Data

WDAU-2016

Sensor
Data

20 Mbps
WB PCM

AIM-2004

1 Gbps
FCe

20 Mbps
WB PCM
T

FC SCSI
Drive/s

1 Gbps FCe
for optional GSE download

Figure 1: Sample PCM based instrumentation system
TTCWare - Software for traditional PCM based systems
Teletronics has developed Windows based desktop software, TTCWare, to configure
traditional PCM based data acquisition systems. The functionality provided by TTCWare
is extensive. Support for countless products and measurement formats is provided all
through a standard Windows graphical user interface. The software can be used while
connected to (online) or disconnected from (offline) the instrumentation. All user
interaction occurs in the context of a TTCWare project. TTCWare projects are typically
setup offline to mimic the hardware deployed on a test article. Projects define the
hardware, sampled parameters, PCM formats, and more.
Beyond offline configuration, utilities are provided for programming and preflight
checkout. TTCWare interacts with instrumentation systems via RS-232 or over CAIS bus
(using an appropriate CAIS Bus PC adapter). When connected (online), TTCWare can
query and report on installed inventory, program equipment, and monitor PCM data in
real-time. Data portability is provided by importing or exporting XML files. However,

XML is not the native format used for programming equipment. The programming
process requires configuration compilation into files of proprietary format before being
downloaded serially into each device.

Figure 2: TTCWare – Building PCM Formats
Network Based Instrumentation Architecture
Network components are deployed around the globe and are widely understood. Their
application in data acquisition networks is far less prevalent. Regardless, the flight test
community can benefit greatly from the lessons learned by a world that has already
created global networks. Network architectures can be characterized by their
asynchronous, bidirectional, packetized data flow, potential for classifying levels of
service, and transmission rates in the Gigabit range. Opaqueness of data is also a distinct
network characteristic. Though a network may recognize different classes of service, it is
entirely data type agnostic. All data is transported through these systems using standard
internet protocols (IP). In a network based data acquisition system, time, control and
acquired data are all carried across the same wiring. Components within such a system
are likely to include; a network switch, distributed network data acquisition units, an IP
recorder, and a data selection/telemetry system.
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Figure 3: Sample network based system

ICMS - Software for network based systems
The Instrumentation Configuration and Management System (ICMS) is a relatively new
development effort at Teletronics. ICMS is a platform independent solution for the
configuration of network based acquisition systems. Both Windows and Linux operating
systems are supported. The ICMS implementation has a flexible architecture based on
proven web technologies, such as Java, Javascript, XML, CSS and XSLT. Like
TTCWare, ICMS can be run online or offline. Again, all user interactions with ICMS
occur in the context of a project and projects are used to mimic the hardware deployed on
a test article. However, the similarities end there. ICMS projects work exclusively with
network hardware and facilitate network design through a visual overview of the
network. The visual overview provides a useful perspective on the instrumentation
network currently not provided for PCM based products.
Beyond offline network design and configuration, ICMS provides online services such as
programming, device browsing and network monitoring. ICMS interacts with the
instrumentation network via direct connection to the Ethernet network. When connected,
ICMS can query and report on installed inventory, program equipment, and monitor the
network in real-time. Network protocols such as SNMP, FTP and HTTP are supported.
ICMS projects are XML based and as such, data portability is native to the application.

Figure 4: ICMS – Network Topology
Hybrid Instrumentation Architecture
Design proposals for hybrid instrumentation systems with components from both PCM
and network based systems are starting to appear. The depiction of a large scale hybrid
system may appear complex but is nothing more than the two disparate architectures
joined at their borders by gateways. Gateways are network based devices that perform
data format conversion. As data passes through a gateway, content and rates of data
generally remain the same while the packaging changes to accommodate the destination

transport. In the case of PCM, gateways can provide a path for PCM data to be
packetized and transmitted across the IP network for recording or in-flight analysis. In the
reverse direction, packetized network data can be transposed into a synchronous serial
bitstream for telemetry.
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Figure 5: Large Scale Hybrid Instrumentation System
Software for hybrid systems
TTCWare manages PCM based devices up to and including the PCM gateway, while
ICMS manages network based devices up to and including the PCM gateway. To date, a
single software package that manages the equipment on both sides of a gateway does not
exist. Nothing prevents a user from running each package independently to configure and
manage their respective domains. However, Teletronics believes this is an unacceptable
solution and is researching alternatives. This paper is in effect a status report on that
effort.

THE CHALLENGES OF HYBRID SOFTWARE
The need for network management for instrumentation networks has been documented in
the past [6]. The requirement for network management persists for hybrid systems as
well. The need for PCM formatting, CAIS configuration, and PCM equipment
programming also persists in the hybrid system. Thus, functionality provided by both
TTCWare and ICMS is required to fully support a hybrid system. As can be observed in
the screenshots above, each package has its own unique look and feel. Requiring two
packages will complicate tasks and create a harder learning curve. The last thing a test
engineer wants when dealing with an instrumentation system is additional complexity
and doubt. Possible solutions to this problem include:
1) merge both ICMS and TTCWare into one package
2) replace TTCWare with ICMS

3)
4)
5)
6)

replace ICMS with TTCWare
replace both ICMS and TTCWare with a new package
exploit technologies for data and object sharing
abandon the notion of consolidation, run each package independent of the other

A Software Merger
It is quite natural to think about merging the two products. They are both designed to
configure and manage instrumentation systems. Thus, it is easy to imagine commonality
from a software development perspective. Unfortunately, the reality is not nearly that
simple. As is apparent in the descriptions of each instrumentation architecture, the two
systems are comprised of completely disparate technologies. Coincidentally, the same is
true of TTCWare and ICMS. TTCWare is a mature product that has been evolving for
over five years. Originally developed for Windows with Microsoft development tools,
TTCWare has very little in common with the modern web development tools used for
ICMS development. Although conceptually appealing, a merger of the two code bases is
impractical if not impossible.
Replacement Strategies
Given the volatile and at times chaotic environment associated with flight test, the
preference for familiar software is understandable. TTCWare has a large, faithful
customer base built up over many years. Most TTCWare customers are fully accustomed
to its interface and are highly proficient at building projects and configuring equipment.
Giving up on this software in favor of a new package for networks would be disruptive to
existing TTCWare users. This fact makes some favor TTCWare to replace ICMS.
Unfortunately, as stated above, the technology used to create TTCWare is now dated and
attempting to recreate ICMS functionality with older technology is not a task to be taken
lightly. Even if the task could be completed within a reasonable amount of time, the
result would be a software package already near its end of life.
ICMS was designed from the ground up with networks in mind. In fact, the development
tools and technologies used are all deeply rooted in networking and the growth of the
internet. As such, there is tremendous synergy between the ICMS software and the
enhanced features required for network design and management. Quite naturally this
synergy extends to the forthcoming systems proposed by iNET. Many of the iNET
protocols are already supported by ICMS and it is fair to say that adoption of new iNET
protocols will be quicker and easier in ICMS than in TTCWare. These arguments could
lead some to suggest that ICMS might easily replace TTCWare. Based merely on the
breadth of features encompassed by TTCWare, this suggestion should give any software
engineer cause to pause. Adding the extensive hardware configurations supported by
TTCWare into the equation makes the suggestion impractical at best.
Starting over

Refactoring is a popular term used in software development these days. To refactor is to
reorganize the internal structure of software without changing its external behavior. To
many, the challenges outlined above make the decision simple; start over by refactoring
both applications into a single new development effort. Management tends to trivialize
refactoring of this sort. At the same time the palpable desire to refactor is overwhelming
to a software engineer. All too often this deadly combination leads to disaster. Countless
mistakes can be made while refactoring, leaving the external behavior of the software
changed for the worse. TTCWare supports an overwhelming array of features and
equipment while ICMS supports somewhat complex protocols. Both TTCWare and
ICMS products are shipping today. Both are far into their development life cycles.
Replicating both development efforts again to support all products, features and protocols
from both packages would likely be unreliable and counter-productive. In addition, the
time to complete this effort would put delivery well beyond the timeframe required. Both
products have a customer base depending on them to be reliable for critical test programs.
Neither product can afford a delayed or buggy release.
Exploit technology
Application to application, or interprocess communication has been available for many
years. Users of desktop office products exploit such technology routinely. In fact, as this
document is authored, diagrams and figures are created via a drawing package that is
more capable than the cryptic tools built into the word editor. When modification to a
drawing is required, the word editor merely acts as a portal to the drawing software. The
word editor appears as the main application, but merely proxies input/output to/from the
drawing package. The drawing is actually modified by the drawing software and not the
word editor. In Microsoft operating systems this is enabled via COM or .NET
components. On open platforms, the very same underlying protocols, XML and SOAP,
used by the .NET framework are available. Also available to Java applications is the Java
Native Interface (JNI) which facilitates direct connections germane to a specific
operating system. Thus, it is technically possible to open pipelines for communication
between ICMS and TTCWare. These pipelines could provide tighter binding between the
two applications, helping to alleviate the confusion caused by running both. TTCWare
would remain responsible for all PCM configuration and management but would be
ICMS aware. Conversely, ICMS would remain responsible for all network devices but
would be TTCWare aware. When TTCWare required access to PCM equipment, it could
proxy commands and responses through ICMS and across the network. Reversing roles,
ICMS may encounter new hybrid equipment variants such as a network DAU that
accepts standard PCM modules. In this case, ICMS would proxy configuration editing
and compilation through TTCWare. Creating such an environment may require a fair
amount of creativity but it is not out of the question and shows tremendous promise.
Last, to provide a seamless system programming solution, additional functionality is
required in the PCM gateway. The gateway can act as a portal from the network side to
the PCM side of a hybrid system. Accessing the PCM side of a hybrid system through the
network is preferred for many reasons. Networks are faster and use standard, readily
available protocols. Almost all laptops today (and the foreseeable future) have an

Ethernet port, while very few new laptops have RS-232 serial ports much less CAIS bus
support. Fortunately, products such as TTCs MnPCM can act as a conduit providing a
network portal into the PCM equipment.
Abandon consolidation
Naturally, this is the least desirable solution. Already chaotic, most test environments
strive to reduce risk of mis-configuration and simplify processes wherever possible.
Those goals directly oppose a requirement to run two disparate packages for
configuration of a single system. In the past this may have been the only solution
available. Fortunately, today’s software development environments provide tremendous
power and flexibility making this a very last resort solution.

CONCLUSION
The development of TTCware has been influenced over many years by its users and
reflects a truly remarkable set of user-driven features. ICMS is a new and exciting
addition to the Teletronics product line. Both packages offer unique qualities that make
them invaluable within their respective domains. As such, leveraging the best of each to
configure and manage hybrid systems remains highly desirable. Through the use of
modern interprocess communication, web based technologies and new network elements,
creating such a system is possible. In doing so, Teletronics can assure customers
deploying hybrid systems that their test programs will proceed without risk in an
efficient, stable environment.
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ABSTRACT
Morgan State University’s iNET project is the development of a complete network architecture to
enhance telemetry performance. Existing telemetry standards employ an RF link standard which
allows only unidirectional data transfer from a test article (TA) to a ground station over a
dedicated channel per TA. This limits the capacity of the system as resources are not efficiently
utilized. Additionally, this standard does not allow data exchange between Over the Horizon TAs
and the ground station. Their data must be recorded for subsequent retrieval by test engineers. The
growth of telemetry demands that spectrum resources are maximized to increase transfer capacity.
Real time data exchange capability is essential to success in telemetry. Bidirectional streaming of
data to both near and over the horizon TAs is desired with no compromise of Quality of Service
for real time applications. The network approach addresses these demands by allowing telemetry
data to be multiplexed over a shared radio channel to and from the TAs. A mixed cellular and
mobile adhoc network (mixed network) has been shown to satisfy the capacity and coverage
elements of iNET requirements. This paper begins with an introduction to the iNET objective,
continues with some background information on the major technical elements applied in this
endeavor and finally shows that an optimum node configuration can be achieved and maintained
in this mixed network using clustering techniques to include the joint optimization of the Quality
of Service, Signal-to-Noise ratio, and Interference requirements as outlined by the iNET Needs
Discernment.

INTRODUCTION
Telemetry is a technological process that allows the remote measurement and reporting of such
object characteristics as an aircraft’s wing oscillation to system designers or operators over
various distances for immediate or delayed analysis [1], over various distances, and via various
media. Telemetry facilitates the monitoring of design integrity during various maneuvers and
conditions which dictate the capabilities of the aircraft. Today’s telemetry is characterized by a
large number of measurements. It is becoming increasingly impractical to transmit each of these
along a dedicated transmission channel. It is the desire that measurements are grouped and
transmitted as a single stream. At the test engineer stations, the stream will be decoded for
analysis.
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Navy test articles (TAs) rely heavily on such telemetry systems in their design and test
environments. In these environments, it is imperative that a telemetry system reliably provides
Quality of Service (QoS). The data needs to be delivered without delay, jitter, or error.
Furthermore, network coverage needs to be maintained reliably regardless of distance from the
base station and the number of TAs communicating with that base station. Additionally, the
information needs to be secured and resilient to interception and decoding by foreign parties. The
Integrated Network Enhanced Telemetry (iNET) study [2] thus serves to develop telemetry
systems with network technology, to satisfy the aforementioned requirements and accommodate
the increasing telemetry demands of measurements and communication ranges.
Babalola [3] proposed and demonstrated the mixed network architecture as being the building
block for achieving the iNET requirements of robust performance, capacity, and coverage. The
cellular standard provides a high capacity network with spectral efficiency [4]. Its limitation is
that coverage is limited to a defined radius which is a function of the power of transmission and
the path loss in the signal through channel fading effects and multipath. The result is that
throughput decreases exponentially with distance from the point of transmission according to the
Free Space Propagation Model as given in [4]. The ad
hoc network standard provides the coverage
characteristics desired. With no centralized control
mechanism, dynamic routing protocols allow these
nodes to configure routing strategies based on the
network architecture and congestion at a given time.
Babalola demonstrated a hybrid of these networks in
[3]. Figure 1 illustrates the proposed implementation.
Quality of Service (QoS) defines the maintenance of
the real time requirement in the exchange of timecritical telemetry data between TA and base station
under the proposed mixed network. QoS is necessary
as ad hoc networks are contention based networks. In
Figure 1: Mixed Network Overview
ad hoc mode (AHM), data arriving from an Over the
Horizon (OTH) TA is queued with other data from other OTH TAs using the same gateway node
(GN) TA. Given the number of TAs transmitting comparable data streams through that common
GN, delay is expected and will vary. Ad hoc networks are currently implemented under IEEE
802.11 or wireless LAN protocol. While TCP is the dominant transfer protocol in 802.11, from
[5], it is not well suited for QoS. Queuing disciplines attempt to address this shortcoming by
processing packets arriving at the GN from all TAs on the basis of QoS labels to ensure timely
delivery. The Contention and Queuing model was explored by Chaney in [5] and addresses
minimizing the expected delay associated with an ad hoc network.

BACKGROUND
In the proposed mixed network, where the gateway node is the shared link to the base station, it is
important to manage contention within the MANET to maintain QoS. Clustering is the
partitioning of a set of mobile devices or nodes into subsets or (cluster) cells based on some
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identified common attributes such as location. “k-means clustering” first defines k number of cells
into which nodes are grouped based on the similarity between their attribute value and that of the
kth cluster [6]. Babalola’s mixed network was implemented using a modified k-means clustering
scheme which is detailed in [3]. It first established which nodes were within transmission range of
the base station and were thus classified as cellular nodes or cellular mode (CM). The outlying
nodes were classified as ad hoc nodes or ad hoc mode (AHM) and formed the MANET to which
the k-means clustering was applied; from these clusters, a gateway node (GN) was determined.
A distance measure is a parameter or function which uses a scalar distance between two
arguments to establish similarity or dissimilarity between them. The Euclidean norm distance
measure was used to establish the spatial similarity among nodes and thus form clusters based
strictly on their spatial orientation via the clustering parameter CPari = [ri,θi]. The details are
presented in [3]. The focus of this project is to modify the k-means clustering method to
incorporate spatial orientation as well as the node attributes or characteristics such as volume of
traffic, contention among nodes, the priority of data, and the observed signal to interference (SIR)
characteristics. This requires distance measures to be developed which use these aforementioned
node characteristics as parameters in conjunction with the existing distance measure. Thus, the
clustering parameter will be extended to something such as CPari = [θi,ri,tri,pri,QoSi,SIRi,…].
The development of these distance measures as described above is the key to the successful
modification of the clustering algorithm. “k-means clustering” groups elements based on a
minimum difference value between the investigated attribute value of node and that of the
centroid or point of interest. This makes the clustering technique very efficient for spatial
parameters as nodes can be grouped in tiered fashion based on their proximity to centroids given
their values θ and r. With the node attributes such as QoS and SIR, the need is to evenly distribute
these values among clusters. Therefore, the distance measure in the modified clustering scheme
must be designed to produce an effect opposite to clusters tiered based on these attributes. Tiering
of these attributes is counterintuitive to our objective. Developing a distance measure in this effort
demands that a node’s attribute or the node’s attribute relative to that of its neighbors is used to
seemingly affect either its spatial orientation or the spatial orientation of the nodes in close
proximity to it. This will change the way in which the nodes will be clustered.

METHODOLOGY AND DESIGN IMPLEMENTATION

Y

The starting point for the modification of the clustering
3
distance parameters is the point at which a group of nodes
2
has been classified into Cellular Nodes and Adhoc Nodes
1
as achieved by Babalola [3]. In this network configuration,
0
the Adhoc Nodes are clustered based on the spatial
-1
parameter CPar. Figure 2 illustrates this network
-2
configuration from the original group of mobile nodes. In
-3
this network configuration, the gateway nodes have also
been determined for each of the clusters as indicated by the
-3
-2
-1
0
1
2
3
Figure 2: Original Network Organization
X from Spatial Clustering
large blue dots in each cluster.
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Quality of Service Distance Measure and Optimization
The Quality of Service (QoS) requirements as outlined by the iNET Needs Discernment identifies
the major considerations as:
• Data of various levels of priority will be exchanged between the TAs and the base station.
• A real time exchange of selected levels of priority data must be facilitated.
• The network will operate under very specific spectrum allocation limited the spectral
resources available for data sharing.
For a starting point, it was assumed that TAs
simultaneously present a single data packet for
transmission at time, t. The distribution of relative
priorities of the data is expected to follow an
exponential distribution as illustrated in Figure 3.
The data of highest relative priority among the set
would be representative of data for which the real
time exchange cannot be compromised. These
values from 0 to 1 are called the QoS labels. The
distribution of Fig. 3 was simulated as a random
exponential distribution with a mean of 0.3,
applied to the set of Adhoc nodes on the domain Figure 3: Expected Distribution of Quality Service Labels
of [0, 1]. In this ideal distribution, the QoS labels are relatively evenly distributed. Therefore, a
priority queuing scheme [4] can adequately manage the packet arrival and maintain the QoS
requirements.
Distribution of Quality of Service Labels
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Flooding of a Single Cluster with High QoS Data
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Figure 4: Flooding of a Single Cluster with High QoS
Labeled Data Packets

The problem arises where a particular cluster
may experience a larger than normal influx of high priority data packets at a given time. To
simulate this, a selected cluster was flooded with high QoS labeled data packets and this is
illustrated in Figure 4. Figure 5 shows the resulting QoS label distribution bar graph. Using the
triangle outline to highlight the high QoS labeled packets, in the cluster to the northwest, colored
light blue/cyan, there is an overwhelming presence of nodes presenting high QoS packets. The
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gateway node in this cluster is no longer able to maintain the QoS requirements by priority
queuing. The clusters need to be modified to maintain the QoS requirements within that cluster.
The QoS parameter, QoSPar is determined as a function of the acceptable delay which a packet
can tolerate, its QoS label, and the mean QoS label present in the cluster to which it belongs.
QoSPari,j represents the QoSPar for the subject node, i, which is currently a member of cluster j
and is calculated according to Equation (1) where the acceptable delay of the data packet
^

^

normalized to a scale of 0 – 1, Acc Delay i , is given as Acc Delay i = 1 − QoS i .
^
^
⎛
f ⎞
QoSPari,j = ⎜ Acc Delay i × QoS i ⎟ − mean(QoS) j (1)
⎝
⎠

By comparing the value of normalized AccDelayi to the normalized mean(QoS)j the minimum
difference attracts a node to the gateway where the delay is most comparable with that which it
can tolerate. This attracts a high QoS labeled node to a gateway where delay is very low.
Likewise, the tendency is that very low QoS nodes will be relocated to gateways with very high
delays. However, the concern here is to move primarily the nodes with the highest QoS demands.
As QoS values decrease, there needs to be a comparable decrease in the amount of movement that
^

Acc Delay i × QoSi

f

f

such nodes experience. QoSi provides this effect. The product
allows the
QoSPar to decrease in significance as the nodes’ value of QoS decreases. By the use of the
exponent, f, applied to QoS, we can alter the degree to which the changing QoS value affects the
degree by which QoSPar is used in re-clustering the subject node.
Next, the parameters QoSPari,j and the node’s corresponding spatial parameter, CPari,j are scaled
for comparability. This is done by normalizing both values to scales of 0 – 1 and is calculated as
^
^
CPari,j
QoSPari,j
(2).
and CPari,j =
QoSPari,j =
max (QoSPari,j )
max (CPari,j )
Finally, the two parameters are integrated as a product in which each parameter is raised to a
weight factor. This weighting factor establishes the ability to trade off one parameter against the
other. This allows the user to push the optimization technique in the direction which he desires,
either towards the QoS optimized cluster configuration or towards a spatially optimized cluster
configuration. Equation (3) illustrates this.
w1

1− w1

^
⎞
⎛ ^ ⎞ ⎛
QoSmeasi,j = ⎜ CPari,j ⎟ * ⎜ QoSPari,j ⎟
(3)
⎠
⎠ ⎝
⎝
The weights have been selected such that they sum to 1. Analytical methods may be employed in
determining the optimum weights to be applied to achieve the best configurations, thereby
replacing weights w and 1-w with w1 and w2 respectively.

By implementing QoSmeasi,j as our clustering parameter, the spatial clustering is now modified
by the QoS attribute. The clustering process continued until convergence. The resulting optimized
node configuration from this method is illustrated in Figure 6.

5

The result shown in this figure is obtained at the following weight values implemented in
equations (1) and (3): f = 1; w = 0.4. From Figure 6, it can be seen that the nodes presenting the

Figure 6: Network Configuration Before and After QoS Based Clustering is Applied
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Figure 7: Re-Distribution of TAs with High QoS Labeled Nodes

high QoS labeled data have been distributed over the adjacent green and fuchsia colored clusters.
Also prevalent in this result is that the majority of the nodes being reassigned to clusters different
from their original clusters are nodes with high QoS labels. This verifies that the distance measure
produces the desired effect.
An examination of the distribution of the high QoS data packets in these three clusters verifies the
result. Figure 7 above shows compares the distribution of high QoS nodes in the flooded (cyan
colored) cluster before and after the optimzation using the QoSmeas parameter. In this
comparison, the before bar graph (left) shows a very large number of TAs presenting data packets
with QoS labels above 0.9. The result of the optimization is that many of these TAs have vacated
this cluster. In their place, a few lower QoS labeled TAs, capable of accepting delay have been
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moved into this cluster. This is necessary in maintaining an overall good balance among the TAs
and achieving convergence for the algorithm. Figures 8a and 8b then illustrate the distribution of
TAs with high QoS labeled packets in the adjacent clusters following the QoS based optimization.
Both of these bar graphs show a comparable increase in the numbers of TAs in the very high QoS

Figure 8a and b: Updated Distribution of TAs’ QoS Labels in Neighboring Clusters

label to that of the originally flooded cluster. This indicates that the optimization has done a good
job of distributing the high QoS load of the flooded cluster over the immediately adjacent
clusters.
Signal to Interference Distance Measure and Optimization

Y Direction

In this mixed clustered network, a common
Frequency Re-Use of Clusters
characteristic is frequency re-use. There will
4
typically be a greater number of clusters than
3
different frequency bands available. This
creates a potential for significant interference
2
between clusters if the same frequency is used
within close proximities. The optimization for
1
Signal to Interference Ratio (SIR) is based on
0
the original starting network configuration as
depicted in Figure 2. For this configuration, we
-1
consider the availability of three different
communication frequencies. Figure 9 shows
-2
the resulting frequency re-use which
-3
characterizes the original spatially optimized
configuration. This network configuration is
-4
-4
-2
0
2
4
asymmetrical in the use of the frequencies.
X Direction
Given the relative proximity of the clusters reFigure 9: Frequency Re-use in Original Network Configuration
using the frequencies denoted by green and
orange colors, SIR considerations must be employed if performance is to be optimized for Quality
of Service considerations.
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The optimization of this network configuration for SIR considerations involves each node
assessing whether it will encounter a better SIR by transitioning to one of the clusters adjacent to
its current cluster thereby optimizing the configuration. The SIR distance measure was
determined given the following determinations:
• The signal to noise ratio SNR from the subject node to each cluster’s gateway is
determined given the transmission power of the gateway and the precise location in space of
the node.
• The subject node can measure the interference received from every other node
transmitting on the same frequency as the gateway to which it considers transmitting.
SIRPari,j, was calculated according to Equation (4) as the SIR parameter between the subject node
i and any given gateway node, j.
SNRi,j
SIR Pari,j = N
, where I j comes from N nodes u sin g frequency of GN j
∑ I jn
1

I n,j = SNR, η, at node j from node n

(4)

φ

Pt n Gt G r λ 2 ⎛ d 0 ⎞
⎟ − Log − Dist Path Loss Equation
⎜
η=
16π 2 L ⎜⎝ D(n,j) ⎟⎠
The signal to noise ratio, SNR or η is determined based on the Log–Distance path loss model and
equation. Next, the parameters SIRPari,j and the node’s corresponding spatial parameter, CPari,j
are made comparable by normalizing both values to scales of 0 – 1 and is calculated as
^
^
SIR Pari,j
CPari,j
(5)
SIR Pari,j =
and CPari,j =
max (SIR Pari,j )
max (CPari,j )
Finally, the two parameters are integrated as a product in which each parameter is raised to a
weight. This weighting factor establishes the trade off of one parameter against the other. This
allows a tradeoff towards either an SIR optimized or a spatially optimized configuration.
w1

1− w1

^
⎛ ^ ⎞ ⎛
⎞
(6)
SIRmeasi,j = ⎜ CPari,j ⎟ *⎜ SIR Pari,j ⎟
⎝
⎠ ⎝
⎠
Analytical methods may also be employed in determining the optimum weights to be applied to
achieve the best configurations, thereby replacing weights w and 1-w with w1 and w2.
By implementing SIRmeasi,j as the clustering parameter, the spatial clustering is now modified by
the SIR characteristic. The clustering process is continued until convergence. The optimized node
configuration resulting from this implementation is illustrated in Figure 10 where a weight w =
0.5 implemented in equation (6).

From Figure 10, a reduction in size in clusters 4 and 5 is observed. The original members of
cluster 4 are very close to the gateway node of Cluster 3 as is seen in the original configuration
(top). With the large interference experienced from cluster 1, many of the nodes present in cluster
4 gain an increase in SIR by migrating to cluster 3 which is not re-used. Similarly, the nodes of
cluster 5 are close to the gateway node of cluster 3. Compared with the interference experienced
from cluster 2, many of these nodes gain SIR by migrating to cluster 3. The outcome of this
optimization is the increased utilization of frequency 3 which undergoes no re-use. The re-use of
frequencies 1 and 2 is reduced in clusters 4 and 5 and this mitigates the error in packet
transmission from interference.
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Figure 10: Network Configuration Before and After Optimization using SIR Parameters

Aggregate Optimization

The aggregate optimization fuses the optimizations of QoS attributes and SIR considerations with
the original spatially optimized configuration to provide a clustering parameter based on three
degrees of freedom. The Aggregate clustering parameter, AggrPari,j is defined as
w1

w2

w3

^
^
⎛ ^ ⎞ ⎛
⎞ ⎛
⎞
AggrPari , j = ⎜ CPari,j ⎟ *⎜ QoSPari,j ⎟ * ⎜ SIRPari,j ⎟ (7).
⎝
⎠ ⎝
⎠ ⎝
⎠
AggrPari,j is utilized as the clustering parameter in the same manner as QoSmeasi,j and SIRmeasi,j
were employed. The result is that the original spatial parameter clustering network configuration
is modified by both factors with the weights w1, w2, and w3 controlling the tradeoff between these

Network Nodes Organized into Clusters using Aggregate Parameter

Frequency Re-use among Nodes Organized with Aggregate Parameter
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Figure 11: (a) Network Node Organization (b) Frequency Re-Use among Nodes for Aggregate Parameter Optimization

degrees of freedom. Figures 11a and b show the result of clustering implementing the aggregate
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parameter at applied weights of w1 = 0.3, w2 = 0.5, and w3 = 0.3. The aggregate parameter was
applied to the network configurations illustrated in Figures 4 and 9.
In Figure 11(a), the node organization illustrates the grouping of the nodes to the gateways as
determined by the aggregate parameter AggrPari,j and from this, the overlap of cluster cells is
visible. Figure 11(b) illustrates the frequency re-use among the nodes as determined by
AggrPari,j. In this illustration, the overlap of cluster cells is now visible coinciding with the QoS
optimization element present in AggrPari,j. These two images capture the effect of the aggregate
parameter and the effect of varying the weighting values.

CONCLUSIONS

Two methods by which the node and network characteristics could be effectively utilized to
optimize the modified k-means clustering scheme were developed. In this project, two such
distance measures were developed and successfully utilized. A QoS label associated with each
data packet was used to develop a distance measure which allowed the network configuration to
be modified to facilitate changing QoS requirements. This also allows a tradeoff in favor of either
an optimal QoS or an optimal spatial configuration. The second distance measure successfully
modified the clustering parameter based on the Signal to Interference Ratio (SIR) experienced by
a node in the network configuration in relation to the gateways was also used to develop a second
distance measure which allowed optimization for SIR considerations and tradeoff an optimal SIR
configuration against an optimal spatial configuration to be achieved. Finally, these two distance
measures were successfully integrated to provide an aggregate parameter to implement both of
these optimizations into the clustering mechanism in a manner which allows each of these three
optimizations to be traded off against each other. These optimizations allow the management the
iNET network requirements.
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ABSTRACT
Building modern telemetry systems is fraught with challenges involving subsystem integration,
the role and management of data, scalability issues, disparate technologies, concerns about costeffectiveness and more. This article addresses today’s challenges with a solution based on
adopting a data-oriented architecture and relying on a standards-based, integrated highperformance middleware platform with standards-based programmable components. Key to the
solution is integrating around the system information model instead of the application or
technology infrastructure. A standards-based middleware infrastructure that breaks away from
traditional assumptions is at the core of this approach. The article also presents successful
applications of data-oriented architecture using standards-based middleware.

1 INTRODUCTION
Building modern telemetry systems requires developing and seamlessly integrating various
subsystems, including articles in space, air or ground or under water; a variety of links with
differing characteristics; and disparate ground systems. Data is continuously acquired,
transmitted, stored and analyzed in real time, and it must be made available to external systems.
Besides the need to scale with an ever-increasing volume of data, there is a constant drain on the
software infrastructure to accommodate new and legacy article, link and ground-system
technologies easily and cost effectively.
Today a solution is available that successfully addresses each of these challenges. It is based on
adopting a data-oriented architecture, which results in loosely coupled components. This solution
relies on a standards-based, integrated high-performance middleware platform that provides
standards-based programmable components for messaging and data distribution, storage and data
management, complex event processing for real-time analysis and decision making,
visualization, fault tolerance, recording and retrieval, security, and technology adapters. Such a
solution is integrated around the system information model instead of the application or
technology infrastructure of choice.
At the core of the solution is a standards-based middleware infrastructure that breaks away from
traditional assumptions. This approach resolves the following issues effectively: single points of
1

failure or loading, unreliable transports, changing topologies, delays related to local performance
and the need for system adaptability.

2 TELEMETRY SOFTWARE ARCHITECTURES
Modern telemetry systems are complex systems facing complex missions (see Figure 1). Today’s
software designs are effective but lack the flexibility required to adapt quickly to multiple uses.
Most remote sensing units require a special-purpose monitoring station, which is well integrated
but expensive. Remote-sensing software is typically redesigned for each new sensing unit or
article and even sometimes for different payloads on the same unit. Several data links are used,
and standards are emerging to address the need for monitoring ground stations to operate
multiple remote articles. However, no clear, standard way to integrate the links with either end
has emerged. In addition, the monitoring ground stations must make the data available to a
variety of external systems for storage, archiving, indexing and interpretation.
Telemetry architectures today approach the integration of remote articles, links and ground
stations at an application level. The handshake protocol or the logic to request missed or historic
information is in the application code. This close coupling makes it difficult to make
modifications to existing system components. Underneath the cover, many of these distributed
systems can be broken into a collection of hard-wired, static point-to-point communication links.
Point-to-point systems have several disadvantages (such as being difficult to modify and offering
limited scalability) and result in an overall brittle architecture.

Figure 1 Building modern telemetry systems requires developing and seamlessly integrating various
subsystems, including articles in space, air or ground or under water; a variety of links with differing
characteristics; and disparate ground systems.

The data-communication links between the remote articles and the ground stations are
constrained in nature. The links may be transient, bandwidth-limited and/or lossy, and they often
introduce long delays. In addition, multiple paths and links may occasionally be available.

2

Coupling the link characteristics and behavior into the remote article-sensing software and the
ground-station software is expensive and hard to maintain.
Furthermore, ground stations have to deal with the challenges of interoperability with other
systems and must effectively address data management and security using industry standards and
open architecture to ensure longevity and expandability.
In such a demanding environment, how can we deliver seamless end-to-end connectivity while
optimizing end-to-end performance? In particular, it is important to strike the right balance of (1)
performance, so that the system can efficiently leverage the underlying hardware infrastructure;
(2) scalability, so that the system will keep up with the increasing demands; (3) availability, so
that there is no downtime; (4) security, so that data and systems are protected; (5)
interoperability, so that new and legacy components can be seamlessly integrated; and (6)
affordability, so that the operational or administrative costs and system lifecycle costs are
minimized.

3 A STANDARDS-BASED, DATA-ORIENTED SOFTWARE
ARCHITECTURE
We address these concerns by introducing the framework of data-oriented architecture. The key
is to separate data from behaviour and treat data as the primary artifact around which
independent, loosely coupled behaviours are organized. Changes to data or information drive the
interactions between components. The result is loosely coupled software components with dataoriented interfaces that describe the data produced or consumed and the associated Quality of
Service (QoS) offered or requested. Such components can be seamlessly integrated using a highperformance, open standards-based messaging and caching infrastructure such as the Data
Distribution Service (DDS). DDS implementations are available from many vendors.

3.1 ADOPT A DATA-ORIENTED ARCHITECTURE
With a data-oriented approach, we explicitly formalize the data and metadata produced and
consumed by a component or a system, then use a logical data bus to connect them. A dataoriented interface describes the common logically shared data model and the messages produced
or consumed by a component as a result of changes to the data model, as well as the associated
QoS offered or requested (see Figure 2).
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Producer
Offer Data, QoS
Data-Oriented
Interface
Consumer
Request Data, QoS

Figure 2 A data-oriented interface specifies (1) the data a component produces along with the offered QoS
and (2) data a component consumes along with the requested QoS.

Working with data as a “first-class citizen” enables system designers to abstract the production,
flow and consumption of data away from the details of processing that data. This shifts the focus
to the overall system architecture and information flow.
The result is an information-driven, data-oriented architecture framework, where the changes to
the interface data models drive the interactions between loosely coupled components. The
responsibility for message routing and delivery and for managing QoS is delegated to the
underlying messaging infrastructure (see Figure 3).

Interactions between components are “information-driven”

Component

Component

Component

Offer Data, QoS
Request Data, QoS
Data

Distributed Data Bus

Data

Logical Data Space
Component

Component

Component

Figure 3 Components have a data-oriented interface for offering/requesting data and QoS, and changes to the
data drive component interactions. An open standards-based distributed data bus infrastructure routes
information and provides ready access to data in each component’s local cache.

The traditional point-to-point approach of integrating components results in N*N point-to-point
custom connections for each pair of components. The data-oriented architecture framework
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reduces the integration problem from an O(N*N) problem to O(N). Components simply need to
define and expose just the data model, and the underlying messaging infrastructure takes on the
responsibility of delivering the right messages to the right components at the right time for
components operating on same logical data model.

3.2 RELY ON A STANDARDS-BASED, INTEGRATED HIGHPERFORMANCE PLATFORM
An appropriate messaging infrastructure for building loosely coupled systems using the
principles of data-oriented programming is specified by the DDS open standard developed by the
Object Management Group (OMG) industry consortium.
The result is a system software architecture where components communicate using data-oriented
interfaces expressed in terms of standard DDS Application Programming Interfaces (APIs) and
formally defined DDS QoS policies. These components are implemented using a standards-based
DDS messaging protocol.
Several DDS implementations are available today. For example, the RTI Data Distribution
Service provides a high-performance, constantly available, real-time distributed data bus. It does
not rely on any servers or daemons, establishes peer-to-peer data paths between components and
works over unreliable networks.
Leading DDS implementations such as RTI’s provide the deterministic low-latency, highthroughput messaging and data caching important for real-time end-to-end performance. These
implementations break away from the traditional messaging infrastructure assumptions in the
following fundamental areas:
•

There can be no single point of failure or loading. Traditional approaches use a daemon or
a broker-based architecture, which can lead to partial failure or complex failure/repair modes
during recovery. However, it is possible to implement the DDS specification as a peer-topeer architecture that implements a decentralized messaging protocol. In such an
implementation, there is no single point of failure or loading, or potential for priority
inversion.

•

Transports are unreliable. Networking transports drop packets, links go down and
hardware fails. The reliability model, on the other hand, is built into the standard DDS
messaging wire-protocol above the network stack. APIs allow applications to control the
reliability and receive notifications of network errors.
It is worth noting that the DDS messaging protocol is de-coupled from the data-link/transport
implementation details. Thus the transport can be optimized separately from the applicationlevel QoS.

•

Topology can change on the fly. For mission flexibility, components must be field
replaceable and operational parameters must be changeable on live systems without
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disruption. The DDS infrastructure provides automatic self-discovery and configuration, so
components can be added and removed dynamically on a live system. Nodes may also fail
and restart at any time. Components can start in any order.
•

Local performance matters. Transporting data from point A to point B is often not enough.
The data may be needed later, without the penalty of retransmission delay. Either the
application or the infrastructure thus must provide a local in-memory cache for all data. With
DDS, providing the cache as part of the DDS infrastructure greatly eases data management.

•

Adaptable systems demand a tunable infrastructure. Many types of information flow in
telemetry systems, each with differing requirements. The requirements must evolve and
adapt to new demands. The DDS infrastructure is tunable, so that applications can configure
and optimize it to meet specific mission requirements.

The above attributes make DDS particularly well suited to the messaging requirements of
telemetry systems.

3.2.1 THE DDS STANDARD
The OMG DDS standard is the first comprehensive specification available for publish-subscribe
data-centric designs. [1] [2] [5]. It specifies both a wire protocol for interoperability and an API
for portability.
As illustrated in Figure 4, DDS creates the illusion of a shared “global data space” populated by
data objects that applications running on distributed nodes can access via simple read and write
operations. In reality, the data does not really live in any one computer’s address space. Rather, it
lives in the local caches of all the applications that have an interest in it.

Figure 4 This overall DDS model depicts the ways distributed nodes are able to read (R) and write (W) data
objects that live in a shared virtual global data space.

The DDS publish-subscribe model connects anonymous information producers (publishers) with
information consumers (subscribers). The overall distributed application is composed of
processes called “participants,” each running in a separate address space and possibly on
different computers. A participant may simultaneously publish and subscribe to typed data
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streams identified by names called “Topics.” The interface allows publishers and subscribers to
present type-safe API interfaces to the application.
DDS defines a communications relationship between publishers and subscribers. The
communications are decoupled in space (nodes can be anywhere), time (delivery may be
immediately after publication or later) and flow (delivery may be reliably made at a controlled
bandwidth).
To increase scalability, topics may contain multiple independent data channels identified by
keys. This allows nodes to subscribe to many, possibly thousands, of similar data streams with a
single subscription. When the data arrives, the middleware can sort it by the key and deliver it
for efficient processing.
DDS QoS parameters specify the degree of coupling between participants and properties of the
overall model and of the topics themselves. Since DDS coupling is loose, communication paths
can be defined, created and destroyed at run time. Further, implementations may automatically
discover requesting publishers and subscribers, hooking them up at run time with no previous
configuration.
DDS is fundamentally designed to work over unreliable transports, such as User Datagram
Protocol (UDP) or wireless networks. No facilities require central servers or special nodes.
Efficient, direct, peer-to-peer communications, including multicasting, can implement every part
of the model.
DDS’s QoS configurability makes it well suited to lossy networks and transient links. It is
proven in use for communication with production rail systems [7], as well as over intermittent
satellite connections in test [8].
The extreme configurability offered by DDS makes it feasible to directly use the same protocol
for data links as the middleware on the remote article and the ground station, making
communications much simpler. In fact, with a direct DDS connection, either end could directly
subscribe to any information produced by the remote component.

3.2.2 INTEGRATED END-TO-END PLATFORM
With the availability of a DDS backbone, it becomes possible to provide optimized application
components for certain software categories to achieve an end-to-end middleware platform for
high-performance real-time applications (see Figure 5). Application components are organized
around an agreed-upon underlying semantic data model that is automatically mapped to the
natural representation used by the application platform, in accordance with the principles of dataoriented design. Thus, a new application component can be rapidly developed by using off-theshelf application platforms that have been a-priori integrated with and optimized for the
messaging infrastructure. With DDS, commercially available out-of-the-box integrations of
popular application platform components with open standards-based integrated messaging and
caching middleware such as the RTI Data Distribution Service proceed more quickly and
promote optimized end-to-end performance.
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Information-Driven Middleware Optimized for
End-to-End Real-Time Performance
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RTI: Distributed Data Bus
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Service Bus (ESB)
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Figure 5 Data-oriented design makes it possible to define automatic mappings for popular application
platforms’ native data representations to underlying semantic data models. This speeds and optimizes
integrations with messaging and caching middleware such as the RTI Data Distribution Service.

Leading real-time middleware vendors have already begun providing a complete end-to-end
real-time application development platform comprised of components that integrate the realtime messaging infrastructure with popular application platform technologies such as (1) eventprocessing engines for turning raw messages into “intelligent” events in continuously flowing
real-time streams; (2) databases to automatically map tables stored in memory or on disk into
real-time data sources and/or sinks; and (3) visualization tools to create sophisticated operator
dashboards that are continuously updated from real-time feeds.
The availability of such standards-based integrated application components dramatically lowers
the risk in software integration and speeds up the development of interoperable, open standardsbased ground-station software.

3.3 INTEGRATE AROUND THE SYSTEM INFORMATION MODEL
The data-oriented interfaces of the various components collectively define the system
information model. It is the basis of integrating new mission capabilities and reconfiguring for a
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different mission. The application components rely on the underlying integrated commercial offthe-shelf (COTS) platform to distribute the data per the desired QoS and notify of exceptions.
The next-generation telemetry systems based on a data-oriented architecture reap several
benefits, including the ones listed below:
•

Allow for easily modifying and upgrading existing systems. By standardizing on the data
model, it is easier to modify and upgrade systems, since they are no longer tightly coupled
and no longer make strong behavioral assumptions about the components they interact with.

•

Provide redundancy and fail-over capabilities. With point-to-point connections, when a
data source or connection is lost, the data consumer loses that information even if it may be
available elsewhere on the network. In a data-oriented approach, the data is resilient in that it
is abstracted away from the source. If there are multiple sources, data remains available as
long as one source or connection remains active.

•

Provide persistence of critical data. In the dynamic telemetry environment, some data
sources may be transient as they become available for short periods of time. The data can be
made available to interested consumers even when the original source is not directly
available.

•

Offer the ability to distinguish between different types of data. This allows us to move
away from one-pipe-fits-fall communication to multiple individually tuned data flows. The
QoS parameters are specified on a per-data-flow basis, allowing for better real-time
performance, durability and reliability for each type of information flow.

4 APPLICATIONS
DDS is currently used in hundreds of applications. Some recent examples are outlined on the
OMG portal [6]. Historically, military systems were first to aggressively adopt DDS.
Specifically, in the context of telemetry, a data-oriented architecture using DDS has been
adopted by a large remote-sensing telescope project, is being considered by a test range and is
being evaluated for space applications. Several unmanned systems are now using DDS to support
reconfigurable missions that include telemetry [8].

5 CONCLUSIONS
Data-oriented architecture is a framework for creating loosely coupled, real-time, informationdriven systems. It emphasizes a common underlying semantic data model as a first-class citizen
around which application components are organized. Application components offer data-oriented
interfaces, which describe the role (producer/consumer), the data model, the associated metadata
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and the associated QoS. Since there is no direct coupling among the application-component
interfaces, components can be added and removed in a modular and scalable manner.
The application components rely on a tunable real-time middleware infrastructure that can
interpret and manage the underlying data models on their behalf. The tunable middleware
infrastructure is responsible for providing optimized, end-to-end, real-time performance between
the application components and supporting tradeoffs between competing requirements.
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Abstract
As part of a project to develop small satellites, we have developed a combined ground station
and flight computer control software package using LabVIEW. These computer systems are
used to acquire data from sensors, control communications links, provide automatic data
acquisition capabilities, and provide a user interface. In this paper, we will look at the state
machines that describe both sets of software, the challenges for the flight computer development
given the PC/104 format, and show how the final product was deployed.
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INTRODUCTION
The faculty, staff, and students at New Mexico State University (NMSU) began the design and
fabrication of a nanosatellite under the Air Force University Nanosatellite program in 2003 [1].
The basic science goal of the satellite is to measure the earth’s background brightness level at
300 - 450 nm. This level is needed to design cosmic ray detectors that observe the interaction of
cosmic rays with the earth’s upper atmosphere. The science objectives are to measure the 300 450 nm intensity at least once per minute with associated position and timing information. The
payload originally developed for this mission was not chosen by the Air Force to be launched
into low-earth orbit. An alternative flight was obtained on a high-altitude research balloon. For
this flight opportunity, the mission was renamed to BalloonSat. These research balloons fly at
100 kft for 24 hours. With this type of mission, the sensor design and the software design can be
tested. Also, the operations of the payload can be fully tested. While the science and
engineering environments do not exactly match the orbital cased, they are considerably more
challenging than a bench test and can be used to validate the orbital requirements.
In this paper, we describe the design control software for the payload. This software is based on
LabVIEW1 and is run as an executable in both the groundstation and the flight computer. The
1

LabVIEW is a trademark of National Instruments Corporation
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software is designed as a state machine in both elements. The software also has the ability to
initiate timing loops so that the operator does not need to explicitly command selected operations
at each instance. Rather, the operator can set the flight computer to take actions autonomously.
This includes both selected data acquisition and sequences of discrete commands.

SENSOR SUITE AND COMMUNICATIONS
The sensor suite for the payload was chosen to satisfy the science mission plus provide basic
health & welfare sensing of the payload environment. Part of the payload design philosophy is
to select sensors that can operate from the common 5V power supply and utilize a standard
computer interface.
The allowed computer interfaces are RS-232 and USB.
The
communications devices also needed to meet this same constraint of voltage and interfaces.
Table 1 lists the sensors and communications devices in the payload.
Table 1 -- Sensors and communications interfaces.
Sensor/Communications
Photomultiplier Tube

Manufacturer
Hamamatsu

Purpose
Measure 300 - 450 nm light level

GPS receiver

u-blox

Measure time and position

Rate
Gyro
& MicroStrain
Magnetometer
Communications String 1 Kenwood and
Kantronics
Communications String 2 Kenwood and
Kantronics
Camera
Matrix Vision
Analog-to-Digital
National
Converters
Instruments

Measure payload movement and
magnetic field strength
Beacon position and quick-look
telemetry
Command
and
telemetry
communications
Photography
Discrete voltage measurements of
thermistors and earth sensors

Interface
RS-232
96/8/N/1
RS-232
96/8/N/1
RS-232
38.4/8/N/1
RS-232
96/8/N/1
RS-232
96/8/N/1
USB
USB

Each device in Table 1 uses a 5V supply voltage. A relay in the flight computer stack is used to
switch each device on and off under software control. Only the Communications String 2 is kept
powered up at all times the payload is active so that the operator can send commands and check
on the payload’s status.
In addition to the sensors, the payload has two resistive heaters for the photomultiplier tubes that
are under operator control. These can be turned on and off via discrete commands.
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COMPUTER SYSTEMS
There are two computer systems required in this system: one comprising the flight computer and
one in the ground station. In this section, we will look at the individual computer systems and
their associated requirements.
The flight computer is a Diamond Systems Athena II CPU. The computer has 256 MB of RAM
and a 500 MHz clock speed. The computer has a 4 GB flash drive on the IDE bus acting as the
hard drive. A conventional hard disk could not be used in the flight configuration because of
temperature constraints. This particular computer system was chosen because of the ability to
run on 5 V power supplies and it requires less than 1 A of current in most operating cases.
Additionally, the CPU has on-board support for four RS-232 and four USB ports.
In addition to the CPU, the flight computer has three daughter boards in the PC/104 stack:
•
•
•

One board with 16 switchable relays whose state can be set under software control,
One board with 8 RS-232 ports to allow serial communications devices to interface; this
board occupies COM5 through COM12 in the communications port array
One board with power regulators that accepts 12 V battery supply inputs and provides
regulated 5 V for the PC/104 stack and the peripherals; the peripheral power is switched
through the relay board.

The operating system chosen for the system is Windows 2000. This provides the necessary
support for development software and its size is compatible with the constraints of the 4 GB
flash drive. A design goal is to have the operating system take up no more than 25% of the
available drive.
The ground station is designed to operate completely with laptop computers. This need arises
from the fact that to support a balloon flight, there may need to be two mobile ground stations in
addition to the main ground station to support flight operations. Therefore, the entire ground
station can be assembled with a laptop, portable radio, and VHF antenna. The software will need
to run on any of the three laptops in the ground station locations. The laptops chosen are
standard laptops running Windows XP.

SOFTWARE SELECTION
The software for the payload control needs to meet the following constraints:
•
•
•
•
•

Can be used both for instrument check-out and for actual operations
Does not require more than 2 GB of flash disk storage for any support environment for
code development
Can be made into an executable for more rapid execution
Can work with the memory limitations of the CPU
Can support multiple RS-232 and USB ports and
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•

Permits writing to the I/O space of the computer to control the relay board and RS-232
expansion board on the PC/104 stack.

Based on these constraints, the decision was made to choose LabVIEW as the programming
development environment. In addition to meeting the constraints, the LabVIEW environment
provides the following benefits in this programming
•
•
•

LabVIEW has built-in tools to assist with the development of the state machine that
forms the basis for the control program
LabVIEW has libraries of analysis functions to make code development easier; for
example, there is a library of routines for manipulating digital images including making
JPEG formats and reducing the picture size to make thumbnail images
LabVIEW has a library of widgets to assist in the construction of the user interfaced for
the groundstation computers.

The following sections describe the state machines and the control loops used in the payload
operations.

STATE MACHINE DEVELOPMENT
As mentioned above, the control programs in the flight computer and the groundstation are based
on state machines. This method is used as a way to structure the program and it allows for easy
code development because each function is compartmentalized and can be independently
verified. This method also allows the code developer to build up the entire control program from
basic functions to the final configuration by adding new states to the overall design. As the code
is developed, modules for specific functions such as configuring communications ports are used
in both the flight computer and groundstation code. Because the same development philosophy
is used in both the flight computer and the groundstation, lessons learned in code development
are easy to transfer between segments.
The state machine for the Flight Computer is illustrated in Figure 1. The basic control
methodology is to first configure the operational parameters in the “Init” state, then initialize the
command and telemetry communications RS-232 ports, radio, and modem in the “Port” state,
and then go into a wait look for the groundstation to initiate communications in the “Connect”
state. Once communications are established with the groundstation, the Flight Computer enters a
continuous loop of states until a termination command is received. The states perform the
following functions:
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Not
Connected

Command
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Default
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Exit

Default
File
Mgt
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Default

Figure 1 -- Flight computer control state machine.
•
•
•
•

“Read Comms” determines if there is an operator command that has been sent; if so,
transition to the command processor and if not, go to the “File Management” state,
“Command” validates, parses, and executes valid commands from the operator or the
scheduler; if a terminate command is received, transition to the “Exit” state so that the
program can shut down, otherwise, transition to the “File Management” state,
“File Management” determines if the hourly data files need to be closed and new ones
opened,
“Sked” determines if a command needs to be executed either from the operator’s preloaded schedule of commands or from the periodic command loops that the operator may
have enabled; If there is a scheduled command, transition to the “Command” state,
otherwise go back to the “Read Comms” state.

Within the scheduled commands state, there is a hierarchy of command priority: data acquisition
commands have highest priority, then position broadcasts, and finally operator commands.
The “Command” state is also configured as its own state machine as illustrated in Figure 2. The
command syntax is
$$SSFNdata*
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Figure 2 -- State machine for the command interpretation function.

where $$ is the start delimiter
SS is the subsystem mnemonic
FN is the subsystem function
Data is an optional data field if required by the function
* is the ending delimiter
The standard functions for the subsystem are:
•
•
•
•
•

ON – turn on power
OF – turn off power
IN – initialize the device
ST – obtain device status
CD – send an explicit command as specified in the data field.

Each command is sent as an ASCII string. The processing for the Command state machine is:
•
•
•

Check the command for proper syntax (starts with $$, ends with *, and is at least seven
characters long) in the “Init” state
Determine if the subsystem identifier is valid in the “Parse” state; if valid then the
subsystem command function process is started, otherwise, the Command process
terminates with an error message
Check for a valid functions in each subsystem process and, if necessary, data; if the
command is valid, then the process is executed with the results reported to the
groundstation (this is true for both operator-initiated commands and scheduled
commands), otherwise, the action terminates with an error message.
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The full list of all commands is found in [2]. Most of the specific functions for each instrument
and sensor were developed to initialize or check out the devices during initial development.
Each function was programmed as a LabVIEW Virtual Instrument (VI). The VI’s can be treated
as callable modules from a higher-level routine. An example VI for reading the GPS unit is
illustrated in Figure 3. The module accepts the communications port number and GPS message
type (GGA, RMC, etc.) as the input. The module reads the GPS and reports out the standard
navigation sentence. The other modules to read the other devices work in a similar manner.

Figure 3 -- LabVIEW processing module to read the GPS unit.
As mentioned above, the Flight Computer can also operate under a schedule. There are three
types of schedule operations available:
•
•
•

Timed schedule from an operator-developed sequence
Periodic (every ten seconds) reading of the photomultiplier tubes for science data
Periodic (every five minutes) sending of position and quick-look data.

Each of these can be enabled or disabled via explicit operator command. Additionally, the two
periodic schedules can be programmed as part of the operator-developed sequence. The
operator-developed sequence is a listing of times and discrete commands. The times are in
continuous seconds so there is no change-of-day problem.
The groundstation computer uses a similar control state machine as illustrated in Figure 4. The
initialization sets up the communications port and local parameters. The program then goes into
a repeating set of states until the program terminates. These states are
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Figure 4 -- Groundstation control state machine.
•
•
•
•
•
•

“GS Cmd” that looks for operator discrete commands to control the groundstation radios
entered via the user interface,
“SC Cmd” that looks for operator discrete commands to control the payload radios
entered via the user interface and generates the timed, keep-alive command,
“Response” that processes returned messages from either command source and displays
them for the operator,
“Track” that converts the payload GPS position into a pointing vector relative to the
groundstation location to drive the radio antennas, if needed,
“IF Cmd” processes the “quit” command from the user interface,
“Exit” that performs an orderly shutdown of the program.

Whenever possible, specific buttons or menus on the user interface are used rather than operator
data entry. This is done to minimize operator error and speed up training.
The groundstation control program has one autonomous operation programmed into it: keepalive commanding. Once every three minutes, the flight computer status command is issued.
This helps the operator monitor the link state and updates battery voltage, earth sensor, and the
thermistor measurements that are displayed on the operator’s terminal.
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Figure 5 -- BalloonSat payload on the carrier awaiting launch.
RESULTS
The flight-ready payload is illustrated in Figure 5. The payload control program has been used
in all phases of the pre-launch instrumentation check-out, mission simulations, and operator
training. Additionally, it was exercised for approximately 20 hours during the BalloonSat
mission flown earlier in 2008. During this time, it performed required mission functions.
The groundstation user interface is illustrated in Figure 6. As with the payload control program,
the groundstation control program has been used in all phases of the pre-launch instrumentation
check-out, mission simulations, and operator training. Additionally, the groundstation was
exercised at two locations for approximately 20 hours during the BalloonSat mission flown
earlier in 2008.

CONCLUSIONS
We were able to use the LabVIEW programming to develop the programs for the flight computer
and groundstation and ground station to control a payload over a radio link. To date, these
programs have been used in payload check-out and training. The state machine capabilities in
LabVIEW greatly assist in the code development. The LabVIEW environment facilitates code
sharing between the flight computer and groundstation programs. The environment also
facilitates the development of the user interface.
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Figure 6 -- User interface for the groundstation computers.
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Abstract
As part of a project to develop small satellites, we have developed a combined ground station
and flight computer that use IP-based networking for the command and telemetry data
communications. The network uses a private IP network between the payload and the groundstation. Commands are sent to the payload as UDP short message packets. Status and real-time
telemetry are sent as UDP text strings. Production data are sent as files using a ftp-type of data
exchange. Production data types include numeric data (sensor data) and JPEG-formatted picture
data (full pictures and thumbnails).
Details of the software used, challenges of making the system work over a low-quality radio link,
and integration with the operating system will be discussed.
Keywords
Protocols – Network, telemetry system, ground systems, remote site automation, and system
management

INTRODUCTION
The faculty, staff, and students at New Mexico State University (NMSU) began the design and
fabrication of a nanosatellite under the Air Force University Nanosatellite program in 2003 [1].
The basic science goal of the satellite is to measure the earth’s background brightness level at
300 - 450 nm. This level is needed to design cosmic ray detectors that observe the interaction of
cosmic rays with the earth’s upper atmosphere. The science objectives are to measure the 300 450 nm intensity at least once per minute with associated position and timing information. The
payload originally developed for this mission was not chosen by the Air Force to be launched
into low-earth orbit. An alternative flight was obtained on a high-altitude research balloon. For
this flight opportunity, the mission was renamed to BalloonSat. These research balloons fly at
100 kft for 24 hours. With this type of mission, the sensor design and the software design can be
tested. Also, the operations of the payload can be fully tested. While the science and
engineering environments do not exactly match the orbital cased, they are considerably more
challenging than a bench test and can be used to validate the orbital requirements.
In this paper, we describe part of the design of the communications subsystem for the payload.
The traditional method for this design is to use some form of serial communications link to
support the command and telemetry operations. An alternative method was developed to support
1

these same operations: utilize UDP and ftp packet communications to transmit the data. In the
subsequent sections, we will describe the data formats, the computer systems involved, the two
ways of performing the communications, and the advantages of the UDP-based command
communications link. Additionally, we will look at the control of the ground station over the
Internet as part of the system design.

DATA FILE STRUCTURE
The command and telemetry system for the payload is described in the companion paper [2].
The communications link needs to support both data types exchanged between the operator at the
ground station and the payload that is remotely located. Commands are transmitted as short
ASCII text strings of the form
$$SSFNdata*
where $$ is the start delimiter
SS is the subsystem mnemonic
FN is the subsystem function
Data is an optional data field if required by the function
* is the ending delimiter.
These commands can be sent as either discrete text strings from operator input or they can be
transmitted in a file that forms a schedule of commands. The schedule file structure is one
record per entry with each record being a time in seconds and the desired command to be
executed at that time. An example record looks like: 3294583200,$$GPON*
Telemetry data can come in three forms
•
•
•

Command acknowledgement message
Hourly data from the photomultiplier tubes and related payload data
Imaging data from the camera system

The command acknowledgement messages are short text strings, usually fewer than 50
characters in length. The hourly data files are also text-based and in record format: time and
measurement. For example, a photomultiplier tube measurement would look like: 3294584325,
005C7823, 00002358. The first number in the record is measurement time; the second and
third numbers are the measurement values from the tubes. These files are typically 10 to 20 kB
in length, depending upon on how active the operator was in making measurements. This is
similar to the command schedule file. The imaging data is in standard JPEG format. There are
two image formats: full image JPEGs and reduced thumbnail images with sizes of 3 to 5 kB.
The command acknowledgement messages are always immediate. The file data can be
transmitted in background mode and/or stored on the flight computer flash drive for collection at
mission end.
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COMPUTER SYSTEMS
There are two computer systems required in this system: one comprising the flight computer and
one in the ground station. In this section, we will look at the individual computer systems and
their associated requirements.
The flight computer is a Diamond Systems Athena II CPU. The computer has 256 MB of RAM
and a 500 MHz clock speed. The computer has a 4 GB flash drive on the IDE bus acting as the
hard drive. The operating system chosen for the flight computer system is Windows 2000. This
provides the necessary support for development software and its size is compatible with the
constraints of the 4 GB flash drive. A design goal is to have the operating system take up no
more than 25% of the available drive.
The ground station is designed to operate completely with laptop computers. This need arises
from the fact that to support a balloon flight, there may need to be two mobile ground stations in
addition to the main ground station to support flight operations. Therefore, the entire ground
station can be assembled with a laptop, portable radio, and VHF antenna. The software will need
to run on any of the three laptops in the ground station locations. The laptops chosen are
standard laptops running Windows XP.

Figure 1 -- Communications components for command and telemetry data transmission.
COMMUNICATIONS METHODOLOGY
The “problem” to be solved for the command and telemetry system is to find an efficient means
to transmit the command and telemetry data between the payload and the ground-station. The
architecture of the communications link is illustrated in Figure 1. The endpoints are the
operator’s laptop and the PC/104 flight computer. The intermediate hardware is a standard
modem/radio/antenna chain. For the BalloonSat-type of mission, the link is a VHF radio link.
For testing in the lab, the radio and antenna combination can be replaced with a cable between
the modems. The modem provides channel-level HDLC framing with error detection and stopand-wait ARQ. This is important for the command link since it removes the need for explicit
error checking in the command format. The baseline method for transmitting the data is to use
serial communications techniques. Figure 2 shows the typical code for receiving these
transmissions. The code in the illustration is a segment of a LabVIEW1 Virtual Instrument (VI)
for receiving command strings from the operator. In this technique, the receiving unit needs to
1
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Figure 2 -- A LabVIEW VI segment for reading the serial data stream.
loop until the serial data has arrived and then processing can begin. This makes it more difficult
to have parallel processing in the control program.
A different approach is to use a network transmission protocol as illustrated in Figure 3. Here,
we are using UDP for the data transmission technique. The UDP technique moves the
responsibility for receiving the data packets to the operating system and frees the control
program from waiting in loops for all of the characters to arrive. With UDP, the control program
queries the operating system driver for data and moves on if a full packet is not available.
UDP has advantages over TCP for this type of transmission. In particular, UDP does not need to
establish a connection first before starting the transmission. This makes it easier to run
asynchronously for commanding. In this particular realization, we are using the native UDP
calls in LabVIEW. To make this work, a private network is established between the payload and
the groundstation. This done by
1. Using the TCP/IP-over-serial capabilities in the Windows operating system,
2. Set the payload and the groundstation computers to have fixed IP addresses,
3. Configure the operating system and the COM port connected to the radio modem so that
the TCP/IP-over-serial is started upon system boot,
4. Sign into the payload from the groundstation using the serial port login utilities in the
Windows operating system.
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Figure 3 -- A UDP-based read of the serial data stream.
Four our application, we use FlashFXP as the networking control program. In this case, the
payload is set up as the master node. The payload then assigns the groundstation the fixed IP
address when the user logs into the payload from the groundstation. Once the IP addresses are
established, then communications between the two computers can flow. If we use multiple
groundstations, the payload is always the node to assign the IP addresses. In this application, we
have the control programs in both the groundstation and the payload computers utilize the fixed
IP addresses. This makes the addressing easier to manage in the control programs. It also makes
training of operators easier because there are fewer parameters to manage.
By using the networking capabilities, we are able to have both the LabVIEW control program
and the FlashFXP program running simultaneously. The LabVIEW program is responsible for
command transmission and the associated responses. The FlashFXP program is used to transmit
the hourly data files, the image files, and the schedule files. In this mode, the LabVIEW
program does not get caught in timing loops waiting for serial communications to initiate or
terminate. The program concentrates on command processing and instrument control.

REMOTE GROUNDSTATION CONTROL
For the BalloonSat mission, we need the ability to monitor the payload from multiple locations.
For our mission, the main ones are at Fort Sumner, NM and Holbrook, AZ. These sites are over
300 miles apart. There is also a desire to provide support from the home location in Las Cruces,
NM, which is over 200 miles away from either control station. By using the Remote Desktop
utility in the Windows operating system, we can actually control the LabVIEW-based user
interface over the Internet. An example of this is illustrated in Figure 4 where the screen shot of
the user interface was taken over the network between the computers. In this mode, the user on
the client computer sees the host computer’s desktop. The remote user can start the LabVIEW
program and exercise the user interface as if actually at the control computer. This permits user
support for these remote operations.
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Figure 4 -- Groundstation control interface as accessed over the Internet.
During the testing of this capability, it was noticed that there was a need to make the link through
a VPN connection. The remote groundstation at the Fort Sumner launch facility is connected to
the Internet via an internal private network. This makes it difficult to access the laptop from the
NMSU campus. In this case, we first connect the laptop to the NMSU network via VPN to give
the laptop an IP address that is part of the NMSU domain. Using the VPN-based IP address, the
connection is achieved. There was no need for the VPN between NMSU and Holbrook, AZ or
between Fort Sumner and Holbrook. The Holbrook IP address was fixed and public. Naturally,
the VPN might be desirable if link security is desired.

RESULTS
The IP-based control program has been tested in the NMSU flatsat laboratory. It was not
currently used in the BalloonSat mission that was flown earlier in 2008 due to the need to freeze
the software configuration and the uncertainties in the accommodations at the support facilities
when the mission was first designed. If we obtain subsequent flights, the plan is to move the
communications mode to this format.
The remote desktop method was used during the actual mission operations during the BalloonSat
flight earlier in 2008 to support controlling the payload from the NMSU campus through both
6

the Fort Sumner and the Holbrook, AZ groundstations. These remote operations times exceeded
two hours in each case. This permitted running the mission with two operators with only one
needing to be located at the launch point. In principle, the operator at the launch point could
have been eliminated and the mission could have been run from just the NMSU location.

CONCLUSIONS
We are developing networked-based communications techniques for both the command and
telemetry links between the payload and the groundstation. We see that the UDP method of
command transport is convenient to program and supplies the required functionality for
command operations. Once the network between the nodes is established, an ftp application can
be used to move configuration and data files between the payload and the groundstation. Having
the payload control IP address assignment has been found to work better than having the
groundstations assign the addresses.
We have also found the Windows remote desktop utilities to be an effective way to permit
remote operators to control the payload across the network. This is important when payload
support operations range over several hundreds of miles.
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ABSTRACT
The use of IEEE 802.11 Wireless LAN (WLAN) technology offers numerous advantages over
wired Ethernet including high bandwidth, device mobility, and the elimination of network
wiring within the aircraft. With such benefits, there are certain caveats associated with the
ability and performance of WLAN technology to carry time-sensitive and critical telemetry
data using current IEEE 802.11 WLAN standards. In this paper, the limitations of WLAN for
real-time data transmission are experimentally investigated. In particular, it will be shown
how the fundamental wireless access mechanism and contention impact on the WLANs ability
to carry real-time data. Although telemetry data is constant, the wireless access mechanism
causes the WLAN throughput and per-packet delays to vary over time. Moreover, with the
increased popularity of the IEEE 1588 Precision Time Protocol (PTP), the ability of the
WLAN to provide time synchronisation is investigated. It is shown that asymmetric data loads
on the uplink and downlink introduce synchronization errors. To mitigate some of these
issues, this paper will discuss how the Quality of Service (QoS) Enabling WLAN standard,
IEEE 802.11e, can be used to provide differentiated services and prioritised transmission for
critical data.
1. INTRODUCTION
The use of IEEE 802.x Ethernet technology in FTI offers many benefits for data acquisition
systems including flexible, scalable architectures, management, and prioritization features all
of which can be used to provide statistical Quality of Service (QoS) guarantees. Moreover
network-wide end-system synchronization can be achieved through the use of the IEEE 1588
Precision Time Protocol (PTP) with sub microsecond accuracy. The use of wireless Ethernet
networking technologies offer additional benefits including the removal of network wiring for
inaccessible and/or mobile wireless Data Acquisition Units (wDAU) within the aircraft.
WLAN technology is hindered by many physical layer impediments such as collisions, signal
attenuation with distance, signal interference and channel management etc. These radio
propagation and electromagnetic issues associated with the use of wireless networking
technologies are outside the scope of this paper.
The provision of Quality of Service (QoS) over Wireless LAN (WLAN) networks is
particularly challenging as the capacity of the network (in terms of throughput, delay, and
jitter) varies over time. This variability is further affected by the characteristics of the offered
load, number of transmitting devices, and link conditions. Time-sensitive telemetry data has a
strict bounded end-to-end delay constraint from sensor to display, that is, every telemetry data
packet must arrive at the display device with enough time to extract the encapsulated
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parameters from the packet payload and display the data in real-time. Therefore, it is critical
that every segment of the network is tuned to minimize packet propagation and switching
delays in order to ensure that the bounded delay constraint can be honored.
In this paper we shall demonstrate the challenges of providing real-time telemetry data over
IEEE 802.11b WLAN technology and discuss how such challenges can be met through
making use of the QoS enabling features of IEEE 802.11e. The remainder of this paper is
structured as follows. The IEEE 802.11b standard is described in Section 2. Section 3 details
an experimental investigation of the ability of the WLAN to carry time-sensitive telemetry
data. This section shows the negative effects of inter-device contention and built-in 802.11
access mechanisms on the packets propagation delay. When many wireless DAUs are
contending for access to the wireless medium, this results in an increased number of deferrals,
retransmissions and collisions on the WLAN medium. Moreover, this behaviour has
implications for transmitting IEEE 1588 time synchronization packets. In Section 4 the QoS
enabling IEEE 802.11e standard is described and we show that by providing differentiated
services, telemetry data transmission and PTP traffic can be prioritized to improve the QoS
and reliability of the system. Finally we present some conclusions and recommendations for
WLAN technology usage.
2. OVERVIEW OF IEEE 802.11B
The IEEE 802.11b standard is currently the most popular and widely deployed wireless LAN
(WLAN) technology. The IEEE 802.11b operates in the unlicensed Industrial, Scientific, and
Medical (ISM) band at 2.4 GHz and supports a mandatory bit rate of 1 Mbps and an optional
higher rate of 2 Mbps. In September 1999 the IEEE approved the HR or “high rate” extension
to the standard, known as the IEEE 802.11b, which supports data rates up to 11 Mbps. The
WLAN standard uses the 802 LLC protocol but provides an independent Physical layer
(PHY) and Medium Access Control (MAC) sub-layer specification. There are two modes of
operation in WLAN, the Distributed Coordination Function (DCF) and an optional mode of
operation, the Point Coordination Function (PCF) that is not widely supported. PCF supports
prioritised access by employing a contention free service. PCF splits the time into a
Contention Free Period (CFP) and a Contention Period (CP). Only wireless stations (STAs)
polled by the Point Controller (PC) may transmit during the CFP. Although PCF can offer
some priority access, it cannot differentiate between traffic sources with time-sensitive data.
Furthermore, the start time and duration of the CFP varies since the PC must contend with
other STAs to gain control of the medium. Neither DCF nor PCF provide service
differentiation mechanisms that can be used to ensure QoS guarantees such as bounded
delays, loss or throughput constraints.
2.1. DCF
The basic access scheme used in 802.11 WLANs is the Distributed Coordination Function
(DCF). STAs can access the medium without the need for a centralized controller using an
access mechanism known as Carrier Sense Multiple Access with Collision Avoidance
(CSMA/CA). This allows for asynchronous data transfer on a best effort basis where all STAs
must contend with each other to access the medium in order to transmit their data. CSMA/CA
is a “listen-before-talk” access protocol whereby any STA wishing to transmit must first use
the carrier sense mechanism to determine whether the medium is busy or idle. If the medium
is busy, the STA defers its transmission until the medium has been idle for a period of time.
The deferral process uses a collision avoidance mechanism where the STA randomly selects a
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Backoff Counter (BC) value in units of Time Slots (TS) (i.e. BC*TS where each TS is 20us)
for the Contention Window (CW) that is between [0, CW] where CW is initially set to
CWmin value which is doubled when transmission fails up to the maximum value defined by
CWmax. In IEEE 802.11b WLAN the CWmin is 31 and CWmax is 1023. The BC is
decremented when the medium is idle, paused when the medium is sensed as busy, and
restarted when the medium is sensed idle again for a period of time that is at least DIFS (or
EIFS as appropriate). When the BC reaches zero, the STA can initiate the transmission of its
frame. In DCF all STAs have equal probability of gaining access to the medium and share it
according to equal data frame rate and not according to equal throughput. When multiple
STAs are deferring and go into random backoff, the STA selecting the smallest BC value will
win the right to transmit. If two or more STAs choose the same BC value, this will lead to a
collision whereby the STAs involved will transmit their frames at the same time. In order to
resolve collisions between STAs, an exponential backoff scheme is adopted whereby the size
of the CW is doubled after each unsuccessful transmission.
Packet priorities are implemented by defining three different length inter-frame spaces (IFS)
between the frame transmissions. The IFS intervals are mandatory periods of idle time on the
medium. The relationship between these IFS is shown in Figure 1. The 802.11 standard
defines four different IFS intervals as follows:
• Short Inter Frame Space (SIFS): is used for the highest priority transmissions (i.e. control
frames), such as ACK and RTS/CTS frames. In 802.11b, SIFS = 10us.
• PCF Inter Frame Space (PIFS): is used by the point coordination function (PCF) during
contention-free operation. STAs with data to transmit in the contention-free period can
transmit after PIFS has elapsed and pre-empt any contention-based traffic. In 802.11b,
PIFS = 30us.
• DCF Inter Frame Space (DIFS): is the minimum idle time for contention-based (i.e. DCF)
services. After this interval has expired, any DCF mode frames can be transmitted
asynchronously according to the CSMA backoff mechanism. DIFS is determined as
SIFS+2*TS = 50us.
• Extended Inter Frame Space (EIFS): is used to recover from a failed transmission attempt.
It is derived from the SIFS, DIFS, and the time required to transmit an ACK frame at the
basic rate of 1Mbps.

Figure 1 IEEE 802.11b Inter-Frame Spaces

3. LIMITATIONS OF REAL-TIME TELEMETRY DATA TRANSMISSION OVER WLAN
There are many performance-related issues associated with the delivery of time-sensitive and
critical telemetry data using current IEEE 802.11 standards. Among the most significant are
low delivery rates (e.g. theoretically up to 11Mbps for IEEE 802.11b, but in practice only a
maximum throughput of approximately 6Mbps can be achieved due to the protocol and access
overhead), high error rates due to the wireless media characteristics, contention between
devices for access to the medium, collisions, signal attenuation with distance, signal
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interference, etc. Under these conditions it is difficult to provide any QoS guarantees for time
critical data. In the following section, the QoS inhibitors, the wireless access mechanism and
contention, are investigated.

3.1. EXPERIMENTAL TEST BED
Figure 2 shows the experimental set up used to investigate the use of WLAN technology for
transmitting time-sensitive telemetry data. The WLAN consists of one or more saturated
wireless DAUs (wDAU) transmitting UDP/IP telemetry data on the uplink via the Access
Point (AP) to a Logger on the wired LAN. Under saturation, the wDAU always has a data
packet to transmit and in this way the data carrying capacity of the WLAN or throughput is
maximised. By analyzing delays for consecutively transmitted packets it is possible to
measure access and transmission delays for the best-case scenario of WLAN usage. In this
work the Cisco Aironet 1200 Access Point (AP) with firmware version IOS 12.3(8)JA was
used. The AP can be configured to operate in IEEE 80.11b or IEEE 802.11e/WMM mode [1].
The AP is configured with a QoS policy where the Differentiated Services Code Point
(DSCP) values in the IP header are used to apply a particular Class of Service (CoS) to the
incoming packets. For IEEE 802.11b mode all DSCP values are mapped to a single CoS
which is then subsequently mapped to a single transmission buffer with the standard settings
for DIFS, CWmin, CWmax.
Since delay has a significant impact on time sensitive telemetry data transmission, in this
paper we observe performance related issues by measuring the end-to-end delay. To measure
the end-to-end delay the packet monitoring tool WinDump [2] was used to record the packets
being sent and received. The delay is measured as the difference between the time at which
the packet was received at the link-layer of the transmitting wDAU and the time it was
received at the link-layer of the Logger. The clocks of both the wDAU and Logger are
synchronised before each test using the Network Time Protocol (NTP) application, NetTime
[3]. However, in spite of the initial clock synchronisation, there was a noticeable clock skew
observed in the delay measurements and this was subsequently removed using Paxson’s
algorithm as described in [4].
Logger

LAN

WLAN

AP

wDAU

wDAU

Figure 2 Experimental Test Bed
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3.2. ACCESS DELAY AND TRANSMISSION DELAY
The primary factors affecting packet delay over 802.11 wireless technologies include access
delays, over the air transmission delays, queuing, and buffering delays at the Access Point
before it is passed on to the wired network. In this work, we consider the best-case scenario
with a single saturated wDAU transmitting data packets on the uplink to the Logger. Since
there is a single wDAU, there are negligible medium access contention effects. Figure 3(a)
shows the end-to-end delay for data packets to be transmitted from the wDAU to the Logger.
Since the WLAN network is saturated there is a gradual increase in the measured delay for
consecutive packets. This is due to queuing of the outbound packets from the AP where the
packet arrival rate exceeds the service rate at the AP. When the arrival rate is less than the
service rate, this gradual increase in delay due to queuing will not be observed. Interestingly,
it can be seen in Figure 3(a) that there is a quasi-constant interval between consecutive packet
delays. This interval maps to the access and transmission delay and corresponds to the bestcase situation when the WLAN is not saturated. To further investigate this access delay, the
Inter-Packet Delay (IPD) is defined as the difference in the measured delay between
consecutively transmitted telemetry data packets. For 1024B sized packets, the mean IPD is
1.34ms and varies in the range (1.0ms, 1.66ms). For 512B sized packets, the mean IPD is
0.96ms and varies in the range (0.64ms, 1.28ms). This IPD delay range includes the access
delay (i.e. DIFS and SIFS intervals, MAC Acknowledgement and the randomly chosen
Backoff Counter) and the data transmission delay. This can be seen in Figure 3(b) where there
is an upper plateau with 32 spikes corresponding to each of the possible 32 Backoff Counter
values with a secondary lower plateau that corresponds to the proportion of packets that were
required to be retransmitted through a subsequent doubling of the contention window under
the exponential binary backoff mechanism employed in the 802.11b MAC. Although the
access delays are the same regardless of packet size, the packet transmission delay over the air
varies with packet size causing the distribution for the 1024B sized packets to be right shifted.
Using this analysis it can be determined that the maximum throughput under ideal conditions
with a single wDAU transmitting 1024B sized packets is 6.11Mbps and while transmitting
512B sized packets is 4.26Mbps [5, 6]. The throughput is reduced for smaller packet sizes
since in order to achieve a given throughput using smaller packet sizes, more packets must be
sent, however for each packet that is transmitted there is an access delay. It must be stressed
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access opportunities, they do not share the
bandwidth equally as this depends on the
size of the transmitted packet. When a wDAU has gained access to the medium, all other
wDAUs must pause their backoff process until the medium becomes idle again. In this way,
contention for access increases the end-to-end delay for each packet as wDAUs are forced to
wait longer for a transmission opportunity. As the level of contention increases, it takes longer
to win a transmission opportunity and consequently the maximum achievable service rate is
reduced which increases the probability of buffer overflow. By increasing the number of
wDAUs contending for access to the medium to transmit their uplink telemetry data to the
Logger on the wired network, the effects of contention can be demonstrated. Figure 4
compares the IPD when there is a single saturated wDAU, as previously shown in more detail
in Figure 3(b), and 10 saturated wDAU’s. When there are many wDAUs contending for
access to the medium, the access delay becomes distorted as shown by the long tail on the
IPD distribution with 0.01% of packets incurring an access and transmission delay of 50ms.
This is caused when the wDAU must pause decrementing its backoff counter whilst another
wDAU is transmitting. Such variations in turn cause a time-varying throughput of the WLAN
ranging between the best-case scenario of 6.11Mbps and worst-case scenario of 163kbps (i.e.
if all 1024B sized packets incur an access delay ~50ms).
3.4. IEEE 1588 PRECISION TIME PROTOCOL (PTP) OVER WLAN TECHNOLOGY
In a distributed networked telemetry system, accurate time synchronization is a fundamental
requirement to ensure synchronicity between sampled parameters, accurate data and event
timestamping. The PTP protocol allows a distributed network of end devices to synchronize
with a Grandmaster clock. Using a two-step procedure, synchronization is achieved by first
communicating the clock offset, followed by communicating the propagation delay incurred
to transmit this offset. The PTP protocol assumes that the propagation delay is symmetric.
However, in general, telemetry networks are heavily asymmetric in that the DAUs transmit
data at much higher data rates than they receive. It has been shown that the packet
transmission delays over WLAN are highly variable due to the DCF access mechanism,
contention effects, and retransmissions. In IEEE 1588, each SYNC and Follow-up message
transmitted by the Grandmaster is transmitted via the AP to the wDAU. Due to the asymmetry
of the data flow, the AP must contend for access to the medium in order to transmit these
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messages from the Grandmaster. Similarly PTP delay requests from the wDAU to the
Grandmaster experience contention and variable delays. To overcome some of these issues,
the IEEE P1588 and AV Bridging task groups are currently addressing timing and
synchronization issues over WLAN as part of the project P802.1AS. P802.1AS is based on
the emerging IEEE 1588 v2 standard [7]. However, it is also possible to overcome the
limitations of WLAN technology by availing of the QoS enabling features in the IEEE
802.11e standard, to not only reduce access delays, but also reduce the variability of access
delay for time sensitive data including PTP messages and telemetry data.
4. IEEE 802.11E QOS ENABLING FEATURES
A significant limitation of IEEE 802.11b is its inability to enable QoS or take into
consideration the characteristics and performance requirements of the traffic. DCF provides
channel access with equal probabilities to all wDAUs contending for the channel access in a
distributed manner regardless of the requirements of the traffic. Contention and congestion
manifests itself as bursty losses and increased delays for time sensitive data packets.
Moreover there are significant implications for distributing multicast IEEE 1588 PTP over
WLAN. However by using the QoS enabling features of the IEEE 802.11e QoS MAC
Enhancement standard [8], up to four Access Categories (ACs), with different access
priorities can be defined. Prioritized access allows the QoS enabled AP (QAP) to provide
differentiated service to different applications, for example, PTP traffic, telemetry data, and
management traffic.

AIFSN
CWmin
CWmax
TXOP

AIFSN
CWmin
CWmax
TXOP

AIFSN
CWmin
CWmax
TXOP

AIFSN
CWmin
CWmax
TXOP

Enhanced Distributed Channel Access (EDCA) is designed to provide differentiated,
distributed channel accesses. EDCA can be used to provide 8 different levels of priority (from
0 to 7). EDCA is not a separate coordination function. Rather, it is a part of a single
coordination function, called the Hybrid Controller (HC) of the 802.11e MAC. The HC
combines the aspects of both DCF and PCF. The 802.11e standard defines four AC queues
into which packets with different priorities traffic streams can be directed. The definition and
mapping of these AC’s are aligned with the respective packet priorities. For telemetry the four
AC’s can be defined as: High; Real-Time (RT); Non-Real-Time (NRT); and Low, as shown
in Figure 5. Each packet arriving at the
Non
Other
PTP
MAC layer with a given priority is
Real-Time
Real-Time
Statistics
Alarms
Data
mapped to a particular AC. For
Data
example, the High AC should have the
HIGH
RT
NRT
LOW
lowest amount of traffic but the most
stringent timing requirements, PTP
messages and Alarm traffic. Critical
time-sensitive telemetry data should be
mapped to the RT AC, while non-time
critical data packets should be mapped
to the NRT AC. Finally all other
background traffic, such as network and
usage monitoring statistics, should be
mapped to the Low AC.
Virtual Collision Handler

Each AC behaves as a single enhanced
DCF contending entity where each AC
has its own EDCA parameters (i.e.,

Figure 5 IEEE 802.11E Access Categories

7

AIFSN, CWmin, CWmax) and maintains its own Backoff Counter BC. By choosing smaller
EDCA parameter values, an AC can gain access to transmit with higher priority. When two or
more competing ACs finish the backoff process at the same time, the collision is handled in a
virtual manner. The frame from the highest priority AC is chosen and transmitted while the
lower priority ACs perform a backoff with increased CW values. The EDCA parameters can
be used in order to differentiate the channel access among different priority traffic. Smaller
AIFSN and CWmin values reduce the channel access delay and provides a greater capacity
share for the AC. However using smaller values of CWmin across all AC’s increases the
probability of collisions occurring between competing AC’s. The EDCA parameters are
announced by the AP via beacon frames and can be dynamically adapted to meet the traffic
requirements and network load conditions.
5. CONCLUSIONS AND WLAN USAGE RECOMMENDATIONS
As part of ACRAs on-going research and development in network technologies, in this paper
we have experimentally investigated the challenges for delivering time-sensitive telemetry
data over IEEE 802.11. Before choosing to use WLAN technology the following points
should be considered.
1. Although telemetry data is constant over time, the CSMA/CA access mechanism causes
the WLAN throughput and per-packet delays to vary over time.
2. Larger packets make better use of the WLAN capacity and improve the throughput. The
maximum throughput for a single wireless DAU is 6.11Mbps using 1024B sized packets
and 4.26Mbps using 512B sized packets.
3. Wireless DAUs should transmit data packets at a rate lower than the maximum throughput
of the AP in order to reduce queuing delays, and prevent a creeping increase in packet
delay.
4. The inherent access mechanisms in 802.11b cause a large variation in delay. With a single
wDAU, the mean access delay and transmission delay for a 1024B sized packet is 1.34ms
and varies in the range (1.0ms, 1.66ms) whilst for 512B sized packet is 0.96ms and varies
in the range (0.64ms, 1.28ms).
5. The number of wDAUs should be kept to a minimum as contention dramatically affects
the access delay. When there are ten wDAUs contending for access to transmit over the
WLAN medium, the access delay varies in the range (1ms, >50ms).
6. The consequence of contention and large access delay variations results in an unavoidable
time-varying throughput from the WLAN in the range 6Mbps to 163kbps.
7. The WLAN CSMA/CA access mechanism and the unidirectional nature of telemetry data
flow accentuates the end-to-end packet delay asymmetry, which heavily impacts on the
accuracy of 1588 Precision Time Protocol conversations.
8. The IEEE 802.11e standard should be used to prioritise data packets and reduce the
variation access delays.
9. Using a higher capacity 802.11 standard will not solve the problem. The IEEE 802.11g
standard offers 54Mbps but uses the same access mechanisms and as such experiences the
same variability in delay, throughput and contention effects.
GLOSSARY AND ACRONYMS
AC: Access Category
AP: Access Point
BC: Backoff Counter
CBR: Constant Bit Rate

8

CFP: Contention Free Period
CoS: Class of Service
CP: Contention Period
CSMA/CA: Carrier Sense Multiple Access/Collision Avoidance
CW: Contention Window
DCF: Distributed Coordination Function
DIFS: DCF Inter-Frame Space
DSCP: Differentiated Services Code Point
EDCA: Enhanced Distributed Channel Access
EDCF: Enhanced Distributed Coordination Function
EIFS: Extended Inter-Frame Space
HC: Hybrid Controller
IFS: Inter-Frame Space
IPD: Inter-Packet Delay
MAC: Medium Access Control
NTP: Network Time Protocol
PC: Point Controller
PCF: Point Coordination Function
PIFS: PCF Inter-Frame Space
PTP: Precision Time Protocol
QAP: QoS-enabled AP
QoS: Quality of Service
SIFS: Short Inter-Frame Space
STA: Station, generalized WLAN client device
TS: Time Slot
WDAU: Wireless Data Acquisition Unit
WLAN: Wireless Local Area Network
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ABSTRACT
There are many network transport and application layer protocols that have been developed
and designed for the delivery of time-sensitive and critical data over best-effort Ethernet
networks. Choosing the appropriate protocols is crucial to ensuring the performance of the
network for data transmission. Network layer protocols, such as TCP/IP or UDP/IP,
determine the reliability of the data transmission while application layer protocols are
designed to enhance the services of the underlying transport protocol. This paper will
compare the Quality of Service (QoS) tradeoffs for both UDP and TCP. In this paper it is
shown that UDP or TCP alone is insufficient to meet the transmission requirements of
telemetry data and to overcome these limitations, an application layer protocol is required to
enhance the delivery of real-time sensitive data. This paper presents the Real-time Transport
Protocol (RTP) and proposes a RTP telemetry profile payload definition that provides
complete payload self-description and up to 98% packetization efficiency.
1. INTRODUCTION
The Integrated Network-Enhanced Telemetry (iNET) initiative endeavours to define open
standards for the interoperation of networked enabled systems [1]. The iNet working groups
embrace the use of standard Ethernet-based network technologies and network protocols for
data transmission and signaling. This paper is structured into two key sections: the first
investigates the network layer IP protocols for transmitting data and compares the suitability
of TCP/IP versus UDP/IP for data transmission. The second section of this paper describes
the application layer protocol, the Real-time Transport Protocol (RTP), for telemetry data
transmission.
There are two key network layer protocols used for the transmission of data. These are the
Transport Control Protocol (TCP) and the User Datagram Protocol (UDP). TCP provides
reliable data transmission by defining acknowledgement, lost packet retransmission, and
congestion control algorithms. UDP, on the other hand, is a simple best-effort service that
does not provide any packet delivery guarantees. From the outset, TCP may seem like a
preferred transport layer protocol, however there are a number of decidedly significant tradeoffs between the use of TCP or UDP. Application layer protocols are designed to enhance the
services of the underlying transport protocol (i.e. TCP/IP or UDP/IP) by adding applicationspecific features and services. One such application layer protocol is the Real-time Transport
Protocol (RTP) that has been designed for the transmission of time-sensitive packet based
data. RTP is the predominant application layer protocol employed for VoIP, video
conferencing and video streaming services. RTP was purposely designed to be incomplete so
that it can be adopted by different applications with real-time data transmission requirements.
In this way it can be adapted to meet the unique requirements of telemetry data transmission
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whilst still being conformant to the standard through the definition of an RTP telemetry
payload profile. This paper will show how the RTP protocol can be used for the transmission
of telemetry data.
The remainder of this paper is structured as follows: Section 2 describes the challenges for
packet-based real-time data transmission over Ethernet and the two predominant protocols for
data transmission, that is TCP and UDP. Section 3 provides a comparison of TCP versus UDP
for data transmission and show that there are negative behavioral aspects associated with the
use of TCP for real-time data transmission. The following section outlines why UDP should
be chosen as the underlying transport protocol. Section 5 provides and overview of the Realtime Transport Protocol (RTP) that was designed to enhance the UDP transport layer for realtime data transmission. RTP was designed so that it can be adapted to the needs of the
application in question through the definition of RTP payload profiles. An RTP telemetry
profile definition is proposed that provides a flexible and efficient means of carrying
telemetry data in terms of parameters and samples.
2. CHALLENGES FOR REAL-TIME DATA TRANSMISSION
The Ethernet Medium Access Control (MAC) is a best-effort networking technology and does
not provide any guaranteed Quality of Service (QoS) [2]. The Ethernet makes a “best-effort”
to deliver error-free frames. If the network is heavily loaded, collisions or bit errors may occur
during transmission resulting in the Ethernet frame being discarded. It is the responsibility of
the higher network and transport layers of the Open Systems Interconnect (OSI) reference
model to overcome such events.
2.1. BEST-EFFORT DELIVERY
There are many factors, which affect the delivery of real-time data traffic over best-effort
Ethernet networks. These are heterogeneity; congestion; delay and jitter due to congestion,
packet loss and/or retransmissions; and loss due to congestion.
There are two kinds of heterogeneity, namely, network heterogeneity and receiver
heterogeneity. Network heterogeneity refers to the subnets in the network having different
capacities and resources (e.g., processing, bandwidth, storage and congestion control
policies). Network heterogeneity can cause each end-device to have different packet
loss/delay characteristics. This is a problem for designing or predicting behavior of
transmission over the network, as the transmitting device cannot make any assumptions about
how the network will treat a particular packet. For example, if an application used
prioritization of packets by using the Type Of Service (ToS) field in the IP header, various
subnets in the network may interpret this ToS field differently. Receiver heterogeneity refers
to end devices having different bandwidth requirements and/or processing capability.
Congestion occurs when the amount of data in the network exceeds the capacity of the
network. As traffic increases, routers and switches are no longer able to cope with the load
and this results in lost packets. Congestion can be caused by several factors.
• Queues can build up caused by high data rate devices. If there is not enough memory to
hold all the data at the switch, packets will be lost. But even if queues had an infinite
length, this cannot eliminate congestion, as in the case of TCP, by the time a packet is at
the top of the queue, the packet may have already timed out and duplicates may have
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•

•

already been sent. All these packets are then forwarded onto the next router, increasing the
load all the way to the destination.
Slow processors can also cause congestion. If the router’s CPU is slow at performing its
tasks of queuing buffers, updating tables etc. queues can build up even though there is
excess capacity.
Bottleneck bandwidth links cause congestion.

There are many sources of jitter and delay in any networked transmission system. These
include device delay and network delays. In the network itself, in addition to propagation
delays, further delays are incurred at each switch along its path due to queuing and switching
at various nodes in the network. At the end-points, delays are incurred in obtaining the data to
be transmitted and packetizing it. Real-time data is particularly sensitive to delay, as the data
packets require a strict bounded end-to-end delay. That is, every telemetry data packet must
arrive at the receiving device with enough time to unpack the data, extract the parameters,
process, record, and/or display the data. A variable delay on the IP networks is known as
jitter. Jitter is mainly due to queuing and contention of packets at intermediate switches, but
can also happen when packets take a different path to the destination.
Ethernet does not provide any guarantee with respect to data loss – it is “best-effort” and
packets may be lost at any time. Real-time data applications (such as telemetry) generally
have some low loss tolerance (say 0.01%) and a fixed latency (say 200ms) in which a packet
must arrive. So, even if the network allows for re-transmission of lost packets, for example
with TCP flows, the retransmitted packet must arrive before its processing time. Congestion
at switches in the network often results in queue overflow, which generally results in packets
being dropped from the queue. Often consecutive packets in a queue are from the same data
source. So, when packets are being dropped, they often belong to the same source. Thus,
during periods of congestion, this packet queuing characteristic manifests as bursty losses and
delays. For instance, if packet n has a large delay, packet (n + 1) is also likely to do so. A
similar effect occurs for packet loss.
2.2. NETWORK LAYER PROTOCOLS
TCP is a reliable connection-oriented protocol that guarantees the delivery of the data packets
[3]. TCP comprises flow-control and congestion control mechanisms that regulate the
senders’ transmission rate to the available bandwidth and render the connection reliable by
retransmitting lost packets. The transmission rate of TCP is bounded by a parameter called the
congestion window, Cwnd. A TCP source may transmit Cwnd packets then it must wait until
it has received an acknowledgement, ACK, for the transmitted packets.
TCP packets comprise a sequence number field in the header, which facilitates loss detection.
To ensure reliable data delivery, the receiver acknowledges the receipt of TCP packets.
Reliability in TCP is achieved through its ability to detect failed transmissions and re-sending
lost packets. However, TCP cannot guarantee transmission since underlying TCP is IP, which
is unreliable. There are two possible loss events in TCP that require retransmissions, the TCP
data packet may be lost or the ACK may be lost.
UDP, on the other hand, is a lightweight connectionless protocol that does not guarantee the
delivery of packets, nor does it implement any flow control or congestion control mechanisms
[4]. UDP is considered a “greedy” protocol in that it transmits at the desired rate irrespective
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of network capacity or other competing traffic flows. For example, a UDP flow that consumes
75% of the link capacity will starve competing TCP flows forcing them to share the
remaining 25% of the link capacity since the TCP flows adapt to the available capacity.
3. COMPARATIVE ANALYSIS OF TCP VERSUS UDP DATA TRANSMISSION
The ns2 simulator [5] was used to compare the performance of TCP and UDP using the same
network topology as shown in Figure 1. The number of transmitting data sources was
increased by one every 10 seconds until a maximum of 10 data sources was reached. The
capacity of the Bottleneck link was limited to 10Mbps, making it easier to saturate the
bottleneck link using fewer data sources. The switch is a typical store and forward switch with
10us switching delay. Two test cases are compared: all data sources transmit data using TCP;
all data sources transmit data using UDP. The File Transfer Protocol (FTP) application was
used as a source for TCP data packets. TCP will attempt to maximize utilization of the
available network capacity and minimize the effects of congestion by dynamically adapting
its congestion window. The UDP traffic is generated as a Constant Bit Rate (CBR) data flow
with an offered load of 1Mbps per UDP data source. In both cases the packet payload size
was 552B. In this section the QoS at the bottleneck link is investigated.
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Figure 1 Network Topology

A comparison of UDP throughput versus TCP throughput for the same test configuration is
shown in Figure 2(a). It can be seen that there is a fundamental difference in behaviour
between UDP and TCP data flows. UDP is not concerned with the capacity of the network
and will transmit its data packets at the required rate regardless of network conditions or the
reliability of packet delivery. As more UDP data sources are added, the network capacity is
increased. In this scenario, no UDP packets are lost since the aggregate load of the UDP data
sources is equal to the capacity of the bottleneck link. In contrast, TCP probes the network by
gradually increasing its Cwnd in order to maximize utilisation of available network capacity.
Effectively, through probing TCP induces congestion resulting in packet loss and which
requires subsequent packet retransmissions, shown in Figure 2(a). This TCP maximisation of
network utility can be seen during time interval 10-20sec when there is only one active TCP
flow transmitting data, shown in Figure 2(b). This TCP flow quickly maximizes the total
capacity of the 10Mbps bottleneck link by increasing its Cwnd, shown in Figure 2(c). At time
20sec, a second TCP flow is started. The bottleneck has sufficient capacity to allow both TCP
flows to co-exist with both flows equally share the available capacity, and neither flow
experiences the onset of congestion. However, at time 30sec, a third TCP flow is started,
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which induces congestion to occur in the bottleneck resulting in packet loss in the three active
TCP flows. Packet loss and packet retransmission causes the congestion control mechanism in
the affected TCP flows to reduce their respective Cwnd, as shown at time 30sec in Figure
2(c). It can be seen that TCPs congestion control mechanism allows TCP to maximise
network utilisation and allow competing TCP flows to equally share the available link
capacity, however, its adaptive behaviour introduces stability issues and per flow fluctuations.
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4. APPLICATION LAYER PROTOCOLS
It is evident from the comparison of TCP and UDP, that TCP is not suitable for real-time data
transmission for three key reasons:
1. TCP multiplicatively decreases the Cwnd window size on encountering packet loss. A
sudden decrease of the window size may cause a sharp bit rate variation, which can
seriously degrade the transmission rate of a DAU.
2. Real-time data is time sensitive so the retransmission of lost packets is not very
efficient since it is unlikely that the retransmitted packet will arrive at the receiver in
time for processing in a congested network.
3. Per packet positive acknowledgements impose a large network overhead. Negative
acknowledgements would be more efficient in this case.
However, the alternative, UDP, has significant drawbacks for continuous real-time traffic as
there is no guarantee that the packets will arrive, packets may by lost, misordered or delayed,
nor do UDP packets have sequence numbers which prevents packet loss (or out of order)
detection. While these limitations may be overcome in particular cases (e.g. when the network
is stable and the traffic is known, bounded, and less than the network bandwidth), in the
general case an Application Layer Protocol is required to run over UDP/IP to compensate for
these limitations.
5. REAL-TIME TRANSMISSION PROTOCOL (RTP)
RTP was designed for the transport of real-time data [6, 7] and is used for a wide variety of
real-time networked audio and video applications. It is a mature, widely accepted and
standardized protocol. RTP consists of two closely linked parts: the Real-time Transport
Protocol (RTP) to carry data that has real-time properties and the RTP Control Protocol
(RTCP) to monitor the QoS of the RTP data transmission. RTP was designed to be flexible
enough to provide the relevant information required by a real-time application and
deliberately designed to be incomplete so that it can be tailored through modifications and/or
additions to the headers as needed to make it more specific to its application. In this way, a
common base packet format can be used to provide interoperability between devices while the
header extensions can provide more sophisticated processing capabilities. Since RTP typically
runs over UDP/IP, RTP does not provide any QoS guarantees in terms of reliable delivery,
delay, or sequential delivery, however, RTP enhances UDP by providing the following
services/facilities:
• Adds sequence numbers and timestamps facilitating the decoding of the payload.
• Includes payload type and source identification.
• Multiplexing services.
• Checksum services.
• Delivery monitoring.
• Loss detection.
• Intra- and Inter stream synchronization.
An RTP session consists of one or more RTP streams and each RTP stream may be coupled
with its own RTCP stream. RTCP is based on the quasi-periodic transmission of feedback and
control information Report Packets associated with an RTP stream. This feedback allows
senders and receivers to diagnose faults in the network and determine whether those faults are
local or global on the network. An RTCP Report Packet begins with a fixed part similar to
that of RTP data packets, followed by structured elements. The structured elements have an
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alignment requirement to make RTCP packets "stackable". The defined structured elements in
RTCP Report Packets include Sender Reports (SR); Receiver Reports (RR); Source
DEScription (SDES) i.e. a description of the data source; BYE; APPlication-specific (APP),
which are designed for application specific functions. The SR and RR contain network-level
statistics information including timestamps to allow one-way delay measurements,
transmitted/received packet count, transmitted/received byte count, packet loss measures,
delay, and inter-arrival jitter.
5.1. INTERPRETATION OF THE RTP STANDARD HEADER FOR TELEMETRY
An RTP packet consists of a fixed header, a list of contributing sources and the payload data.
The RTP packets have a minimum 12B header as shown in Figure 3.
0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7
V P X
CC
M
PT
SEQ
RTP TIMESTAMP
SSRC
CSRC_1
CSRC_n
Figure 3 RTP Standard Header

•
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•

•

•

•
•

Version (V) - This field identifies the version of RTP.
Synchronization Source (SSRC): The source (DAU) of a stream of RTP packets,
identified by a 32-bit numeric SSRC identifier carried in the RTP header so as not to be
dependent upon the network address. All packets from a synchronization source form part
of the same timing and sequence number space, so a receiver can group packets by
synchronization source for processing.
Sequence number: The sequence number increments by one for each RTP data packet
sent, and may be used by the receiver to detect packet loss and to restore packet sequence.
RTP timestamp: The timestamp is the sampling instant of the RTP data packet.
More details of the RTP timestamp can be found in [6].
Marker (M): The interpretation of the marker is defined by a profile. It is intended to
allow significant events to be marked in the packet stream. For networked telemetry the
marker bit indicates the first packet generated at the start of an Acquisition cycle.
Payload type (PT): This field identifies the format of the RTP payload and determines its
interpretation by the application. For example, a set of default mappings for various
encoding audio and video formats is specified in RFC 3551 [7]. A profile specifies a
default static mapping of payload type codes to payload formats. The next section
describes a telemetry payload profile.
Padding (P) - If the padding bit is set, the packet contains one or more additional padding
octets at the end, which are not part of the payload. The last octet of the padding contains
a count of how many padding octets should be ignored, including itself. Padding may be
needed by some encryption algorithms with fixed block sizes or for carrying several
RTP packets in a lower-layer protocol data unit.
Extension (X): If the extension bit is set, the fixed header MUST be followed by exactly
one header extension.
Contributing Source (CSRC) count (CC): The CSRC count contains the number of
CSRC identifiers that follow the fixed header. This is only required if RTP streams are
multiplexed or “mixed”.
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CSRC list: 0 to 15 items, 32 bits each. The CSRC list identifies the contributing sources
for the payload contained in this packet. The number of identifiers is given by the CC
field. If there are more than 15 contributing sources, only 15 can be identified. CSRC
identifiers are inserted by mixers using the SSRC identifiers of contributing sources.
Mixer: An intermediate system that receives RTP packets from one or more sources and
processes/multiplexes the packets in some manner and then forwards a new RTP packet.
During this mixing stage, the SSRC information of mixed packets is moved to the CSRC
field and the Mixer itself becomes the SSRC of the mixed packet. When there is no mixer,
the CSRC list is empty and the CC value is 0.

To summarize, the benefits of using RTP for real-time telemetry data include:
• Network independent identification of RTP telemetry data sources.
• RTP provides packet tracking through sequence numbers.
• Ability to synchronize telemetry data streams with other RTP payloads using RTP
timestamps.
• Monitoring data delivery performance through RTCP.
• Combining real-time data streams received from multiple DAUs into a set of consolidated
streams through RTP mixers.
• Converting data types, etc. through the use of RTP translators.
5.2. RTP TELEMETRY PAYLOAD PROFILE DEFINITION
In RTP, each application and/or encoding format has a profile definition, which describes
how the data is structured in the RTP packet. This section suggests how such a profile might
look for a telemetry packet.
To ensure inter-operability, telemetry RTP packets should be self-describing i.e. no other
sources of information are required to monitor a particular telemetry data stream. The RTP
Telemetry Payload Profile must be able to handle three data packing scenarios as shown in
Figure 4:
• Sample Block: 1 Parameter with N Samples (1:N)
• Param Block: N Parameters and 1 Sample (N:1)
• Bus Block: Parsed data i.e. a captured bus frame (1:1)
Any combination and number of these structured blocks can be contained within the RTP
packet. Each block begins with a Common Block Header. The Common Block Header (CBH)
consists of:
• Block Type (BT): indicates the type of block i.e. Sample Block, Param Block or Bus
Block.
• Length: describes the length of the block in Bytes thereby ensuring that the start of the
next telemetry block can be found in the packet where more than one block is contained in
a packet.
• Status: status fields for the telemetry data block. Status information shall include the Data
Synchronicity, Time type and so on.
• Time: Time of the first sample regardless of parameter type in the packet. The time
format is determined by the time type contained in the Status byte. Using NTP or PTP
timing format, the timing information is stored in two 32bit parts, a second part and
fractional part.

8

IP

UDP

RTP

Telemetry Data

Sample Block
Parameter Block

A

A

A

A

Sample Block

CBH

PA S1 S2 S3 ….SN

Parameter Block

CBH

<PA S1> … <PNS1>

Bus Block

CBH

Bus Frame

Len Status

Time

B
C

Bus Block
Bus Frame
BT

Figure 4. RTP Telemetry Packing Scenarios

Figure 5. RTP Telemetry Payload Block Structure

Following the CBH, the block instance is described. A Sample Block needs to contain only a
Parameter ID, sampling rate field, followed by N 2B samples of the described parameter. A
Parameter Block is less efficient since it must describe N parameter-sample pairs costing N
times (Parameter ID and 2B Sample value). The Bus Block consists of a Bus ID followed by
the captured bus frame. The different block structures and encapsulation of the telemetry data
is shown in Figure 5.
5.3. RTP PAYLOAD SELF-DESCRIPTION AND EFFICIENCY TRADEOFF
Although RTP and the Telemetry Profile impose an additional header overhead, the meta-data
contained therein offers numerous advantages for telemetry data transmission, processing and
recording. The RTP SSRC allows for the network to contain 232 unique telemetry data
streams and each SSRC may contain 216 unique parameter definitions within the RTP stream.
To demonstrate the efficiency of this protocol, the packing efficiency is defined as the number
of samples that can be packed into a packet divided by the maximum number of samples that
can be packed into a UDP datagram with no parameter meta-data. For example, given a
maximum sized Ethernet packet of 1500B, the maximum UDP payload is 1458B. Assuming
each sample is 2B, a maximum of 729 samples can be contained in the payload of the UDP
packet without any content description yielding 100% packing efficiency. Using only the RTP
standard header of 12B, the maximum number of samples that can be contained in the
payload is reduced to 723 samples/packet yielding 99.2% efficiency. Assuming that the RTP
payload profile definition contains a Telemetry Common Block Header size of 20B and
Parameter IDs are two 2B then:
• Sample Block efficiency: UDP Payload 1458B – (12B Standard RTP header + 20B
Telemetry Common Block Header + 2B Parameter ID + 2B Parameter Sampling Rate) =
712 samples resulting in 97% packing efficiency.
• Parameter Block efficiency: UDP Payload 1458B – (12B Standard RTP header + 20B
Telemetry Common Block Header + 2B Parameter ID + 2B Sample value) = 356
Parameter-sample pairs resulting in 49% packing efficiency.
• Bus Block efficiency: UDP Payload 1458B – (12B Standard RTP header + 20B Telemetry
Common Block Header + 2B Bus ID) = Maximum encapsulated bus frame length is
1426B.
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The Sample Block captures the best-case parameter-sample packetization strategy while the
Parameter Block captures the worst-case packing strategy. By using combinations of Sample,
Bus, and Parameter block structures within the RTP packet using the Telemetry Profile
definition, a packing efficiency of up to 97% can be achieved. To further reduce the packet
header overhead, the RObust Header Compression (ROHC) algorithms can be used [8] to
compress the RTP/UDP/IP headers typically from 40B to 4B [9].

6. CONCLUSIONS
In this paper we have described the application of the Real-time Transport Protocol (RTP) for
the packetization of time-sensitive telemetry data in a networked environment.
The key points in this paper are:
1. The Ethernet is a best-effort network transmission technology. There are many challenges
for best-effort networks, namely heterogeneity, congestion, delay, jitter, and loss.
2. Network layer protocols, such as TCP or UDP, are used to improve upon “best-effort”
Ethernet.
3. Through network simulation, this paper shows that TCP is not suitable for real-time data
and as such UDP should be used.
4. UDP alone is insufficient to adequately describe real-time telemetry data. A telemetryspecific application layer protocol is required to enhance UDP to meet the transmission
requirements of real-time telemetry data.
5. The Real-time Transport Protocol (RTP) is a standard generic protocol designed for realtime data transmission.
6. RTP consists of profiles and payload type definitions that describe how the data is
packetized for different applications and environments.
7. This paper introduces an RTP payload profile definition for telemetry that allowed
multiple samples, multiple parameters, and captured bus frames to be packetized in a
structured, efficient and self-describing manner.
8. Despite an increased header overhead using RTP with the telemetry payload profile
definition, a 97% Parameter-sampling packetization efficiency can be achieved.
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ABSTRACT
Teletronics Technology Corp. has been involved in the research and development of
networked data acquisition systems for use in airborne instrumentation for several years.
Recently, TTC successfully applied the advanced technology that was developed during
these airborne efforts to a terrestrial application involving Army ground vehicles. The
Future Combat Systems Program (FCS) for the U.S. Army recently solicited a
networked-based solution to the problem of acquiring real-time data specific to the
training of soldiers operating visual targeting systems within Bradley Armored Vehicles
and Abrams Battle Tanks. This paper describes the High-Speed Digital Recording
system, a network-based data acquisition system designed to allow for the recording of
high-resolution (up to 1600x1280) RGB video, user-selected Ethernet packets, along with
audio and GPS time information.
Keywords: Ethernet, High Definition Video, Training, IP, Network, Instrumentation
INTRODUCTION
Future Combat Systems (FCS) is the primary modernization program of the US Army. It
is designed to be a networked system of systems, encompassing air and terrestrial
components. The program consists of eight new manned ground vehicles, a family of
unmanned air and ground vehicles, launch system, and advanced tactical and urban
sensors. Using a state-of-the-art network, these systems work together to help soldiers
share real-time information across the battlefield. Technical field tests are currently
underway. The first brigade combat team equipped with the complete FCS is expected in
2015 with full rate production expected in 2017.
Since its inception in 2003, the Network Products Division of Teletronics has been on the
forefront of acquisition technology. Driven by requirements for networked based airborne

data acquisition solutions, NPD has created rugged network equipment including
Ethernet switches, IP recorders and data acquisition devices. To complete the system,
Teletronics provides user-friendly software for configuration, management, data
recovery, and playback. Recent deliveries to FCS have proven these solutions to be
flexible and practical for ground-based adaptation in addition to flight test.
The concept of network-based data acquisition and recording systems is not new. Its
efficiency and cost-effectiveness has been proven by the telecommunications industry.
However, its application within the commercial aviation, military, and aerospace sectors
is relatively recent. Given that network technology is the cornerstone of FCS, networkbased data acquisition systems are a natural fit.

BACKGROUND
The Operational Test Command (OTC), Air Defense Artillery Test Directorate
(ADATD) was tasked to provide video data collection capabilities to support the Future
Combat Systems (FCS) operational testing. The data collection occurs on FCS platforms
that range from small robotics to full scale tactical equipments and systems. The
requirements called for small footprint instrumentation systems that are modular, rugged
and allow for future expansion to acquire one or more video streams, audio streams, and
various other data types. In May, 2008, Teletronics was awarded a contract to produce
the High Resolution Video and Audio Recording System (HRVARS). After a six month
development effort, the system was delivered to the Army. The successful deployment of
HRVARS has led to additional contracts, expanding the network architecture and adding
support for additional network data types.

INSTRUMENTATION SYSTEM REQUIREMENTS
Minimum system requirements called for:
•
•
•
•
•
•
•

Network-based architecture with built-in flexibility for future growth.
Separate acquisition and recording units with a solid state removable data
cartridge.
Modular packaging to facilitate field service.
Hardware tools for PC-based data download in a lab environment, powered with
110VAC at 60Hz.
Software tools for instrumentation setup, data download and playback.
GPS-derived timing input used for measurement time-stamping and video time
overlay insertion.
Acquisition of RGB video data with separate sync, combined sync, or sync of
green with resolution up to 1600 x 1280 at various refresh frequencies up to 80
Hz progressive scan. Video compression with minimal loss to approximately 4
frames per second using JPEG-2000 at user selectable ratios. Programmable
amount of compression from 10:1 to 100:1. Compression minimizes the

•
•

•
•

•

•

•

recording rate so as to not exceed 20 Mbps (2.5 MBps). Compressed data
includes video time overlay insertion using UTC time with the location, color and
background programmable.
Audio capture for up to two audio inputs, sampling at a sufficiently high rate to
allow for good quality signal during playback.
Scalable and expandable to allow for future additional network acquisition
node(s) to monitor, time tag, and record data via 10/100/1000BaseT for other
data types such as MIL-STD-1553, ARINC-429, Ethernet busses, Link-11, Link11B, Link-16, and FAAD Data link.
Compatibility with video compression techniques such as MPEG-2 and MPEG-4
Recorder provided with removable solid state data cartridge supporting:
o data aggregation from a single network based switch
o data download using a 1000BaseT port
o IEEE-1588 master time capable of providing time over the network
o minimum recording throughput rate of 20 MB/s minimum
o capacity up to 128 Gigabyte
o scalable to achieve higher speed and storage capacity in the future
a small form factor, with:
o A single channel video acquisition unit occupying less than 50 cubic
inches and weighing less than 2 pounds.
o A recorder unit including the cartridge occupying less than 100 cubic
inches and weighing less than 5 pounds.
environmental limits as follows:
o Operating Temperature Range: -40 to +85C.
o Random Vibration: 15 g RMS from 20 to 2,000 Hz.
o Relative Humidity: 10% to 95% RH, non-condensing.
o Shock: Saw-tooth wave; six g’s peak, 11 ms, three shocks in each axis
28VDC +/-4VDC electrical power, consuming less than 2 amperes.

SYSTEM ARCHITECTURE
The general architecture delivered to FCS incorporates a collection of Ethernet devices
either directly connected, or interconnected by an Ethernet switch. Standard Internet
Protocol (IP) is used to carry data across the network. Data is collected by devices
specialized for each data type and multicast onto the Ethernet network. When a network
switch is used, the switch is responsible for moving network traffic efficiently from its
source to its destination. In a distributed acquisition system, the destination is generally
an IP recorder. Absolute time is inserted into the system by GPS and time
synchronization across all devices in the network is achieved by IEEE-1588. Prior to
operating the system for data collection and recording, all devices on the network must be
programmed to reflect the specific character of the network and data to be recorded.
Configuration information typically includes data type specific settings as well as rules
for data filtering and routing. To facilitate programming, specialized software is run on a
PC or laptop temporarily connected to the network. After a data collection session, data
recovery is achieved by removing the canister from the IP recorder for insertion into a

Data Transfer Unit (DTU) connected to a PC or laptop. The DTU provides a conduit for
the PC to access data on the cartridge. Recordings can be transferred to local storage
media, ground network storage media, or analysis software can be used to analyze data
directly from the DTU.
The first FCS delivery was comprised of a simplified network with a single device
directly connected to an IP recorder. This network was deployed initially to gain
experience with the system while also collecting valuable audio and high resolution video
data. Exploiting the IP recorder with 3 Ethernet ports and limited switching capabilities,
the second FCS delivery expanded the system to 3 devices. The additional device was
deployed to capture Ethernet traffic from the test article network (not the instrumentation
network).
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Figure 1: 2nd Phase Acquisition System: Audio/Video, Ethernet Data

A third delivery is expected by the end of 2008, expanding the system even further with
the addition of a 5 port switch and additional MnDAU-2000s as depicted in Figure 2. The
additions will support data types such as 1553 messaging and serial based protocols.
GPS
antenna

High Res Video
Audio
RS-232
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FAAD
1553

5 Port Network Switch
NSW-5

10/100BaseT Ethernet
MnHSD-2000
MnDAU-2000

Figure 2: 3rd Phase Acquisition System: Switch Based
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THE INSTRUMENTATION NETWORK
The network of instrumentation devices covers data acquisition, switching and recording.
Telemetry was not a requirement. The Teletronics solution leveraged technology proven
by the Boeing 787 flight test program, including a mixture of off-the-shelf and new
hardware.
Data Collection – MnDAU-2000s
At the core of all data collection devices are the MPPC-500 and MGPI-500 based
modules. In general, these modules provide processing power, Ethernet connectivity and
1588 timestamping for all of the MnDAU-2000s. MnDAU-2000 stacks become
specialized with the addition of data type specific modules. Embedded software running
on the host processor recognizes the additional modules giving each stack a personality
specific to its data type.
For FCS a new type of MnDAU was created, the MnHSD-2000. This stack contains a
controller for a new TTC proprietary high-speed bus accommodating up to 8 modules
with aggregate data capture rates up to 50 Mb/s. A new module type was created to
capture and compress RGB video and audio. Aside from the core modules and power
supply, this miniature network acquisition stack is comprised of 3 data modules; the
MVID-501J for high-resolution RGB video capture and JPEG-2000 compression, the
MAUD-102N for audio capture and the MGPS-101A GPS receiver. Additional module
types are being developed for MIL-STD-1553 and serial based protocols.
The MnENT-2000 was delivered as part of the second deployment of the FCS
instrumentation network. This product is comprised of the core modules and the
MFTB-500-1 data module for ethernet bus monitoring.
Ethernet Switching – NSW-5
Ethernet switches are required to extend the instrumentation network beyond a few
devices. FCS will deploy a 5 port switch in each test article, expanding its network to
include an IP recorder and up to 4 MnDAUs. Switches facilitate the transport of collected
data to its destination, the IP recorder. The switch also provides 1588 timing to the
network. Sourced by GPS, the switch guarantees that time is synchronized on all network
devices to within 300 nanoseconds.
IP Data Recorder – NREC-4000S
Data collection and ethernet switching are meaningless without the means to record data.
The IP Data Recorder provides this function to the network. FCS has deployed an IP
recorder with a single canister capable of recording at rates up to 20 MB/s. Initial
deployment began without the use of a switch. In this environment the NREC provides
limited switch functionality, including 1588 time synchronization.

CONFIGURATION & MANAGEMENT
Before collecting and recording data, the instrumentation system must be programmed.
Teletronics developed the Instrumentation Configuration and Management System
(ICMS) for this purpose[1]. ICMS is platform independent software based on modern
development technologies including Java, Javascript, HTTP, XML, and XSLT. It
supports all network products developed by NPD. Using ICMS, the network design
process for FCS is a simple operation. Users select the deployed devices from ICMS’s
catalog of supported products and add them to a diagram that graphically represents the
deployed network. Once added, each device configuration can be edited. In a simple
network, default data capture rules and multicast routes are sufficient. Only data type
specific settings may require modification.

Figure 3: ICMS – Network Topology
ICMS projects are based on XML files. Device configuration is a matter of editing XML
files in a user friendly environment. The resulting XML files contain all the configuration
information required for each device in the network. ICMS triggers and manages the
programming process. However, the programming task is actually relegated to each
device individually. The distribution of work to each device provides a highly scalable
environment. When the networked system is programmed, ICMS visits each device
briefly using SNMP commands to setup a path to the devices configuration file. All
configuration files reside on the ICMS machine and are accessible via FTP. As ICMS
visits each device in the network, it sets the ICMS machine address and the XML
filename containing the device’s configuration. When ICMS triggers the load process, the
device retrieves its configuration file via FTP and programs itself. ICMS can trigger all
devices in a large network fairly quickly, facilitating near-simultaneous programming of

multiple devices. Afterwards, ICMS uses SNMP again to monitor all devices for the
results of their programming. Any errors in the process are relayed to the user for
corrective action.
Beyond configuring the network, ICMS Project files also play an important role in data
recovery and playback. Project files contain all that is needed to create self describing
data files. When programming the network recorder, ICMS provides a copy of the entire
network configuration. At the start of each recording session, the project is stored as part
of the permanent record within the data file.
SNMP also provides realtime monitoring, an important feature for large, mission critical
networks. This feature allows ICMS to convey faults or overload conditions present on
the network during a test. Although it was not required, the FCS acquisition system
inherits this functionality. Realtime monitoring can be tremendously useful but has a cost
associated with it. To monitor, the ICMS machine must be deployed live as part of the
instrumentation network. As such, ICMS would occupy space within the test article and
also a port on the Ethernet switch, both of which are valuable and perhaps scarce
resources. Currently, FCS uses ICMS for configuration but has not deployed it as part of
the instrumentation network.

DATA RECOVERY & PLAYBACK
FCS required an easy to use tool for data download and audio/video playback.
Teletronics created HDViewer to meet this requirement. It is an adaptation of TTC’s
Ground Station Software (GSS) product without the complexities required for
comprehensive mission debrief. HDViewer provides data extraction on a channel by
channel basis for all channels within a recording session. It supports multi-channel
playback of the MJPEG 2000 video and audio captured by the MVID-501J modules
deployed in the instrumentation network. IEEE-1588 time tags within the data are
utilized to synchronize audio and video playback.
Data Format
DARv3 was defined by Teletronics for networked data acquisition. The FCS
instrumentation network creates DARv3 recordings. By including the ICMS XML
project, DARv3 data files are self-describing. The XML record supplies configuration
information such as, Channel ID and Channel Type for all data streams within the file.
Once the XML is imported, HDViewer maintains the information in its own database.
This decreases startup time when replaying DARv3 files.
Data Playback
Using the Windows file browser, HDViewer can be launched to display recorded files
either directly from the DTU or from local storage. Before displaying data, HDViewer
performs the following:

•
•
•
•

Parses the XML project, created by ICMS and stored in the recorded file.
Creates a new HDViewer project and data definition for all channels.
Creates a default view to play HD-MJPEG2000 video and audio.
Open the default view.

HDViewer is able play video and audio data from a file or from a recorder directly. It is
not limited to a single video or audio stream. Depending on machine power, HDViewer
can play multiple video and audio streams at the same time. Users can play, pause or stop
the playback, or use the slider bar to go to a specific place in a file.

Figure 4: HDViewer Interface
Data Download
Downloading data from a recorder enables users to archive data. HDViewer provides this
feature along with data extraction by channel or time range. Recorded Ethernet frames
can be exported into PCAP files, an industry standard. Open source tools are freely
available for browsing and analyzing the Ethernet packets in PCAP files.
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Figure 5: Data Flow Process in HDViewer
Detailed data processing has been discussed elsewhere [2]. However, a brief description
of the process follows. Figure 5 demonstrates how data is processed by HDViewer. There
are 5 layers, from the left to the right. The first layer is a collection of readers. One of the
readers will be chosen based the data source type. It may be from a regular file, from a
recorder or from a multicast network. The second layer is a collection of message parsers.
According to a version number in the packet header, a proper parser will be used to
process the incoming data. The third layer is a collection of segment parsers. HDViewer
currently supports the following types:
•
•
•
•
•
•

High Definition MJPEG-2000 Video
Linear Audio
Ethernet MAC packets
Ethernet UDP packets
Ethernet TCP packets
Ethernet IP packets

GSS provides users with additional data types. The data dispatcher filters data into
selected components in the fifth layer. It can be a display component, such as a video
window or audio player. It also can be an export filter to output data into a DARv3 file or
convert it into a PCAP file.

CONCLUSION
The successful deployment of HRVARS has led to additional contracts, expanding the
network architecture and adding support for additional data types. Over the past several
years, various forward-looking papers have been written describing network-based data
acquisition elements and systems [2][3][4][5]. The success of the FCS instrumentation
network has lent significant credence to the arguments and proposals put forth in those
papers.
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ABSTRACT
Highly-dynamic mobile wireless communication presents unique challenges to the network at all layers, and requires the design of new protocols and mechanisms. We discuss a cross-layer aware internetwork architecture and the various mechanisms to enable reliable communication in high-velocity multihop
scenarios. We introduce AeroNP, an IP-compatible network protocol that is designed for telemetry applications in an aeronautical environment. A new routing algorithm is presented that leverages location
information combined with snooping to forward packets in the absence of stable end-to-end routes along,
with an implicit congestion control mechanism.
INTRODUCTION
Telemetry for airborne test and evaluation is an application that poses unique challenges. Traditionally,
telemetry communication has consisted primarily of point-to-point links with multiple sources and 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 across United States [1]. The objective of this
paper is to address the architectural issues of multihop networks for the high-speed airborne environment
in general, demonstrated with the help of a specific telemetry application for defense test and evaluation.
The current TCP/IP-based Internet architecture is not designed to address the needs of telemetry applications and there remain a number of issues to be solved at the network and transport layers [2]. In
particular, the current Internet protocols are unsuitable for the specific constraints and requirements of
the aeronautical environment in a number of respects [2]. 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 [3], we need cross-layer enabled protocols
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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, any new protocol suite while being specific to
the aeronautical telemetry environment must also be fully interoperable with TCP/UDP/IP via gateways
at the telemetry network edges.
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. In this paper, we assume that such a protocol is used at the MAC layer. The issues
related to the transport layer in this environment are presented separately in a companion paper [4]. This
paper focuses on the the network layer and its cross-layer interaction with the transport and MAC layers.
It is important to note that while the telemetry network constrains some aspects of network operations,
there are also aspects that can be exploited by domain specific protocols, such as the knowledge of the airborne node location and trajectory. Previous research has developed several intelligent network protocols
in the context of mobile ad hoc networks (MANETs) and wireless sensor networks (WSNs) that attempt to
exploit additional information available [5, 6]. In order to achieve this, we need to facilitate cross-layering
across the multiple layers. For example, location and trajectory information can be used find better paths
if there exists a mechanism, either an implicit or explicit, for information exchange between the network
and physical layer. As discussed in literature, strict layering in the network stack is not particularly suitable for wireless networks due to mobility, limited bandwidth, low energy, and quality of service (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.
The rest of the paper is organized as follows: the next section presents the specific challenges to reliable
network communication, specifically in the iNET scenario. This is followed by a discussion of the current
Internet architecture and its inability to meet the demands of telemetry networks. Then, we present the
cross-layer mechanisms that can be used to provide efficient communication amongst the nodes in a test
environment. Finally, we present the framework of AeroNP, a network protocol tailored to the needs of
the aeronautical applications, along with packet formats and the AeroRP routing algorithm that operates
in several modes based on the available information.
CHALLENGES IN AERONAUTICAL ENVIRONMENT
In this section, we describe a typical airborne telemetry network and the challenges that must be
addressed for successful communication. As shown in Figure 1, the 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 typically IP-based (e.g. cameras).
TAs house omnidirectional antennas with relatively short transmission range. The GSs typically have a
higher transmission range than that of a TA due to the large steerable antennas and an unconstrained energy
supply. In point-to-point communication mode, the GS tracks a given TA across some geographical space.
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Figure 1: Aeronautical Telemetry Network

However, due to the narrow beam width of the antenna, they can only track one TA at any give time. The
GS also houses a gateway (GW) that connects the telemetry network to 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 while tracking a TA. The relay nodes are airborne nodes that are dedicated to improve
the connectivity of the network. These nodes have additional energy needed to forward data from multiple
TAs and can be arbitrarily placed in the network.
A test and evaluation scenario may involve three types of communication: test data from the TA to the
GS, internode communication between any two TAs, and command and control data from the GS to the
TAs. Relay nodes can be used in any of the above mentioned cases, when the source and destination are
not in direct communication range. The various challenges in this scenario are:
1. 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 velocity, the network is highly dynamic
with constantly changing topology.
2. Constrained bandwidth: Due to limited spectrum allocation, the physical bandwidth available is
constrained. Given the high volume of data that is sent from TA to GS, the network is severely
bandwidth constrained.
3. Limited energy: The energy available for telemetry on a TA is limited due to design constraints of
the test equipment.
4. Connectivity: Given the transmission range of the TA and high mobility, the contact duration between any two nodes may be extremely short leading to frequent network partitioning.
The numerical values from the network characteristics of iNET [7] are used to determine the stability
of the links, as shown in Table 1. It is seen that even with an optimistic transmission range, the contact
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duration between two nodes can be as low as 15 seconds. Note that in a multihop scenario with lower
transmission power, the contact duration between a test article and ground station may be far less.
Table 1: Link stability analysis
Scenario Tx range [nmi]
Single-hop best case
GS – TA
140
TA – TA
15
Single-hop worst case
GS – TA
100
TA – TA
10

Relative velocity

Contact duration [sec]

400 knots
800 knots

2520
135

Mach 3.5
Mach 7.0

300
15

INTERNET PROTOCOL ARCHITECTURE
In this section, we consider the current Internet protocol architecture and evaluate its suitability to the
telemetry scenario under consideration. Then, we briefly summarize other network protocols developed
for mobile networks.
The traditional wired Internet uses the TCP/IP stack at the transport and network layer respectively,
over a stable links such as Ethernet or SONET, with various routing protocols such as OSPF and ISIS.
Some of the shortcomings of this approach are:
1. Packet overhead: TCP/IP requires a packet overhead of 40 bytes per data and control packet. The
overhead becomes significant if there is a lot of control traffic, which is the case with the per-segment
acknowledgements of TCP.
2. Link assumptions: 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.
3. Routing: Internet protocols do not support dynamic topologies, requiring convergence of the routes,
which is not suitable for the airborne telemetry environment [8].
4. Transport: The Internet transport protocol (TCP) is a closed-loop protocol designed on the assumption of stable end-to-end paths and does not perform well in case of a rapidly changing topology
[8, 4].
5. Layering: The current architecture does not support explicit cross-layer information exchange to
leverage unique information available in the network such as position and trajectory.
Ad Hoc Routing Protocols: In order to support mobile ad hoc wireless networks (MANETs), several
routing protcols have been developed that adapt to changes in topology. Reactive routing protocols such
as AODV [9] and DSR [10] attempt to construct source-to-destination paths and are not suitable because
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of the delay involved in finding paths on-demand. Furthermore, such paths may not be valid for very
long in a highly dynamic network. On the other hand, proactive routing protocols such as DSDV [11]
and OLSR[12] 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.
There are several other protocols that adapt to mobility by forwarding packets one hop at a time without trying to build the entire path. These include simple algorithms such as flooding and other greedy
algorithms that send multiple copies in the network. More complex routing schemes leverage specific information from the network. Most notable are the location-based routing protocols such as LAR, DREAM,
SIFT, and GRID [13, 14, 15, 16, 17] that use GPS coordinates of the nodes to determine the next hop. However, to the best of our knowledge, none of the previous studies have tested these protocols at speeds as
high as Mach 7. It is also possible to devise a routing scheme to track highly mobile endpoints that reach
the reactive limit in which the speed of the nodes is comparable to time it takes for the location tracking
to converge upon the position of the node. This is an extreme case that does not apply to the airborne test
scenario as shown in Table 1.
CROSS-LAYER MECHANISMS
Despite the fact that link-load aware routing was developed as a part of the first ARPANET routing
protocol [18], cross-layered routing utilizing link and physical layer information in route selection is not
widely used. The reason for this tends to be twofold: firstly, intelligent cross-layer aware network protocols tend to be inherently complex, and secondly, physical links are highly reliable in wired networks
and are frequently over-provisioned. This has led to shortest path being the most widely deployed routing algorithm. It has been noted that this is clearly not enough for effective routing in wireless networks
[19]. Hence, we need to exploit available information through cross-layering in order to make forwarding
decisions at each node.
Potential knobs at each layer as shown in Table 2 that enable higher layers to influence certain mechanisms at lower layers, based on the information made available through dials. For example, the transport
layer influences path selection through forwarding mode knob, thus, requesting a certain level of reliability
for given data flow.
Table 2: Knobs and dials for a telemetry network stack
Layer

Knobs

Dials

Layer influencing the knob

transport (AeroTP)

reliability mode

service requirements

application

network (AeroNP)

forwarding mode

path characteristics

transport

link and MAC

ARQ and FEC settings

link characteristics

network

physical

coding

channel conditions,
available coding schemes

link
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In the proposed architecture, we employ cross-layer optimizations not only among the transport (AeroTP)
[4] and network (AeroNP) protocols, but also with the MAC and PHY layer. This involves investigating
the tradeoffs in type and strength of FEC (forward error correction) at the PHY layer with respect to channel conditions and BER (bit error rate), as well as optimizing TDM parameters and slot assignment based
on the transfer mode of AeroTP and QoS parameters (precedence and service type) of AeroNP. Furthermore, for the transport protocol to erasure code across multiple TA-GS paths [4] requires coordination of
GS and iNET MAC slot assignment with AeroNP routing. Finally, the support for multicast and broadcast
requires coordination of AeroNP routing with the broadcast capabilities of the iNET MAC.
AeroNP: NETWORK PROTOCOL FOR AERONAUTICAL TEST AND EVALUATION
AeroNP is designed for the iNET environment and includes the packet format and the AeroRP dynamic
location-aware multihop routing protocol. The small contact duration between two TAs indicates the need
for an intelligent multihop routing protocol for reliable communication over a highly-dynamic physical
topology.
A.

Header Format, Addressing, and IP Transparency

AeroNP is an IP-compatible network layer with the additional functionality needed for aeronautical
telemetry. A preliminary format of the AeroNP packet, shown in Table 3, is 32 bits wide.
Table 3: AeroNP Packet Structure
version

CI

type

priority

protocol

source TA MAC address

ECN/DSCP

destination TA MAC address

next hop TA MAC address

source dev ID

dest dev ID

source TA location (optional)

destination TA location (optional)

length

HEC
payload

The version is the AeroNP protocol version, the congestion indicator (CI) is set by each node to notify
the neighboring nodes of its congestion level as discussed later. The type and priority fields specify the QoS
level of a given packet. The number of QoS classes can be customized for a given scenario. Protocol is the
demux protocol (id) to which AeroNP hands off the packets. In order to be IP compatible, the ECN/DSCP
(explicit congestion notification and diffserv code point) nibble is carried over from the IP header. Since
the MAC is based on TDM, an AeroNP packet is inserted directly into a TDM slot, and thus contains the
MAC addresses: source, destination, and next hop. Significant efficiency can be gained if the AeroNP
header does not carry the 32-bit source and destination IP addresses (or the even worse 128 bit addresses
for IPv6). By performing an ARP-like address translation process, the IP address can be mapped between
iNET MAC addresses in the gateway. However, each TA can have multiple peripherals, each of which
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has an IP address. Therefore, we include a device id field in the header, and the hMAC-address, device-idi
tuple is mapped to IP address at the gateway. While dynamic mapping procedures are possible, it will
be more efficient to preload the translation table at the beginning of each test. Optionally, source and
destination location is included, which can be the GPS coordinates that are used in location aware routing
described below. The length indicates the actual length of the header in bytes. A strong check on the
integrity of the header, HEC (header error check), is included to protect against bit errors. Because of the
TDM-based MAC there is no link layer framing and error control. Hence, this functionality is provided
at the network layer. Unlike Internet protocols [20], the default behavior of the AeroNP is to forward the
errored packets to the transport layer instead of dropping them at the network layer. This permits FEC at
the transport layer to correct errors end-to-end[4].
B.

Routing Algorithm

As discussed previously, existing routing protocol mechanisms generate significant overhead and do
not converge quickly for a highly dynamic topology and are not appropriate for telemetry networks. We
propose AeroRP: a proactive routing protocol that leverages location information combined with limited
updates to build a next-hop forwarding table. In addition to the bandwidth constraints, telemetry networks
may also impose security limitations on the extent of location and trajectory information made available
and its advertisement in the network header. We propose several alternatives for cases where no information regarding the location is available.
The basic operation of the proposed routing protocol is to maintain a table of available neighbors at
any given point of time. The primary mechanism used by the node to determine its neighbors is snooping.
In this TDMA network, a node listens to all transmissions on the wireless channel when not transmitting
itself. In AeorRP, when a node hears a data packet over the air interface, it adds the source MAC address
of the decoded packet to the neighbors table. 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 interval of time related to the anticipated contact
duration.
The second part of the AeroRP operation is to find the appropriate next hop to forward the data packets.
In order to forward packets towards a specific destination, additional information such as location data or
route updates is required. There are a variety of mechanisms through which such information can be
obtained (in increasing stealthiness):
1. Nodes include state vector explicitly as a field in the header of AeroNP protocol.
2. Nodes include only their GPS location as a field in the network packet header.
3. The GS periodically broadcasts (optionally on a encrypted channel) the state vector of all the nodes
so that each node can predict its connectivity ahead of time.
4. No location information is made available; instead nodes exchange their neighbor table upon contact.
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In the first two cases, nodes discover both the neighbors and their locations by snooping network
packets. In lightly loaded network conditions, a periodic hello message is sent by a node to inform other
nodes of its presence. The data packets are forwarded to the node that is nearest to the destination as
calculated from GPS coordinates. We assume that the all nodes are preprogrammed with the location of
GSs. However, there is a time lag during which the node will snoop on its neighbors. In the third case,
the GS broadcasts the topology information ahead of time so that the each node can predict its neighbors
trajectory and forward the data packets to the appropriate nodes. In the last scenario, we assume that no
location or trajectory information is made available due to security policy. Instead, when two nodes are in
transmission range, they exchange their neighbor table, and thus each node can build a partial forwarding
table. In case of a connected network, each node will have the complete forwarding table after an initial
learning phase. However, this approach could generate significant overhead due to dynamic nature of the
telemetry network and may have low efficiency due to the delay involved in learning the routes.
Ground Stations are special nodes in this network, which listen to all transmissions and forward packets
that are destined to other GSs. In other words, GSs are universal sinks and may have the same MAC
address. For uplink data, a GS forwards data to the node that is closest to the destination node. The GS is
aware of the location of all nodes either from mission planning or learns it during the test while tracking
various TAs.
Relay nodes are always the default next-hop, when present. They accept data from all the TAs and
forward them directly to the ground station or another TA. Since the GS has narrow beam width and can
only track one TA at a time, it is more efficient for the GS to track the relay nodes and have individual TAs
forward the data to the corresponding relay nodes. Given the varied nature of the telemetry, we expect that
the routing protocol should support multiple modes for both open and secure scenarios.
C.

Quality of Service

The wireless links in the telemetry network are bandwidth constrained and are often under-provisioned
for the traffic generated during a field test. Hence, it is essential to implement a quality of service mechanism in this network to ensure that high priority data such as command and control can be reliably
delivered. The AeroNP protocol uses two fields in the header to specify the quality of service of data
packets in the network: data type (e.g command and control, telemetry) and priority with in a given type.
The application requirements determine the type and priority for a given data flow and is passed to the
network layer through the transport layer (AeroTP) via out-of-band signaling. The scheduling at nodes is
a weighted fair queue based on type and priority.
D.

Broadcast and Multicast

The AeroNP protocol supports both broadcast and multicast natively. The typical all-ones MAC address is chosen as the broadcast address. Similarly, a range of MAC addresses are assigned to sub-groups
in the network. These multicast address groups are pre-programmed in the nodes and GS. Given the highly
dynamic nature of the network, for sparse networks multicast may not achieve any significant benefit over
a simple broadcast in terms of efficiency.
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E.

Congestion Control

Telemetry networks are often bandwidth constrained, in which individual TAs are under provisioned
for a given test scenario. Therefore, in a heavily loaded network with little bandwidth to spare, multihop routing can induce severe congestion in the nodes involved in multi-hop forwarding. A MAC level
solution would be to assign more slots to the forwarding nodes than the non-forwarding nodes. Since this
is too complex in the highly dynamic environment, we propose a simple congestion control mechanism at
the network layer using congestion indicators or back pressure.
In the first mechanism, the node uses the CI (congestion indicator) field to indicate its own congestion
level. All packet transmissions from a node carry the CI field along with the type and priority of the data.
Neighboring nodes eavesdrop on the transmission and are made aware of the congestion at a given node.
If a node is congested, the neighbors back off if the data that they have is of equal or lesser priority; higher
priority data is nevertheless forwarded to a congested node.
The second mechanism through which congestion control is achieved in the telemetry network is back
pressure. Each node listens to all transmissions and determines the congestion level of its neighbor through
the CI field in snooped packets. This is possible because both the source MAC address and CI is carried
in the header. Consequently, the source node backs-off and finds a different node to forward its packets.
Similarly, in a multi-hop scenario, if a bottleneck is encountered, each intermediate hop either stops or
slows down its transmissions to the congested node successively until the source of the traffic is reached.
CONCLUSIONS
The existing Internet protocol architecture is not well suited for telemetry applications in highlydynamic airborne networks, which present unique challenges due to extreme mobility and limited bandwidth. In this paper, we discussed a internetwork architecture that addresses these issues with domain
specific network layer. It is observed that exchange of information across layers provides significant
benefit in the aeronautical environment. We presented an IP-compatible network layer, AeroNP, with a
cross-layer aware routing protocol, AeroRP, that leverages location information to intelligently forward
packets over a rapidly changing topology. In its default mode, the routing protocols relies on snooping instead of exchanging explicit route updates to make forwarding decisions. The proposed network protocol
supports QoS and handles congestion using congestion indicators and back pressure.
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NON-TRADITIONAL USES OF THE CCSDS SPACE LINK
EXTENSION (SLE) PROTOCOL
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ABSTRACT
Space Link Extension (SLE) is a set of Consultative Committee for Space Data Systems
(CCSDS) recommended standards for extending the space link from ground stations to other
spaceflight mission ground facilities over a ground network, allowing distributed access to space
link telecommand and telemetry services. The currently defined and implemented SLE
recommendations are oriented around a traditional CCSDS telecommand and telemetry protocol
set, which uses discrete telecommand frames that are encapsulated in Communication Link
Transmission Units (CLTUs) for transport over the ground segment, and telemetry data
encapsulated in Transfer Frames at the spacecraft.
This paper discusses several non-traditional uses of the SLE services. The applications addressed
within lie outside the discrete packet telecommand/telemetry subset of the SLE
recommendations that are fully defined by CCSDS. This paper will focus on the use of the
currently implemented SLE model to enable the transport of other forms of data, which may be
subject to various transmission constraints, across the ground segment.
KEY WORDS
Space Link Extension, SLE, AFSCN Interoperability, Space Ground Link, AOS uplink
INTRODUCTION
Consultative Committee for Space Data Systems
The Consultative Committee for Space Data Systems (CCSDS), founded in 1982, is an
international organization composed of various space agencies and associated groups. Its mission
is to develop standardized solutions to the various problems of cross-agency support and space
mission data exchange.
CCSDS has developed a large number of recommended standards for spacecraft communications
formats and protocols, some of which have been simultaneously adopted by groups such as the
International Standards Organization (ISO) and the Internet Engineering Task Force (IETF).
These standards include both recommendations for the space link (such as telemetry formatting
and coding and commanding protocols), as well as recommendations for various components of
1

the associated ground networks through which data is transmitted from the ground stations to its
eventual end users.
Space Link Extension
The SLE is a collection of CCSDS recommended standards that define a series of protocols,
referred to as SLE services, for extending the space link to other terrestrial users. The
standardized link extension format allows multiple users, sites, and organizations to utilize the
telemetry, telecommand, and Advanced Orbiting Systems (AOS) capabilities of a shared ground
station. The intent of the standards is to allow multiple partners to interoperate without the need
for mission-specific or site-specific communications protocols on the ground network.
SLE is oriented around a two-party model of interaction. The ground station acts as an SLE
provider, exposing a portion of its capabilities to external parties that act as SLE users. The SLE
standards include data transfer services that define the transmission of uplink and downlink data
between users and providers, as well as management services that control the data transfer
capabilities of the link.
SLE Transfer Services
The SLE recommendations define two broad groups of transfer services that a link may support.
The first group addresses the forward services, which implement the transmission of data from a
user through a ground station to a spacecraft. The second group addresses the return services,
which implement the transfer of data from a spacecraft through a ground station to a user.
The forward service group currently includes two services; characterized by the type of data that
each receives from users for uplink to the spacecraft. These services include:
•
•

Forward Space Packet (FSP) [1], which receives raw command packets, and
Forward Communications Link Transmission Unit (FCLTU) [2], which receives prebuilt
Communications Link Transmission Unit (CLTUs).

A number of additional forward services, such as Forward Telecommand Virtual Channel
Access (FTCVCA), Forward Telecommand Frame (FTCF), and Forward Coded Transfer Frame
are included in the Cross Support Reference Model, Part 1: SLE Services Recommended
Standard [3] but have not been fully defined.
The return service group currently includes three services, characterized by the type of data that
each extracts from the space link and provides to users. These services include:
•
•
•

Return All Frames (RAF) [4], which extracts all telemetry from a single space link,
Return Channel Frames (RCF) [5], which extracts telemetry frames from particular
master or virtual channels, and
Return Operational Control Field (ROCF) [6], which extracts Operational Control Fields
(OCFs) from particular channels.
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A number of additional return services, such as Return Frame Secondary Header (RFSH) and
Return Space Packet (RSP), are included in the Cross Support Reference Model but have not
been fully defined.
SLE History
The definition of SLE services began in the early 1990s, leading to the formal adoption of the
CCSDS Cross Support Reference Model, Part 1: SLE Services (a.k.a. the SLE Reference Model)
in 1996. The charter implementations of the FCLTU, RAF, and RCF data services took place
circa 2000 for an October 2002 launch date of the INTEGRAL program. The European Space
Operations Centre (ESOC) and The Jet Propulsion Laboratory (JPL) both implemented the
standard and tested for interoperability. At this time, the SLE recommendations were in draft
Red Book state and under review by the CCSDS. Modifications made during the implementation
phase were not rolled into a final Blue Book version until 2004.
Since the charter implementations were written to the Red Book recommendations, the version
number of the Blue Book recommendations was incremented from ‘1’ to ‘2’ to ensure backward
and forward compatibility between the two versions. Provisions in the SLE protocol allow for a
version auto-negotiation; since the SLE BIND operation and response contain the SLE version,
implementations may automatically switch to a lower SLE version to match the version
supported by a peer implementation.
SLE is currently widely used in the international space community. ESA has led the way by fully
embracing SLE and replacing all legacy ground data interfaces between operational nodes. The
Canadian Space Agency (CSA), France, Russia, China, and India are using SLE. Major
implementations in the Unites States include JPL’s Deep Space Network (DSN) as well as the
International Space Station (ISS). The U.S. Department of Defense is considering the adoption of
SLE for internal ground interfaces as well as for external interfaces with civil agencies.
TRADITIONAL USES OF SLE
Forward Link
The traditional forward link, as envisioned by the SLE standards, consists of discrete spacecraft
commands that are encapsulated into CLTUs at the control center and transmitted across the
FCLTU service to the ground station. Each CLTU may optionally be marked with earliest and
latest radiation times, which indicates a window during which the CLTU is to be transmitted to
the spacecraft. Each CLTU may also be marked with a minimum delay to force a minimum
spacing between successive CLTUs.
The ground station is responsible for inserting these CLTUs into a continuous telecommand
stream according to the radiation time constraints and the selected Physical Layer Operation
Procedure (PLOP) mode. Two PLOP modes are currently defined. These modes include:
•

PLOP-1, in which the carrier is unmodulated between CLTUs and each CLTU is
preceded by an acquisition sequence inserted by the user, and
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•

PLOP-2, in which the carrier is modulated between successive CLTUs.

It is important to note that the production element of the FCLTU service provider radiates the
contents of the CLTU without modification; the PLOP mode is only intended to specify the
bridging idle pattern between CLTU transmissions.
Return Link
The traditional return link consists of CCSDS telemetry frames – either conventional Packet
Telemetry Transfer Frames or AOS Transfer Frames – that are acquired by the production
element at the ground station and transferred through RAF or RCF services to the control center.
Each frame carries annotation metadata, including the Earth Receive Time (ERT), as well as
possible error detection and correction results.
AFSCN ADAPTATIONS
The Air Force Satellite Control Network (AFSCN) is a legacy U.S. Department of Defense
infrastructure consisting of Space Operations Centers (SOCs) that control spacecraft via
communications links through one or more Remote Tracking Stations (RTSs). Legacy interfaces
include proprietary signal multiplexers that operate over ATM-based network architectures.
Recent upgrades of this architecture include a transition to IP-based networking as well as efforts
to prototype interfaces with civil ground stations using SLE.
AFSCN commanding typically uses Space Ground Link System (SGLS) Ternary modulation,
which utilizes three tones corresponding to ‘one‘, ‘zero’, and ‘space’ symbols. The
communications protocol must transfer these command symbols from a SOC to an RTS with a
known and constant latency. The protocol also has a provision to echo commands from the RTS
back to the SOC.
The telemetry received by an AFSCN ground station is received in binary form, but is source
encrypted by the spacecraft, and must be transferred in such encrypted form until it reaches the
source decryption device at the SOC. For this reason, frame time tagging must be performed on
the plaintext side of the decryption device at the SOC by transferring an Inter-Range
Instrumentation Group (IRIG) time signal across the ground interface, along with the source
encrypted telemetry, and recreating it at the SOC with a tight Time Data Correlation (TDC).
These conditions make use of the traditional SLE model infeasible without making some
deviations from the recommended standard. To allow the use of SLE with such constraints, two
SLE AFSCN adaptation standards have been developed under the sponsorship of the American
National Standards Institute (ANSI) [7], [8].
The overall SLE AFSCN adaptation architecture is shown in Figure 1. Three adaptations are
used to achieve full compatibility with the existing AFSCN model. These adaptations are as
follows:

4

•
•
•

A command adaptation that transfers time-critical SGLS Ternary commands from the
SOC to the RTS via the FCLTU service,
A command echo adaptation that returns SGLS Ternary command echoes from the RTS
to the SOC via the RAF service, and
A telemetry adaptation that transfers one or more encrypted telemetry from the RTS to
the SOC via the RAF service and then reconstitutes the timing of the original telemetry
stream relative to a time reference signal.
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Figure 1. SLE AFSCN Adaptation Architecture
Command Adaptation
The SGLS tri-tone command symbols used by the AFSCN are typically passed over serial
interface capable of carrying the tri-tone symbols (e.g., a 4-line ternary interface containing 0, 1,
and S, and clock). The command adaptation is responsible for accepting a stream of SGLS
command symbols over a ternary interface at the SOC, and using the SLE FCLTU service to
reproduce these symbols with a fixed and known forward latency over a ternary interface at the
RTS. The SGLS tri-tone symbols are converted for transfer by encoding each tri-tone symbol as
a dibit – a two-bit symbol – prior to sending the command to the FCLTU service. The standard
conversion set used by the command adaptation is shown in Table 1. The command production
at the RTS must also support the translation from dibit back to SGLS tri-tone symbols.
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Table 1. SGLS Dibit Conversion According to the ANSI Command Adaptation Standard
SGLS Symbol
1
0
S
Null

Dibit
11
00
01
10

This command adaptation standard also defines two new PLOP types that control the content of
fill data sent when no commands are buffered.
•
•

SGLS-PLOP-1, in which ‘null’ symbols are used as fill. This type is assumed when
PLOP-1 is selected as the SLE FCLTU production parameter.
SGLS-PLOP-2, in which ‘S’ symbols are used as fill. This type is assumed when PLOP-2
is selected as the SLE FCLTU production parameter.

Finally, the adaptation describes the means for obtaining Time Critical Commanding (TCC).
TCC requires that a fixed and known forward latency be maintained between the SOC and RTS
physical interfaces. This forward latency must be sufficient to absorb the latency over the
network interface. The adaptation defines two algorithms that take advantage of the optional
earliest-radiation-time parameter passed by the SLE FCLTU service with each command.
The first, and simplest, of these algorithms is called ‘Streaming Mode’. This mode accepts a
stream of arbitrary symbols and forms fixed-sized segments for transfer over SLE. The segment
size should be selected to limit the collection latency. For example, it takes 8 seconds to receive
8000 symbols from a 1000 symbol-per-second serial link. If the desired forward latency were 3
seconds, the segment size would have to be much less than 3000 symbols.
Streaming Mode works by sending the first segment of dibit symbols with an ‘earliest-radiationtime’ equal to the current time plus the forward latency defined by the system parameters. This
requirement prompts the FCLTU production to hold the data and release them at the proper time
to achieve the desired forward latency. Subsequent segments are sent with the ‘earliest-radiationtime’ set to null such that they are sent immediately after previous segments with no gap.
Streaming Mode implements simplicity at the expense of performance. It takes advantage of
identical clock rates at the SOC and RTS to maintain constant forward latency, and any variation
in this rate will compound over time. If the clock at the RTS is even slightly higher, the buffer
will gradually decrease to the point of data underflow. If the clock rate at the RTS is even
slightly lower, the buffer will gradually grow and increase the latency outside of specifications.
This mode also continuously sends command symbols, even during idle periods, which is not an
efficient use of network bandwidth.
To address these performance issues, the command adaptation specification defines another
mode called ‘Discrete Mode’. This mode also streams data using the technique used in
Streaming Mode, but it stops sending data during periods of inactivity and resumes when

6

commands are again detected. This mode also takes extra precautions to preserve the spacing
between commands.
Commands are typically sent as a sequence of short commands separated by a fixed number of
idle symbols. This sequence of commands is referred to as a ‘Batch Command’. Since certain
space vehicles may be sensitive to the number of idle symbols between each command of a
Batch Command, Discrete Mode will treat an idle period, of up to a set number of symbols
following a command, as a continuation of the same command. As long as the number of idle
symbols between commands does not exceed this parameter, the Discrete Mode will continue to
stream segments of the Batch Command, preserving the inter-command spacing. Once the
number of consecutive idle symbols exceeds this parameter, the Discrete Mode assumes the
Batch Command is complete and stops sending command segments.
Discrete Mode not only solves the network bandwidth issue, but it also resets the buffer at the
beginning of each Batch Command by resending the ‘earliest-radiation-time’ parameter. In
Discrete Mode, the latency caused by differences in the clock rates can only drift over the period
that Batch Commands are being sent. Since commands are typically sent in short bursts, there is
very little time for the clock drift to accumulate to measurable values.
Command Echo Adaptation
The command echo is transmitted through the RAF service in dibit form. Because the command
echoes are not CCSDS telemetry frames, it is not possible to use the frame-dependent aspects of
the return service, so a raw transmission mode must be used to send the non-frame data to the
SOC. The command echo adaptation, having received the command echo, reverses the dibit
encoding performed by the command adaptation to recreate the original SGLS symbols. Since
the command echo stream is not a critical interface, the buffering and latency control is
implementation-specific.
Telemetry Adaptation
The encrypted telemetry is also transferred using the RAF service. Since the telemetry downlink
is still encrypted as is passes through the SLE service, the telemetry path does not use CCSDS
frames. Thus, the telemetry is transmitted as raw data across the ground network. However, no
dibit conversion is performed, as the telemetry is typically a binary stream throughout.
The second aspect of the telemetry adaptation is the timing regeneration. For reference, a
diagram of the time tagging comparisons between civil (non-encrypted) and DoD (encrypted)
downlinks is shown in Figure 2. Fixed-sized blocks of encrypted telemetry symbols are timetagged with an IRIG signal tied to the Earth Receive Time (ERT) as they are received by the
RTS. These time tags are received by the telemetry adaptation through the metadata present in
the RAF service. In order to transfer the ERT data across the decryption device, a delayed IRIG
signal – i.e., an IRIG carrying a time with some known offset in the past – is generated by the
telemetry adaptation system. The encrypted telemetry is then correlated with this delayed IRIG
signal; each frame is transmitted to the decryption device at the same time that the delayed IRIG
signal indicates its original ERT. A system on the far side of the decryption device then time-
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tags the decrypted telemetry frames relative to the delayed IRIG, re-generating the ERT time
tags aligned with actual decrypted telemetry frames.
Civil Time Tagging
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Frame
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IRIG
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Bit Sync
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(SLE)

DoD Time Tagging Using SLE

Blocking

Comms
(SLE)

SLE RAF
Adaptation

IRIG

Decryption
Device

Frame
Sync

IRIG

Figure 2. Civil vs. Department of Defense (DoD) Time Tagging Comparison
AOS UPLINK
The SLE FCLTU service is tailored towards the CCSDS telecommand standards where noncontinuous, asynchronous commands are sent to the space vehicle according the PLOP modes.
However, the AOS recommendations allow for the bi-directional transport of AOS frames. The
AOS uplink is currently used in systems requiring high uplink bandwidth such as manned space
travel, space networking, and bent-pipe communication links.
Because AOS expects that a stream will purely consist of AOS frames – with the inclusion of fill
frames to cover gaps in the stream – the traditional PLOP modes no longer apply. Thus, the
forward service no longer carries a sequence of discrete telecommand frames, but rather a
continuous stream of AOS frames that cannot be interrupted. Attempting to do so over an SLEbased ground network introduces several new complications. The Cross Support Reference
Model for SLE Services Blue Book includes other services for forwarding AOS-type data, but
these recommendations have yet to be defined.
ANSI Streaming Approach
As previously discussed, the ANSI RAF Adaptation and Conversion Specification addresses a
similar problem of maintaining a continuous stream of command symbols over the FCLTU
service. The solution has been to maintain a sufficient buffer at the ground station to ensure that
network latency did not cause buffer underflows at the RTS. Since this approach relies on
identical data rates at each end of the ground network, it has an inherent difficulty with
eliminating buffer drift. Whereas the ANSI standard solved this issue by defining a Discrete
Mode of operation, a continuous AOS stream does not have this option. Therefore, this approach
is not viable unless very stable data rates can be guaranteed at each end of the SLE interface.
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ISS Rate-Matching Approach
An alternative to a fixed-buffer rate-matching approach is to actively monitor the CLTU
production buffer level and adjust the frame output rate on the user side of the interface. The
ground links supporting the International Space Station (ISS) use an AOS uplink over SLE
FCLTU. The ISS has a very low latency requirement such that only a few frames may be
buffered in the FCLTU production buffer at any given time. The ISS Mission Control Center
monitors the CLTU production buffer size returned by the CLTU-TRANSFER-DATA response
message, and adjusts the user-side frame output rate when the average buffer level crosses predetermined thresholds. The implementation also has provisions for manually adjusting the uplink
rate at the ground station, using the CLTU-THROW-EVENT operation, when switching between
high and low rates.
The disadvantage of this technique is a lack of SLE standardization of the FCLTU production
buffering algorithm. Some implementations may not report one or more CLTUs that are buffered
in hardware, causing variations in latency between vendor implementations. Also, the parameters
of the CLTU-THROW-EVENT were intentionally left unspecified as a means for adding
project-specific production adjustments during the SLE provision period. There is currently no
mechanism for projects to collaborate on common functions (e.g., uplink rate adjustment), so any
project reliance on the CLTU-THROW-EVENT is project-specific, by definition.
PLOP-3 Approach
Yet another option would be to regard the fill frames required by the AOS uplink as merely
another type of inter-command behavior within the scope of the PLOP modes. A proposed new
mode, PLOP-3, would add AOS fill frames as necessary to cover gaps in the uplink stream; this
would remove the need for the fill to be transferred through SLE, as it would automatically be
generated by the ground station itself.
This solution has several advantages including reduced network utilization, minimum buffer
latency, and implementation simplicity, to name a few. However, adding the fill frames at the
ground station also introduces a few complications.
The first of these is the insert field data. The purpose of this field is to deliver information that is
required on a fixed period. If the fill frames are added at the ground station, then either the insert
field content must be sent to the ground station by some other means, or the fill frames must not
contain valid insert data, defeating the purpose of the field. Other complications would include
minor changes to the SLE specification and current implementations.
Custom Production Approaches
The SLE FCLTU standard states that the commands received by the service shall be forwarded
to the space link without modification; however, there are some cases where custom production
techniques have been implemented or considered. The adoption of such deviations should
consider the implications of interoperability with standard implementations.
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One such deviation is the FCLTU production of AOS frames for ISS. This production
implementation adds the AOS sync marker and correction codes at the ground station. Another
deviation under consideration is to multiplex two or more instances of the SLE FCLTU service
into a single AOS uplink stream. The FCLTU service assumes that there is a single service per
uplink stream. Since AOS streams typically consist of multiplexed data types over virtual
channels, the use of the FCLTU service requires that this multiplexing be performed at the
control center before being forwarded to SLE. However, virtual channels could certainly be
transferred and buffered over individual FCLTU instances and multiplexed with a predetermined priority.
CONCLUSIONS
Prior to the 1990s, the CCSDS transfer protocols concentrated on space links. Transfer protocols
between ground segments of a space system were a collection of agency-specific and ad hoc
implementations. The interoperability enjoyed between various CCSDS-based space vehicles
and ground stations did not translate to the ground elements. The SLE Reference Model defines a
suite of SLE services for various known CCSDS date types. The currently implemented SLE
services target the typical telecommand and telemetry model. This model is applicable to a
majority of CCSDS-based ground protocols.
The success of SLE is well known and documented. As its popularity increases, the scope of
projects also increases. Some of these projects do not fall into the exact model of currently
defined and implemented services, requiring some change to the original specification. These
projects have the choice of either using a non-traditional SLE implementation, working with the
CCDSD to adopt official changes to existing services, or working with the CCSDS to define a
new service. Unfortunately, due to project schedules and resources, the latter two choices may
not be feasible.
An obstacle to the adoption of standards is the creation of standards with high implementation
overhead. For example, the implementation of a new SLE service requires that the entire service
be implemented from the ground up. In retrospect, a better SLE design would have been to
define low-level SLE transfer message layer that all SLE services may utilize. The CCSDS is
developing a Toolkit for Cross-Support Transfer Services [9]. This toolkit may be used as a
model to accelerate the definition and implementation of future SLE services by simply defining
the mapping from the service into the toolkit messaging. This may make the rapid definition and
implementation of new SLE services more obtainable, reducing the necessity of non-traditional
SLE implementations, and increasing interoperability between agencies and vendor equipment.
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KEY COMPONENTS IN A NETWORKED DATA ACQUISITION
SYSTEM
Diarmuid Corry
ACRA CONTROL INC

ABSTRACT

With the growing interest in networked data acquisition there has been a lot of focus on
networked data acquisition systems. However, the requirements of a flight test instrumentation
system go beyond networked DAU's. For example, a FTI network fabric has particular
requirements for switches, time grandmasters, recorders, data servers and network terminals to
the ground. This paper discusses these components and how they inter-operate in a single, fully
networked system and discusses some FTI oriented requirements for same. Where relevant, we
discuss the results of some experiments with network latencies; packet losses etc. and discuss
some enhancements that can contribute to improved efficiency for flight test programs.
Keywords: Networked Data Acquisition, Data Recorder, Data Server, Grandmaster, FTI
INTRODUCTION
The last four or five years have moved away from proprietary and closed systems for Flight Test
Instrumentation (FTI) networks, towards more open and commercially based systems centering
around Ethernet. This move affects the way flight test data acquisition is performed on every
level – from the physical interfaces, through the configuration and management and right up to
the applications used to acquire and analyze the data. This paper assumes no (or very little)
previous experience with networks, and looks at how a networked based approach affects the
elements of an FTI network, what the requirements for a basic FTI network are, and some of the
things a flight test instrumentation engineer must look out for when designing or working with
an Ethernet based FTI network.
Although there is much talk of networked FTI, the number of actual flying systems is limited.
Those that exist tend to be large - Boeing 787 [1] and MMA, Airbus A380 [2] and A330 MRTT [3]
are examples, with half a dozen other smaller systems flown. It would be a mistake to assume
from this that networked FTI means large installations. A fully functional FTI network with just
five elements will be described later in this paper.
As yet, there are few standards adopted in this area. The CTEIP iNET initiative is attempting to
fill this void with various working groups tasked with producing standards on all aspects of
networking[4], and there are various published papers on specific elements (for example the
Airbus IENA packet standard[5] and the IEEE-1588 time synchronization protocol[6].

The rest of this paper will address what is involved in networked FTI and the areas the standard
needs to address to ensure we can evolve smoothly to a fully networked approach.
NETWORKED DATA ACQUISITION
A Change of Paradigm

Before getting into the details of a minimal networked acquisition system it is worth looking at a
couple of important conceptual difference between traditional FTI networks and Ethernet based
networks.
In a traditional network with more than one data acquisition unit (DAU), typically 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. A networked FTI architecture
replaces tyranny with democracy – there is no specific master, just a collection of peer nodes,
each transferring data into the network. The only exception to this is with respect to time – one
of the nodes is the “time-master” and is responsible for ensuring all the other nodes have the
same notion of the time of day.
Ethernet

PCM out

Synch and time

Slave 1

Master

Slave 2

Old Master Slave network

Slave 3

Time Master
DAU

Switch

DAU 1

DAU 2

DAU 3

Ethernet based peer network

Figure 1: Old master slave system as implemented in a network

Another important change is that PCM systems of old were generally deterministic. In other
words, it was possible to know in advance exactly how long it would take for a sampled
parameter to reach its destination. This meant that in the older, now obsolete, multi-plexed
systems it was possible to tell the sampling instant of a parameter by its location in the PCM
frame, once you knew the time-stamp of the frame itself. Modern synchronized systems would
guarantee that all data in a PCM major frame was sampled in the same epoch (coherent), so all
you needed to know was the time stamp of the frame and you could calculate the sampling
instant of each parameter without reference to the frame layout.
Ethernet IP networks are non-deterministic. You can time-stamp the data to know when it was
sampled, but you do not know for sure when it will get to its destination. This presents special

problems when dealing with real-time latency budgets, or when trying to stuff networked data
into a deterministic legacy PCM stream (see section X below).
Finally, there is a conflict in operational requirement between what is expected of a traditional
system versus a networked system. In the traditional world we are used to devices becoming
“live” very quickly (< 10s) and spitting out data without being told to. Brown outs or power
failures should have a minimal effect on our data acquisition. However, in a networked world,
users are more used to the “network” taking time to configure itself and being non-operational
for a couple of minutes. This is one element of networks that should be avoided in an FTI
application.
So, with these important features in mind, let us look at the basic elements of a networked FTI
system.
NETWORK COMPONENTS

PCM

Figure 2 shows the minimal configuration of a networked FTI system. (Note – the trivial case of
a single DAU is not discussed, but of course there is no reason why a single DAU cannot transfer
its data over Ethernet!) The core elements are: 2 or more DAUs, a switch, and a time master
(called as Grandmaster in the IEEE-1588 terminology). Extra elements like an IP recorder and a
IP Recorder
legacy PCM output will depend on
Ethernet
the application but are usually
present. This basic system can be
GPS
expanded by adding extra DAUs
and switches, almost without limit,
to meet the needs of the
Grandmaster
application.
Switch

Grandmaster can be part of
Note that this picture assumes that
switch or DAU
time synchronization is handled by
IEEE-1588 (or Precision Time
DAU
DAU
Protocol, PTP). Any alternative
Figure 2: Minimal Network Configuration
approach requires more wiring to
the nodes to perform the synchronization and/or time transfer so is sub-optimal from a network
point of view. However, other standards (e.g. IRIG-B) can be used with additional wiring,
removing the need for a grandmaster.

The Ethernet standards support 10/100/1000Mbit copper and fiber cabling. Most DAUs support
100MBit/s network interface. A 1GB interface is not necessary unless the DAU itself has a very
high throughput. However, 1GB may be necessary as a network backbone for feeding a recorder
as this will carry an aggregate of data from many DAUs.
The Data Acquisition Unit
The data acquisition unit must have:
 the ability to synchronize to an external time source using Precision Time Protocol.
 the ability to gather and time-stamp data





the ability to transmit the data over Internet Protocol (IP) continuously and without
instruction
a very short boot-up cycle (< 10s)
the ability to have its address on the network (the IP address) set permanently to avoid
having to wait to be told what it is during a power recovery scenario

If the DAU has the following features it makes life a little easier when configuring and
debugging:
 the ability to report its hardware address (called the MAC Address) on request (this is
done via a protocol called Address Resolution Protocol, or ARP)
 the ability to respond to some standard configuration and status requests (this is usually
supported via a protocol called Simple Network Management Protocol – SNMP).
The KAM-500 from ACRA CONTROL is a standard flight test data acquisition unit which, with
the substitution of the standard PCM controller, becomes a networked DAU[7] that exceeds these
minimal requirements.
The Switch
Because our DAUs are all peers now, we need some way of gathering the data from the disparate
sources and sending it to where it should go. In networks, this role is performed by a hub, a
switch or a router. These terms (and others) all refer to devices that take Ethernet traffic in one
(or more) bi-directional ports and sends it out one (or more) ports according to source and
destination information contained in the traffic itself. There are various categories of device that
can be used here, each of differing levels of complexity. At the simplest, a hub takes any data
that arrives at any port and copies it to all the other ports. It has no intelligence, is simple to use,
but very inefficient in terms of traffic management. At the other end of the scale, a managed
switch can route traffic with different priorities and to different places all based on the content of
the headers of the IP packets.
With two or more DAUs, the FTI network will need at least one switch. This switch needs the
following minimum set of requirements:






The ability to handle full-bandwidth traffic on all its ports simultaneously, In other words,
so long as the aggregate throughput of all ports does not exceed the bandwidth of the
network, no packets should be lost.
PTP support (either as a PTP switch or in transparency mode [8])
Bounded switching delay. There are no devices that will give a deterministic delay as the
packet passes through so the best we can hope for is a known maximum delay.
Multicast (single source, multiple destinations) support.
Up and running in a short time (<10s)

The functionality required, beyond this basic level, will depend on the application and the size of
the network. However, useful features include:
 network status reporting via SNMP (throughput, packet loss etc.)
 traffic management and prioritization

An example of a simple, small, rugged switch designed for extreme environments is the
NET/SWI/001 from ACRA CONTROL. This switch is designed to be up and running in a very
short time (<10s), will operate over an extended temperature range (-50C to +105C) and exceeds
MIL-STD-810 environmental specifications. It is intended to be used in small FTI environments
where a larger, fully managed switch, cannot survive.
The Grandmaster
Somewhere, the network has to get a notion of what the time is. In a distributed data acquisition
system each node maintains its own copy of time. So the problem then becomes one of both
distributing the time to all nodes, and subsequently ensuring that they remain time synchronized.
In networks the best solution for this is PTP[9]. With PTP a so called “grand master” distributes
time to all nodes at regular intervals. The nodes send check messages to determine network
transfer delays and compensate accordingly. With such techniques, nodes can be kept in sync to
better than 100ns. Once synchronized, nodes can use various techniques to guarantee sampling
synchronicity.
Although there are several grandmaster manufacturers, at the time of writing no commercial
stand-alone grandmasters are ruggedized for flight. There are ruggedized switch/grandmaster
combinations available, and some DAUs (e.g. the KAM-500) can be converted to a grandmaster
by the addition of a GPS time card. A combined solution like this saves another box on the test
article.
The Recorder
An IP recorder captures all network traffic. There are various types available. One approach
simply records the electrical levels on the bus and then allows the messages to be replayed later.
Another approach understands the messages well enough to unpack the data and store it. The
latter approach allows read-while-write data recovery during a test, permitting older data to be
randomly accessed and then relayed when requested. An example of this type of ruggedized IP
recorder is the KAM/MEM/005 expansion module for the KAM-500.
NETWORK MANAGEMENT
Standard Ethernet protocols provide options for managing the elements of a network. A popular
standard is SNMP[10] which defines a simple messaging protocol (GET, SET, etc.) for
communicating with network devices. The set of variables that can be managed is defined by an
application specific document called a Management Information Base (MIB).
The advantage of SNMP is that it is simple, fairly easy to define and implement, and powerful.
The disadvantage is that it requires, by definition, a network manager. Something has to
originate the GET and SET commands and capture and collate the responses. This is typically a
computer. While this is feasible in a large flying installations, it is usually impossible for smaller
installations. (SNMP support may still be useful in a smaller installation for pre or post flight
configuration, checking and debugging).

So for in-flight network management the system should support the old fashioned PCM approach
of embedding status and operational information in data words that can be captured or
transmitted with the data. For most applications SNMP is a “nice to have” but not essential.
DATA TRANSFER
When it comes to data transfer the two most popular protocols used are Transmission Control
Protocol (TCP) and User Datagram Protocol (UDP). TCP guarantees delivery, but carries a lot of
overhead and has unbounded latency. UDP is a lightweight “fire and forget” protocol that does
not guarantee delivery (rather like PCM) and has a bounded latency (for messages that are not
lost!).
In practice, UDP is the preferred protocol for streaming data for the following reasons:
 In streaming data it is often better to lose data than for it to arrive too late. Latency is
more important than reliability
 The overhead of acknowledgement and resend associated with TCP is too expensive
 We can design the network a priori to minimize the probability of packet loss. (Real FTI
networks have seen packet loss probabilities better than 10-9).
Real Time Protocol (RTP) is a protocol built on top of UDP that has some further elements to
improve reliability and delivery that may have applications in flight test although at the time of
writing there are no implementations available[11].
An important assumption about FTI networks that marks them apart from a normal office
network is that they can be designed to be “lossless”. This is because we know, in advance, just
how much traffic each node can generate based on its data inputs (both synchronous and
asynchronous) and the sampling rate. We can then ensure that the network backbone has enough
capacity to carry all the possible traffic. The addition of good quality switching infrastructure
with full buffering then ensures that traffic will not be lost at peak times (although the transfer
delay through the network may well vary with network load). This is one of the reasons that
UDP is attractive. (Indeed, TCP works against us here as it resends lost packets, meaning that we
cannot size the total traffic in the network in advance because we cannot predict how many resent packets will be carried at any time).
DATA CAPTURE AND PROCESSING

Another important implication of network FTI is that the data processing system needs to be able
to process and interpret the Ethernet data. The hardware configuration is much simpler, of course,
since a standard Ethernet port is all that is required. At present, there is no packet format
equivalent to IRIG-106 Chapter 4 for PCM. However, all packet formats have several things in
common:
 They contain a time stamp. This is the time that the first data sample in the packet was
captured (not the time the packet was transmitted or received – neither of these times
have any relevance)
 There is a sequence number. In Ethernet there is no guarantee that data arrives, or if it
does, that data from multiple Ethernet sources arrives in transmission order. The
sequence number greatly simplifies the processing of these packets.

The KAM-500 can generate several packet formats but the default is the IENA standard
published by Airbus [5]. There are several software packages that can capture and interpret these
packets natively, for example IADS® from Symvionics.
PRACTICAL APPLICATION AND EXPERIMENTS

ACRA CONTROL has been working with FTI networks since 2004, with the first flight of
networked data equipment occurring on the Airbus A380 in 2005. Since then the hardware and
software has been refined based on our experiences and we have installed and experimented with
several different types of Ethernet based data acquisition systems.
While the technology is still evolving the outcome has been extremely encouraging. Some of the
issues encountered, and the possible solutions are described in this section:
Networks are slow to “boot up”
It takes time for the network infrastructure to learn about itself, where nodes are, what traffic
goes where and so on. This might be acceptable for certain applications, but there are many
places where power drop-outs are common and fast recovery is essential. Steps to minimize this
are:
 Ensure that any DAUs in the system boot-up quickly (<10s). 30 seconds or more is too
long.
 Do not use dynamic address configuration (DHCP). Set the addresses of the nodes
manually so that they are addressable the moment they are live.
 Use simple unmanaged switches (if the network and traffic loads are small enough to
permit it) or use manual routing tables so that the switches do not have to “learn” too
much
 In high traffic situations use intelligent routing protocols (e.g. IGMP) to ensure that
traffic is routed only to where it should go. (This is slightly in contradiction with the
previous rule of thumb, so some compromise is necessary)
 DAUs should come up “live” and transmitting, and not depend on some configuration or
commands to operate. This implies that the DAU must be configured in advance and
retain its configuration in EEPROM.
 Do not use a network system manager on the test article. It becomes a single point of
failure, as well as the main source of “boot up” delay.
Ethernet is non-deterministic and does not guarantee delivery
This issue is a fact of Ethernet life. The only solution is to design the network infrastructure to
have more capacity than the expected traffic during the test. Assuming no buffer overflows and
UDP traffic then it is not difficult to keep the delay through the network from sensor to recorder
to less than 100ms. In experiments that ACRA CONTROL have performed, the delay on packets
transferred over the public internet, trans-continental, has been in the region of 160ms (with a
standard deviation of ~60ms).
Delivery is “best effort” and not guaranteed – but experiments have shown that in a properly
designed network the probability of packet loss is negligible.

The non-determinism has an impact on the “legacy PCM problem” as described in below.
The “Legacy PCM Problem”
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Figure 3: Transferring data over traditional Master/Slave link

Figure 3 shows a traditional PCM master/slave system. Data can be transferred from the slave to
the master in time Tx (using PCM, or CAIS or some proprietary means). Since data is sampled
simultaneously, it is available for transfer Ts times after the sample instance (where Ts is the time
to process the sample). Tx is known, and is constant as is Ts. So, any slave data placed in a PCM
frame at least (Tx + Ts) from the start of the frame can be transferred on time and will be
coherent with all the other data in the frame. (i.e. sampled in the same epoch as the frame).
Typically Tx is of the order of 3 or 4 microseconds.
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Figure 4: Transferring data over a networked system

In Figure 4 the same scenario is shown in a networked architecture. In this case Tx is not known,
nor is it constant. Switching delays tend to much longer than traditional transfer delays – 10s of
microseconds. It depends on what other traffic is on the network and other factors. We can define
an upper bound for it if we know the maximum switching delay for the switch, but the bottom
line is that we cannot guarantee that a sample taken late in the acquisition cycle can be
transferred to the PCM stream before the end of the major frame of that cycle. We cannot
guarantee coherency under all circumstances. This is an unavoidable issue when we are feeding a
deterministic source (the PCM encoder) over a non-deterministic medium (the Ethernet).

The solution to this issue is to treat data originating in chassis other than the PCM source chassis
as asynchronous bus data. So the data is captured on the PCM chassis, time stamped and
retransmitted. This is easiest to understand if the PCM frame is divided into “packet slots” that
group all the data from a given remote DAU. There is no requirement to treat the data this way,
the captured data could just as easily be split up and placed according to traditional PCM rules,
however it is easier to manage the time co-relation if each packet from each remote DAU is
captured as a continuous entity, time stamped, and placed in the frame.
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Figure 5: Embedding packet data in PCM

The data in the PCM frame is no longer coherent, but since each packet is coherent, and time
stamped, it is relatively easy to process and co-relate the data. Note that the data is not truly
asynchronous – if the DAUs are sampling simultaneously all samples will be taken at the same
time so the time stamp is needed only to re-align the sample temporally.
CONCLUSION

Networked FTI solutions are here and operating today. Nevertheless, the technology for
integrating these established COTS techniques is evolving. A gaping hole is the lack of standards
– something that iNET is trying to address. For an industry which is used to operating in a PCM
focused world, the switch to networked FTI involves some fundamental changes in how to think
about data acquisition. However, in general the use of open networks like Ethernet simplifies the
way things are done and opens new opportunities.
Designing, purchasing and installing FTI networks requires some understanding of networking
issues. However the DAUs that are used today are not radically different from their network
enabled cousins, and with some careful choices it is easy to transfer to a network based FTI
installation. The key things to remember are:
 The acquisition hardware must still survive in the hostile world of flight test: fast boot up,
pre configured to operate, must survive the environmental conditions.
 Any network needs a switch and a grandmaster.
 The processing software needs to handle networked information natively.
 If you need legacy PCM, then you need to think about how to handle remote data. It can
be managed, but the processing software needs to be aware of the time implications
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ABSTRACT
The US Army Research Laboratory has been involved in the design and implementation of
electromagnetic gun technology for the past several years. One of the primary factors of this
research is an accurate assessment of in-bore structural loads on the launch projectiles. This
assessment is essential for the design of mass-efficient launch packages for electromagnetic
guns. If not properly accounted for, projectile failure can result. In order to better understand
the magnitude of the in-bore loads, a data-recorder was integrated with an armature and on-board
payload that included tri-directional accelerometers and magnetic field sensors. Several
packages were launched from an electromagnetic railgun located at Aberdeen Proving Ground,
MD. Substantial effort was placed on soft-catching the rounds in order to facilitate data
recovery. Analysis of the recovered data provided acceleration and magnetic field data acquired
during the launch event.

KEYWORDS
Electromagnetic Gun, On-Board Recorder, Tri-directional Accelerometers, In-bore Data
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INTRODUCTION
Electromagnetic (EM) Gun research has been an ongoing effort at the US Army Research
Laboratory in APG, MD for the past several years. During this time, a significant amount of
time and effort has been concentrated on the development of EM pulsed power, launcher design
and materials and EM armatures and projectiles. The Propulsion Science Branch (PSB) of the
Weapons and Materials Research Directorate of ARL has been a major contributor to this
ongoing research. An Electromagnetic Railgun has been built at the ARL EM Experimental
Facility in APG and is being used by the PSB to test different iterations of EM projectiles and
armatures. One part of this testing is to determine the characteristics of the in-bore structural
loads on the test projectiles. In order to better understand these in-bore loads, the PSB initiated a
joint effort with the Advanced Munitions Concepts Branch (AMCB) to instrument a test
projectile with an on-board recorder and sensors which could measure these loads. The test plan
was to fire these projectiles using the EM railgun, recover the projectiles using a soft-catch
recovery system and download and analyze the data from the on-board recorder. AMCB was
well suited for this task since they have been providing in-flight diagnostics for a wide variety of
programs and projectiles for many years. This paper will cover the design and implementation
of an instrumented EM projectile which provided in-bore acceleration measurements of the EM
Railgun. An overview of the projectile, sensors, electronics, test set-up and flight measurements
will also be included.

FLIGHT PROJECTILE
The first step in this project was the development of a flight projectile for use in the EM gun.
The projectile design used for these tests is shown in figures 1 and 2. The projectile had
dimensions of 11.53cm in length and 3.81cm in diameter. Both inert, or dummy, rounds and
instrumented rounds were fabricated. The dummy rounds were made of solid aluminum and
would be used as preliminary shots to verify the test set-up. The instrumented rounds were also
made of aluminum with a solid nose section and hollowed out body which would hold the
electronics package. Each round had a weight of around 250 grams and included nylon bands
which would insulate the projectile from the rails. An EM armature was used in each test to
push the projectile down the tube and would become detached once the projectile exited the gun.
Body

Front Band

Rear Cup/Band

Figure 1: Test Projectile

Sensors & Electronics

Nose

Figure 2: Cross-section of Projectile
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Since a soft recovery system was being used to catch each projectile, the projectile design was
focused more on impact survivability rather then flight stability. However, aerodynamic
predictions were still conducted using an empirically based aerodynamic predictive code called
PRODAS. The stability analysis for the final projectile design is shown in figure 3.

Muzzle Velocity
300.0 m/sec
Air Density
1.22500 kg/m^3
Muzzle Spin Rate 375. CPS
CP from Nose
3.33 cm
CG from Nose
4.63 cm
Mach Number
0.88
Ballistic Coeff
0.165
Deceleration
429.81 m/s/1000m

Mass
209.4 gms
Air Temperature
15.0 C
Muzzle Exit Twist 21.0 cal/rev
CP from Nose
0.90 Calibers
CG from Nose
1.26 Calibers
Gyro Stab Factor 6.71
Cd at Muzzle
0.460
Muzzle Jump Factor 0.120 mils/rad/sec

Figure 3: Predicted Static Stability of Projectile

SENSORS AND ELECTRONICS
The electronics instrumentation package used for this project was based on a previous design
concept created by AMCB for use on a 25mm projectile. The inertial sensor suite section of the
electronics consisted of a 17.5mm diameter board which incorporated a total of eleven sensors.
These sensors included three axis of magnetic field measurement, two axis of angular rate, three
axis of low-G acceleration and three axis of high-G acceleration. In the case of the EM gun
projectile, the critical sensor data was the axial high-G setback acceleration. The accelerometers
used were Endevco model 7270A 20,000G piezoresistive accelerometers. The 7270A is a single
axis sensor so three of them were used. The accelerometers were positioned within the projectile
in order to obtain both axial and radial in-bore setback acceleration data.
The on-board recorder was designed by engineers at the Georgia Tech Research Institute (GTRI)
as part of a joint ARL/GTRI 25mm projectile program. It was originally designed to take eleven
channels of data, but was modified for use on the EM gun projectile. In this case, only the three
channels of high-G acceleration were recorded. This allowed the recorder to sample at a much
higher rate while still maintaining a 12-bit resolution. The complete electronics stack is shown
in figure 4.
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Sensor Suite
Interface Board

Accel Cube
Recorder
Figure 4: Electronics Stack
Once the electronics were assembled, they were integrated into the EM projectile. This was
done by first inserting the stack into a plastic sleeve which would hold the boards in place and
assure the correct orientation of the sensors. The batteries were then attached to the stack and
placed in the lower section of the plastic sleeve. The electronics were then encapsulated using a
potting compound to help increase the survivability of the stack. The entire sleeve was then
inserted into the projectile and a final encapsulation was done. Communication between the
internal recorder and external equipment was done through connectors on the top side of the
interface board. Figures 5, 6 and 7 show an overview of the assembly process.

J

Plastic
Sleeve

K
I

Battery
Sensors
Recorder / Interface Boards
Figure 5: Electronics Module Concept

Figure 6: Actual Electronics Module

Figure 7: Electronics Module Inserted into Projectile
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TEST SETUP AND PRELIMINARY TEST SHOTS
All testing was conducted using the EM railgun located at the ARL EM Experimental Facility.
A soft-catch recovery system, shown in figure 8, was used to capture each round that was fired.
Catch Tube
EM Gun

Distance from Gun Exit
to Catch Tube ≈ 4ft.
Figure 8: Experimental Test Setup
Dummy rounds, which were identical in shape and size to the instrumented rounds, were used to
verify that the test setup would work as expected. A major concern was whether or not the softcatch recovery system would indeed successfully capture the rounds since this had never been
tried before. The first two projectiles fired, shown in figures 10 and 11, were successfully caught
and recovered, but were severely damaged during the process. In order to avoid damage to
subsequent rounds, the catch tube configuration was modified in-between each of the tests until
an optimum setup was found. A third dummy round was fired and successfully recovered with
no apparent damage as shown in figure 12.

Figure 10: Dummy Projectile #1

Figure 12: Projectile #3
Successfully Recovered

Figure 9: Dummy Projectile
Figure 11: Dummy Projectile #2
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INSTRUMENTED TEST ROUND SHOTS
After the first successful recovery of a dummy projectile, the first instrumented round, unit #1,
was fired. Unfortunately, the round was damaged during the shot, figure 13, and no data was
recovered. In order to determine the exact cause of failure, an X-ray analysis of unit #1 was
conducted, figure 14, and then the electronics module was extracted, figures 15 and 16. It was
determined that the reason for failure was due to damage to the batteries located in the back end
of the projectile. Additional testing showed that while the batteries were no longer functional,
the electronics and sensors were still working properly. This was very encouraging considering
the amount of damage present on the round.

Figure 13: Unit #1 After Recovery
Back End of Projectile Damaged

Figure 14: X-ray of Unit #1
Shows Damage to Batteries

Figures 15 and 16: Unit #1 Electronics Module After Extraction
Back End of Module (location of batteries) Badly Damaged
After further consideration, it was concluded that the damage to the round was not caused by the
recovery system, but rather by the armature hitting into the back of the projectile once in the
catch tube. It was initially believed to be an isolated incident and firing of the instrumented
projectiles continued. Unit #3 was the next projectile fired and was successfully recovered with
no damage to the projectile. Data was successfully downloaded from the unit and is examined in
the next section. However, after firing unit #3 a second time, the unit was damaged and the data
was lost due to a failure of the batteries. Photos shown in figures 17 and 18 prove that the
damage was once again caused by the armature impacting the back of the projectile once inside
the catch tube. While this was initially thought to be an isolated incident, these results showed
that further modifications to the recovery system were necessary.
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Figure 17: Unit #3 After Second Shot

Figure 18: Unit #3 with Recovered Armature
Damage Apparently Caused By Armature Impact into Projectile

FLIGHT TEST RESULTS
Although unit #3 was damaged during it’s second shot, data was successfully recovered from the
unit the first time it was fired, figures 19 thru 23. The recovered data provided axial and radial
in-bore accelerations. Velocity and position could also be calculated from the acceleration data.
Shot 401 - Unit 3 - Axial Acceleration Data
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Figures 19 and 20: Axial Acceleration Data from Unit #3 Shot #1
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Shot 401 - Unit 3 - Axial Velocity and Position Data
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Figure 21: Axial Velocity and Position Data from Unit #3 Shot #1
Shot 401 - Unit 3 - Radial (J) Acceleration Data
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Figures 22 and 23: Radial Acceleration Data from Unit #3 Shot #1
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40

The final instrumented projectile fired was unit #4. Unit #4 was successfully fired and recovered
two times, providing good data after each test. The unit was still completely functional after
testing was completed. Resultant data from these tests are shown in figures 24 thru 29.
Shot 404 - Unit 4 - Axial Acceleration Data
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Figures 24 and 25: Axial Acceleration Data from Unit #4 Shot #1
Shot 404 - Unit 4 - Axial Velocity and Position Data
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Figure 26: Axial Velocity and Position Data from Unit #4 Shot #1
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Figures 27 and 28: Axial Acceleration Data from Unit #4 Shot #2
Shot 407 - Unit 4 - Axial Acceleration Data
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Figure 29: Axial Velocity and Position Data from Unit #4 Shot #2
CONCLUSIONS
In-bore acceleration data was successfully captured and retrieved from multiple EM railgun
projectiles. The on-board electronics survived the EM pulse and high-G launch and recovery.
Issues with the recovery system were resolved as testing progressed. Overall, an effective
system for measuring in-bore accelerations of an EM gun was achieved and demonstrated.
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Abstract
The U.S. Army Research Laboratory (ARL) is exploring technologies to provide low-cost
precision fires, applicable across both direct and indirect fire weapon systems. One of these
applications involves a forward observer (FO) designating the target with a laser spot and a
seeker on-board the munition detecting the reflected energy to allow terminal guidance. This
approach, referred to as semi-active laser (SAL) guidance, has been utilized on numerous airdelivered munitions to include bombs, missiles and projectiles. However, the cost of these
systems, driven by high quality optics, high sensitivity detectors and specialized electronics, has
hampered their migration into gun-fired munitions such as mortars, artillery and grenades. To
explore, develop and demonstrate minimal cost solutions, ARL invested in an Army Technical
Objective (ATO) called Smaller, Lighter, Cheaper Munition Components (SLCMC).
Specifically, SAL seeker hardware, predicated upon commercial components (COTS) and mass
production techniques, is being prototyped for use with gun launched projectiles and laser target
designators. The seeker system is comprised of several printed circuit board boards, a
microprocessor, a quad-photo detector and, a molded optical lens unit. This seeker is designed to
rapidly update the projectile boresight angle, interface with other strap-down sensors, and feed
data into an on-board guidance, navigation & control (G,N&C) system to allow for projectile
maneuvers. The seeker design and basic characteristics are discussed and presented through-out
the paper and presentation.

Key Words
Seeker, Munitions, Precision fires, Artillery, Semi-active laser, Guidance systems, Strap-down
sensors

* Employed with Dynamics Sciences, Incorporated, under contract to ARL, APG, MD
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1. Introduction
Semi-Active Laser (SAL) guidance is utilized on the modern battlefield for multiple weapon
systems ranging from rockets to missiles to guided bombs. The SAL guidance scheme relies on
a laser designator to illuminate the target with energy. The reflected light and is then sensed by
the seeker on the weapon system, usually containing a quadrant photo detector, for homing in on
the energy reflected from the target [1]. Invented in 1960, the laser (light amplification by
stimulated emission of radiation) has made a valuable contribution to many modern weapons.
Early systems employing laser guidance were the Maverick, Copperhead, and Hellfire missiles
which entered service in the late 1970’s. These weapons systems employed semi-active laser
homing seekers, operating at a wavelength of 1.06 micros, which are still being used and further
developed today. These weapons are said to be semi-active because they do not emit the laser
energy that passively they detect and track, in other words, the weapon system does not have a
laser source installed but relies on an external laser designator. At present, the US Army has a
very limited inventory of laser-guided, cannon-launched munitions, such as the 'Copperhead'
laser-guided artillery shell. These precision weapons are typically quite costly and employed at
medium to long ranges (i.e. > 3km). As a result, the U.S. Army has the need for low-cost, small,
light-weight precision munitions, particularly a low-cost SAL seeker system for use at shorter
ranges (i.e. 200m to < 3km).
This paper describes the conception and development of a low-cost SAL seeker for precision
guidance of gun-launched munitions. Although a gun launched projectile was selected as the
demonstration platform, the technology is adaptable to any artillery type projectile. To assure the
lowest cost implementation, COTS electronic components were used exclusivly.
Figure 1 illustrates a short-range target engagement scenario where a concealed soldier selects an
enemy building as the target for a laser-guided precision mortar by designating it with his
compact, rifle-mounted, optical sight and laser designator. Note that digitally encoded target
information can also be communicated from the soldier to the incoming precision mortar by
means of suitable modulation of the designator laser pulses.
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2. SAL Seeker Basis
The seeker technology is based on a nose-mounted, near-Infra-Red (near-IR), fixed 'strap-down'
(i.e. not gyro mounted or gimbaled) SAL seeker using a direct semi-focused laser spot impinging
on a four-quadrant photo-detector. A semi-focused spot on a four-quadrant detector is illustrated
in Figure 2., which shows the target error vector (dx, dy) from the mortar bore-sight can be
readily computed from the relative laser pulse illumination powers detected on the four
quadrants.
The target error vectors (dx, dy) sampled and measured at the detection of each of the target
reflected designated laser pulses, are input to a micro-controller, for digital signal processing in a
flight control algorithm, to control the terminal flight phase of the projectile so as to guide it
precisely onto its target by seeking to reduce the target error/offset angles from bore-sight to
zero. The SAL seeker control system diagram is shown in Figure 3 and illustrates the laser target
designation pulse function, seeker front-end laser pulse photo detection, followed by sampling,
processor target/mortar model estimation, and flight control actuation. The flight control
actuation modifies the projectile flight path, through interaction of aerodynamic forces, to reduce
the target-mortar error angles towards zero and so hit the target precisely, in a sampled, closedloop fashion.
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3. Block Diagram / Implementation
Figure 4 illustrates the specific SAL seeker in block diagram form by showing the
interconnectivity between the three, specially developed, seeker electronic sub-systems. The
front-end analog board holds the four-quadrant photo-detector, optical semi-focusing lens, and
optical filter on one side of the board to capture the incoming target-reflected laser designator
pulses. The other side of the board holds the precision analog electronics necessary for accurate
laser pulse detection over the full dynamic range of target engagement. The interface board
provides precision sampling and analog-to-digital conversion of the detected laser pulses under
control from the processor/logic section. It also provides a control/status interface to the
processor/logic board, and a transceiver section for optional use as a telemetry/control link is
included. The processor/logic section provides the main computing power to run the flight
control algorithms, guidance/actuator control outputs, and other onboard guidance sensor inputs.
An overarching strategy for implementing this low-cost SAL seeker in a nominal tactical system
is presented in Figure 5. The G,N&C system is broken into 5 major elements: SAL seeker,
inertial measurement unit, navigation algorithms, guidance and control algorithms, and
actuator/control mechanism. Regardless of whether a gimbaled or strap-down system has been
implemented, though our approach is focused on low-cost strap-down hardware, a threshold in
signal-to-noise ratio is prescribed to determine lock-on of the seeker. Atmospheric
transmissivity (and therefore battlefield obscurants), scattering nature of the target (diffuse or
specular reflectivity), laser energy, detector sensitivity, and path length (range from designator to
target to detector) all factor into SAL seeker performance. The laser-range equation
encompasses these parameters and is often used for rapid effectiveness analysis. The results of
theoretical calculations of the maximum range for this seeker, based upon the standard laser
range equation [2], and measured values of reflectivity for various objects including olive drab
painted surfaces [3], are provided in Table 1. It is noted that under the most modest laser range
conditions and assuming the smallest seeker optical aperture under consideration, in this case
10mm diameter, the maximum range ( > 1 km) is still quite useful for indirect fire applications.
These calculations assume a laser designator having pulse durations of 8 ns and an inexpensive
commercially available Silicon quad-photo detector.
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Figure 1. SAL seeker concept with solider illuminating target for projectile to impact.
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Figure 2. Schematic diagram of optical quad-detector with the standard relations for measured
photo current and laser spot offset in x and y directions required for determining the position of
the reflected laser energy from target designator.
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Figure 3. SAL seeker system control diagram.
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Flight
Dynamics

Table 1. Theoretical Seeker Range Values for Various Laser Designator Power Levels, Targets,
Free Space Conditions, and Optical Apertures.

Max
Range (m)

20,575
14,549
8,313
3,695
2,612
1,168

Laser
designator
pulse energy
(mJ)
80
80
80
80
40
40

Target
Reflectivity

Free Space
Propagation
loss

0.9
0.9
0.9
0.4
0.4
0.4

0.7
0.7
0.4
0.4
0.4
0.4

10

Seeker
Aperture
Diameter
(mm)
100
50
50
50
50
10

Conclusions
The basic design and performance characteristics of a semi-active laser (SAL) seeker,
appropriate for both direct and indirect fire applications, has been presented and discussed. This
system represents a truly affordable, COTS based, SAL seeker guidance system for guided
projectile applications with component costs totaling $300. The design and analysis indicates an
effective solution for strap-down munitions applications is quite feasible, thus warranting
continued studies with prototype hardware currently under development. Further studies will
include confirmatory experiments under realistic conditions as well as coupling to a complete
G,N&C system and hardware-in-the-loop simulation. This will provide for more exactly
determining the system dynamic response and effective accuracy improvements.
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ABSTRACT
The ALMA Project is developing a 66 antenna radio astronomy array on a 5000 meter mountain
in Chile. Radio astronomy depends on a radio frequency quiet area. The remote mountain top is
ideal for such a radio astronomy array. However, RFI from equipment inside one type of
antenna had a path loss of 13 dB to its feed area, when measured at 100 GHz. Carbon filled
foam is being used to enhance shielding to reduce the negative effect of local radio frequency
interference (RFI). This foam has been measured and verified to be effective from 1 to 100
GHz.

ALMA PROJECT AND NRAO
ALMA (Atacama Large Millimeter/submillimeter Array) is an international astronomy facility
being developed and fabricated among partners from Europe, Japan, and North America in
cooperation with the Republic of Chile. A 66 antenna array is being installed in northern Chile
at 5000 meter altitude. Some 54 antennas will be 12 meters in diameter, and 12 antennas will be
7 meters in diameter. In the most densely packed phased array formation, antennae are as close
as 25 meters and will need to be shielded from RFI radiation from adjacent antenna electronics.
In North America ALMA is being led by the National Radio Astronomy Observatory (NRAO),
which is managed by Associated Universities, Inc. (AUI). The test site is the ALMA Test
Facility (ATF) located at the Very Large Array (VLA) site on the plains of St. Augustine, New
Mexico. At this site we have constructed a metal reverberation chamber where our shielding

Page 1 of 10

measurements are made to an accuracy of 4 dB. Shielding down to 130 dB can be measured
using this facility [1]. A portion of the North American effort is called “Backend Electronics
(BEND)” and the BEND is located at NRAO Array Operation Center in Socorro, New Mexico.

THE BEND SYSTEM
The BEND consists of analog and digital electronics electronically located just below the
cryogenically cooled Front End. There are two BEND shielded racks within the antenna cabin of
each of the antennas in the array. These racks are fastened to the antenna cabin floor and move
in azimuth and elevation with the antenna. One of these racks is the analog rack, which contains
two tunable Intermediate Frequency Processors at 4-12 GHz, four 2nd Local Oscillators at 8-14
GHz, a Local Oscillator Laser fiber optic Reference Receiver, one First Local Oscillator Off-set
Generator, and one multi-output Power Supply.
The other rack is the digital rack, which contains a Digital Clock, four Digital Transmission
System modules, a diskless computer, an Ethernet Switch, an Ethernet Controlled Power Switch,
an optical multiplexer, and one Power Supply.
To keep undesired analog and digital RFI signals within the racks from contaminating the
antenna’s front end (or the front ends of other nearby antennas), the BEND employs high level
shielded racks. Where greater shielding is required, the modules housed by the rack are also
shielded using the same carbon absorber foam. Each of these layers of shielding is added to give
a very impressive total shielding.

ENVIRONMENT
By its very nature, radio astronomy work requires a radio frequency quiet environment. The
radio frequency noise emanating from stars is many orders of magnitude weaker than locally
generated RFI. ALMA is ideally located at a 5000 meter altitude to reduce atmospheric
absorption. It is also on a remote Chilean mountain, with no RFI from nearby towns. This
location means no cell phones, microwave ovens, etc. While the physical environment is ideal,
the project is sensitive to in-band interference from itself. Let us put the received cosmic signal
level (<-200 dBW/Hz) and undesired RFI noise (<-90 dBW/Hz) in perspective. In fact the
antenna front end is cooled to about 4 Kelvin and detects cosmic signals much weaker than that
radiated from say a bird that might land on the feed horn. This noise level will saturate the
receiver, so internal RFI will need to be shielded tens of dB below that kind of level. That makes
the need for RFI shielding one of the most extreme cases in our technology.

BEND EQUIPMENT RACKS
The BEND analog rack contains RFI signals originating from 1 Ghz to about 14 Ghz. The
harmonics of some of this electronics is strong enough to cause harmful interference above 240
GHz. The Digital rack contains a high speed analog-to-digital converter running at 4Giga
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samples/second. To prevent RFI which radiate from both these racks finding a path into any
receiver front ends, the BEND group utilizes shielded racks. An NRAO contract (see [4])
resulted in custom Equipto Model 990-4585-0920 Rev 2 high level shielded racks. These racks
typically exhibit better than 80 dB shielding level at 10 GHz without the use of any foam.

CARBON FILLED FOAM
During the BEND design process, it was discovered that particular carbon-filled foam would
absorb radio frequency energy and effectively increase the shielding level of the BEND racks.
When this foam is placed inside a shielded enclosure of at least 35 db, it can improve shielding
by 10 to 30 dB depending on its placement and the quantity used. When the foam was placed on
flat surfaces inside our rack it increased shielding by as much as 15 dB for some frequencies. If
more inside space was foam filled, Equipto rack shielding of 110 dB could be possible. Space
limitations made a 15dB shielding improvement practical.
Deployment of the foam took place in the form of installation of LD32CN Zotefoam on the
inside of both rack doors and on the interior sides of the rack. The conductive cross-linked
polyethylene foam is economical, should give years of service, and is fire retardant. This extra
shielding from the foam does not rely on clean electrical contact as with metal shielding and thus
is expected to remain useful for years. This foam does not shed or crumble like other microwave
absorber foam products tested for this application. The same foam has good prospects of making
a well shielded rack and enclosures at higher frequencies (100 GHz) where shielding is more
difficult to obtain. LD32CN carbon foam was used effectively at 100 GHz for shielding
enhancements on the 12 meter antenna, holographic surface adjustment [7]. The graph in Figure
1 shows the 100 GHz reflected energy, (S11) after absorption by the LD32CN foam selected.
The photo in Figure 2 shows the measurement setup. The original setup was similar for 1-50
GHz where transmitted energy (S21) was also used to make the foam type selection.

Figure 1
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Figure 2

SHIELDING TEST DATA
Initial shielding measurements were done in the uncertified NRAO metal reverberation chamber
then verified at another test facility. During the early part of the Equipto contract, NRAO had
Equipto and their test lab, Radiometrics, shield test a given rack with and without foam in the
interior of the rack. The test data in the tables below is taken from a Radiometrics Test Report
(see [5]). The darker line (blue) is shielding level with Zotefoam. The lighter color (pink) is
shielding level without Zotefoam. Figures 3 to 8 exhibit the various shielding levels for different
orientations of the rack. The Radiometrics test setup is shown in Figure 9.

INCREASED SHIELDING LEVEL DUE TO FOAM
The test data show that the foam typically enhances the shielding level of the rack by about 10 to
15 dB from about 1 to 8 GHz. This varies somewhat depending on orientation of the source and
receive antenna as the rack is repositioned. As a result multiple data runs must be made and
summed using the max peak value. This is backward traceable to a calibrated, stepped RF
generator. For other various modules fitted with LD32 foam, shielding improvements of 25-30
dB were seen. Some modules had no provision for foam inserts. However, this option is held in
reserve if - after final shielding tests - better shielding is required.
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ECONOMIC SHIELDING INCREASE
Cost to procure and install the Zotefoam is about US$945 per rack. This includes some labor to
install the Zotefoam. In other work, 8 foot by 4 foot sheets of 1.5 inch thickness were also
bought for US$45 per sheet. The prices of other e-field RF absorber foam products were five or
ten times higher. Radio frequency absorbers which work by H-field coupling should be placed
close to conductive walls. They only absorb a narrow spectrum and are extremely expensive.

CONCLUSIONS
For less than US$1000 per rack, NRAO has increased shielding levels at least 10 to 15 dB.
Inside these racks are modules (other layers of RFI shielding), some of which are enhanced with
carbon foam. NRAO has estimated it would be far more costly to obtain this same level of
increased shielding by other electro-mechanical means. The placement of these carbon foam
slabs was not ideal but is an engineering compromise. This kind of RF absorption works best if
placed away from conductive walls where RF E-fields are at maximum. One ideal placement of
the foam was as an air duct, which placed it away from conductive walls.
The final shielding budget test is a total system test where the actual ALMA radio telescope will
be used to look for its own RFI leakage and radiation. This will be far more sensitive than any
other test facility available to us. The central computer building will also need to be tested
because costly recommendations for RF shielding were rejected, and the brick walls will only
yield ~15 dB of shielding.
This is the same approach used to upgrade and RFI test the EVLA [6]. This test will start with
the doors to many layers of shielding open to deliberately radiate RFI so that the strongest
emissions can be identified. With this spectral mask in place the doors are closed and the
telescope is set to its most sensitive configuration. The number of dB any RFI is above the noise
indicates how many dB further shielding is required. The extra shielding layers held in reserve
can then be applied as needed. In this way, one obtains the exact required shielding at the lowest
cost.
The absorption of the foam used was selected from a choice of three known foam types. There is
room for further experimentation if the manufacturer finds economic interest in optimizing such
a product. In fact, the adhesive used to attach the carbon foam sheets to metal walls could be
made to include H-field RF absorbers for a far superior result. All things considered, this is a
very inexpensive way for rack manufacturers to improve their product over a very broad
spectrum.

ALMA PROJECT
Further details about ALMA and the project challenges are available in [3].
www.alma.nrao.edu for additional details.
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ABSTRACT
Testing of directed-energy weapon systems requires continuous radio-wave telemetry in order to
characterize in situ the effect of irradiation on a target. The telemetry in these cases might be
disrupted due to plasma formation causing communication blackout. In this paper several
mitigation approaches, namely electrostatic and electromagnetic, are considered. 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 ExB layer in the plasma, consequent plasma acceleration, and resulting decrease
in the plasma density.
In order to assess these mitigation approaches, one needs to characterize the plasma which is
created as a result of laser irradiation on different target materials and under various laser beam
power levels. We developed a model of the plasma formation which is based on a kinetic
description of the Knudsen layer and a hydrodynamic description of the collision-dominated
plasma region which is coupled with analyses of the heat transfer in the target material. The
overall model describes the absorption of the laser energy by the target and the resulting
temperature rise in the surface. This temperature rise then induces ablation of the target material.
Laser energy absorption by the plasma plume created above the surface is also considered.
Analysis of the ablation rate of various targets subject to directed energy impact was performed.
We considered a typical multilayer structure consisting of black paint, titanium, and aluminum
layers. For instance, it was found that the aluminum layer has the highest ablation rate, while the
black pain layer has the smallest rate for a given surface temperature.
*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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INTRODUCTION
Testing and evaluation of the directed energy weapon system requires continuous radio-wave
telemetry in order to characterize in situ the effects of laser irradiation on different target
materials. Unfortunately, the incident radiation can cause disruption of the radio signal during
the directed-energy testing. Several phenomena associated with directed-energy impact can lead
to communication path losses, such as ablation, charged particle emission, charring, and
chemical changes in the target materials. The incidence of a high-power laser pulse onto a
material leads to local heating and consequent ablation. The ablated material continues to
expand, compressing the air and forming a shock wave. Within the plasma and near the shock
front, the combination of high-air temperatures and the ablated material causes complex
chemical reactions leading to ionization, recombination, and excitation. In addition, chemical
reactions between the ablated material and air molecules are possible at these elevated air
temperatures.
There have been a number of numerical models proposed to analyze the laser-solid interaction
and ablation process1-15. The main advance in this study is self-consistent treatment of the
ablation, heat transfer, plasma generation, and plasma-laser interactions. In particular, we
developed a model of the plasma formation based on a kinetic description of the Knudsen layer
and a hydrodynamic description of the collision-dominated plasma region. Our project is focused
on the ablation of metals with high laser fluences varying from 1 to 100 J/cm2 with beam
diameter of 1 to 50 cm. Enthalpy model16-18 is considered for heat diffusion, as it does not
require information of solid-liquid phase fronts.
Our model describes the absorption of the laser energy by the target and the resulting
temperature rise in the surface. This temperature rise induces ablation of the target material.
Results for an aluminum target irradiated with a KrF laser were obtained from the model. Laser
energy absorption by the plasma plume created above the surface was also considered. Analysis
of the ablation rate of various targets subject to directed energy impact was performed. It was
found that the ablation rate depends on the surface temperature as well as plasma density in the
target vicinity. We considered a typical multilayer structure consisting of carbon, titanium, and
aluminum layers. It was found that the aluminum layer has the highest ablation rate, while the
carbon layer has the smallest rate for a given surface temperature. In addition, electrostatic and
electromagnetic mitigation techniques were developed to allow direct radio communication
through the plasma layer.

MODEL DESCRIPTION: LASER-TARGET INTERACTION
In the following we briefly describe the overall model. More details about the model can be
found elsewhere16. We consider the laser beam of a Gaussian profile having fluencies as the
parameter. Schematically laser-target interaction is presented in figure 1.
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Figure 1 Schematic of Directed Energy (DE) Interactions

The surface temperature of the target material due to the laser beam was computed from the
following equation16,

cρ

∂T ( z , t )
= ∇{K (T ( z , t ) )∇T ( z , t )} + qlaser ( z , t )
∂t

(1)

where c is the specific heat of the material, ρ is the density, K is the temperature dependent heat
conductivity, and qlaser is the heat source due to the absorption of laser radiation. The heat source
term in Eq. (1) is given by
qlaser ( z , t ) = μ ( z ) I ( z , t )

(2)

where μ is the absorption coefficient and I is the laser beam irradiance, and is given as

⎡ z
⎤
I ( z , t ) = AI O (t ) exp ⎢− ∫ μ ( z , t )dz ⎥
⎣ 0
⎦

(3)

where A is the surface absorptivity and IO is the irradiance of the incident beam. Laser
irradiances in the range of 0.1 to 30 kW/cm2 were considered. The effects of convective heat
exchange with the external airflow, thermal radiation from the surface, and evaporation of the
metal surface will also be incorporated in order to obtain an accurate description of the thermal
field in the target material; thereby, providing an accurate surface temperature for use with the
kinetic model for ablation. Assuming quasi-neutrality in the plasma and local thermodynamic
equilibrium (LTE), the electron temperature can be obtained from the energy balance equation
written in this form16
∂T p
3
neV
= QIB − Qei − Qλ
2
∂z

(4)

where Tp is the electron temperature, ne is the electron density, Qei is the rate of energy transfer
from electrons to ions, Qλ is the rate of energy transfer due to thermal conductivity, and QIB is the
power density absorbed by electrons via the inverse bremsstrahlung effect, given by
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QIB = α IB I O exp(−α IB x)

(5)

where IO is the laser power density, and αIB is the inverse bremsstrahlung coefficient. This
coefficient can be calculated as

α IB = 1.37 × 10 −35 λ3 ne2Te−1 / 2

(6)

where λ is the laser wavelength in microns and αIB is in units of cm-1. The electron density in the
previous equations can be calculated from the Saha equation1,12 once the plasma density has been
obtained. The plasma density at the surface can be determined if the equilibrium vapor pressure
can be specified. The following relation5 gives the equilibrium pressure as

log p = A −

B
T0

(7)

where A and B are parameters of a given metal and T0 is the temperature at the surface. The
equation of state P = n0kT0 can then be used to calculate the density at the surface.
The heating of the target and subsequent ablation of material forms a plume in the vacuum above
the surface that continues to develop with increasing temperature and density, causing the
ionization of the vapor and the formation of a plasma. This rise in temperature and density means
the collisions between particles becomes frequent enough for the assumption of local
thermodynamic equilibrium to be adopted for the description of the plume expansion. This
assumption implies that thermal equilibrium is established between neutrals, ions, and electrons
in a sufficiently small region of the vapor and a common temperature can be used to characterize
them. Furthermore, the Saha equation can then be employed to determine the fraction of
electrons, ions, and neutrals in the vapor. The expansion of the vapor in the vicinity of the
ablated target is modeled using the Euler equations12,19. The system of equations includes the
conservation of energy, momentum, and energy.

MODEL DESCRIPTION: MITIGATION APPROACHES
Electromagnetic Approach

In this section, we introduce the electromagnetic, cross electric and magnetic fields (ExB) layer
to reduce the plasma number density. In this approach, we consider two different limiting cases
which are the plasma-optic regime and the magneto-hydro-dynamic (MHD) regime, respectively.
The plasma-optic regime has a partially magnetized plasma which means ions are unmagnetized
and electrons are magnetized. In the MHD regime, both the ions and the electrons are
magnetized. The regimes occur under different plasma number density conditions. The E×B drift
is the main acceleration factor in the plasma-optic regime. The main issue of this regime is the
maintenance of a strong electric field across the magnetic field. However, at a relatively dense
plasma condition, ion acceleration is still possible but requires a stronger magnetic field. Under
this case, ion-neutral coupling becomes more important than the relatively low density plasma
condition. The strong ion-neutral coupling means that ions and neutrals act as one fluid. In this
4

case, we need to consider magnetized ions. This is called the MHD regime, which is considered
at a relatively dense plasma condition. The main acceleration mechanism of the MHD regime is
the JxB drift. The applied hydrodynamic model is described as follows:
∇ ⋅ ( Vi ni ) = 0

8

mi ni ( Vi ⋅ ∇Vi ) = eni ( E + Vi × B ) − ∇Pi − me niν ie ( Vi − Ve ) − mi niν in ( Vi − Vn )
0 = −ene ( E + Ve × B ) − ∇Pe − me neν ei ( Ve − Vi ) − me neν en ( Ve − Vn )
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Equation (8) describes ion mass conservation and equations. (9) and 10) describe ion and
electron momentum conservation, respectively. Equations (8) through (10) can be simplified
using the following general assumptions:
(1)
(2)
(3)
(4)

The ExB layer is quasi-neutral
The neutrals are at rest
There is no ionization in the ExB layer
Te is constant

The assumption that neutrals are at rest maximizes the effect of the ion-neutral drag term.
Because the ion temperature is relatively small compared with the electron temperature, the ion
pressure term of Eq. (9) is negligible. In the MHD regime, we assume that the ion and electron
velocities are the same because there is no current generation due to the ExB drift.
Electrostatic Approach

As a possible method to reduce electron density in the plasma layer and, thus to, increase
possibility for direct radio communication though the plasma layer, we introduce the electrostatic
plasma sheath. When a negative voltage is applied to a cathode in a plasma, a plasma sheath is
formed. Because electrons are depleted from the sheath, the sheath generates a region of depleted
electron density area, a ‘hole.’ Since the ‘hole’ has a negligible number of electrons, it gives a
possibility of communication through the plasma layer. For this case, the size of the plasma hole
is important since it must contain the physical size of the transmission and/or reception antennas.
Before we consider a two-dimensional sheath, we need to look at the one-dimensional case. In
the one-dimensional steady state case, the sheath thickness can be estimated according to the
Child-Langmuir law2.
3/ 4
U
⎛ 4 ⎞ ⎛ 2Z e ⎞
s = ⎜ ε0 ⎟ ⎜ i ⎟
⎝ 9 ⎠ ⎝ mi ⎠ ( eZ i nV )1/ 2
1/ 4

1/ 2

(11)

where V is the ion velocity at the sheath edge, U is the voltage across the sheath, s is the sheath
thickness, ε0 is the permittivity of vacuum, Zi is the ion mean charge number, n is the plasma
density at the sheath edge, and mi is the ion mass. It is obvious that the steady-state sheath
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thickness is determined by plasma density and ion velocity at the sheath edge for a given
bias voltage.
In the two-dimensional case, we use the steady state two-dimensional fluid sheath model which
is based on the time-dependent fluid sheath model. Two main assumptions are applied in the
collisional sheath modeling. First, it is assumed that the sheath has a uniform background neutral
density and the ions are cold. The uniform background neutral density introduces collision drag
terms into the two-dimensional fluid sheath model. The ion pressure term of the ion momentum
equation is negligible due to the cold ion assumption. Next, the electrons are assumed to satisfy
the Boltzmann relation in the sheath model which can be coupled with Poisson’s equation for the
electric potential. The electron distribution in the sheath depends on the electron temperature
(typically is about 1 to 1.5 eV) 16 and the potential distribution in the sheath.

RESULTS

Figure 2 shows the penetration profiles of a three-layer metal configuration due to ablation for
three given surface temperatures of 5,500, 6,000, and 6,500 K. The ablation rates were
calculated using the kinetic model that was used in this study, and the rate of penetration was
then obtained by considering the loss of material from the surface. The results of the present
study can also be used to investigate the rate of penetration into materials due to ablation
induced by laser irradiance.
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Figure 2 Penetration into Multilayered Structure

The laser pulse assumed in this study had a Gaussian profile with full width at half maximum
(FWHM) of 8 nanoseconds (ns), and centered at 15 ns. Furthermore, a KrF laser was modeled,
with wavelength, λ, of 248 nm. In this study, the laser fluence was chosen as the parameter, and
the laser beam intensity was calculated to produce the required fluence. Fluences in the range of
3.0 to 8.0 J/cm2 were considered in this paper.
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Figure 3 Temperature Distribution in the
Target with Time as a Parameter

Figure 4. Velocity Distribution in the Plasma
Plume with Time as a Parameter

Figure 5 Ablation Rate Temporal Behavior

Figure 6 Evaporation
Behavior

Rate

Temporal

Aluminum was chosen as the target because it is a material of interest and to allow for
comparison of the results with other models.
Initially, the aluminum target is at room temperature of 300 K. As a result of the incident laser
beam, the target will be heated. The temperature distribution in the target material is plotted at
several representative times in Fig. 3. As expected, the temperature is maximum at the surface
for all times. Initially the temperature near the surface rises quickly as the laser beam intensity
reaches its highest value at 15 ns. The maximum temperature is achieved at the surface several
nanoseconds after the peak laser intensity. After this, the surface temperature, as well as the
temperature in the target, begins to drop as the amount of energy being absorbed is reduced. The
temperature gradients in the target also decrease and a smoother profile is observable at longer
times. It can also be observed that the heat conduction penetrates to about 10 μm into the
material in 100 ns. Target material heating leads to evaporation. Evaporated material rapidly
expands as shown in Fig. 4.
The heating of the aluminum target will cause the target material to start evaporating, and the
ablation rate will generally increase as the surface temperature increases. The ablation rate of the
aluminum during the laser irradiance is shown in Fig. 4. The results indicate that the ablation rate
increases sharply as the target surface temperature rises, and begins dropping as the laser beam
intensity drops and the surface temperature decreases. In fact, the vaporization of material is one
of the factors causing the surface temperature to drop. In general, two approaches to calculate the
ablation rate were developed. One is to assume that the plume expands to sound speed at the
edge of the Knudsen layer4,8-12 and the other is to solve self-consistently the kinetic Knudsen
7

layer and plasma formation problems proposed earlier2 and implemented in this paper.
Figures 5 and 6 show the difference in using these approaches to calculate the ablation rate and
evaporation depth. It should be pointed out that effect of the coupling is very important in
evaporation depth predictions and should be taken into account.
Let us consider the plasma density distribution in the case of a two-dimensional sheath in the
front of the negative electrode. Because the applied voltage (1,000 V) is large compared with the
electron temperature (1 to 1.5 eV), the electrons are depleted near the negative electrode and the
main question is the spatial extent of the depleted region, the ‘hole’.
1
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Figure 7 shows the calculated distribution of the electron density and potential near the two types
of electrodes. The electron number densities are normalized by the bulk electron density n0. The
electron density distribution shows the depleted region, the ‘hole.’ The ‘hole’ region indicates
the area of almost zero electron density. It illustrates a possibility for solving the communication
blackout problem with a two-dimensional shaped cathode (i.e., if the low-density region near the
electrode becomes comparable to the antenna size, then radio wave communication should be
possible through the plasma layer).
Comparison between the experimental results and the model predictions in the case of the
electromagnetic mitigation approach is shown in Fig. 8. The density reduction of the
experimental data is calculated by taking the ratio of the ion saturation currents with and without
-100 V on the electrodes with the magnetic field on for both measurements.21 At the weak
magnetic field condition, the model predicts a slightly higher density reduction ratio than the
experimental results, while agreement is very good in the case of a high magnetic field. Based on
these results it can be concluded that electromagnetic approach leads to plasma density reduction
8

which is significant for telemetry. One can conclude that both mitigation approaches, namely
electrostatic and electromagnetic, can lead to electron density reduction thus increasing the
frequency range that allows communication without significant attenuation.

CONCLUSIONS

This paper has described a model for nanosecond pulsed laser ablation of an aluminum target.
This model describes the laser-solid interaction that results in target heating and vaporization
leading to ablation. The results include the temperature distribution in the aluminum target, the
surface temperature profile, the ablation rate and the amount of evaporation. Studies indicate that
for fluences above this range, laser absorption by the plasma created by the ablation becomes
significant and has to be taken into account. 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. On the other hand electromagnetic mitigation approach is based on plasma acceleration
in the ExB layer and consequent plasma density reduction. Both mitigation approaches can lead
to electron density reduction thus increasing the frequency range that allows communication
without significant attenuation.
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SOFT RECOVERY RECORDING SYSTEM
FOR INTERIOR AND EXTERIOR BALLISTICS
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1. INTRODUCTION
The US ARMY, ARDEC in cooperation with AMCOM AMRDEC, Missile Guidance and
Engineering Directorates, the Office of Naval Research, Naval Surface Fire Support and the
Naval Surface Weapon Center requires multiphase development of a common, low-cost, high G
survivable, high accuracy Micro Electro-Mechanical Systems (MEMS) Inertial Measurement
Unit (IMU) and Common, Deeply Integrated, Guidance and Navigation Unit (DI-GNU) for DoD
gun launched guided munitions and missile applications. The challenge for the ARDEC
Precision Munitions Instrumentation Division (PMID) was to develop a Telemetry System to
record the interior and exterior ballistics of a M831 TP-T projectile, which will be used as a
carrier for soft recovery testing of IMUs and GNUs. This is valuable data that would help The
Government and contractors develop and validate multiple MEMS IMU design efforts,
culminating with live fire verification performance test of pre-production products in the Army’s
155-mm Soft Recovery Vehicles (SRVs) and missiles airframes.

2. TEST REQUIREMENTS AND OBJECTIVES
The test requirements for the telemetry system were to survive multiple firings, which include; to
survive the set back during the gun launch up to 25,000 Gs and set forward at the impact up to
10,000 Gs and to record acceleration in three orthogonal directions during all phases of flight: inbore, in-air and impact.
The primary objective of the test was to measure acceleration of the projectile in-bore at the
muzzle exit, during the flight and impact with the hay bales used as Soft Recovery Bed. Other
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primary objectives were to demonstrate structural integrity of the test articles (IMU, GNU)
verified by post-gun fire hardware inspection and testing.

3. TEST ASSETS
The M831 TP-T is a modified 120mm tank round that is used as the Soft Recovery Vehicle
(SRV) test projectile for the OBR (On-Board Recorder) and Units Under Test (UUTs).
•
•

The ARRT-123 Telemetry System (1)
IMU Housing Assembly (2)

Figure 1 is an illustration of the M831 (modified) test projectile with ARDEC Telemetry in an
All Up Round (AUR) configuration. Figure 2 is a cross sectional view highlighting the test
items and On-Board Recorder housed in the projectile warhead cavity.

OBR

UUT
Figure 1. Cross Sectional view of the M831 test projectile.

4. TELEMETRY SYSTEM OVERVIEW
The design of ARRT-123 Telemetry is based on Model 64 IES Digital Data Recorder integrated
in the specially designed aluminum housing shaped to fit the M831 TP-T projectile warhead
cavity with other systems components. The sensors suite consists of three Endevco 7270
accelerometers orthogonally mounted on the block and two G-switches; six Lithium-Polymer
rechargeable battery cells are used as the power supply; one MDM 15 pin connector is used as
housekeeping and computer interface port.
•

The Model 64 is a fully programmable, microprocessor controlled, miniaturized, high
shock, solid-state, 4 analog channels and 1 digital channel recorder, designed to acquire
transducer data in shock environments of up to ±50,000 Gs. Channel gain, bias, trigger
levels, and speed options can be programmed into the Model 64 via a computer. Three
analog channels were programmed to capture about 2 seconds of acceleration data
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including 35mSec of pre-trigger data at the rate of approx. 116 KHz per each channel.
The data recording would start on the G-switches closure at approx. 400 Gs during the set
back. The digital channel was set-up to monitor the G-switches state.
•

Three Endevco 7270 accelerometers: 60 KGs in axial (Z) direction and two 20KGs in
orthogonal (X and Y) directions were mounted on the block, secured in one of the
cavities. The scale and the range of Z axis accelerometer was programmed to measure 30
KGs in the positive direction during the setback and 12 KGs in the negative during the set
forward and impact. The scale and the range of X and Y axis, was programmed to
measure 9 KGs in the positive and negative directions.

•

Two G-switches (used for redundancy) were used as data recorder trigger to record and
save data. G-switch closure would occur at the launch event at approx. 400 Gs shock.

•

The power supply consists of two stacks of three Li-Po rechargeable cells, provides 290
mAh of power at nominal voltage of 11.1V (12.6Vmax).

•

The ARRT-123 housing is made of aluminum to meet the mass requirement.

•

The MDM 15 pin connector is used for battery charging and OBR communication.

5. TELEMETRY SYSTEM ASSEMBLY OVERVIEW
The ARRT-123 data recording system was designed and built to enable easy replacement of
accelerometers, batteries, or any other part in the event of failure during tests. The battery
cavities were filled with two part epoxy just high enough to cover the battery stacks and lining
was used to reduce epoxy adhesion to the walls; the remainder of the cavity was used to
accommodate most of the wiring and was filled with wax later. The accelerometers cavity was
filled with wax only and sensors interface board with G-switches was floating in wax above
accelerometers block. The recorder was accommodated along the center axis of the housing, and
finally, all remaining gaps were filled up with wax. Four systems were built this way and airgunned at 32,000 Gs out of 5” gun at Picatinny Arsenal as part of qualification testing before live
firings at Yuma Proving Ground (YPG). A ”battery save” mechanism was implemented using a
removable jumper to avoid unnecessary battery discharge during storage and transportation. This
jumper would be soldered in prior to the test series before charging the batteries and covered
with electrical putty and Mylar tape.
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Figure 2. OBR mechanical drawing.
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6. LIVE FIRING TESTING
Total four live firing test series were conducted at YPG KOFA range during 2005 – 2006
timeframe. In average, fifteen M831 TP-T rounds instrumented with the ARRT-123 Telemetry
System were fired during each test series. All the systems successfully recorded acceleration data
from all the shots. Figure 3 shows the layout of the test site. The Instrumented projectiles with
the test items were fired out of a M256 120-mm Cannon with Thermal Shroud and Bore
Evacuator straight into three stacks of hay bales 3m apart of each other located 1400m down
range. On-ground instrumentation and recovery of rounds was provided by YPG personnel.

Figure 3. Layout of the test site.
The OBRs were configured with one and two hour delays to allow time for the assembly
process and transportation of the rounds to the gun site. This delay configuration disables the
trigger mechanism for the pre-set amount of time so it would be safe to handle the OBR without
false triggering during assembly and loading process. After the warming and spotter rounds were
fired to establish proper muzzle velocity and gun aiming test rounds were rammed one by one at
least five minutes before the delay expired and fired at least five minutes after the delay expired.
This “time buffer” ensures that the OBR would not trigger during the ramming process or fired
before the delay expires, which would prevent the OBR to record the desired data. After firings
the rounds where visually located using high speed camera filming and recovered from hay bales
when firings were completed; recorded data was downloaded, batteries were charged and delay
was set for the next firing.
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7. DATA COLLECTED
Below there is a series of plots showing some samples of the data collected in the field from
different firings.

Figure 4. Axial and radial in-bore acceleration data.

Figure 5. Impact into the hay bales, and ground impact.
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Figure 6. Average velocity at muzzle exit was about 960m/s.

8. OBSERVATIONS
Figure 6 shows ground impact of the round. This is not very common. The idea of soft
recovering the rounds is that the stacks of hay prevent the round from flying ballistic downrange
with the least damage to the round. However, sometimes, rounds would go through the hay and
find their way out.
From previous tests we noticed that having the stacks of hay closer to the gun (i.e 500m) would
make the round experience very high G shock at impact causing accelerometers to fail. So it was
recommended to position stacks of hay further downrange at about 1400m to reduce set-forward
shock.

9. CONCLUSIONS AND RECOMMENDATIONS
All four ARTT-123 Telemetry Systems built by the PMID at ARDEC survived multiple gun
launch and successfully collected data of about sixty shots to date. All data collected with the
ARRT-123 systems matched simulation models and data collected by YPG instrumentation
personnel. All these facts show the robustness of the ARRT-123 and how the PMID with over 50
years of experience is committed to produce high quality telemetry products and field support.
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The ARRT-123 Telemetry System was intentionally built with a very flexible design and other
versions of it could be adapted to meet specific customer needs.
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Abstract
Health monitoring during flight tests provides a means of data validation in flight. It is
possible to design a data acquisition system such that the available instruments
incorporate redundancy through analytic relationships. This analytic redundancy may be
exploited in order to assess individual sensor system health and to validate accuracy
claims. A practical example is presented in which an air data set is compared with GPS
in order to isolate failures in the pressure and temperature transducers.
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INTRODUCTION
Flight test data validation is becoming more difficult as the number of collected
parameters per flight test increases dramatically while the human resources previously
used to decode, process, analyze, and react to artifacts in the data are reduced.
Automated methods are required to perform data reduction, analysis, and report artifacts
to an engineer for investigation. Fault detection methods typically require redundancy in
instrumentation or information in order to detect statistical anomalies in the data set.
Rather than relying on hardware redundancy, redundancy may be achieved through
analytic methods which require judicious instrumentation selection and processing the
data using fault detection methods either during or after the flight test.
Analytic redundancy methods are defined as the process of using analytic relationships to
compare two dis-similar instruments in order to detect possible failures or anomalies in
the data set. Combining the different instrument measurements through algorithms
referred to as fault detection filters can allow the user to batch process flight test results.
Anomalies can be automatically detected, isolated, and even removed from flight test
data. The user is provided with an output consisting of the data, the uncertainty in the
data, and the probability that a failure exists.
This paper presents a method for performing fault detection on a set of common
instruments typical in most flight test. First, a fault detection filter structure is defined as
a means of comparing the different instruments. Then a residual processors used for
detecting and isolating the failures is defined. Finally, the methodology is applied to the
problem of detecting failures in an instrumentation system utilizing a GPS receiver to
detect failures in a static and dynamic pressure sensor as well as a static temperature
sensor. Flight test results are presented.

LINEAR ERROR MODELS
Error modeling for simple, linear systems is straight forward. The Guide to Expression
of Uncertainty [1] defines the method for determining the error based on assumed
uncertainty models. A nonlinear measurement model may be of the form in Eq. (1). The
measurement y is a function of certain parameters x . In this case, the noise term v has
been included in anticipation of the development.
y = f ( x, v )
(1)
Using a first order Taylor’s series expansion of (1), the error in any measurement y is
given by Eq. (2) in which the values for x and v are assumed known from calibration or
other information and the partials of the function f ( ) are evaluated at x and v .
∂f
∂f
(2)
(x − x)+
(v − v )
∂x x ,v
∂v x ,v
If it is assumed that x and v are both Gaussians with mean x and v as well as each
T
T
having a covariance M = E ⎡( x − x )( x − x ) ⎤ and V = E ⎡( v − v )( v − v ) ⎤ with
⎣
⎦
⎣
⎦
y = f ( x,v ) +
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T
independent statistics such that E ⎡( x − x )( v − v ) ⎤ = 0 , then the mean and covariance of
⎣
⎦
the measurement y is expected to be as shown in Eq. (3) and (4) with the sensitivity
matrix C defined in Eq. (5).
y = f ( x,v )
(3)

⎡M
T
Y = E ⎡( y − y )( y − y ) ⎤ = C ⎢
⎣
⎦
⎣0

0⎤ T
C
V ⎥⎦

(4)

T
T
⎡⎛ ∂f
⎞ ⎛ ∂f
⎞ ⎤
C = ⎢⎜⎜
(5)
⎟ ⎜
⎟ ⎥
⎢⎝ ∂x x ,v ⎟⎠ ⎜⎝ ∂v x ,v ⎟⎠ ⎥
⎣
⎦
Calculation of the uncertainty in y is straightforward assuming knowledge of x , v , M ,
V , and the function f . The GUM standard includes suggestions for picking Gaussian
statistics which over-bound error sources which are non-Gaussian [1].

Suppose that there are three parameters affecting the output of the measurement: the
actual signal which we will refer to as x , the measurement bias b and a measurement
scale factor error S . This typical model is utilized for most simple transducers such as
pressure transducers, temperature sensors, or even single axis accelerometers. The
nonlinear measurement models is defined in Eq. (6). The model is nonlinear because the
scale factor error multiplies the actual measurement to be estimated.
y = (1+ S ) x + b + v
(6)
A first order Taylor’s series expansion of Eq. (6) about calibrated values of x , b , and
S is given by Eq. (7), where it is assumed that the noise term v has zero mean and the
perturbations are defined by δ x = x − x , δ S = S − S , and δ b = b − b represent the error in
the calibrations or the error and the sensitivity matrix C is defined in Eq. (8).
⎡δ S ⎤
(7)
y = (1+ S ) x + b + C ⎢ ⎥ + v + (1+ S ) δ x
⎣δ b ⎦

C = ⎡⎣(1+ x ) I ⎤⎦
(8)
The expected mean error in the measurement is then given in Eq. (9). Assuming that all
of the uncertain perturbations ( δ x , δ S , and δ b ) are zero mean, Gaussian random
variables, then the value for x is determined in Eq (10) which is simply the measurement
corrected for the calibrated bias and scale factor error according to the measurement
model.
E [ y ] = (1+ S ) x + b
(9)
y −b
(10)
1+ S
Substituting Eq. (10) back into Eq. (7) allows us to solve for the uncertainty in the
estimate δ x as shown in Eq.(11).
⎡δ S ⎤
v
1
δx=
(11)
⎡⎣(1+ x ) I ⎤⎦ ⎢ ⎥ +
1+ S
⎣ δ b ⎦ 1+ S
x=
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The covariance is calculated in Eq. (12) assuming that each of the elements have mean
given by x , b , and S and each has a covariance defined by M x = E ⎡⎣δ xδ xT ⎤⎦ ,

M S = E ⎡⎣δ Sδ S T ⎤⎦ , M b = E ⎡⎣δ bδ bT ⎤⎦ , and V = E ⎡⎣vvT ⎤⎦ . It is assumed that the bias, scale
factor, and random noise are all defined by independent Gaussian random variables.
However, it is trivial to add in cross-correlations into this formulation as necessary and if
defined.
2
⎞
⎛ 1 ⎞ ⎛ ⎡M S 0 ⎤ T
T
M x = E ⎣⎡δ xδ x ⎤⎦ = ⎜
(12)
⎟ ⎜C ⎢ 0 M ⎥ C +V ⎟
⎝ 1+ S ⎠ ⎝ ⎣
b⎦
⎠
AIR DATA UNCERTAINTY USING CHAIN ERRORS
More complex error models may be built sequentially from the simple error models.
Error models such as the linear analysis previously presented can be utilized to determine
a mean value and an over-bounding covariance for the uncertainties specified. The
output from multiple of these simple models may be utilized as inputs to more complex
systems to determine the uncertainty in a sensor fusion process.
Given a
measurement y is a function of N parameters xi . A nonlinear model describes the
relationship between xi and y in Eq. (13).
y = f ( x1, x2 ,..., xN )

(13)

Each of the xi variables has known mean xi and covariance M xi determined by another
process. Using a first order Taylor’s series expansion of (13), the mean value of the
output is calculated from the known mean values of each of the parameters as shown in
Eq. (14).
(14)
E [ y ] = y = f ( x1, x2 ,..., xN )
A first order Taylor’s series is utilized to describe the effect of uncertainty δ xi in each of
the input parameters on the output error δ y as shown in Eq. (15). The covariance is then
calculated in Eq. where M xi = E ⎡⎣δ xiδ xiT ⎤⎦ .

In this case it is assumed that all of

the δ xi are independent from each other such that E ⎡⎣δ xiδ xTj ⎤⎦ = 0 for every i ≠ j which is
reasonable if it is assumed that each of the input parameters xi are derived from separate
instruments.
N
δf
δ xi
(15)
y− y =δ y = ∑
i =1 δ xi x

E ⎡⎣δ yδ yT ⎤⎦ = C T M x C
The values for the sensitivity matrix C are given in Eq. (17)
specified in Eq. (18).
⎡⎛ δ f ⎞T ⎛ δ f ⎞T
⎛δf
T
" ⎜
C = ⎢⎜
⎟
⎜
⎟
⎜ δ xN
⎢⎜ δ x ⎟ ⎜ δ x ⎟
⎝
⎣⎝ 1 x ⎠ ⎝ 2 x ⎠
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(16)
while the covariance M x is
T

⎞
⎟⎟
x ⎠

⎤
⎥
⎥
⎦

(17)

0
0
0 ⎤
⎡ M x1
⎢ 0 M
0
0 ⎥⎥
x2
⎢
(18)
M=
⎢ 0
0 % 0 ⎥
⎢
⎥
0
0 M xN ⎦
⎣ 0
True airspeed can be thought of as a compound system. True airspeed requires three
sensor measurements: static pressure p 0 , dynamic pressure p , and static temperature T0 .
The definition of true air speed for subsonic flight including compressibility effects is
given in Eq.(19) [2] where the true airspeed VTrue is a function of the sonic speed
c multiplied by the Mach number M .
( k −1)
⎡
⎤
k
⎛
⎞

2
p
⎢

(19)
VTrue = cM = kRT0
− 1⎥
⎜ ⎟
⎥
k − 1⎢⎝ p 0 ⎠
⎥⎦
⎣⎢
Nm
In Eq. (19) the constant k = 1.4 for air and R = 287.053
. If each of the three
kgK
measurements of dynamic pressure, static pressure, and static temperature has known
mean p , p0 , and T0 and known covariance M p , M p 0 , and M T 0 respectively, then the

uncertainty in true air speed may be calculated as shown in Eq. (20) using the first order
Taylor’s series expansion of Mach number and sonic speed around the mean values of
Mach number (Eq. (21)) and sonic speed (Eq. (22)).

VTrue − VTrue

⎡ p ⎛ p ⎞ −1k
=⎢ 02⎜ ⎟
⎢ kMp0 ⎝ p0 ⎠
⎣

−p ⎛ p ⎞
⎜ ⎟
kMp02 ⎝ p0 ⎠

−1
k

⎡δ p ⎤
M ⎤⎥ ⎢
δ p0 ⎥⎥
⎢
2c ⎥
⎦ ⎢⎣ δ T0 ⎥⎦

( k −1)
⎡
⎤
2 ⎢⎛ p ⎞ k ⎥
−1
M=
⎜ ⎟
⎥
k − 1⎢⎝ p0 ⎠
⎢⎣
⎥⎦

(20)

(21)

c = kRT0
Of course, the mean value of true airspeed is calculated as in Eq. (23).

(22)

( k −1)
⎡
⎤
k
⎛
⎞
2 ⎢ p
(23)
VTrue = cM = kRT0
− 1⎥
⎜ ⎟
⎢
⎥
k − 1 ⎝ p0 ⎠
⎢⎣
⎥⎦
The covariance in the output of airspeed is then given in Eq. (24) with sensitivity matrix
CTrue defined in Eq.

⎡M p
E ⎡⎣(VTrue − VTrue )(VTrue − VTrue ) ⎤⎦ = CTrue ⎢⎢ 0
⎢⎣ 0
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0
M p0
0

0 ⎤
T
0 ⎥⎥ CTrue
M T 0 ⎥⎦

(24)

−1
⎡ cp ⎛ p ⎞ −1k
⎛ p ⎞ k M⎤
cp
−
0
⎥
(25)
CTrue = ⎢
⎜ ⎟
⎜ ⎟
kMp02 ⎝ p0 ⎠
2c ⎥
⎢ kMp02 ⎝ p0 ⎠
⎣
⎦
Therefore, given a simple transducer model with scale factor and bias of the kind defined
in Eq. (6) it is possible to define a mean and covariance estimate for each of the
measurements. Then using this mean and covariance it is possible to calculate the true air
speed mean and covariance.

A simpler problem utilizes the static pressure to calculate the altitude and error in the
estimate of the altitude. For simplicity, the 1976 standard atmosphere [3] will be utilized
in the region limited from sea level to 11 kilometers. The methodology presented works
for the other regions as well. The altitude as a function of static pressure is defined in Eq.
(26) in kilometers using coefficients defined in the model along with the assumed static
pressure at sea level p0 sl , 1.0 atmospheres. This analysis will only examine errors in the
static pressure measurement at altitude.
− LRGas
⎛
⎞
T0 SL ⎜ ⎛ p 0 ⎞ gWMol ⎟
1− ⎜
(26)
hp =
⎟
⎟
− L ⎜⎜ ⎝ p0 SL ⎠
⎟
⎝
⎠
Using the process defined, the mean value of the altitude estimate would be defined in
Eq. (27) using the mean value of the static pressure p0 and the error between the true
altitude and mean value of altitude is defined in Eq. (27) where the sea level temperature
T0 SL is 288.15 K, gravity g is 9.0865 m 2 , Rgas = 8.31432 is the gas constant,
s
WMol = 28.9644 is the molecular weight of air, and the coefficient for the gradient of
temperature in the region prescribed is L = −6.5 .
− LRGas
⎛
⎞
T0 SL ⎜ ⎛ p0 ⎞ gWMol ⎟
1− ⎜
(27)
hp =
⎟
⎟
− L ⎜⎜ ⎝ p0 SL ⎠
⎟
⎝
⎠
− L ( Rgas )
−1
⎛
⎞
L
R
(
)
⎛
⎞
T0 SL
p0 g (WMol )
gas
⎜
⎟⎜
δ p0 = −
δ p0
hp − hp = δ hp =
⎟
∂p0 p
Lp0 SL ⎜ g (WMol ) ⎟ ⎝ p0 SL ⎠
⎝
⎠
0

∂hp

(28)

Eq. (28) may be re-written in terms of the error in the air data measurements as shown in
Eq.
⎡δ p ⎤
(29)
δ hp = Ch ⎢⎢δ p0 ⎥⎥
⎢⎣ δ T0 ⎥⎦
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⎡
⎤
∂hp
(30)
0⎥
Ch = ⎢ 0
∂p0 p
⎢⎣
⎥
0
⎦
Further, it is important to note that static temperature should change linearly with altitude
within the region less than 11km as defined in the standard [2]. Therefore a second
measurement of altitude is available from measuring static temperature. The standard
states that the relationship between altitude and temperature is given in Eq. (31)
1
hT = (T0 − T0 SL )
(31)
L
The error model therefore for the altitude as a result of temperature may be shown to be:
⎡δ p ⎤
1

(32)
hT = hT + δ T0 = hT + ChT ⎢⎢δ p0 ⎥⎥
L
⎢⎣ δ T0 ⎥⎦

1
(33)
(T0 − T0 SL )
L
1⎤
⎡
ChT = ⎢0 0
(34)
L ⎥⎦
⎣
A total error model for the true airspeed and altitude measurements as a function of the
sensor uncertainty is provided in Eq. (35). The assumed covariance of the three
measurements is calculated in Eq. (36).
hT =

⎡VTAS ⎤ ⎡VTAS ⎤ ⎡CTrue ⎤ ⎡ δ p ⎤
⎢  ⎥ ⎢
⎥ ⎢
⎥⎢
⎥
⎢ hp ⎥ = ⎢ hp ⎥ + ⎢ Ch ⎥ ⎢δ p0 ⎥
⎢  ⎥ ⎢ h ⎥ ⎢ C ⎥ ⎢δT ⎥
⎣ hT ⎦ ⎣ T ⎦ ⎣ hT ⎦ ⎣ 0 ⎦
T
⎡⎛ ⎡V ⎤
 ⎤ ⎡V ⎤ ⎞ ⎤ C
⎞
⎛
⎡
V
⎡
⎤
V
⎡
⎤ ⎡M
TAS
TAS
TAS
⎢⎜ ⎢ TAS ⎥
⎟⎜ ⎢
⎟ ⎥ ⎢ True ⎥ ⎢ p
⎥
⎢
⎥
⎢
⎥
Yair = E ⎢⎜ ⎢ hp ⎥ − ⎢ hp ⎥ ⎟ ⎜ ⎢ hp ⎥ − ⎢ hp ⎥ ⎟ ⎥ = ⎢ Ch ⎥ ⎢ 0
⎢⎜ ⎢
⎟⎜ ⎢
⎟ ⎥
⎥
⎥
⎢⎜⎝ ⎣ hT ⎦ ⎢⎣ hT ⎥⎦ ⎟⎠ ⎜⎝ ⎣ hT ⎦ ⎢⎣ hT ⎥⎦ ⎟⎠ ⎥ ⎢⎣ ChT ⎥⎦ ⎢⎣ 0
⎣
⎦

(35)

0
M p0
0

0 ⎤ ⎡CTrue ⎤
0 ⎥⎥ ⎢⎢ Ch ⎥⎥ (36)
M T 0 ⎥⎦ ⎢⎣ ChT ⎥⎦
T

FAULT DETECTION THROUGH COMPARISON WITH GPS

Since it is now possible to estimate the true airspeed and altitude as well as the associated
uncertainty in each derived parameter, one goal should be to implement automated health
monitoring. For this case, we choose to compare the air data suite with a convenient
sensor that produces all or nearly all of the same values. In this case, we utilize the
Global Positioning System (GPS) receiver to provide a reference in the altitude and
velocity. A simple measurement model is provided in Eq. (37) in which the velocity
magnitude measurement VGPS is a function of the true velocity magnitude VGPS with
additive, zero mean Gaussian noise vVG with covariance VVG .
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⎡VGPS ⎤ ⎡VGPS ⎤ ⎡vVG ⎤
(37)
⎢ ⎥=⎢
⎥+⎢ ⎥
⎢⎣ hGPS ⎥⎦ ⎣ hGPS ⎦ ⎣ vhG ⎦
Likewise in Eq. (37), the altitude measurement hGPS is a function of the true altitude
hGPS plus additive zero mean Gaussian noise vhG with associated covariance VhG . The
GPS measurements in Eq. (37) may be differenced with the airspeed measurements in
Eq. (35) to form a residual which will be tested for failures as shown in Eq. (38).
⎡VTAS ⎤ ⎡ 1 0 ⎤
⎡C ⎤ ⎡ δ p ⎤ ⎡ 1 0 ⎤
⎡VGPS ⎤ ⎢ True ⎥ ⎢
⎢  ⎥ ⎢
⎡v ⎤
⎥
(38)
r = ⎢ h p ⎥ − ⎢ 0 1⎥ ⎢
= ⎢ Ch ⎥ ⎢δ p0 ⎥⎥ − ⎢⎢ 0 1⎥⎥ ⎢ VG ⎥ + E µ
⎥
 ⎥
v
h
⎢
hG
⎣
⎦
⎢  ⎥ ⎢0 1⎥ ⎣ GPS ⎦ ⎢ C ⎥ ⎢ δ T ⎥ ⎢ 0 1⎥
⎦
⎣ hT ⎦ ⎣ 0 ⎦ ⎣
⎦
⎣ hT ⎦ ⎣
Of course, Eq. (38) is only an approximation and assumes that the wind disturbances are
relatively small. This assumption is reasonable for aircraft flying on calm days for flight
tests in which the goal is to perform parameter estimation on the aircraft. A fault signal
µ is introduced into Eq. (38). This signal is unknown and may enter into the static
pressure, dynamic pressure, or temperature through the matrix E . For simplicity, no
faults are assumed in the GPS receiver. For a dynamic pressure sensor fault E is defined
as shown in Eq. (39). For a static pressure or static temperature fault E is defined as in
Eq. (40) or (41), respectively. The matrix E is a three by one vector for each case.
⎡CTrue ⎤ ⎡ 1⎤
(39)
E p = ⎢⎢ Ch ⎥⎥ ⎢⎢0 ⎥⎥
⎢⎣ ChT ⎥⎦ ⎢⎣0 ⎥⎦

E p0

ET 0

⎡CTrue ⎤ ⎡0 ⎤
= ⎢⎢ Ch ⎥⎥ ⎢⎢ 1⎥⎥
⎢⎣ ChT ⎥⎦ ⎢⎣0 ⎥⎦
⎡CTrue ⎤ ⎡ 0 ⎤
= ⎢⎢ Ch ⎥⎥ ⎢⎢ 0 ⎥⎥
⎢⎣ ChT ⎥⎦ ⎢⎣ 1⎥⎦

(40)

(41)

Note that by inspection, a dynamic pressure failure only affects the airspeed
measurement. However, both the static temperature and static pressure measurement
failures affect both altitude and airspeed. For the no fault case, the covariance Q of the
residual in Eq. (38) will be as shown in Eq. (42) where the independence of the GPS
altitude and velocity magnitude is assumed for convenience. The air data sensor errors
are assumed independent of the GPS receiver errors.
T
⎡ 1 0⎤
⎡ 1 0⎤
0 ⎤⎢
⎡V
(42)
Q = E ⎣⎡ rr T ⎦⎤ = Yair − ⎢⎢0 1⎥⎥ ⎢ VG
0 1⎥⎥
⎥
⎢
0 VhG ⎦
⎣
⎢⎣0 1⎥⎦
⎢⎣0 1⎥⎦
Fault detection methods are well defined and understood. Previous work in the field of
least squares fault detection filters have been applied to GPS receivers [4] and is applied
here. An annihilator H is constructed for each failure mode such that each annihilator
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removes the effect of one of the faults from the residual process, or HE = 0 . The
dynamic pressure annihilator H p is constructed as shown in Eq. (43)with similar
definitions for the annihilator for the static pressure and temperature.
H p = I − E p ( E Tp E p ) E Tp
−1

(43)

Three test residuals are constructed for each failure mode and tested separately as shown
in Eq. (44)-(46). Each of the residuals will remain zero mean in the presence of the
particular fault annihilated, but will be susceptible to another fault.
⎛ ⎡CTrue ⎤ ⎡ δ p ⎤ ⎡ 1
⎜
rp = H p r = H p ⎜ ⎢⎢ Ch ⎥⎥ ⎢⎢δ p0 ⎥⎥ − ⎢⎢0
⎜ ⎢ C ⎥ ⎢ δ T ⎥ ⎢0
⎝ ⎣ hT ⎦ ⎣ 0 ⎦ ⎣
⎛ ⎡CTrue ⎤ ⎡ δ p ⎤ ⎡ 1
⎜
rp 0 = H p 0 r = H p 0 ⎜ ⎢⎢ Ch ⎥⎥ ⎢⎢δ p0 ⎥⎥ − ⎢⎢ 0
⎜ ⎢ C ⎥ ⎢ δ T ⎥ ⎢0
⎝ ⎣ hT ⎦ ⎣ 0 ⎦ ⎣

0⎤
⎞
⎡vVG ⎤ ⎟
⎥
1⎥ ⎢ ⎥ ⎟
(44)
vhG ⎦ ⎟
⎣
1⎥⎦
⎠
0⎤
⎞
⎡vVG ⎤ ⎟
⎥
1⎥ ⎢ ⎥ ⎟
(45)
vhG ⎦ ⎟
⎣
1⎥⎦
⎠
⎛ ⎡CTrue ⎤ ⎡ δ p ⎤ ⎡ 1 0 ⎤
⎞
⎡ vVG ⎤ ⎟
⎜⎢
⎥
⎢
⎥
⎢
⎥
(46)
rT 0 = H T 0 r = H T 0 ⎜ ⎢ Ch ⎥ ⎢δ p0 ⎥ − ⎢0 1⎥ ⎢ ⎥ ⎟
v
hG
⎣
⎦
⎜ ⎢ C ⎥ ⎢ δ T ⎥ ⎢0 1⎥
⎟
⎦
⎝ ⎣ hT ⎦ ⎣ 0 ⎦ ⎣
⎠
The covariance in the residuals projected residual in Eq. (44) is calculated for the
dynamic pressure as shown in Eq. (47) and represented by Q p and similar definitions hold

for the covariance of the static pressure residual Q p 0 and static pressure residual
covariance QT 0 .
Q p = H p QH Tp

(47)

The weighted residuals are calculated for each of the three residuals tests as shown in Eq.
(48)-(50). If any of the tests exceed a threshold value (typically greater than 1.0) then a
failure is declared. The failure is isolated if two of the test statistics exceed the
prescribed threshold. The test designed to annihilate a particular failure which remains
below the prescribed threshold is identified as the failed instrument since that test
residual is immune to the particular failure.
u p = rpT Q p−1rp
(48)
u p 0 = rpT0Q p−10 rp 0

(49)

(50)
uT 0 = rTT0QT−01 rT 0
Alternatively, more sophisticated residual testing such as the Mulitiple Hypothesis
Shiryayev Sequential Probability Ratio Test (MHSSPRT) may be applied for improved
performance such as in Speyer[5]. These tests improve responsiveness to small failures
and detect and isolate failures in minimum time, but are not utilized here for brevity.
FLIGHT TEST RESULTS

9 of 14

An aircraft was flown at low altitude and low speed. Data was collected from the air data
system and the GPS receiver. The data was recorded and played back through the
algorithm described. The pressure and temperature data were combined to form
estimates of airspeed and two altitude estimates. The aircraft flew at about 60 meters per
second at an altitude of about 3000 meters. The vehicle performed simple parameter
identification maneuvers in clean air. Data was collected and processed at 500 Hz.
Estimating the uncertainty in a GPS is beyond the scope of this paper. In fact, many
references have been written which provide discussions on proper estimation given flight
conditions such as Parkinson[6] or Hoffman Wellenhoff[7] to name a few. However,
sometimes, on low budget experiments, all of the information from a GPS receiver is not
available and the user is limited to a subset of information and must estimate the
uncertainty. For instance if satellite geometry is unknown, a proper calculation of HDOP
is not available for estimation of errors. For the present case, we will assume that the
altitude has a 5 meter standard deviation and that the velocity magnitude estimated from
the GPS has a standard deviation of 0.25 m/s. A fifty second portion of data is processed.
For the instruments, we assume that the combined total uncertainty for the Temperature
sensor (the uncertainty including scale factor and bias errors) has a 1.0 degree C standard
deviation. Each of the pressure sensors is assumed to have a 0.01 Psi standard deviation
overbound (including bias and scale factor).
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Figure 1: Residual Difference with Error Bounds Between Air Data and GPS
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Figure 1 shows the residuals between the GPS estimates of velocity and altitude and the
air data system as calculated in Eq. (38) with uncertainty bounds as calculated in Eq. (42)
. The residuals show that the temperature is within bounds but both the dynamic and
static pressure are outside or right at the limit of the respective 1 sigma bound.

Three separate annihilated residuals are created and processed using Eq. (44)-(46) with
uncertainty bounds for each computed as described. The results are shown in Figures 24. These results show that the residuals designed to be intolerant to a dynamic pressure
failure and a static temperature failure do not remain zero mean and exceed the error
bounds. However, Figure shows the test residuals which are immune to a static pressure
fault. All three of the residuals are zero mean and within the error bounds. From these
results a simple voting scheme or advanced MHSSPRT could be employed to calculate
the probability of a failure automatically.
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Figure 2: Test Residual Immune to a Dynamic Pressure Fault

11 of 14

Residual With Static Pressure Fault Removed
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Figure 3: Test Residual Immune to a Static Pressure Sensor Fault
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Figure 4: Test Residual Immune to a Static Temperature Fault

The results show an error in the static pressure sensor. The residual set that is immune to
that failure remains zero mean and within the error bounds while the other residuals
immune to different faults show susceptibility to the static pressure failure fault which
causes the residuals to exceed the error bounds.
It was revealed to the author that in fact a failure did occur and the static pressure sensor
was not operating properly in this data set. The failure went unnoticed during several
flight tests which impaired the ability of the engineers to utilize this data to characterize
the flight qualities of the aircraft. This system clearly identifies the problem and provides
a means of automating the search for failures in the air data system utilizing a GPS
receiver.
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CONCLUSIONS

An example of multi-sensor fusion fault detection has been presented. The error models
for pressure and temperature transducers using a bias and scale factor are presented. A
method for utilizing the uncertainties in each instrument in order to calculate the
uncertainty in altitude and airspeed is also presented. Calculating error in airspeed and
altitude with the output of a GPS receiver provides an estimate of the air data system
health which may be utilized to detect failures in any of the three sensors.
The results presented showed a real flight test with a large sensor error in the static
pressure. The error is almost immediately recognizable once the air speed and altitude
residuals are plotted with error bounds. Without calculating the difference between the
altitude and airspeed with respect to the GPS, the engineer would not know that there was
a faulted condition. Even plotting the error is not enough since the plot without the error
bounds does not give the engineer the insight to enable understanding of how great a
difference should be tolerated for this experiment and for these instruments.
Even with the errors plotted and the uncertainty available, the process of analyzing data
over a flight test on a rapid schedule is cumbersome upon the test engineers. Compound
the problem with experiments utilizing hundreds of parameters, and the ability to
examine all data for failures becomes limited. Therefore the fault detection methods
presented are offered as a means of not just relating uncertainty in instruments but of
automating the process of fault detection for the engineer. The example in this paper was
used to illustrate an automated approach to fault detection for the problem specified.
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A CONSTRAINT-BASED APPROACH TO PREDICTIVE
MAINTENANCE MODEL DEVELOPMENT
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ABSTRACT
Predictive maintenance is the combination of inspection and data analysis to perform
maintenance when the need is indicated by unit performance. Significant cost savings are
possible while preserving a high level of system performance and readiness. Identifying
predictors of maintenance conditions requires expert knowledge and the ability to process large
data sets. This paper describes a novel use of constraint-based data-mining to model exceedence
conditions. The approach extends the extract, transformation, and load process with domain
aggregate approximation to encode expert knowledge. A data-mining workbench enables an
expert to pose hypotheses that constrain a multivariate data-mining process.
KEY WORDS
Predictive Maintenance, data mining, constraint-based data mining, domain aggregate
approximation, flight safety
INTRODUCTION
Predictive maintenance is the combination of inspection and data analysis to perform
maintenance when the need is indicated by unit performance. The method can provide significant
cost savings to operators while preserving a high level of system performance and readiness. The
monitoring of complex instrumented systems creates vast collections of observations. Identifying
predictors of maintenance requires expert knowledge and the ability to process large data sets.
This paper describes a novel application of constraint-based data mining to model exceedence
conditions in twin engine aircraft. The approach extends the extract, transformation, and load
(ETL) process with domain aggregate approximation (DAX) to encode expert knowledge in the
transformation step. A data mining workbench enables a human expert to pose hypotheses that
constrain a multivariate data mining process.
Air and space systems have long been extensively instrumented. The availability of performance
measures enables a range of safety and cost benefits (Wilmering & Ramesh, 2005). However, the
volume of data and the complexity of relationships (Williams, 2006) have limited the industries
ability to achieve improvements in flight safety and cost reductions. This paper describes a
system for building condition models from the combination of expert knowledge and constraintbased data mining on digital flight data records (DFDR). The next sections discuss conditionbased maintenance and constraint-based analysis. The following sections describe a research
prototype for Constraint-based Analysis for Flight Operations (CBA-OPS) that implementes
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constraint-based analysis to characterize safety relevant conditions. The paper concludes with a
discussion of CBA-OPS performance and recommends extensions and future work.
CONDITION-BASED MAINTENANCE
The safe operation of twin engine aircraft depends on routine maintenance and expensive
periodic engine rebuilds. Work on the Space Shuttle Main Engine (Malloy et al., 1997)
established a foundation for the computer analysis of rocket motors. Letourneau et al. (1999)
proposed the use of data mining to predict component failure in aircraft.
Data mining is an effective machine learning technique for extraction information from large
datasets (Han and Kamber, 2000). However, the size of DFDR data sets remains beyond the
effective processing capacity of data mining algorithms (Keller et al., 2001). The multi-variant
character of DFDR data further complicates data mining (Oats, 1999).
CONSTRAINT-BASED ANALYSIS
Data mining is typically performed on data warehouses that are optimized for analysis (Han and
Kamber, 2000). Vlachos et al. (2003) critique several data compression strategies for time series
data while Lin et al. (2003) presents a procedure for symbolic aggregate approximation that both
compresses the data set and prepares it for frequent pattern mining. CBA-OPS extends this
process by encoding expert domain knowledge through the aggregate approximation. The
domain aggregate approximation (DAX) of DFDR data is based on time domain features
described by Zakrajesik, Fulton, and Meyer (1994) and is parameterized to compensate for the
varied character of each data series.
DAX compresses the data set but does not change the dimensionality of the search space. The
well known apriori principle allows a data-mining engine to trim the search space dynamically
but must consider all alternatives in the early stages of the search (Agrawal & Srikant, 1995).
Constraint-based data mining combines initial user knowledge and the apriori principle to reduce
the dimensionality of the initial search space (Han, Lakshmanan, & Ng, 1999).
CBA-OPS
CBA-OPS demonstrate constraint-based analysis of aircraft operations in general and engine
and vehicle health maintenance operations in particular. A parameterized implementation of
DAX is performed during data loading. A graphical constraint definition language (CDL) is used
to encode expert knowledge in the form of hypotheses that describe elements of the pattern that
is being sought. The apriori principle permits reduction of the search space to only those patterns
that contain the hypotheses (Han, Lakshmanan, & Ng, 1999). Automated frequent pattern mining
proceeds from this strong foundation using the apriori algorithm to dynamically limit the search
space as well. The combination of expert knowledge and machine learning permits the discovery
of complex patterns in multivariate data.
SYSTEM ARCHITECTURE
A full function proof of concept prototype of CBA-OPS was implemented. The functional
architecture of the prototype is shown in Figure 1. The Data Generation Component provides an
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interface to data sources. Interfaces to both a flight simulator and a representative DFDR source
were implemented. DAX processing was implemented as part of the data validation and data
cleaning operations in the ETL component.

Figure 1: CBA-OPS Functional Architecture

The CBA-OPS prototype is incident oriented. The original research objective was to characterize
flight safety relevant conditions. A representative scenario was developed base upon the analysis
of Intersun Sunways Flight 2042 on 1 October 1996 (Flight Safety Foundation, 1998). The
Constraint Definition Editor (CDE) provides a convenient graphical interface for domain experts
to form hypothesis about a safety relevant incident. The CDE interfaces with the Data-Mining
Component to expand the initial hypotheses into a characterization of the incident. The
Visualization Component provides views of feature-encoded DFDR source data that are selected
either by using a data browser or as the results of data-mining operations.
ETL AND DAX
The ETL process data validation and cleaning before feature encoding. Encoding is a two step
process. The first is a piecewise segmentation of each signal. The duration of segments is
variable and determined by the error in the linear approximation. A custom de-noising algorithm
was implemented to manage the impact of noise in the source on the segmented form. A fusion
algorithm attempts to fuse a noisy segment with preceding or following segments before the
segment is added into the segment stream.
After the end points of a segment are determined the segment is subdivided to maintain a close
correlation to the original data as is illustrated in Figure 2. Both the error in the linear fit and the
number of segment subdivisions are user specified parameters. Segmentation alone was found to
provide a 4 to 12 times reduction in the size of the data set.
Domain aggregate approximation (DAX) is performed in the second step. DAX extends the
approach described by Lin et al. (2003) by explicitly expressing expert knowledge in the symbol
definitions. Following Zakrajsek, Fulton and Meyer (1994) defines a vocabulary of eight
parameterized features that are observed in the time domain trace of a signal. CBA-OPS
experienced up to a 90:1 data compression ratio after segmentation and DAX.
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Simulated
B767 Flight

Segmented data

Logged engine parameters

Figure 2: Examples of raw flight data channels with their segmented versions

The DAX symbol vocabulary begins with a horizontal segment. A horizontal segment is the
simplest feature and is defined as a segment over which the magnitude of the slope is less than a
user defined value. Adjacent horizontal features are combined into a single horizontal feature.
Level shift features can be increasing or decreasing. They are segments with a magnitude of
slope exceeds a user defined value and the magnitude of the difference of signal values at the
endpoints exceeds a second parameter. The combination ensures that level shifts are sharp and
significant changes.
Spikes are simple to describe and difficult to parameterize. A spike begins with either an
increasing or decreasing level shift. The level shift is followed immediately by another level shift
of about the same magnitude in the opposite direction. Spikes are parameterized by slope,
minimum amplitude percentage, maximum duration, and separation percentage. Two processing
passes are used to ensure that a spike is not part of a train.
Trains are a pattern of spikes. CBA-OPS does not restrict how spikes are sequenced in a train. A
train is simply defined as two or more spikes such that the extreme values between two
consecutive spikes are separated by no more than a user defined distance along the time axis.
The remaining segments are either slowly increasing or decreasing. The magnitude of their slope
is less than the minimum for a level shift and greater than the maximum for a horizontal
segment. Segments with a positive slop are encoded as monotonic increasing. Those with a
negative slope are monotonic decreasing segments.
DATA UNDERSTANDING
The Visualization Component provides an interactive visualization interface to help the user
explore, identify, and visualize relevant aspects in flight data sets so s/he can formulate
hypotheses. This is achieved through the following techniques and functionality elements:
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•
•
•

Visual encoding techniques associate visual representations (e.g., color, segment
dimensions, modifiers) with data features of primary interest (e.g., extreme values,
slope), facilitating the immediate recognition of feature properties in the flight data.
Search capabilities help identify data segments containing specific features or
combinations of features (e.g.,”find a rising segment longer than 4 seconds”).
Data alignment and scaling support the synchronized analysis of events on different
data channels, or on the same data channels on different flights. Specifically:
o Zooming allows data channels to be expanded as needed.
o Synchronized scrolling allows selected channels to scroll as one unit.
o Channel stacking allows channels of interest to be displayed next to each
other for data comparison purposes.

Figure 3: Visualization Component

The Visualization Component implements two signal visualizations and a browse capability for
selecting signals to view. Figure 3 shows the browse tree on the left and a visualization based on
the DAX symbol vocabulary. Each symbol in the DAX vocabulary is plotted as a graphic shape
for easy recognition. Figure 4 illustrates the relationship between a time domain data plot of
individual samples, a time domain plot of the segmented data, and the visualization of a DAX
symbol train.
Raw View

Segmented View

Figure 4: Train Visualization
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Featurized View

The time domain plot and the symbol visualization for a signal are compared in Figure 5. Blue
and red boxes represent monotonic increasing and decreasing segments. The black boxes are
level shifts. Lines at the top or bottom of the frame indicate increasing or decreasing. The amber
box represents a train. Amplitude is show as the feature height and duration by the feature length.
Relative values are indicated by feature placement on the vertical axis.

Figure 5: Visualization Comparison

The result is that the symbol visualization is a stylized version of the time domain trace that
emphasizes the DAX symbols defined by domain experts as part of the ETL process.
DATA MINING
Constraint-based data-mining applies the apriori principle (Agrawal & Srikant, 1995) to ensure
the computational tractability of data-mining operations. This principle says that any set of
observations K that contains a frequent pattern P is a subset of K-1 that also contains P.
Constraint-based data-mining uses a definition of P to begin data mining on K (Han et al., 1999).

Figure 6: Hypothesis expressed in CDL

A Constraint Definition Language (CDL) was created to express expert knowledge in the form of
hypotheses about patterns the characterize incidents of interest. The Constraint Definition Editor
provides a graphical environment for defining hypotheses in CDL and adding constraints to them
base on data-mining results.
CDL defines a constraint as a relation between one or more objects. Figure 6 shows a constraint
that served as one hypothesis during system evaluation. The constraint specifies a level shift on
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the Engine 1 Exhaust Gas Temperature (EGT) sensor that has a slope of greater than ½ and
duration of more than 50 seconds. (Sample rate = 8 Hz, 400 samples / 8 Hz = 50 seconds). Datamining was performed to discover the additional relationships shown in Figure 7. A multivariate
relation between the Engine 1 and Engine 2 EGT was discovered. The rate of temperature
increase is less in engine 2 than in engine 1. This is shown in the lower section of the constraint
graph. The upper group of nodes shows a temporal relationship that was also discovered through
data-mining.

Figure 7: Constraint Editor showing hypothesis after data-mining

Figure 7 also shows the Constraint Editor. The purpose of the editor is to enable domain experts
to formulate and edit constraint-based hypotheses for safety relevant flight conditions. The
associated data-mining capabilities enable the expert to identify potential commonalities across
data channels and complex relationships that characterize or are precursors to safety relevant
flight conditions. The editor has the following components:
• A main menu bar to choose and save the hypothesis, channel, and other control
operations.
• Several tool bars used to insert, edit, and link nodes
-7-

•
•

The hypothesis work area (where the graph is formulated and edited)
A status bar along the bottom that indicates the current action

The combination of the constraint editor and data-mining overcomes the challenges of acquiring
and encoding large collections of expert knowledge. The exploratory nature of the tool
encourages the domain expert express their knowledge in constraint graphs and to refine that
knowledge through data-mining.
CONCLUSIONS
The system supports the detection and description of safety-relevant flight conditions in DFDR.
The contributions of the approach are:
•
•
•
•

A data reduction and transformation approach that scales down the high
dimensionality of flight data sets to a size and format more easily explored by users
and efficiently mined through algorithms.
Visualization techniques that focus on relevant signal attributes, allow users to
rapidly recognize potentially relevant signal areas, and develop initial hypotheses
about safety-relevant flight conditions.
A diagrammatic constraint editor that encodes hypotheses for incident description
in a visually intuitive manner and in a format that can be used by data mining
algorithms.
Data mining components that support refining and expanding hypotheses into
confirmed safety-relevant flight conditions by:
o Identifying additional features that correlate with existing condition
descriptions.
o Uncovering additional relations between features in a description.
o Enabling the refinement of a signal features’ attribute values in a
description.

This provides considerable flexibility by allowing the user to apply domain knowledge and
expertise to guide the process of refining and expanding descriptions for safety-relevant flight
conditions.
Future work is needed to increase the richness of the DAX process. The vocabulary of available
time domain approximations and frequency domain approximations need investigation. The
inclusion of data sources such flight operational and quality assurance (FOQA), logistics, or
weather all offer the promise of fuller incident characterization. Model deployment also provides
additional topics for investigation. A stream implementation of DAX will be required as will
detectors for the discovered models. Investigation is needed to determine the feasibility and
demonstrate the generation detector implementations such as decision trees, Bayesian belief
networks (BBN), and dynamic belief networks (DBN).
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SPECTRAL ANALYSIS FOR SPACECRAFT ANALOG
TELEMETRY BEHAVIOR
Len Losik, Ph.D
Failure Analysis
Spectral analysis decomposes a signal into its frequency components. Engineers can use spectral
analysis to decompose Satellite and spacecraft telemetry behavior from space to provide a new
tool to advance space vehicle reliability. 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.
Introduction
Man has been launching satellites and spacecraft since 1957 when the Soviet Union successfully
launched the first of several Sputnik satellites in low-earth orbit which used a dual frequency
telemetry system. Space vehicle equipment telemetry originating in space has been believed too
complex and too varied in its behavior to quantify. However, after characterizing telemetry
behavior on the Boeing/Air Force Global Positioning System in-orbit satellites, many properties
were discovered that are usable across all satellites and spacecraft.

FIGURE 1 COMPARISON BETWEEN AN ORIGINAL ANALOG SIGNAL
AND ITS RECONSTRUCTED ANALOG SIGNAL
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
1

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.

FIGURE 2 POWER SPECTRAL DENSITY (PSD) FOR AN RF SIGNAL
Spectral analysis is the decomposition of time-series electrical signals into its frequency and
phase components. Spectral analysis is used in many applications to understand the electrical
signal properties.
Figure 1 illustrates telemetry as reconstructed time-series analog signal, quantifiable using its
amplitude, frequency and phase just as other electrical signals can be and the use mathematics
developed for signal analysis and orbital mechanics. Space engineers remain unaware of the
intelligence in telemetry signal behavior, usually referred to as systemic noise.
Telemetry has been for many decades, overhead, a cost of doing business, and not fully
leveraged to reduce risk to satellites and astronauts. With 50 years of building and launching
experience, there seems no way to improve vehicle reliably and cost effective balancing cost and
risk.
1

Telemetry is the source of information necessary to increase space vehicle reliability but has an
industry reputation as being expensive, complex, unnecessary and unreliable, minimizing its use.
Telemetry science makes telemetry behavior understandable, reliable, quantifiable and key to
space program success, and can be used to justify the cost of expanding its use to all equipment.
Using RF and digital electrical signal spectral analysis, the harmonic influences can be
understood and leveraged as another tool for engineers to minimize risk of catastrophic
spacecraft equipment failure.
VIRTUAL TELEMETRY ELECTRONIC SIGNAL (VTES)
Telemetry originating from satellites in space, exhibit unique behavior similar to electrical
signals. Until know, these properties have been relatively undiscovered. Engineers responsible
for the operations and maintenance of spacecraft and satellites use telemetry to determine the
spacecraft Bus equipment and payload status and operational performance. Telemetry is often
2

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.
Telemetry from satellites and spacecraft is a reconstruction of an analog signal. For satellites in a
circular orbit, without external influences, a satellite’s earth orbit is a perfect circle or ellipse,
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 from orbit is that of a sinusoidal signal. This (virtual) telemetry electrical
signal (VTES) can be treated as an electrical signal with all the same properties.
To quantify the behavior of electrical and RF signals, harmonic and Fourier analysis are used.
Harmonic and Fourier analysis is the decomposition of a function in terms of a sum of
sinusoidal basis functions that can be recombined to obtain an approximation to the original
function.
2

Every analog or digital signal can be written as a (infinite) sum of sine and cosine functions of
different frequencies; this is the basic idea of Fourier analysis, where trigonometric series are
used to solve a variety of boundary-value problems using partial differential equations.
To convert from 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.

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 communication signals. Figure 3 represents time series and magnitude
data, frequency and amplitude components and phase magnitude components for an analog
measurement.
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Fourier analysis changes time series data to frequency and phase data. Frequency data shows
when time series data changes which aids in identifying important values within the original time
series data. Because orbiting satellites repeat their behavior every orbit, telemetry measurements
repeat their behavior every orbit period allowing many generalizations. For an electrical signal,
modulating the amplitude provides a means of adding information. For telemetry behavior,
modulating the amplitude of the VTES occurs from external influences such as the changing sunto-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 equipment
technology cannot accurately recover information accurately 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.

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.

4

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. 4For 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

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
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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.
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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 0o, 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.
Amplitude

+ π/2
Frequency

- π/2
FIGURE 8 PHASE SPECTRUM FOR FIGURE 11
Amplitude

Frequency (Hz)

-1/T

+1/T

FIGURE 9 FREQUENCY SPECTRUM FOR TELEMETRY
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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. 6Without 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 120oC 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.
ELLIPTICAL AND CIRCULAR ORBITS

FIGURE 10 FIGURE CIRCULAR AND ELLIPTICAL ORBITS SHAPES
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. 7A 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.

7

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 Ωdot, 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
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 to an analog 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 available for analyzing, only the minimum, average and maximum values are used in
Figure 10. A satellites regular equipment cycling is observable in its frequency and phase
analysis 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 0o 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)
8

•

Maximium sun-to-orbit (β) plane angle every 6 months (6.4 x 10-8 Hz)

o

C

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
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FIGURE 11 FREQUENCY SPECTRUM (POSITVE FREQUENCIES) FOR BOEING
GPS BLOCK I SATELLITE
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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LAUNCH VEHICLE AND SATELLITE INDEPENDENT
FAILURE ANALYSIS USING TELEMETRY PROGNOSTIC
ALGORITHMS
Len Losik, Ph.D
Failure Analysis

ABSTRACT
Unique vehicle designs encourage the use of the builder to complete its own failure analysis.
Current failure analysis practices use telemetry and diagnostic technology developed over the
past 100 years to identify root-cause. When telemetry isn’t available speculation is used to create
a list of prioritized, potential causes. Prognostic technology consists of generic algorithms that
identify equipment that has failed and is going to fail while the equipment is still at the factory
allowing the equipment to be repaired or replaced while it is still on the ground for any
spacecraft, satellite, launch vehicle and missile.
Key Words: Independent failure analysis, fault analysis, failure analysis, diagnostics, telemetry
analysis,
INTRODUCTION
Failure analysis for identifying root-cause, satellite and launch vehicle equipment failures
includes the collecting, processing and analysis of data to determine the source or cause of a
failure. This information is often used to identify a random failure, design flaw, manufacturing
flaw, to prevent the same failure from recurring in subsequent equipment and liability. Failure
analysis is an important discipline in many manufacturing industries, such as the electronics and
aerospace industry, where it is a vital tool for increasing equipment reliability 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
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 algorithms identify
equipment that has failed and is going to fail. Prognostic algorithms are important because
current diagnostic technology is inadequate to identify equipment that will suffer from infant
1

mortality failures. Prognostic technology is the next logical step in advancing traditional
electronic and electro-mechanical equipment diagnostic technology. 1Prognostics 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.
Prognostic technology requires equipment test and/or operating data to be available from the past
as well data from current equipment operations. Space equipment builders, owners and users
record and store vast quantities of data and so the space industry is excellent industry for
prognostic algorithm use.
Table 1 shows comparison of characteristics between prognostics and diagnostics. A prognosis
denotes the prognosticians prediction of whether a failure is in process, will progress, and when
the equipment/circuit will fail.
Telemetry Prognostics
Includes all diagnostics to identify equipment
that has failed, changed performance
(diagnostics) and is going to fail in the future
Developed from intimate experience with
equipment under test and use in the field
Uses active reasoning
The use of algorithms that illustrate the
information to use to predict equipment that
will fail from infant mortality failure
Record data and evaluate as data is
recorded/collected
Actively monitor data to provide knowledge of
whether a failure has occurred, is occurring or
when a failure is likely to occur
All events are considered failure information
until ruled out by investigation by
prognostician
Prognostician doesn’t just watch as failures
occur, they stop them from occurring
Requires high-skilled personnel - in-depth
knowledge of what is being actively monitored
is required
Identifies system readiness for deployment
Used for high tech where program costs and
equipment reliability are valued
Program Managers using it to solve equipment
infant mortality equipment failures

Telemetry Diagnostics
The use of algorithms to identify equipment
that has failed or changed performance
Developed from equipment ground test
environment
Uses for passive monitoring
Does not identify equipment that is going to
fail
Record data and look at it later
After the fact response

Events/concerns may or may not be recognized
and no action is taken
Diagnostician waits for predefined error
message before taking action
Allows low skilled personnel - doesn’t require
in-depth understanding of what’s being
monitored since data is evaluated post event
Allows massive equipment failure rate forcing
returns to depot for repair
Only approach used throughout all industries

TABLE 1 PROGNOSTIC AND DIAGNOSTIC DIFFERENCES
2

The first telemetry prognostic algorithms were developed and used to predict failures in atomic
clocks on-board GPS satellites. The satellite engineering team was unable to understand the
origin and reliability of the information used to predict equipment failures and predicting failures
was ordered stopped by engineering. By researching a large number of equipment failures over
25 years from space equipment used across many complex systems, a new understanding of the
equipment failure process was obtained.
Prognostic algorithms clearly illustrate the data to identify 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.

Amplitude

FIGURE 1 CLASSIC TELEMETRY FAILURE BEHAVIOR CYCLE
Figure 1 is an example of the classical, long-term telemetry behavior for complex electronic and
electro-mechanical equipment used in prognostic algorithms. 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. 2No 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 it’s shipped to the launch pad. 3For
the first time, all the information to identify unreliable equipment can be financially justified.
3

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.
There are 3 types of prognostic technology, data-driven, model-based and a hybrid using datadriven and model-based algorithms. 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. Datadriven 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.
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
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.
FIRST KNOWN USE OF PROGNOSTICS
Figure 2 are the 40 Boeing/GPS Block II and IIa satellites designed using results from telemetry
prognostic technology 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
4

operated most CIA/NRO/military space control assets. 4Boeing 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 application and more accurate navigation solutions than
existing satellite-based navigation systems. GPS competed against APL’s TRANSIT and the
NRL’s TIMATION systems for DOD funding.

FIGURE 2 GPS SATELLITES
DATA-DRIVEN ALGORITHMS
Unlike model-based prognostic algorithms that need long-term normal behavior modeled, datadriven algorithms only use the information available to determine normal behavior. 5Failure
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
Baseline Analysis
Change Analysis
Comparison Analysis
Data Integration
Data Base Creation
Day-of-Failure (DOF)
Digital Processing
Discrimination Analysis
Mathematical Modeling
Multi-Variant Limit Analysis
Rate-Change Analysis
Remaining-usable-life (RUL)
Statistical Sampling

Purpose
Determines change in normal behavior is occurring
Determines change in normal behavior
Determines change in normal behavior
Compiles data for cluster analysis
Creates minimal amount of telemetry for analysis
Identifies day of equipment failure
Improves resolution of failure signature
Identifies normal telemetry from failure behavior
Predicts normal telemetry behavior
Identifies telemetry to be analyzed for failure behavior
Identifies telemetry to be analyzed for failure signature
Determines when equipment will fail
Reduces telemetry databases before analyzing
5

State Change Analysis
Super Impositioning
Super Precision
Telemetry Authentication
Virtual Telemetry

Identifies telemetry to be analyzed for failure signature
Enhances normal telemetry behavior for analysis
Improves resolution of final telemetry diagnostic products
Eliminates unreliable telemetry eliminating false positives
Creates future normal telemetry behavior

TABLE 2FAILURE ANALYSIS’ TELEMETRY PROGNOSTIC ALGORITHMS
VEHICLES
The remaining-usable-life for complex equipment can be calculated by understanding the piecepart 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. 6Based 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 ACCURACY FOR REMAINING USABLE
LIFE BASED ON FIXED-TIME SAMPLING FREQUENCY FOR 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.

6

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.
7

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.

7

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 all component/assembly/systems
to identify equipment that has failed and is going to fail across any space vehicle regardless of
design. Prognostic algorithms are the next step in the natural evolution of diagnostic techniques
that can identify equipment that has failed and is going to fail during launch or in space, while
the equipment is 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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PREDICTING LONG-TERM TELEMETRY BEHAVIOR FOR
LUNAR ORBITING, DEEP SPACE, PLANETARY AND EARTH
ORBITING SATELLITES
Len Losik, Ph.D
Failure Analysis
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.
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. 1Prognostic
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
1

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 inspace 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 Windowsbased 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%, 1st 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
2

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. 3Spacecraft 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
4

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 pieceparts. Today’s spacecraft are larger, more complex, less reliable and susceptible to single event
5

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.
β
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FIGURE 6 RESULTING SATELLITE TELEMETRY BEHAVIOR WITH CONTINUOUS
CHANGING SUN-TO-ORBIT PLANE ANGLE
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. 5The 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
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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
FIGURE 8 ANNUAL
INFLUENCES
SPACE STATION SUN-TO-ORBIT PLANE β-ANGLE
PREDICTION
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.
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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. 7Satellite 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
This paper describes the use of orthogonal space-time block codes to overcome the performance and complexity difficulties associated with the use of Shaped Offset QPSK (SOQPSK) modulation, a ternary continuous phase modulation (CPM), in multiple-input multiple-output telemetry
systems. The orthogonal space-time block code is applied to SOQPSK waveforms in the same way
it would be applied to symbols. The procedure allows the receiver to orthogonalize the link. The
main benefits of this orthogonalization are the easy realization of the transmit diversity for the
offset-featured SQOSPK, and the removal of the noise correlation at the input to the space-time
decoder and the elimination of I/Q interference when space time orthogonalization is applied to
the symbol level.
KEY WORDS
BER (Bit Error Rate), MIMO (Multiple Input Multiple Output), SOQSPK (Shaped Offset Quadrature Phase Shift Keying)
INTRODUCTION
Research on wireless communications through multiple input multiple output antennas over
none-selective fading channels has received considerable attention [1-3]. Codes design techniques
like space-time block codes [5] and space-time trellis codes [6] with linear modulation have been
extensively investigated to provide diversity gains and coding gains.
Space-time coded CPM have received a great deal of interest because of the advantage of bandwidth and power efficiency relative to linear modulation. However, owing to the nonlinearity and
1

inherent memory in CPM signal, a direct application of results obtained from the linear modulation
to the construction of space-time CPM is very difficult [7-8].
In [5], Alamouti space time code was proposed to BPSK and QPSK on the symbol level,
which achieved the transmit diversity, and kept the I/Q interference free and noise white. A direct
application of Alamouti to SOQPSK was investigated in [7], but the detection complexity, I/Q interference, and colored noise are unavoidable. Alamouti space time code applied to waveform was
first reported by Silvester in [1] for general CPM, which obtained transmit diversity and showed
the simplicity.
In this paper, in order to overcome the difficulties of I/Q interference and correlated noise at the
matched filter outputs, and to achieve a simple way of transmit diversity for SOQPSK, Alamouti
orthogonal code is added to SOQPSK frame waveform at the transmitter. While at the receiver,
the received signal is stacked according to Alamouti scheme, then the signal can be detected like
SISO with real and imaginary parts separately. This simple detector not only keeps the transmit
diversity, but also removes the inherent I/Q interference and has about 1.3 dB difference at bit error
rate of 5 × 10−3 compared with Alamouti QPSK results for a 2 by 1 MISO system.
Section II models the transmitted signal, Section III describes the derivation of the optimum
trellis detection. Section IV gives the simulation of the error performance and section V makes the
conclusions.
SYSTEM MODEL
Let us consider a MISO wireless communication system with 2 transmit antennas and 1 receive
antennas. As shown in Figure 1, let i is the transmit antenna index, k = 0, 1, 2, · · · , be the frame
index, the NF binary bit long frame bi (k) = [bi (kNF + 1), bi (kNF + 2), · · · , bi (kNF + NF )] is
the input to the mapper to obtain di (k) = [di (kNF + 1), di (kNF + 2), · · · , di (kNF + NF )], where
di (kNF + n) ∈ {−1, 1} is generated by di (kNF + n) = 1 − 2bi (kNF + n), n = 1, · · · NF . Each
binary data stream di (k) is then used as input toward its SOQPSK modulator. The modulated
SOQPSK signal X(t, di (k)), kNF Tb ≤ t < (k + 1)NF Tb can be written as
r
µ
¶
Es
X(t, di (k)) = X(t, ai (k)) =
exp jφ(t, ai (k)) , i = 1, 2,
(1)
MT
where Es is the average symbol energy, µ = 1/2 is the continuous phase modulation index, q(t)
is the correspondent phase shaping function defined in [7], Tb is the binary data time interval. The
information-bearing phase function is
φ(t, ai (k)) = 2πµ

NF
X

ai (kNF + l)q(t − kNF − lTb ),
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Figure 1: Block diagram of space time SOQPSK Transmitter
where ai (k) = [ai (kNF + 1), ai (kNF + 2), · · · , ai (kNF + NF )], and the characteristic ternary
encoder which is immediately before the standard continuous phase modulator in SOQPSK modulator, can be defined by ai (l) ∈ {−1, 0, 1}
ai (kNF + l) = (−1)(kNF +l+1)

di (kNF + l − 1)(di (kNF + l) − di (kNF + l − 2))
.
2

(3)

For a 2 by 1 MISO system, the block of the orthogonal waveform is actually the Alamouti
scheme. The orthogonal wave-forming block inserts a conjugate waveform for every new NF ∗
Tb long waveform, but different than the Alamouti block coding scheme, the Alamouti transmit
scheme here is applied to the modulated waveforms. During 2kNF Tb ≤ t < (2k + 1)NF Tb time
interval, X(t, d1 (k)) and X(t, d2 (k)) are transmitted over antenna 1 and antenna 2, respectively.
During the following (2k + 1)NF Tb ≤ t < (2k + 2)NF Tb time interval, −X ∗ (t − NF Tb , d2 (k))
and X ∗ (t − NF Tb , d1 (k)) are transmitted over antenna 1 and antenna 2, respectively.
By doing this, we assume that the channel is quasi-static over 2NF Tb long time interval. For
MT > 2, this orthogonal transmit scheme is still possible, but it requires the channel to be quasistatic longer.
OPTIMUM DETECTOR
In a MISO or MIMO environment, the complex Gaussian channels and the offset feature of
the I/Q waveforms of MSK would unavoidably introduce the interference between inphase and
quadrature and also color the white noise, which will severely degrade the performance of the
maximum likelihood detector [1].
Orthogonal Wave-Forming
In the proposed transmit scheme, we have the transmitted waveform in Alamouti format, so
at the receive side, we can use the orthogonal waveform to get rid of the complex rotation of the
channel as shown in Figure 2. For 2kNF Tb ≤ t < (2k + 1)NF Tb , the received signal y2k (t) is
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Figure 2: Block diagram of space time SOQPSK Receiver
"

#
X(t, d1 (k))
y2k (t) = H
+ N2k (t);
X(t, d2 (k))

(4)

where the variance of each element in N2k (t) is No and H = [h1 , h2 ] for a 2 by 1 MIMO system or
H = [h11 , h12 ; h21 , h22 ] for a 2 by 2 system. For (2k + 1)NF Tb ≤ t < (2k + 2)NF Tb , the received
signal y2k+1 (t) is
"
#
−X ∗ (t − NF Tb , d2 (k))
y2k+1 (t) = H
+ N2k+1 (t).
X ∗ (t − NF Tb , d1 (k))
The receiver forms a rearranged waveform vector Y(t) as
"
#
"
# "
#
y2k (t)
X(t, d1 (k))
N2k (t)
Y(t) = ∗
= He
+
,
y2k+1 (t)
X(t, d2 (k))
N∗2k+1 (t)

(5)

(6)

where N2k (t) and N2k+1 (t) are the corresponding complex Gaussian noise respectively. He is the
equivalent orthogonal MIMO channel matrix. For example, in a 2 by 1 system, it can be written as
"
#
h1 h2
He = ∗
.
h2 −h∗1

(7)

2
The orthogonal property of HH
e He = kHkF I allows us to multiply the two sides of equation
by HH
e to obtain
"
"
#
#
y
(t)
N
(t)
2k
2k
Z(t) = HH
+ HH
,
(8)
e
e
∗
y2k+1
(t)
N∗2k+1 (t)

note that the noise is

"
#
#
N2k (t)
Ñ2k (t)
H
= He
,
N∗2k+1 (t)
Ñ∗2k+1 (t)

"

(9)

which is still white with zero mean and variance kHe k2F No I. We have
"
# "
#
X(t,
d
(k))
Ñ
(t)
1
2k
Z(t) = kHk2F
+
,
∗
X(t, d2 (k))
Ñ2k+1 (t)
4

(10)

It is well known that in single input single output (SISO) environment the complex offset QPSK
is demodulated by two orthogonal branches of real (in-phase) and imaginary (quadrature) with Tb
time offset. In MISO environment, if Alamouti outer code is applied at the transmitter to counteract
the rotation of the channels, then at the receiver, we can form a rearranged vector Y(t) as in (6)
which leads to a decision statistics Z(t) with a signal gain of kHk2F , we can still split the Z(t) into
the branches of real and imaginary and can demodulate the real and imaginary alternately at the
receiver.
MLSD Detector
It is well known that SOQPSK has an expression as an offset in-phase and quadrature implementation , i.e, for kNF + nTb ≤ t < kNF + (n + 1)Tb :
X(t, di (kNF + n)) =

X

αi (kNF + n)pI(n) (t − kNF Tb − (2n − 1)Tb )

n

+j

X

βi (kNF + n)pQ(n) (t − kNF Tb − 2nTb ), (11)

n

where pI(n) (t), pQ(n) (t) is the time-variant pulse-shaping functions, and
αi (kNF + n) = di (kNF + 2n − 1);

(12)

βi (kNF + n) = di (kNF + 2n)

(13)

ai (kNF + 2n − 1) ∈ {−1, 1} and bi (kNF + 2n) ∈ {−1, 1} are the odd/even split of the sequence
di (kNF + n) ∈ {−1, 1}.
As mentioned before, Alamouti scheme is applied to counteract the rotation of the channels,
which leads to a signal gain of kHk2F , at the receiver, Z(t) can be divided into the branches of real
and imaginary and can be detected in the real and imaginary alternately at the receiver.
The optimum receiver is the maximum likelihood sequence detector (MLSD). Let Z be the
input signal as defined in equation (8). The optimum estimation of b̂ should satisfy
½Z

(K+1)NF TB

b̂(k) = arg min
b

kZ(t) −
KNF Tb

kHk2F X(t, d(k))k2 dt

¾
.

(14)

SIMULATIONS
In this section, we present some simulation results to verify the proposed scheme above. The
frame lengths are 260 binary bits or 130 QPSK symbols. Each spatial channel is modeled as
independent complex AWGN quasi-static channel. Because SOQPSK has a huge set of shapingpulses in in-phase and quadrature, the integrate and dump filter is used as the matched filter in the
receiver.
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Figure 3: BER Performance: Alamouti’s QPSK scheme and the proposed SOQPSK receiver 2TX
1RX
Figure 3 is the simulation results of 2 by 1 antennas. The performance of Alamouti is from
[2]. We can see from the slope of the BER curve that the transmit diversity is obtained through the
waveform orthogonalization. For BER at 5 × 10−3 , there is a SNR difference of around 1.3 dB
compared with Alamouti QPSK, which is due to the decrease of minimum Euclidean distance in
SOQPSK and the Integrate and Dump matched filter performance.
CONCLUSION
In summary, this paper provides a new optimum transmitter and receiver structure for spacetime Shaped Offset QPSK. The transmit diversity is achieved which is based on the waveform
orthogonalization of the Alamouti scheme. This space-time detector is absolutely guaranteed I/Q
interference-free and still keeps the noise white.
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ABSTRACT

A reduced-complexity decision-directed timing recovery method for continuous phase modulation (CPM) is
presented. The timing recovery method is based on the pulse amplitude modulation (PAM) representation—or
Laurent representation—of CPM, and is applied to the family of three telemetry modulations: PCM/FM, SOQPSKTG, and ARTM CPM. This work is the next step in an ongoing effort to develop reduced-complexity PAM-based
receiver methods for aeronautical telemetry. We quantify the steady-state tracking accuracy of the proposed timing
recovery method and show that it performs very close to the theoretical limit given by the modified Cramer-Rao
bound (MCRB). We also demonstrate that the proposed method is free of false-lock points for all three modulations.

INTRODUCTION
The family of three Advanced Range Telemetry (ARTM) modulations are [1]: pulse code modulation/frequency modulation (PCM/FM); shaped offset quadrature phase shift keying, telemetry group
version (SOQPSK-TG); and a variant of multi-h continuous phase modulation (CPM) known as “ARTM
CPM.” All three modulations have a constant signal envelope and can, in fact, be described as CPMs.
CPM comes with its advantages and disadvantage. The primary advantage of CPM is its ability to
deliver compact, high-power, power-efficient modulators, which is the primary motivation for its use in
aeronautical telemetry. The disadvantage of CPM are that its receivers can be very complex and very
difficult to synchronize; this is due in part to the fact that the signal is nonlinear with respect to the transmitted data. In the case of PCM/FM and SOQPSK-TG, it is possible to use alternate, non-CPM receiver
models [2, 3], which greatly simplify the receiver and avoid some of the synchronization problems; these
simplifications come at the expense of detection efficiency. In the case of ARTM CPM, these non-CPM
alternative models are not available, and the unavoidable complexity and synchronization problems faced
by ARTM CPM have proved difficult to overcome [4].
In this paper, we present a method of symbol timing recovery based on the well-known pulse amplitude
modulation (PAM) representation of CPM [5, 6], which “linearizes” CPM in a certain sense. This present
This work was supported by Nokia Siemens Networks through the Information & Telecommunications Technology Center
at the University of Kansas.
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work is a continuation of previous PAM-based efforts to reduce receiver complexity and improve detection
efficiency [7, 8]. We quantify the steady-state tracking accuracy of the proposed timing recovery method
and show that it performs very close to the theoretical limit set forth by the modified Cramer-Rao bound
(MCRB). We also show that the proposed method is free of false-lock points for all three modulations.
The paper is organized as follows. We first establish the signal model for multi-h CPM. We then
describe PAM-based timing error detector (TED). We then give some some performance analysis and
present some numerical simulation results.
SIGNAL MODEL
A. Conventional CPM model
We consider the CPM signal with complex envelope [9]
r
Es
exp {jφ(t; α)}
s(t; α) ,
Ts

(1)

where Es is the symbol energy and Ts is the symbol duration. The phase of the signal is given by
X
φ(t; α) , 2π
αi hi q(t − iTs )

(2)

i
h −1
where α , {αi } is a sequence of M -ary data symbols and {hi }N
is a set of Nh modulation indexes.1
i=0
The phase response q(t) is defined as the time-integral of the frequency pulse f (t), which has a duration
of L symbol times and an area of 1/2. When L = 1 the signal is said to be full-response and when L > 1
the signal is said to be partial-response. Some common pulse shapes are length-LTs rectangular (LREC),
length-LTs raised-cosine (LRC), and Gaussian, which are all defined in [9].
The phase φ(t; α) in (2) can be expressed as

φ(t; α) = η(t; cn ) + θn−L ,
where
η(t; cn ) , 2π

n
X

nTs ≤ t < (n + 1)Ts ,

(3)

αi hi q(t − iTs ),

i=n−L+1

and
cn , [αn−L+1 , · · · , αn−1 , αn ],

θn−L , π

n−L
X

αi hi mod 2π.

(4)

i=0

In the above equations, cn is the correlative state vector, θn−L is the phase state, and n is the current
symbol index.
For the important special case where the modulation indexes are rational numbers, i.e. hi = ki /p,
0 ≤ i ≤ Nh − 1, the phase states are drawn from a finite alphabet of 2p points evenly distributed around
the unit circle. Using the tilted phase representation, the phase state alphabet can be cut in half, i.e. a set
In this paper, the underlined subscript notation in (2) is defined as modulo-Nh , i.e. i , i mod Nh . When Nh = 1 we have
single-h CPM, which is the most common case. When Nh ≥ 1 we have the less-common multi-h CPM case.
1

2

of p points evenly distributed around the unit circle [7]. Therefore, the signal in (3) can be represented by
a phase trellis of NS = pM L−1 states, where each branch is associated with a unique value of the branch
vector [θn−L , cn ].
B. PAM-based CPM model
In the well-known paper by Laurent [5], it was shown that the right-hand side of (1) can be formulated
as a superposition of data-modulated pulses for the special case of binary (M = 2) single-h CPM with noninteger modulation index. This pulse amplitude modulation (PAM) representation of CPM has since been
extended to M -ary multi-h CPM [6] and other more exotic cases. In order to expedite our development,
we restrict ourselves to the cases considered in [6] and note that the proposed PAM-based timing recovery
methods can be extended to other cases.
Using the PAM-based model for M -ary multi-h CPM, the right-hand side of (1) can be exactly represented as [6]
r N −1
Es X X
bk,i gk,i (t − iTs )
(5)
s(t; α) =
Ts k=0 i
where the number of PAM components is N = 2P (L−1) (M − 1) when the alphabet size M is an integer
N −1
power of 2. The pseudo-symbols {bk,i }k=0
have a lengthy definition that is not summarized here but is
instead found in [6] for the general multi-h case; suffice it to say that the pseudo-symbols are a nonlinear
−1
function of the symbol sequence α. Likewise, the PAM signal pulses {gk,i (t)}N
k=0 , which vary greatly
in amplitude and duration, are defined in [6] for the respective cases; the k-th pulse has a duration of Dk
symbol times, where Dk is an integer in the range 1 ≤ Dk ≤ L + 1.
Based on the definition of the pseudo-symbols, the phase state θi−L can be factored out of bk,i , leaving
a term that is a function of the correlative state vector ci , i.e.
r
N −1
Es X jθi−L X
s(t; α) =
(6)
e
bk (ci )gk,i (t − iTs ).
Ts i
k=0
An important aspect of (6) which we summarize and emphasize here is the PAM complexity reduction
principle, which has been used to formulate reduced-complexity detectors [10]. The first step is to exploit
the fact that the pulses with the largest amplitudes also have the longest durations (i.e. the most energy),
and that there are only a few such pulses [5]. The indexes of these pulses are grouped in the subset K,
where K ⊆ {0, 1, · · · , N −1} and has |K| elements. (A ⊆ B denotes that A is a subset of B.) The reduced
number of pulses has the net effect of reducing the number of matched filters (MFs) in the detector [10].
The second complexity-reduction step is to observe that with the pseudo-symbols that remain, i.e.
{bk (ci )}k∈K , it is possible to factor out additional data symbols, starting with αi−L+1 , which has the
net effect of shortening the correlative state vector and thereby reducing the number of trellis states in
the detector [10]. The full correlative state vector cn in (4) contains L elements, whereas the shortened
correlative state vector c0n contains only L0 ≤ L elements; the elements that are removed from c0n , namely
0
0
{αi }n−L
i=n−L+1 , are absorbed into the phase state θn−L0 . The value of L is determined by the choice of K,
and although the inner-workings of this relationship are intricate, it was shown in [11] that the duration of
the shortest PAM pulse is a readily-available means of identifying L0 , via the relation
(
L − Dmin + 1, Dmin < L + 1
L0 =
, where Dmin , min Dk .
k∈K
1,
Dmin = L + 1
The concepts outlined above are used to formulate reduced-complexity PAM-based detectors.
3

PAM-BASED TIMING ERROR DETECTOR
We derive the PAM-based timing error detector (TED) using maximum likelihood principles. The
signal observed at the receiver is modeled as
r(t) = s(t − τ ; α) + w(t)

(7)

where w(t) is complex-valued additive white Gaussian noise (AWGN) with zero mean and power spectral
density N0 . The variables α and τ represent the data symbols and the symbol timing, respectively. In
practice, both of these variables are unknown to the receiver and both must be recovered.
In what follows, we refer to estimated and hypothesized values of a generic quantity x as x̂ and x̃,
respectively. Also, x̂ and x̃ can assume the same values as x itself.
A. Maximum likelihood PAM-based sequence detection
The symbol sequence α can be recovered using maximum likelihood sequence detection (MLSD).
In [9], it was shown that the log-likelihood function for the hypothesized symbol sequence α̃ over the
observation interval 0 ≤ t ≤ L0 Ts is

Z L0 Ts
∗
r(t)s (t − τ ; α̃) dt
(8)
Λ(r|α̃) = Re
0

where we assume for the moment that τ is known and (·)∗ denotes the complex conjugate. Applying K
to (6) and inserting the resulting expression into (8) yields
(Z
)
L0 Ts
X
X
b∗k (c̃0i )gk,i (t − τ − iTs )dt .
r(t)
ej θ̃i−L0
Λ(r|α̃) ≈ Re
0

i

k∈K

Changing the order of integration and summation results in
Λ(r|α̃) ≈

L
0 −1
X


Re yi (c̃0i , θ̃i−L0 , τ )

(9)

i=0

which is a function that can be maximized efficiently using the Viterbi algorithm (VA), e.g. [9, Ch. 7]. The
metric increment yi (c̃0i , θ̃i−L0 , τ ) is defined as [11]
X
yi (c̃0i , θ̃i−L0 , τ ) , e−j θ̃i−L0
b∗k (c̃0i )xk,i (τ ).
(10)
k∈K

The time-reversed PAM pulses {gk,i (−t)}k∈K serve as the impulse responses of the MF bank [10, 11],
with outputs defined as
Z τ +(i+Dk )Ts
xk,i (τ ) ,
(11)
r(t)gk,i (t − τ − iTs ) dt
τ +iTs

where the sampling instant varies with the pulse duration Dk . The implementation of the MF bank requires
a delay of LTs in order to make the longest impulse response causal.
At this point, we summarize key attributes of (10) and (11): 1) the interval of integration in (11)
is formulated to span multiple symbol intervals, and 2) for the current time step n within the VA, the
4

metric increment yn (c̃0n , θ̃n−L0 , τ ) is a function only of the current shortened branch vector [θ̃n−L0 , c̃0n ]
0
and therefore requires a trellis of only pM L −1 states. The steps taken in the derivation of (10) and (11)
were motivated by state complexity reduction, which is not necessarily a concern in the timing recovery
problem.
B. Maximum likelihood PAM-based timing recovery
In order to recover τ , we temporarily assume that α is known. Using the above definitions, it can be
shown that the likelihood function for a hypothesized timing value τ̃ is
Z L0 Ts

∗
Λ(r|τ̃ ) = Re
r(t)s (t − τ̃ ; α) dt .
(12)
0

The maximum of Λ(r|τ̃ ) with respect to τ̃ is obtained by setting equal to zero the partial derivative of (12)
with respect to τ̃ . Thus, we obtain

 Z L0 Ts
∗
r(t)ṡ (t − τ̃ ; α) dt = 0
(13)
Re −
0

where ṡ(t) is the time-derivative of s(t).
In formulating the solution to (13), we make the salient observation that detecting α and estimating τ
are separate problems and do not necessarily require 1) the same effort to reduce state complexity since
α is assumed to be known, and 2) the same subset of PAM components in order to achieve satisfactory
performance. With respect to the latter issue, we allow the TED to be based on a possibly different subset
of PAM components, KTED , where KTED ⊆ K ⊆ {0, 1, · · · , N − 1}. This possibly reduces the number
filters needed to support the TED, because filter complexity is still a concern even though state complexity
is not. With respect to the relaxation of the state complexity issue, we have the freedom to develop two
slightly different formulations of the PAM-based TED.
The first TED formulation parallels (9)–(11) which yields
L
0 −1
X

Re {ẏi (ci , θi−L , τ̃ )} = 0

(14)

i=0

where the TED increment ẏi (ci , θi−L , τ̃ ) is given by
X

ẏi (ci , θi−L , τ̃ ) =

b∗k,i ẋk,i (τ̃ )

(15)

k∈KTED

and ẋk,i (t) is the time derivative of xk,i (t). A discrete-time differentiator is used to implement ẋk,i (t), as
discussed momentarily.
We begin the formulation of the second TED by breaking the interval of integration in (13) into nonoverlapping length-Ts segments, i.e.
( L −1 Z
)
0
(i+1)Ts
X
Re −
r(t)ṡ∗ (t − τ̃ ; α) dt = 0.
(16)
i=0

iTs

Then, inserting (5) into (16) and rearranging terms yields
L
0 −1
X

Re {żi (ci , θi−L , τ̃ )} = 0

i=0
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(17)

r[m]

MF Bank
{gk,n (−t)}k∈K

Interpolator

VA

e[n − D]

τ̂ [n − D]

{α̂n }

{xk,n,l }k∈K

TED

PLL

ĉn−D
θ̂n−L−D

Figure 1: Discrete-time implementation of the PAM-based decision-directed timing recovery system.

where the TED increment żi (ci , θi−L , τ̃ ) is
żi (ci , θi−L , τ̃ ) =

X

i
X

b∗k,l ẋk,i,l (τ̃ )

(18)

k∈KTED l=i−Dk +1

and ẋk,i,l (t) is the time derivative of
xk,i,l (τ ) ,

Z

τ +(i+1)Ts

τ +iTs

r(t)gk,l (t − τ − lTs ) dt.

(19)

C. TED implementation
Both implementations require the exact same amount of filtering (i.e. integration) and differ only in
the manner in which the filter outputs are sampled and combined. The solutions to (14) and (17) [i.e. the
value of τ̃ that causes the left-hand side of the equations to vanish] is obtained in an adaptive/iterative
manner. As they are formulated, (14) and (17) assume the true data sequence {· · · , αn−2 , αn−1 , αn } is
known, which is not the case in practice. A logical substitute for the true data sequence is the sequence of
tentative decisions within the VA, which become more reliable the further we trace back along the trellis.
Considering all these factors, we formulate the following PAM-based timing error signals
n
o
e[n − D] = Re ẏn−D (ĉn−D , θ̂n−L−D , τ̂ [n − D])
(20a)
or

n
o
e[n − D] = Re żn−D (ĉn−D , θ̂n−L−D , τ̂ [n − D])

(20b)

where D is the traceback depth (delay) for computing the error and ĉn−D and θ̂n−L−D are taken from the
path history of the best survivor in the VA. We recommend a value of D = 1, which is the value used in
our numerical results section. From this point on, we refer to (20a) as “TED-A” and (20b) as “TED-B.”
Figure 1 shows a discrete-time implementation of the sequence detection operation in (9) and either
TED operation in (20). The discrete-time received signal r[m] is sampled at a rate of N samples per
symbol. A sample interpolator is used to synchronize the received signal based on the most recent timing
estimate, τ̂ [n − D]. The synchronized samples are fed to the MF bank, the outputs of which form the
values in the set {xk,n,l }k∈K . The MF outputs are sampled at the symbol rate at the proper timing instant,
and these MF samples are used to update the branch metrics within the VA, i.e. (9). In addition to the
samples of {xk,n,l }k∈K that are used in the VA, an early sample of each {xk,n,l }k∈KTED is taken, as well as
a late sample. The difference between the early and late samples is used to approximate the derivative
6
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Figure 2: S-curves for ARTM CPM with (a) TED-A, and (b) TED-B. In each case, the data-aided (analytical) curve is computed
for |KTED | = 3 × 1. Also, in each case the curve is also computed via simulation for the decision-directed case.

ẋk,n,l (t). This procedure is detailed further in [12]. Once the error signal e[n − D] is formed, it is fed to a
phase-locked loop (PLL),2 which in turn outputs the timing estimate τ̂ [n − D].
PERFORMANCE ANALYSIS
A. Modified Cramer-Rao bound for multi-h CPM
We use the modified Cramer-Rao bound (MCRB) [13] to establish a lower bound on the degree of
accuracy to which τ can be estimated. The MCRB formula (normalized to the symbol rate) is
1
1
1
× MCRB(τ ) =
×
2
2
2
Ts
8π h Cα Cf L0 Es /N0

(21)

= (M 2 − 1)/3 for
where L0 is the length of the observation interval (in symbol times), Cα , E{αn2 } P
h −1
2
uncorrelated M -ary data symbols, the mean-squared modulation index is h2 , N1h N
i=0 hi , and the
R LTs 2
energy of the frequency pulse is Cf , Ts 0 f (t) dt. For the special case of LREC we have Cf =
CLREC , 1/(4L), and for the special case of LRC we have Cf = CLRC , 3/(8L). For all other frequency
pulse shapes, Cf can be computed analytically or numerically as needed.
In the numerical results section, we use the MCRB to evaluate computer simulation results for the
normalized timing error variance, which is defined as T12 × στ2 , T12 × Var {τ̂ [n] − τ }.
s
s
B. PLL considerations
1
The final MCRB expression in (21) is formulated in terms of L0 . We use the conversion L0 = 2BT
to
s
relate the normalized loop bandwidth BTs of a feedback-based scheme to the observation length L0 of a
feedforward-based scheme; this relationship is valid for a first-order PLL [12]. Using a standard first-order
PLL implementation, the raw TED output e[n] is refined into a more stable timing estimate τ̂ [n] via the
s
update τ̂ [n] , τ̂ [n − 1] + γe[n] which is performed after each symbol time. The PLL step size is γ , 4BT
kp
where the constant kp is obtained from the so-called S-curve characteristic of the TED.
C. S-Curve of the TED
2

We have shown the TED in a feedback/PLL configuration; however, a feedforward configuration could also be used.
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Figure 3: MCRB vs. normalized timing error variance for ARTM CPM with BTs = 1 × 10−3 ; (a) cases where the bias for
TED-A is ignored and when it is taken into account; (b) various cases of TED-A and TED-B.

The S-curve is a useful tool for characterizing the behavior of the TED; it is defined as the expected
value of the TED output e[n] as a function of the timing offset δ , τ − τ̂ . The S-curve gives an easy
method of identifying the stable lock points for the TED (these are the zero-crossing points on the curve
where the slope is positive) and thus determining whether any false-lock points exist. The S-curve also
determines the value of kp , which is the slope of the S-curve evaluated at δ = 0.
Due to space constraints, we omit the analytical derivation of the S-curves for TED-A and -B; this
information can be supplied to the interested reader on request. In the numerical results section, we show
plots of the final result, which show that TED-A and TED-B have the same S-curve. However, there is a
subtle detail that is different between the two S-curves which is discussed next.
NUMERICAL RESULTS
A. ARTM CPM: M = 4, 3RC, h = {4/16, 5/16}
We first discuss the S-curves obtained for the multi-h ARTM CPM scheme, which has parameters
M = 4, 3RC, and h = {4/16, 5/16} [1]. The optimal PAM-based detector for this scheme requires a
256-state trellis and a bank of 48 × 2 multi-h MFs/pulses. There are numerous reduced-complexity PAMbased detector configurations that could be chosen, cf. [7]; of these, we select the 64-state detector with
L0 = 2 that uses a bank of |K| = |KTED | = 3 × 1 MFs/pulses that have been averaged into the equivalent of
single-h MFs/pulses, which is suboptimal by only 0.19 dB in terms of detection efficiency [7, Table IV].
Figure 2 (a) shows analytical (data-aided) S-curves for TED-A as dashed curves. We have shown the
final S-curve (heavier line weight) as well as the component S-curves for n-even and n-odd (lighter line
weights). The curves indicate that TED-A locks onto the correct timing instant at δ = 0 when averaged
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Figure 4: Data-aided (analytical) and decision-directed (simulated) S-curves for (a) PCM/FM with TED-A and |KTED | = 1; and
(b) SOQPSK-TG with TED-A, |KTED | = 2, and |KTED | = 1.

over all modulation index alignments, but shows a slight forward (or backward) bias for n-even (or n-odd).
This analytically-predicted behavior is confirmed with computer simulations for the decision-directed case
(solid curves), which is the intended implementation of the TED in practice. We note that the decisiondirected S-curves are periodic with period Nh Ts , and therefore have stable lock points when δ equals an
integer multiple of Nh Ts . The simulated S-curves show strong agreement with the analytical S-curves
for small values of |δ|, but the performance of the decision-directed TED breaks down as δ approaches
half-integer multiples of Ts due to unreliable tentative decisions within the VA.
The presence of an alternating timing bias—with zero bias on average—raises the question of whether
or not this should be taken into account during the operation of the algorithm. To answer this question,
in Figure 3 (a) we compare the normalized timing error variance of TED-A with and without taking the
bias into account using BTs = 1 × 10−3 . The results in the figure indicate that better tracking accuracy is
achieved by not taking the bias into account.
Figure 2 (b) shows analytical (data-aided) S-curves for TED-B with the 64-state 3 × 1 ARTM CPM
detector. Unlike the curves for TED-A in Figure 2 (a), TED-B does not exhibit a bias for different modulation index alignments; instead, there is only a slight variation in the slope and maximum amplitude of
the curves. We point out that the final S-curves in Figures 2 (a) and (b) (i.e. the curves with heavier line
weights) are identical, as predicted by our analysis.
The question of which TED formulation yields better tracking accuracy is addressed in Figure 3 (b). In
this figure, we consider the 256-state 48×2 optimal detector and the 64-state 3×1 reduced-complexity detector, both with BTs = 1×10−3 . In the latter case, we include an additional scenario where |KTED | = 2×1,
where the smallest-amplitude MF/pulse is not used for the purposes of the TED. The best overall performance is obtained by TED-B using the optimal bank of |KTED | = 48 × 2 MFs/pulses. The performance of
all the reduced-complexity configurations is quite good for small values of Es /N0 but the TED-B configurations perform better for large values of Es /N0 . In the examples considered next, the relative ranking
between the two TED formulations often fluctuates depending on the operating range of Es /N0 .
B. PCM/FM: M = 2, 2RC, h = 7/10
We next discuss PCM/FM, which has parameters M = 2, 2RC, and h = 7/10 [1]. The optimal PAMbased detector for this scheme requires a 20-state trellis and a bank of 2 MFs/pulses. We use a 10-state
detector with L0 = 1 that uses only |K| = |KTED | = 1 MF/pulse, which is essentially optimum in terms of
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Figure 5: MCRB vs. normalized timing error variance for (a) PCM/FM with BTs = 5 × 10−3 ; and (b) SOQPSK-TG with
BTs = 1 × 10−3 .

detection efficiency. The S-curves for this CPM scheme are shown in Figure 4 (a) for TED-A.
Figure 5 (a) shows the normalized timing error variance results for PCM/FM, which are very close
to the MCRB for most values of Es /N0 . The most interesting finding for PCM/FM is that the relative
ranking between the two TEDs varies with Es /N0 . TED-A is more effective than TED-B for smaller
values of Es /N0 . As Es /N0 increases, the normalized timing error variance of TED-A becomes worse
than that of TED-B. However, this performance deviation occurs at values of Es /N0 that are too large to
have any practical impact on the bit error rate (BER), which is the most important figure of merit. In BER
simulations (not shown here due to space constraints) over the range of Es /N0 shown in Figure 5 (a), there
was no observable BER degradation for either TED at this loop bandwidth (BTs = 5 × 10−3 ); however,
some degradation would be expected for TED-B for small Es /N0 and wider loop bandwidths.
C. SOQPSK-TG
SOQPSK-TG is a special type of CPM that uses a constrained ternary data alphabet. Background
material on SOQPSK-TG can be found in, e.g. [1, 8]. The optimal PAM-based detector for SOQPSK-TG
requires a 512-state trellis and a bank of 4374 MFs/pulses [8]. We use a 4-state detector with L0 = 1
that uses |K| = 2 MFs/pulses, which is suboptimum by 0.1 dB in terms of detection efficiency [8]. Due
to the extreme shortening of L0 , the decision feedback implementation for TED-B is not practical. The
S-curves for TED-A for this CPM scheme are shown in Figure 4 (b) for |KTED | = 2 and |KTED | = 1; the
main difference between these two cases is the amplitude of the S-curve, which is consistent with the large
amplitude of the PAM pulse that is discarded in the |KTED | = 1 configuration (see [8, Fig. 6]). Although
SOQPSK-TG has Nh = 1 modulation index, there is an n-even/n-odd dependence in the SOQPSK signal
model [8] which gives rise to the period of 2Ts for the decision-directed S-curves in Figure 4 (b).
Figure 5 (b) shows the normalized timing error variance results for the two SOQPSK-TG configura10

tions, where we see that the |KTED | = 2 configuration is very close to the MCRB except for larger values
of Es /N0 . The |KTED | = 1 case has the same basic shape but is inferior by around 1 dB.
CONCLUSION
We have shown how the PAM representation of M -ary multi-h CPM can be applied to the problem
of symbol timing recovery for CPMs in general and the ARTM modulations in particular. We have developed two slightly-different formulations of PAM-based TEDs, and have analyzed and compared their
performance. The relative ranking between the two formulations fluctuates depending on the particular
CPM scheme and the operating range of Es /N0 . Therefore, there is no unanimous opinion in choosing
between the two formulations. In general, both formulations have low complexity and are able to perform
close to the MCRB. As such, the proposed TEDs provide an important synchronization component for
reduced-complexity PAM-based CPM receivers that has been missing up to this point.
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ABSTRACT
In this paper, we propose multi-h CPM-SC-FDMA, a novel transmission scheme which combines
many of the key characteristics of continuous phase modulation (CPM) with single carrier Frequency
Division Multiple Access (SC-FDMA) to produce a power efficient, robust modulation which is suitable
for high-rate multiple-access aeronautical telemetry applications. The basis of our approach is found in
the observation that the discrete-time samples from a CPM waveform constitute a constant envelope time
domain sequence which can be pre-coded and subsequently mapped to a set of orthogonal subcarriers
for an FDMA-style transmission. The resulting waveform exhibits power efficiency and easily supports
multiple access.
INTRODUCTION
Continuous phase modulation (CPM) forms a class of constant envelope, continuous phase signaling
formats that are known to be efficient in both power and bandwidth [1]. The constant envelope property results in a peak-to-average power ratio of unity, thus making it ideal in aeronautical telemetry applications,
where restrictions on device size and weight warrant efficient power amplification. Advances in modern
aeronautical telemetry system complexity have driven operation to larger bands in order to accommodate
data rates on the order of 10–20 Mbits/s in the spectrum allocated to aeronautical telemetry in the United
States. Consequently, spectral efficiency has become an important criterion for system design and performance. While PCM/FM has been the dominant form of carrier modulation in aeronautical telemetry for
over 40 years, the relatively recent identification of a class of constant envelope waveforms with higher
spectral efficiency has culminated in the adoption of shaped offset QPSK (SOQPSK) [2] and the Feher
patented QPSK (FQPSK) [3] as Tier I waveforms, and the Advanced Range telemetry (ARTM) multi-h
CPM Tier II waveform [4]—all of which can be modeled as variants of CPM waveforms.
Now, operating over larger bandwidths and having an increased need for spectral efficiency, these
communications systems must cope with a plethora of challenges, including the determination of the min1

imumal carrier spacing between distinct telemetry signals, the presence of adjacent channel interference,
the development of efficient user separation techniques, and compensati8on for the effects of frequency
selective multipath fading.
An important criterion for efficient spectrum use is that the subcarriers assigned to distinct telemetry
signals be spaced as closely together as possible, and this has been the subject of study [5]. However, as the
carrier spacing between telemetry signals decreases, the effect of overlapping spectra is to create adjacent
channel interference, which limits receiver performance. Recently, the use of interference cancellation
techniques has been investigated as a method to allow denser carrier packing [6, 7].
For communication systems offering high data rates, orthogonal frequency division multiplexing (OFDM)
has received a lot of attention in the past few years. OFDM is a popular broadband wireless syste, which
is currently in use in wireless LAN [8]–[9], fixed broadband wireless access [10] and in digital video
and audio broadcasting [11]–[12]. The spectral efficiency of this system is based on the salient observation that the orthogonality of subcarriers provides a way to pack more subchannels into the same channel
spectrum. In OFDM, the subcarriers are generated using the computationally efficient Discrete Fourier
Transform (DFT) and can thus exploit the well-known circular convolutional properties of the DFT in
order to implement low complexity frequency domain equalization techniques. In addtiion, the orthogonality of the subcarriers allows users to transmit with overlapping spectra. Consequently, interference
cancellation techniques are not necessary.
Although OFDM has many excellent characteristics, it suffers from a high peak-to-average power
ratio, which degrades the transmit power efficiency. Single carrier FDMA (SC-FDMA) is a variant of
Orthogonal Frequency Division Multiple Access (OFDMA) which utilizes single carrier modulation and
frequency domain equalization. One advantage over OFDM is that SC-FDMA generally exhibits lower
peak-to-average power ratio because of its inherent single carrier structure [13]. SC-FDMA continues to
draw a great deal of attention as an attractive alternative to OFDMA, particularly for uplink communications where having a lower PAPR greatly benefits the mobile terminal. SC-FDMA has been adopted for
the uplink multiple access scheme for the 3rd Generation Partnership Project (3GPP) Long Term Evolution
(LTE), or Evolved UTRA [14]–[15].
In this paper, we propose CPM-SC-FDMA, a novel scheme which combines the power efficiency of
CPM with the spectral efficiency and low computational complexity of SC-FDMA. This new modulation
integrates key signal features from both technologies in order to enhance the ability of current aeronautical telemetry systems to more easily cope with the classical problems of frequency selective fading,
carrier packing, adjacent channel interference and multi-user separation while maintaining the power efficiency advantage of CPM. Our approach is based upon the observation that the discrete-time samples
from a continuous-time CPM waveform can be used to transmit a CPM-like waveform in an OFDM-style
transmission. Consequently, multiple access is as easily enabled as it is in a conventional SC-FDMA
transmission. Hence, the major contribution of this paper is to unveil a hybrid transmission scheme which
constitutes a major advance in the state of the art for modern telemetry.
OVERVIEW OF SC-FDMA
Fig. 1 illustrates a block diagram of an SC-FDMA transmission system [13]. In SC-FDMA, a block
of time domain data symbols are transformed to the frequency domain by application of the DFT, and then
mapped to a subset of the total available subcarriers, which enables OFDMA modulation. As in OFDMA,
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the transmissions from multiple users remain orthogonal due to the fact that each is assigned to use a
distinct set of the available subcarriers. However, the advantage of this approach as compared to OFDMA
is that the overall transmit signal is a single carrier signal, which reduces the PAPR as compared to its
multicarrier counterpart.
In a general SC-FDMA system, there are a total of K subcarriers, of which J are mapped to a particular
user. In the time domain, the input data symbols have symbol duration T seconds and the symbol duration
is compressed to T̃ = (J/K) T after going through SC-FDMA modulation, as illustrated in Fig. 2.
Although there are different methods available to allocate the subcarriers, in this paper we consider
the distributed subcarrier mapping mode, whereby (in the uplink) the DFT outputs of the input data corresponding to a single user are allocated to equidistant subcarriers over the entire bandwidth and zeros are
inserted in the unused subcarriers. As shown in [13] and later demonstrated in this paper, the resulting
time domain symbols are a scaled replica of the input symbols.
The key observation here is that if the input time domain symbols have constant envelope, then the
output of the IDFT will also have constant envelope—thus retaining the power efficiency of the input.
This is the result which strongly motivates us to consider a hybrid of constant envelope CPM with SCFDMA.
CPM SIGNAL MODEL
CPM-SC-FDMA is generated from a conventional CPM signal. Hence, in this section, we review some
of the basic definitions of CPM [1]. The complex baseband equivalent representation of a unit amplitude
3

CPM signal is given by
s(t; α) = exp (jφ(t; α))
where the excess-phase, φ(t; α), is defined as
Ã
φ(t; α) =

2π

n
X

(1)
!

hi αi q(t − iT )

(2)

i=0

for nT ≤ t < (n + 1)T . The M -ary symbols αk ∈ {±1, ±3, ..., ±(M − 1)} and T denotes the symbol
interval. q(t) is the phase-smoothing response and its derivative is the frequency pulse, which is assumed
to be a function of duration LT seconds. The phase-smoothing response is a continuous function with the
conventional restriction
(
0, t ≤ 0
q(t) = 1
(3)
, t ≥ LT.
2
{hi } denotes the set of Nh modulation indices (Nh = 2 in all of the cases that we will discuss). In this
paper, the underlined subscript notation in (2) is defined as modulo-Nh , i.e., i , i mod Nh . We assume
that the modulation indices are rational numbers of the form [16]
hi = ki /p

(4)

where ki and p are relatively prime integers.
Due to the constraints on the phase-response function expressed in (3), (2) can also be written as

φ(t; α) = 2π

L−1
X

Ã
hn−i αn−i q(t − (n − i)T ) +

i=0

= 2π

L−1
X

n−L
X

πh

!
αi

i=−∞

hn−i αn−i q(t − (n − i)T ) + θn−L .

(5)

i=0

The first term represents the contribution of the L most current symbols and θn−L denotes the contribution
from all symbols for which the phase response function has reached its final value of 12 .
When restricted to be of the form, h = 2ki /p (with ki and p being co-prime integers), then θn−L
assumes p distinct values. The CPM signal is then described by a trellis which contains pM L−1 states,
having M branches at each state. Each branch is defined by the state and current input symbol, which is
represented by the following L + 1-tuple
¡
¢
σn = θn−L , αn−(L−1) , ..., αn .
(6)
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MULTI-H CPM-SC-FDMA TRANSMISSIONS
CPM-SC-FDMA is derived from a continuous-time CPM waveform through a sequence of mappings
that allow an SC-FDMA-style transmission. The transceiver architecture is strikingly similar to the one
illustrated in Fig. 1, except that the conventional encoder is replaced by a CPM modulator followed by a
sub-symbol-rate sampler. Similarly, the conventional decoder is replaced by the discrete time analog to a
CPM demodulator and symbol detector.
Fig. 3 contains a more detailed description of the symbol generation unit in a CPM-SC-FDMA modulator. In the analysis to follow, we assume that there are Q multiple access users. For simplicity, only
one of the Q active users is shown in Fig. 3. As in a conventional CPM transmitter, the M -ary symbols
αn,q ∈ {±1, ±3, ..., ±(M − 1)} - each of duration T - are applied to a continuous phase modulator to
produce the continuous-time waveform corresponding to the qth user:
Ã
!
n
X
sq (t; αq ) = exp j2π
hi αi,q q(t − iT )
(7)
i=0

for nT ≤ t < (n + 1)T , q = 0, · · · , Q − 1 and 0 ≤ k ≤ J − 1. The JT second continuous-time
signal in (7) is then sampled at rate fsa = N/T to yield the vector of signal samples sq , where sq =
£
¤>
s0,q · · · sJN −1,q
and
sm,q , sq (t; αq ) |t=mTsa ; n = 0, . . . , JN − 1.

(8)

The sampling interval is defined as Tsa = 1/fsa . As we later discuss, at the receiver, we propose the
discrete-time equivalent of a conventional CPM detector in order to detect the transmitted symbols. Hence,
proper detection at the receiver requires the sample rate, fsa , to be adequate to provide a faithful representation of the JT -second continuous-time CPM waveform. Hence, we assume that the over-sampling ratio
satisfies N ≥ 2, in which case the signal vector, sq has a minimum length of 2J.
The transmitter groups the modulation samples into blocks each containing JN samples. We note
that once the continuous-time CPM waveform of each user has been transformed into its discrete-time
equivalent, the data vector becomes completely analogous to the vector of data symbols that would be used
in a conventional SC-FDMA transmission. Consequently, multiple access is enabled by the assignment of
overlapping but mutually orthogonal subcarriers to each user.
The next step in modulating the SC-FDMA subcarriers is to perfom an JN -point DFT in order to
produce a frequency domain representation of the input samples.

5

It has been shown that the use of DFT-precoding in conjunction with regularly interleaved subcarrier
allocation results in a scheme that generally exhibits a lower peak-to-average-power ratio than conventional OFDM [13]. In addition, it is straightforward to show that when the distributed subcarrier (i.e.,
regularly interleaved) allocation is made, that the samples coming out of the DFT are a scaled repetition
of the input samples. In our case, the samples which come into the DFT are the samples obtained from a
constant envelope CPM waveform. Since our objective is to maintain the power efficiency of CPM while
introducing some of the key benefits of SC-FDMA, we restrict ourselves to the distributed subcarrier
mapping scheme so that our signal samples maintain the power efficiency of the original CPm waveform.
Let {sn,q : n = 0, · · · , JN − 1} denote the signal samples to be modulated. Then, {Sk,q : k = 0, · · · , JN − 1}
represents the frequency domain samples after taking the DFT of {sn,q : n = 0, · · · , JN − 1}.
Next, the elements of the JN × 1 DFT coefficient vector, Sq , are regularly interleaved over the transmission band using the QJN × JN subcarrier mapper matrix
(
1, m = nQ + q
[Mq ]m,n =
(9)
0, else.
The frequency-mapped coefficients are present in the vector S̃q , Mq Sq . The IDFT is then taken to
form the output vector of signal samples which will be sent over the mobile radio channel:
s̃q =

1
S̃q ,
W†
QM N QM N

(10)

where W is a QJN ×QJN DFT matrix and {·} † denotes the Hermitian transpose. That (10) is a constant
envelope vector is straightforward to show since
1
W†
S̃ q
QJN QM N
1
†
=
WQJN
Mq Sq
QJN


†
WJN
(q)
1 

..
=
 Sq .

.
QJN
†
WJN (q)

s̃q =

(11)

The last equality is derived from the sparse, regular structure of the subcarrier allocation matrix M q .
†
WJN
(q) is the cyclically shifted IDFT matrix and q denotes the number of rows (down) by which the
original matrix is cyclically shifted. Hence



sq
1 


(12)
sq =  ...  ¯ xq 
Q
sq
where xq is the QJN × 1 vector with mth element: [xq ]n,1 = exp (j2πnq/QJN ) for n = 0, . . . , JN − 1
and ¯ denotes the element-by-element vector product.
The output of the IDFT contains Q scaled, weighted replicas of the input samples and since sq are
the samples from a constant modulus CPM waveform, it follows that the output of the IDFT is also
6

constant modulus. This is the key observation which motivates us to integrate the CPM signal model with
SC-FDMA—the power efficiency, which is derived from the constant modulus characteristic of CPM, is
preserved.
After coming out of the IDFT, the data block (which now contains QJN signal samples) is used to
generate the continuous time signal according to the model
QJN −1

xq (t) =

X

s̃n,q f (t − nT̃ ),

(13)

n=0

where T̃ = T /QN denotes the pseudo-symbol rate (see Fig. 3) and f (t) is a pulse shaping filter. When
using rectangular pulse shaping, f (t) is given by
(
1, 0 ≤ t < T̃
f (t) =
(14)
0, else.
When f (t) is a rectangular pulse, then symbol rate sampling will yield the same PAPR as in the
continuous case. By definition,
Ã
!
!
Ã
max0≤t<JT |xq (t)|2
max0≤n<QJN −1 |s̃n,q |2
PAPR = 10 log10
= 0 dB.
(15)
= 10 log10
PQJN −1
R JT
1
1
2
2 dτ
|s̃
|
|x
(τ
)|
n,q
q
n=0
QJN
JT 0
SYMBOL DETECTION
Thus far, we have analyzed the power efficiency of this transmission scheme and demonstrated that
with rectangular pulse shaping, that it maintains the desirable 0 dB PAPR property of a CPM transmission. In this section, we discuss symbol detection at the receiver when the transmitted signal has passed
through an AWGN channel. In what follows, we assume rectangular pulse shaping followed by symbol
rate sampling.
At the receiver, the received multiple access signal can be modeled as follows:
Q−1

r=

X

s̃q + n

(16)

q=0

where r is the QJN × 1 vector of received signal samples and n represents the additive white Gaussian
noise. The element ni denotes zero-mean complex Gaussian noise with variance N0 fsa , where N0 denotes
the noise power spectral density and fsa denotes the sampling rate.
In order to separate the signals of each user from the other uplink transmissions, the receiver performs
the reverse of the operations shown in Figure 1. First, the QJN -point DFT of the received signal is taken.
QJN −1

Rk =

X

ri e−j2πki/QJN k = 0, . . . , QJN − 1.

(17)

i=0

Detection of the symbols transmitted by the qth user is achieved by extracting the DFT coefficients of
the received signal vector over the frequencies k = q, q +P, q +2P, . . . , q +(JN −1)P , which corresponds
7

to the subcarriers assigned to user q. The data at these frequencies is applied to the JN -point IDFT to
yield the estimate of the signal sent by the qth user:

ŝi,p

JN −1
1 X
=
RkP +p exp (j2πki/JN )
JN k=0

= si,p + wi,p

(18)

for k = 0, . . . , JN − 1. Here, wi,p denotes complex, zero-mean additive noise which is defined as follows
wi,p =

JN −1
1 X
NkP +p ej2πki/JN
JN k=0

(19)

P
−1
and Nk , QJN
ni exp (−j2πki/QJN ).
i=0
Under the AWGN assumption, the receiver selects the sequence α̂m
q which minimizes the Euclidean
distance
X
¡ ¢
¡ ¢ 2
λ α̂m
=
T
|ŝi,p − si,p α̂m
(20)
sa
q
q | .
¡

si,p α̂m
q

¢

i

denotes a discrete-time CPM signal construction which is based on the hypothesized information
sequence α̂m
q . It is known that minimizing (20) is equivalent to maximizing the signal correlation
Ã
!
X
¡ m¢
¡
¢
λ α̂q = Tsa <
ŝi,p s∗i,p α̂m
.
(21)
q
i

This can be computed in a trellis by using the recursive metric


(i+1)N −1
X
λm,q (i) = λm,q (i − 1) + Tsa < 
ŝi,p s∗i,p (αqm )

(22)

p=iN

where λm,q (i) denotes the cumulative metric which is associated with the hypothesized (L + 1)-tuple α̂m
q
at time index i. α̂m
is
associated
with
the
mth
branch
metric.
For
efficient
symbol
detection,
we
apply
q
the Viterbi algorithm to the set of received samples, which is an efficient implementation of the maximum
likelihood sequence estimation method.
NUMERICAL RESULTS AND DISCUSSION
In this section, we apply the discussion of CPM-SC-FDMA to study its uncoded bit error rate (BER)
performance for a Q = 2 user system and assuming that the originating CPM waveform is an ARTM
Tier II waveform. This is a multi-index quatenary (M = 4) CPM modulation with L = 3 and Nh = 2.
The modulation indices are h1 = 4/16 and h2 = 5/16. ARTM CPM uses raised cosine frequency pulse
shaping, where
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Figure 4: Performance of single user versus two-user ARTM CPM-SC-FDMA in AWGN.

(

£
¡ ¢¤
, 0 ≤ t < LT
1/2LT 1 − cos 2πt
LT
(23)
F (t) =
0,
otherwise
Rt
and the phase shaping function is derived as q(t) = 0 F (λ)dλ.
For this study, we assume that each transmitter can transmit a block of J = 256 symbols per transmission. The sampling rate is N = 8. Thus, a length 2048 DFT is used to transform the sampled CPM
waveform into the frequency domain. The results from two simulations are presented. In the first simulation, there is a single user present in the system. Thus the DFT and IDFT are both of length 2048.
In this baseline case, the only source of interference is due to the presence of additive white Gaussian
noise. In the second simulation, we assume two co-channel users. In this case, the system uses a total
of K = 4096 subcarriers, half of which are allocated to each user by applying the distributed subcarrier
mapping scheme discussed earlier. The IDFT is of length 4096. The simulation results are shown in
Fig. 4, where we demonstrate that the presence of the second co-channel user does not affect the BER
performance as compared to the case wherein there was a single user. These simulation results serve to illustrate that interference cancellation is not necessary in our proposed system, as the orthogonal allocation
of subcarriers provides interference-free multiple access to both users, who share the radio channel.
CONCLUSION
In this paper, we have presented a novel framework which provisions multiple access of multi-h CPMlike transmissions within an SC-FDMA framework. This new, power efficient modulation - CPM-SCFDMA - is appealing for future telemetry applications, wherein battery power or long range communications are the presiding concerns, along with the need for robust co-channel use. One of the most appealing
aspects of this new modulation is that it is based upon CPM, so that all of the algorithms which have been
developed for use for symbol detection of CPM signals are still applicable. However, the transmission
9

scheme is also based on SC-FDMA, which implies that co-channel use is enabled by the use of orthogonal
subcarriers over the transmission band.
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A BSTRACT
Historically, (PCM/FM) receivers have used simple detection schemes yielding
low performance. Using multi-symbol detection methods, PCM/FM can be received
with better error performance than either SOQPSK or multi-h CPM. We present an
approximation by which PCM/FM can be reinterpreted as a phase modulation scheme,
allowing the use of coherent detection techniques. This is backward compatible with
existing receivers. We also present an extension by which the error performance of the
approximated PCM/FM can be improved even further with no change to the spectral
properties. This improved waveform can be used in systems where compatibility with
existing frequency allocation schemes is required.

I. I NTRODUCTION
Telemetry transmissions require a constant envelope modulation scheme for power efficiency.
ARTM Tier-0 (PCM/FM) is a frequency shift keying scheme that has been used in telemetry
applications for decades [1]. Traditionally, PCM/FM reception was based on a simple limiterdiscriminator based approach. In recent years, other constant envelope modulation schemes
(Tier-1 SOQPSK-TG, Tier-2 multi-h CPM) have been adopted that have better spectral efficiency.
These modulation schemes also have better error performance than the traditional PCM/FM
receivers but have worse error performance than newer PCM/FM reception techniques using
optimal sequence detection.
Thus PCM/FM as implemented using modern reception techniques has a better error performance
but worse spectral efficiency than the ARTM Tier-1 and Tier-2 modulation schemes. This is
illustrated in Figure 1.
In many applications better reliability is of greater importance than spectral efficiency. It is
certainly possible to use error coding with the Tier-1 and Tier-2 schemes and improve their
performance. However, there are several existing telemetry applications where it is difficult
1
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Fig. 1.

Comparison of the ARTM modulation schemes.

to logistically change the frequency allocation scheme to accommodate the new modulation
schemes, which have different spectral properties.
We present a modification of PCM/FM that maintains the spectral properties and improves error
performance. The advantage of this approach over using the Tier-1 and Tier-2 schemes with
coding, is that this modification can be transparent to the user of the transmitter (no change in
input data rate) and is also compatible with the existing frequency allocation schemes.
Section II provides a historical perspective on the improvements in reception of PCM/FM.
Section III shows how PCM/FM can be approximated as a phase-modulation scheme which
is still compatible with existing PCM/FM receivers. Section IV shows how a transparent coding
scheme can be used with this approximation to improve performance. Section V places the
improvements in the context of the existing transmission schemes.
II. A H ISTORY OF I MPROVEMENTS IN PCM/FM E RROR P ERFORMANCE
Analog telemetry systems used frequency modulation of analog waveforms for RF transmission.
This provided much better performance than amplitude modulation and also allowed to tradeoff bandwidth occupancy for performance. With the transition to digital data representation,
frequency modulation of filtered digital non-return-to-zero (NRZ) data provided a natural upgrade
path. In many cases, the analog FM transmitter could be reused by feeding its input with filtered
digital data (instead of an analog information waveform). This required minimal infrastructure
2

change, and usually had no impact on the frequency allocation schemes. Instead of a bandwidth
to SNR trade-off as in the fully analog FM case, the modulation index for the digital transmission
determined the data rate that could be sustained within a given RF bandwidth. Early receivers
used a limiter-discriminator type receiver. The error performance of this was approximated as
pb = 0.5e−kEb /N0 ,

(1)

where, k, was estimated by curve fitting to be 0.7 [2]. In many telemetry systems the modulation
index was chosen to be 0.7 (peak deviation of 0.35 Rb ) because experimentally this was shown
to provided good performance. Since, the phase of the output RF signal is continuous from
bit to bit, this waveform can also be treated as a Continuous Phase Frequency Shift Keying
(CPFSK) scheme. The more well-known modulation techniques from this family are Minimum
Shift Keying (MSK) (where the modulation index, h, is 0.5 and is considered to provide best
orthogonality), and Gaussian Minimum Shift Keying (GMSK), a Gaussian filtered version of
MSK which is used in the GSM cellular telephony standard. The error rates for CPFSK can
be obtained directly from the minimum squared Euclidean distance (MSED). The MSED is a
measure of the difference between the waveforms corresponding to a zero and to a one. The
more different these waveforms, the greater the MSED, and the lower the error rate. Very early
on, it was known that for single symbol detection, the minimum squared Euclidean distance as
a function of modulation index was given by [3]


sin 2πh
2
.
(2)
dmin = 2 1 −
2πh
2 is maximized. This occurs when h = 0.715, resulting in
The error rate is minimized when dmin
2 = 2.434. The analytical error rate for CPFSK (and thus PCM/FM) is,
dmin
r

r

1 Eb 2
1 Eb
Pe = Q
d
=Q
2.43 .
(3)
2 N0 min
2 N0

However, it was assumed that Minimum Shift Keying with h = 0.5 and an observation interval
2 for this case is four [3]. A seminal
of two bits would provide better performance since the dmin
study into Continuous Phase Shift Keying (CPFSK) systems by Aulin and Sundberg numerically
showed that better performance could be obtained by observing the received signal over multiple
bit periods [4]. An analytical formula for the minimum squared Euclidean distance of CPFSK
for arbitrary modulation index was finally presented by Ekanayake [5]. For h = 0.7, the result,
which is a simple extension of Eqn 2, is


sin 2πh
2
dmin = 4 1 −
.
(4)
2πh
This effectively provides an analytical result for the best achievable error rate for CPFSK and
PCM/FM with h = 0.7,
r

1 Eb
Pe = Q
4.86 .
(5)
2 N0
The original Tier-0 PCM/FM telemetry receivers used the limiter-discriminator approach and their
3
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performance tends to be similar to the single-symbol detection method shown in Figure 2, just a
little worse. First generation Tier-0 receivers are based on the multi-symbol correlator approach
that has been described in the literature [6], [7]. This improves performance dramatically over
the limiter-discriminator case. Second generation Tier-0 receivers perform very close to the
theoretical limit for optimum sequence detection. Note that cumulatively this has increased
performance over the original receiver approach by approximately 3.5 dB (at a BER of 10−5 ).
III. A PPROXIMATING PCM/FM AS A T ERNARY P HASE M ODULATION S CHEME
Most implementations of PCM/FM schemes use a modulation index of h u 0.7 which provides
good error performance (it is quite close to the optimum of h = 0.715). This is also the modulation
index used in the IRIG/ARTM scheme. The phase trajectory of PCM/FM with h = 0.7 is shown
in Figure 3. At every bit period, the phase advances or retards by hπ. On a unit circle, there
are twenty unique phase-points used by this modulation scheme. Thus this can be viewed as a
twenty point phase modulation scheme, with the constraint that the phase at any bit instant can
only be φ prev ± hπ, where φ prev is the accumulated phase at the end of the previous bit period.
At this point, let us make an approximation that will simplify the phase constellation for h = 0.7.
By approximating h = 2/3 = 0.67, we can reduce the modulation scheme to a simple three point
constellation. with the constraint that at each bit period, the phase changes. Even though the
value of h = 2/3 is less optimal than h = 0.7, the actual difference in performance is marginal.
4

Phase Tree 2hπ

0

hπ

0

1

0

0
1

-hπ

1

-2hπ
T

2T

3T

90o
120o

0o

0o

o

180

h = 0.7

h= 2/3 = 0.6667

270o
270o

Fig. 3. Phase-tree for PCM/FM with h = 0.7 and h = 2/3. The dashed lines show the sequential phase-targets
not the envelope trajectory. For a constant envelope modulation scheme, the trajectory lies on the circle.

0

10

−1

10

−2

Bit Error Rate

10

−3

10

−4

10

−5

10

h=0.7
h=2/3
h=0.715

−6

10

0

2

4

6

8

10

E /N in dB
b

Fig. 4.

o

Performance comparison for CPFSK with h = 0.7, h = 2/3, h = 0.715.

As can be seen in Figure 4 both of these modulation indices have insignificant degradation from
the optimum index of h = 0.715.
At this point, it is worth asking if a 3-PSK modulation scheme is identical to a CPFSK modulation
scheme with h = 2/3. This question can be answered by looking at the definition of the distance
5

Fig. 5.

A Lumistar LS-24 receiver correctly demodulating the CPFSK h = 2/3 waveform.

metric [8], i.e.,
2
dmin

ZkT

,

[si (t) − sk (t)]2 dt.

(6)

0

A theoretical m-PSK modulation scheme maintains a certain phase for the duration of a symbol,
then abruptly transitions to a different phase for the next symbol. Thus, the distance metric
reduces to a geometric distance between constellation points. However, in practice, abrupt
transitions are avoided by filtering. With the appropriate filter, the 3-PSK modulation scheme
(with the constraint that the same symbol is never repeated) will look like a CPFSK signal with
h = 2/3. So from this point, we will refer to a CPFSK signal with h = 2/3 as a ternary phase
shift keying scheme (with the appropriate filtering).
It is important to note that the CPFSK signal with h = 2/3 can be easily demodulated with
existing Tier-0 receivers (see Figure 5). The small difference in modulation index is well within
the boundaries of variations in existing transmitters. Also, the power spectrum of this modulation
scheme is almost exactly the same as the power spectrum for a modulation index of h = 0.7.
IV. I MPROVING P ERFORMANCE OF THE A PPROXIMATED T ERNARY P HASE
M ODULATION S CHEME
We have shown how the ARTM Tier-0 modulation scheme can be viewed as a ternary phase
modulation scheme by approximating the modulation index as h = 2/3. The input to our modulator has only two possible input choices, zero or one. The ternary phase shift keying scheme
can have three possible output phase points. For the CPFSK scheme with h = 2/3, only two
possible options are used for the output phase, either an increase or decrease by 2π/3 from the
6

previous phase. The zero phase change option is unused. This constraint, which is a form of
coding, improves the error performance of the Tier-0 modulation, since the minimum Euclidean
distance is over two bit periods (Figure 3).
This third phase option can be utilized to improve performance further. The modulator has an
effective output information bit rate of log2 (3) = 1.5850. This provides a mechanism for coding
without having to change the input data rate. An appropriate code that takes dibits as inputs and
outputs tribits can be used for this purpose. These type of codes are uncommon since they are
not linear and do not lend themselves easily to analysis. One such code has been published in
the literature by Nakamura and Torii [9]. It takes as input dibits and outputs tribits. It can be
described as a convolutional code, except that all operations are performed over GF(3) instead
of GF(2). The generator polynomial is
g(D) = 1 + 2D + D2 + D4 + D5 + D6 .

(7)

By utilizing the unused phase option, we can increase performance. Since the phase trajectory
is changed, the spectrum of the modulated signal also changes. However, this is to our benefit.
Since, we are adding an additional state where the phase does not change, the spectral occupancy
actually gets better not worse. This can be seen in Figure 6. The IRIG standard does not specify
the exact filter to use for pulse-shaping, just its characteristics, but a Bessel filter is commonly
used [1]. This is a carry-over from the analog FM days, since a Bessel filter does not distort
the output phase characteristics. For our digital modulation, we can pick a filter that is already
used in the ARTM modulation schemes. In particular, the SOQPSK pulse shaping filter has four
parameters that allow flexibility in the waveform definition. For this purpose, we can use the
SOQPSK shaping filter with the parameters, ρ = 0, B = 0, T1 = 0, T2 = 1. This results in a
simple raised cosine type of filter that does not cause inter symbol interference (ISI).
Figure 7 shows the increased performance obtained by using this ternary code. The gain of
approximately 1.3 dB is good considering that this code also has the following properties:
1)
2)
3)
4)

Does not increase the input data rate.
Does not change the spectral occupancy.
Is a convolutional code and therefore does not incur extensive decoding delay.
Automatically performs a binary to ternary conversion.

This is just one example of the performance gain to be obtained from such a code. There may
well be other codes that provide the same properties with even better performance.
V. C ONCLUSION
The ARTM Tier-0 PCM/FM waveform, when decoded optimally, has better performance than
the Tier-1 or Tier-2 waveforms but has worse spectral efficiency. The analytical expression for
the error probability was given in Section II. The error performance of the Tier-1 and Tier-2
schemes can be improved by coding. This would require either a decrease in the input data
7
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rate or a change in the output spectral mask. There are some telemetry applications, where it is
logistically difficult to change some frequency allocations.
We have presented a way to approximate the Tier-0 PCM/FM waveform as a phase-shift keying
scheme with three constellation points. This can reduce the complexity of receivers without
affecting performance. This is also backwards compatible with existing receivers. At the same
time, this approximation opens the door for increasing the performance of PCM/FM without
changing the input data rate to the modulator and without changing the output spectral mask.
This transparent coding can be used to increase performance while being compatible with existing
frequency allocation schemes. An example of this was shown in Section IV. Figure 8 compares
the performance of this ternary coded CPFSK signal to the existing ARTM waveforms. This
waveform has the same spectral properties as traditional PCM/FM, but it provides even better
error performance. This approach can be of aid in may applications where reliability is more
important than spectral efficiency and where compatibility with existing frequency allocation
schemes is required.
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A BSTRACT
Historically, (PCM/FM) receivers have used simple detection schemes yielding
low performance. Using multi-symbol detection methods, PCM/FM can be received
with better error performance than either SOQPSK or multi-h CPM. We present an
approximation by which PCM/FM can be reinterpreted as a phase modulation scheme,
allowing the use of coherent detection techniques. This is backward compatible with
existing receivers. We also present an extension by which the error performance of the
approximated PCM/FM can be improved even further with no change to the spectral
properties. This improved waveform can be used in systems where compatibility with
existing frequency allocation schemes is required.

I. I NTRODUCTION
Telemetry transmissions require a constant envelope modulation scheme for power efficiency.
ARTM Tier-0 (PCM/FM) is a frequency shift keying scheme that has been used in telemetry
applications for decades [1]. Traditionally, PCM/FM reception was based on a simple limiterdiscriminator based approach. In recent years, other constant envelope modulation schemes
(Tier-1 SOQPSK-TG, Tier-2 multi-h CPM) have been adopted that have better spectral efficiency.
These modulation schemes also have better error performance than the traditional PCM/FM
receivers but have worse error performance than newer PCM/FM reception techniques using
optimal sequence detection.
Thus PCM/FM as implemented using modern reception techniques has a better error performance
but worse spectral efficiency than the ARTM Tier-1 and Tier-2 modulation schemes. This is
illustrated in Figure 1.
In many applications better reliability is of greater importance than spectral efficiency. It is
certainly possible to use error coding with the Tier-1 and Tier-2 schemes and improve their
performance. However, there are several existing telemetry applications where it is difficult
1
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Comparison of the ARTM modulation schemes.

to logistically change the frequency allocation scheme to accommodate the new modulation
schemes, which have different spectral properties.
We present a modification of PCM/FM that maintains the spectral properties and improves error
performance. The advantage of this approach over using the Tier-1 and Tier-2 schemes with
coding, is that this modification can be transparent to the user of the transmitter (no change in
input data rate) and is also compatible with the existing frequency allocation schemes.
Section II provides a historical perspective on the improvements in reception of PCM/FM.
Section III shows how PCM/FM can be approximated as a phase-modulation scheme which
is still compatible with existing PCM/FM receivers. Section IV shows how a transparent coding
scheme can be used with this approximation to improve performance. Section V places the
improvements in the context of the existing transmission schemes.
II. A H ISTORY OF I MPROVEMENTS IN PCM/FM E RROR P ERFORMANCE
Analog telemetry systems used frequency modulation of analog waveforms for RF transmission.
This provided much better performance than amplitude modulation and also allowed to tradeoff bandwidth occupancy for performance. With the transition to digital data representation,
frequency modulation of filtered digital non-return-to-zero (NRZ) data provided a natural upgrade
path. In many cases, the analog FM transmitter could be reused by feeding its input with filtered
digital data (instead of an analog information waveform). This required minimal infrastructure
2

change, and usually had no impact on the frequency allocation schemes. Instead of a bandwidth
to SNR trade-off as in the fully analog FM case, the modulation index for the digital transmission
determined the data rate that could be sustained within a given RF bandwidth. Early receivers
used a limiter-discriminator type receiver. The error performance of this was approximated as
pb = 0.5e−kEb /N0 ,

(1)

where, k, was estimated by curve fitting to be 0.7 [2]. In many telemetry systems the modulation
index was chosen to be 0.7 (peak deviation of 0.35 Rb ) because experimentally this was shown
to provided good performance. Since, the phase of the output RF signal is continuous from
bit to bit, this waveform can also be treated as a Continuous Phase Frequency Shift Keying
(CPFSK) scheme. The more well-known modulation techniques from this family are Minimum
Shift Keying (MSK) (where the modulation index, h, is 0.5 and is considered to provide best
orthogonality), and Gaussian Minimum Shift Keying (GMSK), a Gaussian filtered version of
MSK which is used in the GSM cellular telephony standard. The error rates for CPFSK can
be obtained directly from the minimum squared Euclidean distance (MSED). The MSED is a
measure of the difference between the waveforms corresponding to a zero and to a one. The
more different these waveforms, the greater the MSED, and the lower the error rate. Very early
on, it was known that for single symbol detection, the minimum squared Euclidean distance as
a function of modulation index was given by [3]


sin 2πh
2
.
(2)
dmin = 2 1 −
2πh
2 is maximized. This occurs when h = 0.715, resulting in
The error rate is minimized when dmin
2 = 2.434. The analytical error rate for CPFSK (and thus PCM/FM) is,
dmin
r

r

1 Eb 2
1 Eb
Pe = Q
d
=Q
2.43 .
(3)
2 N0 min
2 N0

However, it was assumed that Minimum Shift Keying with h = 0.5 and an observation interval
2 for this case is four [3]. A seminal
of two bits would provide better performance since the dmin
study into Continuous Phase Shift Keying (CPFSK) systems by Aulin and Sundberg numerically
showed that better performance could be obtained by observing the received signal over multiple
bit periods [4]. An analytical formula for the minimum squared Euclidean distance of CPFSK
for arbitrary modulation index was finally presented by Ekanayake [5]. For h = 0.7, the result,
which is a simple extension of Eqn 2, is


sin 2πh
2
dmin = 4 1 −
.
(4)
2πh
This effectively provides an analytical result for the best achievable error rate for CPFSK and
PCM/FM with h = 0.7,
r

1 Eb
Pe = Q
4.86 .
(5)
2 N0
The original Tier-0 PCM/FM telemetry receivers used the limiter-discriminator approach and their
3
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performance tends to be similar to the single-symbol detection method shown in Figure 2, just a
little worse. First generation Tier-0 receivers are based on the multi-symbol correlator approach
that has been described in the literature [6], [7]. This improves performance dramatically over
the limiter-discriminator case. Second generation Tier-0 receivers perform very close to the
theoretical limit for optimum sequence detection. Note that cumulatively this has increased
performance over the original receiver approach by approximately 3.5 dB (at a BER of 10−5 ).
III. A PPROXIMATING PCM/FM AS A T ERNARY P HASE M ODULATION S CHEME
Most implementations of PCM/FM schemes use a modulation index of h u 0.7 which provides
good error performance (it is quite close to the optimum of h = 0.715). This is also the modulation
index used in the IRIG/ARTM scheme. The phase trajectory of PCM/FM with h = 0.7 is shown
in Figure 3. At every bit period, the phase advances or retards by hπ. On a unit circle, there
are twenty unique phase-points used by this modulation scheme. Thus this can be viewed as a
twenty point phase modulation scheme, with the constraint that the phase at any bit instant can
only be φ prev ± hπ, where φ prev is the accumulated phase at the end of the previous bit period.
At this point, let us make an approximation that will simplify the phase constellation for h = 0.7.
By approximating h = 2/3 = 0.67, we can reduce the modulation scheme to a simple three point
constellation. with the constraint that at each bit period, the phase changes. Even though the
value of h = 2/3 is less optimal than h = 0.7, the actual difference in performance is marginal.
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As can be seen in Figure 4 both of these modulation indices have insignificant degradation from
the optimum index of h = 0.715.
At this point, it is worth asking if a 3-PSK modulation scheme is identical to a CPFSK modulation
scheme with h = 2/3. This question can be answered by looking at the definition of the distance
5

Fig. 5.

A Lumistar LS-24 receiver correctly demodulating the CPFSK h = 2/3 waveform.

metric [8], i.e.,
2
dmin

ZkT

,

[si (t) − sk (t)]2 dt.

(6)

0

A theoretical m-PSK modulation scheme maintains a certain phase for the duration of a symbol,
then abruptly transitions to a different phase for the next symbol. Thus, the distance metric
reduces to a geometric distance between constellation points. However, in practice, abrupt
transitions are avoided by filtering. With the appropriate filter, the 3-PSK modulation scheme
(with the constraint that the same symbol is never repeated) will look like a CPFSK signal with
h = 2/3. So from this point, we will refer to a CPFSK signal with h = 2/3 as a ternary phase
shift keying scheme (with the appropriate filtering).
It is important to note that the CPFSK signal with h = 2/3 can be easily demodulated with
existing Tier-0 receivers (see Figure 5). The small difference in modulation index is well within
the boundaries of variations in existing transmitters. Also, the power spectrum of this modulation
scheme is almost exactly the same as the power spectrum for a modulation index of h = 0.7.
IV. I MPROVING P ERFORMANCE OF THE A PPROXIMATED T ERNARY P HASE
M ODULATION S CHEME
We have shown how the ARTM Tier-0 modulation scheme can be viewed as a ternary phase
modulation scheme by approximating the modulation index as h = 2/3. The input to our modulator has only two possible input choices, zero or one. The ternary phase shift keying scheme
can have three possible output phase points. For the CPFSK scheme with h = 2/3, only two
possible options are used for the output phase, either an increase or decrease by 2π/3 from the
6

previous phase. The zero phase change option is unused. This constraint, which is a form of
coding, improves the error performance of the Tier-0 modulation, since the minimum Euclidean
distance is over two bit periods (Figure 3).
This third phase option can be utilized to improve performance further. The modulator has an
effective output information bit rate of log2 (3) = 1.5850. This provides a mechanism for coding
without having to change the input data rate. An appropriate code that takes dibits as inputs and
outputs tribits can be used for this purpose. These type of codes are uncommon since they are
not linear and do not lend themselves easily to analysis. One such code has been published in
the literature by Nakamura and Torii [9]. It takes as input dibits and outputs tribits. It can be
described as a convolutional code, except that all operations are performed over GF(3) instead
of GF(2). The generator polynomial is
g(D) = 1 + 2D + D2 + D4 + D5 + D6 .

(7)

By utilizing the unused phase option, we can increase performance. Since the phase trajectory
is changed, the spectrum of the modulated signal also changes. However, this is to our benefit.
Since, we are adding an additional state where the phase does not change, the spectral occupancy
actually gets better not worse. This can be seen in Figure 6. The IRIG standard does not specify
the exact filter to use for pulse-shaping, just its characteristics, but a Bessel filter is commonly
used [1]. This is a carry-over from the analog FM days, since a Bessel filter does not distort
the output phase characteristics. For our digital modulation, we can pick a filter that is already
used in the ARTM modulation schemes. In particular, the SOQPSK pulse shaping filter has four
parameters that allow flexibility in the waveform definition. For this purpose, we can use the
SOQPSK shaping filter with the parameters, ρ = 0, B = 0, T1 = 0, T2 = 1. This results in a
simple raised cosine type of filter that does not cause inter symbol interference (ISI).
Figure 7 shows the increased performance obtained by using this ternary code. The gain of
approximately 1.3 dB is good considering that this code also has the following properties:
1)
2)
3)
4)

Does not increase the input data rate.
Does not change the spectral occupancy.
Is a convolutional code and therefore does not incur extensive decoding delay.
Automatically performs a binary to ternary conversion.

This is just one example of the performance gain to be obtained from such a code. There may
well be other codes that provide the same properties with even better performance.
V. C ONCLUSION
The ARTM Tier-0 PCM/FM waveform, when decoded optimally, has better performance than
the Tier-1 or Tier-2 waveforms but has worse spectral efficiency. The analytical expression for
the error probability was given in Section II. The error performance of the Tier-1 and Tier-2
schemes can be improved by coding. This would require either a decrease in the input data
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rate or a change in the output spectral mask. There are some telemetry applications, where it is
logistically difficult to change some frequency allocations.
We have presented a way to approximate the Tier-0 PCM/FM waveform as a phase-shift keying
scheme with three constellation points. This can reduce the complexity of receivers without
affecting performance. This is also backwards compatible with existing receivers. At the same
time, this approximation opens the door for increasing the performance of PCM/FM without
changing the input data rate to the modulator and without changing the output spectral mask.
This transparent coding can be used to increase performance while being compatible with existing
frequency allocation schemes. An example of this was shown in Section IV. Figure 8 compares
the performance of this ternary coded CPFSK signal to the existing ARTM waveforms. This
waveform has the same spectral properties as traditional PCM/FM, but it provides even better
error performance. This approach can be of aid in may applications where reliability is more
important than spectral efficiency and where compatibility with existing frequency allocation
schemes is required.
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ABSTRACT
Network-centric architectures continue to gain acceptance in data acquisition and telemetry
systems. Though networks by nature impose non-deterministic transit time of data through a
given link, the IEEE 1588 standard provides a means to remove this jitter by distributing time
messages to the data acquisition units themselves. But like all standards, they evolve over time.
The same is true with IEEE 1588, which is releasing its second version later this year. This
paper discusses the challenges of the first version of the IEEE 1588 standard that Version 2 set
out to address, potential challenges with Version 2, and interoperability issues that may arise
when incorporating a mixture of Version 1 and Version 2 devices.
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INTRODUCTION
Networks and network-centric systems seem to be everywhere these days. Whether made up of
a large corporation’s IT infrastructure or one’s personal home office, networks are used on a
daily basis for communication and data transport. Yet even with the mass familiarity of
networks, the telemetering community has only recently begun to incorporate networks into their
telemetry systems. One of these reasons is because until the past few years, networks were not
equipped to meet the timing requirements of data acquisition and telemetry systems. It was not
until the introduction of the IEEE 1588 standard that defines the Precision Time Protocol (PTP)
in late 2002 that began to breathe new life on the concept of incorporating networks into the
world of flight test. The use of networks in telemetry systems is now a viable alternative to the
traditional IRIG 106 Chapter 4 standard for PCM-based test and telemetry systems.
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However, like all standards, there grows a need to revise the standard in order to incorporate
newer technology and to address different usage scenarios that may not have been considered in
a previous version. The same is true for the IEEE 1588 standard. While version 2 (v2) of the
PTP standard seeks to answer the questions and challenges left by its predecessor, it brings about
a few challenges of its own in regards to system integration and interoperability with version 1
(v1) devices.
Southwest Research Institute has been involved in developing, testing, and integrating a data
acquisition and telemetry flight test system that employs the use of IEEE 1588 v1 over the past
few years. At the time of writing this paper, the IEEE 1588 v2 standard has not been officially
released. Even so, a look at the v2 Draft 2.2 standard through the lens of our v1 expertise has
given a platform for identifying possible issues when meshing v1 and v2 devices. This paper
will provide guidelines to consider when choosing to deploy an IEEE 1588 v2 system. Though
the standard is not exclusive to IEEE 802.3 (Ethernet), this paper will only discuss those network
systems realizing the PTP protocol over Ethernet.

PTP BACKGROUND
Before attempting to comprehend the possible interoperability issues that may be encountered,
one must have a decent grasp at what the IEEE 1588 standard is all about and a general
understanding of how it works. As the name “Precision Time Protocol” suggests, the standard
defines the protocol for synchronizing different clocks to a high degree of precision. The
protocol is able to provide sub-microsecond accuracy between devices distributed across the
network. In its simplistic form, there is one clock in the network that synchronizes all other
clocks. The clock that is the source of time on the network is referred to as the Grandmaster
clock. All devices that synchronize to this clock are referred to as Slave clocks. Some devices
may have multiple ports, such as a network switch that implements a boundary clock. A
boundary clock will place all of its ports in a Master state if it is acting as the Grandmaster clock.
Otherwise, it will place the port that receives the timing packets in the Slave state while the rest
of the ports remain in the Master state. In this case, the boundary clock synchronizes its main
clock to the Grandmaster clock with the timing information received over its Slave port, but it
generates timing packets over its ports in the Master state in order to synchronize other Slaves
clocks which could be end devices or other boundary clocks
The method in which a Slave is synchronized to its Master under PTP v2 follows the same
structure and principles as in PTP v1 even though the latest revision has added a few new
message types and has shuffled up the formats of the existing message types. These differences
will be discussed later in this paper. But before one can synchronize two or more devices, one
must first elect one clock to act as the Grandmaster to which the rest of the devices can
synchronize. This election can be done manually by configuring certain clock properties on a
given device, or it can be done automatically by way of the Best Master Clock (BMC) algorithm.
Version 2 introduces the ANNOUNCE message type to carry the pertinent information needed to
make proper decisions with respect to which clock is the best master. Information about the
clock included in this message includes attributes relating to the clock’s time source reference,
accuracy, and a user-specified priority level.
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Once a Grandmaster has been determined, it begins by generating SYNC and FOLLOW_UP
messages at a configurable sync interval. Though the FOLLOW_UP messages are optional in
the standard, they are required in order to achieve high precision synchronization which is
needed for real-time data acquisition systems. When a SYNC message is assembled and
transmitted from a Master port, the embedded timestamp in the message is approximated while
the precise time that the message was transmitted onto the communication medium is captured.
The captured time is then embedded into the FOLLOW_UP message. When the Slave device
receives the SYNC message, it takes a snapshot of its local time when the SYNC message is first
received. The slave then compares the precise time it received the SYNC message with the
embedded timestamp in the FOLLOW_UP message stating the precise time when the SYNC
message was transmitted from the Master. A simple subtraction operation would give you the
time adjustment needed on the Slave in order to be synchronized with the Master if this were an
ideal world and there was not a transit delay. But the facts are, this is not an ideal world, and
transit delays do exist. To determine the transit delays, there are two mechanisms that can be
employed.
The delay request-response mechanism is a direct carry-over from v1 of the standard. This
mechanism contains two messages: DELAY_REQUEST and DELAY_RESPONSE. A
DELAY_REQUEST message is issued by the Slave clock. When the message leaves the Slave,
the Slave records its precise timestamp. The Master records the precise timestamp that it
received the DELAY_REQUEST. The Master then embeds the message receipt time into a
DELAY_RESPONSE message and then sends it to the Slave that sent the request. Once the
slave has these values, it is able to determine the path delay. The path delay is assumed to be
symmetrical though in practice it may not be. This delay is then used in conjunction with the
SYNC and FOLLOW_UP messages to achieve synchronization.
The second path delay mechanism is the peer delay mechanism. It has no v1 counterpart. This
mechanism brings with it three new message types: PDELAY_REQUEST,
PDELAY_RESPONSE, and PDELAY_RESPONSE_FOLLOW_UP. Unlike the delay requestresponse mechanism, the requesting node does not have to be the Slave. With the peer delay
mechanism, both ports on a link are able to learn the path delay. This allows for a rapid recovery
from a change in network topology. For discussion, Node A will be the requesting node; Node B
will be the responding node. To determine the mean path delay, Node A issues a
PDELAY_REQUEST message. The time at which Node A transmits the message is time
TREQA. Once Node B receives the message, it stores the reception time, TREQB. Node B then
issues a PDELAY_RESPONSE message back to Node A. Embedded into this message is the
PDELAY_REQUEST reception time TREQB and the approximate PDELAY_RESPONSE
transmit time, TRESPB. Node A stores the time that it receives the PDELAY_RESPONSE
message, TRESPA.
If greater accuracy is required, Node B can issue a
PDELAY_RESPONSE_FOLLOW_UP message after it sends the PDELAY_RESPONSE
message in order to provide Node A with the precise transmit time of the PDELAY_RESPONSE
message. Once Node A has received the response message(s), it can then proceed to use the four
timestamps that it has to compute the mean path delay.
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To better understand the basic principles of the protocol, it may be best to walk through an
example. Figure 1 describes the example scenario. The figure shows two clocks over time. The
one on the left is the Master clock, and the one on the right is the Slave clock. The time scale
referenced in the figure is arbitrary, and the units referenced are in generic ticks. The example
assumes a symmetrical communication path delay of 10 ticks. At the onset of the example, the
Slave clock is free running, not synchronized to the Master. The master has an initial time value
of 100 ticks while the free running slave has an initial time value of 250 ticks.
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Figure 1. Example SYNC/FOLLOW_UP with Delay Request Mechanism

The Master clock issues a SYNC message at its local time 100 (TSM). The actual SYNC
message will not arrive at the Slave until 10 ticks later due to the link delay, making the
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reception time 260 (TSS)on the local Slave clock. The Master then generates a FOLLOW_UP
message that includes the precise origin timestamp of the SYNC message. Once the Slave
receives this message, it is able to determine its time offset from the Master. Simple subtraction
reveals that the Slave clock is 160 ticks ahead of the Master, and the Slave responds to this offset
by adjusting its local clock by the difference. However, synchronization is not achieved until the
link delay is accounted for. As can be seen in Figure 1, after the first adjustment the Slave is
running 10 ticks behind the Master. The figure illustrates the delay request-response mechanism
as it accounts for the path delay.
At the local Slave time of 140 (TDRS), the Slave issues a DELAY_REQUEST message to the
Master. The communication path delays the message for 10 ticks before the Master receives the
message, pushing the time on the Master to 160 (TDRM). The TDRM is returned to the Slave in a
DELAY_RESPONSE message. The difference between the TDRM and the TDRS represents the
delay incurred by two path traversals, one in each direction. The first path traversal is inherited
from the SYNC message. Dividing the difference by two yields the path delay for a single path
traversal in either direction. This method assumes the path delay is relatively the same from
Master to Slave as it is from Slave to Master.
Suppose the network supports the peer delay mechanism. The DELAY_REQUEST and
DELAY_RESPONSE messages are replaced by PDELAY_REQUEST, PDELAY_RESPONSE,
and an optional PDELAY_RESPONSE_FOLLOW_UP. The main difference between the two
mechanisms is that the peer delay method measures time delays in both directions, getting a
round-trip measurement. The delay request-response method only measures the delay from the
requestor to the responder. Figure 2 illustrates an example of the peer delay mechanism at work.
In this example, the path delay is not symmetrical. Traffic flowing one direction takes 10 ticks
of time while traffic flowing in the other direction takes 20 ticks of time. Keep in mind that with
this method, the requestor may be either the Master or the Slave.
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Figure 2. Example Peer Delay Mechanism

For ports utilizing the peer delay mechanism, the first step to determining the mean path delay is
for Node A, the requestor, to issue a PDELAY_REQUEST message. In this example Node A
begins with a clock time 10 ticks ahead of Node B. Node A transmits the request at time 150
(TREQA). After the 10 tick path delay, Node B receives the message at local time 150 (TREQB).
Node B delivers a PDELAY_RESPONSE message at time 170 (TRESPB) that includes time
TREQB. The time that Node A receives the PDELAY_RESPONSE message is 200 (TRESPA).
Node B then sends a PDELAY_RESPONSE_FOLLOW_UP message that includes time
TRESPB. Once Node A contains all four timestamps, it is able to compute the measured twoway delay. Division by two yields the mean path delay. A Slave clock can then use the known
link delay in its next synchronization computation. The reason for the final computation to still
be off by 5 ticks has to do with the asymmetry of the path delay and not on the method itself. If
the delay request-response method were used, similar results would have been obtained. The
method by which the directional asymmetry is determined is out of scope for this paper.
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Both methods for determining the mean path delay are good ones. One benefit from the peer
delay mechanism is the quick recovery time should the network topology change. This benefit is
available because the path delay of a link is known on both ports, unlike the delay requestresponse method in which only the Slave clock knows the delay. However, before the decision
to use one delay mechanism instead of the other is made, a few more new features need to be
mentioned.

NEW FEATURES
In addition to the new message types and formats, a couple of new PTP devices have also been
added, namely the end-to-end (E2E) transparent clock and the peer-to-peer (P2P) transparent
clock. These clocks take advantage of the correction field in the PTP header, another new
parameter added in this version of the standard. The correction field is used to provide a
receiving device with specific timing adjustments that can be applied to the timestamp prior to
processing. The correction field may contain fractional nanoseconds.
Transparent clocks are attractive because they are able to account for their own internal latency,
something that is common to all network switching devices. This internal latency is referred to
as the residence time. A transparent clock predicts the residence time of a PTP packet by
subtracting the ingress timestamp from the predicted egress timestamp. If the transparent clock
is a two-step clock, it can then use the precise egress timestamp instead of the predicted egress
timestamp. The residence time is added to the correction field of the PTP packet before it is
forwarded to the next port. The residence time is dynamic, and it varies based on network load
on a port by port basis. The presence of transparent clocks removes the need for boundary
clocks.
Figure 3 provides a visual representation of transparent clock operation, specifically that of an
E2E transparent clock. For the sake of simplicity, the example consists of one-step clocks,
meaning that FOLLOW_UP messages will not be sent. One-step clocks place all timing
information in the SYNC message, and the transparent clock adds its residence time to the
correction field before sending the message to the slave. If two-step clocks were in use, the
FOLLOW_UP messages would contain the transparent switch’s residence time in the correction
field. The example assumes that the path delay between the Master and transparent clocks is
symmetrical and takes 10 ticks of time to traverse the path one way. The path delay between the
transparent and Slave clocks is also symmetrical, but this delay consumes 15 ticks of time to
traverse the path one way.
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Figure 3. Example of E2E Transparent Clock Operation

In very similar fashion to the first example, the time on the Master clock begins at its local time
100 while the Slave clock is running at its own local time 250. The Master transmits the SYNC
message with an embedded timestamp of 100, TSM. It arrives at the transparent clock 10 ticks
later. At the time of arrival, the transparent clock projects a residence time of 50 ticks. It
modifies the original SYNC message by adding the residence time to the correction field in the
PTP header of the message. The new message, SYNC’, is then delivered to the Slave. After a
brief 15 tick path delay, the updated SYNC’ message arrives at the Slave. SYNC’ reports the
Master clock is at time 150 when it arrives at the Slave at time 325, TS’S. A quick subtraction
operation gives the offset from the Master being +175 ticks. This is subtracted from the Slave
clock in order to make the appropriate adjustment. A DELAY_REQUEST message is issued
from the Slave at time 200, TDRS. After the 15 tick path delay, the transparent clock receives
the packet. Upon reception, the current residence time for the egress port towards the Master is
80 ticks. The residence time is added to the correction field of the DEL_REQUEST packet
before it is transmitted to the Master. The updated request, DEL_REQ’, arrives at the Master at
time 330, TDR’M. This value is returned to the Slave in the subsequent DELAY_RESPONSE
message. Like all packets traversing through the transparent device, there is a packet delay, but
no modifications are made to the DELAY_RESPONSE packet regarding residence time since its
transit time is not critical, only the timing data contained therein. The Slave uses this time to
compute the mean path delay, which is found to be 25 ticks from Master to Slave. The slave
clock is adjusted by this amount, and synchronization through a transparent clock is complete.
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One thing to note from Figure 3 and its example is that the time of the transparent clock is not
known nor is it required for any computation. The key to transparent clocks is not time
synchronization but frequency synchronization of the clock, known as syntonization.
Transparent clocks need to synchronize to the frequency of the Grandmaster in order have an
accurate residence time prediction. The manner by which transparent clocks syntonize to the
Grandmaster is not discussed in this paper.
The basic principles of transparent operation apply to both E2E and P2P transparent clocks.
However, E2E transparent clocks only use the delay request-response mechanism, and P2P
transparent clocks only use the peer delay mechanism. If both types of transparent clocks are
present in the same system, they must be separated by a boundary clock. Boundary clocks do
not need to be used if the system only uses one of the two types of transparent clocks.

PTP DEPLOYMENT CONSIDERATIONS
With the evolution of any standard, every system integrator wants to know one thing: how will
this revision affect my system that is already working? This question is certainly no stranger to
those that have already successfully deployed a PTP v1 system as they see v2 approaching on the
horizon. The hope is always for a seamless migration from one version to the next in such a way
as to protect the investment already poured into the previous version. This is as true for product
companies as it is for system designers. As such is the case, the discussion now turns to examine
the built-in backward compatibility features of v2 in order to get a grasp of the possible issues
one could run into when meshing v1-compliant devices with v2-compliant devices.
While the general concept of how synchronization is achieved remains unchanged, the message
formats themselves have changed rather significantly. The format of the PTP header has
changed to the point that a v1 clock, Master or Slave, would not be able to interpret a v2 PTP
message on its own. The same is true of a v2 clock receiving a v1 PTP message. These changes
alone are enough to indicate that the meshing of v1 and v2 clocks will not be as simple and easy
as one would hope. But this fact does not lend itself to say that there shall not be any meshing of
v1 and v2 devices either. The standard does specify translation procedures in order to convert a
message type from one version to the other.
Though translating between the two versions may be the only approach, it is not without its
quirks and limitations either. Just as language translators often run into problems trying to
communicate concepts from one language to another, there are some pieces of data that PTP
cannot translate. These non-transferrable concepts consist of data that has been added in v2 or
has been made obsolete from v1. For example, the error correction field that is introduced into
the PTP header in v2 has no corresponding v1 field. Also, the three message types introduced in
the peer delay mechanism of v2 cannot be translated into v1. The important thing to remember,
though, is that timing information pertinent to device synchronization can be successfully
translated between v1 and v2 clocks.
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It must be pointed out that version translation does not happen automatically. A device running
the v2 protocol is not required to support the notion of translating into and out of v1. In order for
version translation to occur, a system designer will need to ensure that a PTP translator is in the
path between v1 and v2 clocks. A boundary clock with translation capabilities should be used to
translate between the two versions. Because transparent clocks are not defined in v1, transparent
clock translation falls outside of the scope of the standard.
A good rule of thumb for designing and integrating a meshed network is that boundary clocks
should be placed on the boundaries of the different protocol versions and features. A boundary
clock that supports v1-v2 translation should be placed between a region of v1 devices and a
region of v2 devices. A boundary clock should also be used to join regions of E2E transparent
clocks with P2P transparent clocks if both types are used. Though some extra cost may be
incurred to incorporate a boundary clock device with translation support, it is the key component
used to tie the two versions together. Without translation, failure is inevitable.

CONCLUSION
When all is said and done, PTP v2 is capable of providing more precise time synchronization
than in the initial version thanks to the support of fractional nanoseconds. The introduction of
transparent clocks into the standard provides more flexibility and choices for system designers.
With these additional benefits, it is hard to imagine v2 not surpassing the popularity of v1. But
before jumping in with both feet, it will be wise to recognize the potential integration issues that
are likely to surface if the mesh network of v1 and v2 devices are not designed appropriately. A
well thought out network with the proper v1-v2 translating boundary clocks should mitigate the
major hurdles in deploying a meshed network.
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ABSTRACT
Synchronization of the iNET communication link is essential for implementing the
TDMA channel access control functions within the transceiver MAC transport layer, and
providing coherent signal demodulation timing at the transceiver PHY layer. In the
following implementation, the 1588 timing reference source is the GPS receiver. Because
it is being used in the Ground Station Segment and Test Article Segment, it becomes
feasible to utilize the 1588 timing reference for cross-layer (MAC+PHY) iNET
transceiver synchronization. In this paper, we propose an unified iNET transceiver
synchronization architecture to improve iNET transceiver performance. The results of the
synchronization performance analysis are given.
Keywords: Ethernet, 1588, cross-layer synchronization, GPS, OFDM

INTRODUCTION
The architecture of the iNET (Integrated Network-based Telemetry) communication link
critically relies on synchronization of time within the distributed network. Its importance
resides in the synchronized nature of iNET RF transceiver TDMA (Time Division
Multiple Access) MAC (Media Access Control) protocol scheme and within the use of
OFDM (Orthogonal Frequency-division Multiplexing) as the PHY modulation
waveform. The absolute accuracy of the timing synchronization between individual
transceivers will improve or degrade the quality of network application services such as
communication scheduling, sensor data timestamps, as well as network formation
between nodes and overall network throughput efficiency.
The issues specific to time synchronization concern timing issues from the physical-layer
(PHY), digital signal processing (DSP), and application-layer scheduling. In this paper,
we will focus on the synchronization of the iNET RF transceiver MAC layer and the
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OFDM-based PHY layer. A set of algorithms is presented which provide a system level
GPS-based timing synchronization scheme for the transceiver. The timing requirements
of the system are derived from the needs of the MAC layer and the PHY layer. The MAC
layer timing requirements refer to synchronizing the TDMA epoch period between
multiple transceivers and the determination of the individual timeslots and their
adjustment. The PHY layer timing model requires estimating the OFDM signal frame
boundary (Frame Synchronization), performing symbol clock estimation and/or
correction, determining carrier frequency and providing phase estimations and correction.

OFDM TIMING CONSIDERATIONS
Figure 1 below shows a simplified baseband model of an OFDM modulation system. On
the transmitter side as shown in Fig. 1, the core DSP operations are an Inverse Fourier
Transform (IFFT) operation and a time-domain Guard Interval (GI) insertion operation.
On the receiver side, based on the availability of a timeslot as determined by the MAC
TDMA channel access control scheme, and with proper synchronization, the reverse
operation of the transmitter will be executed.
There is a fundamental distinction between a Single Carrier (SC) modulation waveform
such as Shaped Offset Quadrature Phase-Shift Keying (SOQPSK) and a Multiple Carrier
(MC) such as OFDM. In an OFDM modulation scheme, the user data is directly
modulated by signal frequency in amplitude and phase as opposed to SOQPSK, where
the user data is directly modulated by the time domain waveform. This fundamental
distinction imposes unique timing synchronization issues. A detailed discussion on this
distinction is presented in this paper.

Figure 1: Simple model of OFDM-based transmission system
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SYNCHRONIZATION CHALLENGES
The in-progress iNET communication link standard has specified the OFDM IFFT
default size as N = 64. The input bit sequence to the PHY transmitter is being assigned to
48 out of the 64 bins from the IFFT with a predefined bits-to-IQ signal mapping (e.g. 2
bits to QPSK). This bit mapping is performed at each IFFT bin. The rest of the 16 bins
are set to zero. Through the IFFT operation, the user data bit sequence is transformed into
a time domain signal. As shown in Fig. 1 the transmitted signal passes through a wireless
communication medium to the receiver node. Because of this, the signal at the receiver
input may be degraded with phase and amplitude distortion. A signal clock timing error
(phase and frequency) at the receiver end may be introduced due to the wireless
propagation of the RF waveform and the timing inaccuracy of the local oscillator at the
receiver end. The synchronization module in the receiver has to be properly designed to
accurately recover the signal’s timing, carrier frequency and phase.
In general, assuming a perfect local oscillator reference source is available; the source of
synchronization timing errors between transceiver nodes consists of [1]:
(1) Send time delt_T1: This is the time spent in the MAC layer for constructing the
message being sent. It also includes the overhead of any operations need in the
MAC link-layer processing.
(2) Access time delt_T2: This is the time spent in the PHY/MAC layer. It accounts
for the time delay waiting for a channel to be available for transmission.
(3) Propagation time delt_T3: This is the time spent by the signal traveling in the
transmission medium from the transmitter to the receiver.
(4) Receive time delt_T4: This is the time spent in the receiver PHY and MAC to
transfer the message to the host.
(1) and (4) are implementation dependent issues that are not the focus in this paper. The
primary concern is with the synchronization timing error sources (2) and (3), as well as
the impact of a non-ideal local oscillator used by the transceiver which introduces a
timing error during signal synchronization. As shown, the synchronization timing error
comes from both the MAC and PHY layer. Any timing synchronization algorithm must
be a cross-layer joined process in order to provide an effective solution.

iNET RF TRANSCEIVER TIMING SYNCHRONIZATION ERROR ANALYSIS
The primary advantage of OFDM over a single carrier (SC) modulation waveform, e.g.
xQPSK, is in its superior capability to handle severe channel conditions, narrowband
interference, and frequency-selective fading (multipath, micro-reflection, etc.) due to its
simplicity of frequency domain equalization operations and channel estimation.
However, besides other known issues such as high peak-to-average power ratio, the
OFDM modulation waveform is sensitive to the inaccuracy of timing estimation. This
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issue can be illustrated by examining the properties of the core operations during OFDM
modulation.
A frequency domain signal X(f) is defined as the Fourier Transform of a time domain
signal x(t), i.e.
X(f) = FFT{ x(t) };

(1)

From the properties of a Fourier transform[2], it can be shown any timing estimation
error in signal x(t) will result in its corresponding frequency domain signal X(f) being
modulated by a corresponding phase.
x(t – tau)  X(f) exp(-j 2 pi tau f)

(2)

Eq. (2) implies for given frequency the OFDM signal will suffer from a rotation of (2 pi
tau f) degrees in the I-Q constellation plane. Fig. 2 and Fig. 3 show the given timing
error tau = 24.2ns of the OFDM signal I-Q constellation with and without timing
estimation error compensation.

Fig. 2 OFDM I-Q constellation
w/o timing estimation error
compensation

Fig.3 OFDM I-Q constellation
with timing error compensation

In wireless transmissions, the received signal timing estimation error is due to
nondeterministic nature of the timing reference source and signal propagation time. Fig. 2
shows the OFDM signal I-Q constellation with a timing estimation error of 24.2 ns. The
phase error in the I-Q constellation is determined by eq. (2). This timing error will
directly cause burst errors in the data. Fig. 3 shows, with receiver timing estimation error
compensation, the received signal I-Q constellation can be stabilized and therefore, no
data errors occur.
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Comments:
(1) The deterministic timing error, as shown in Fig. 4, when the timing reference
estimation error of the received signal is in order of nanoseconds, that the EVM
penalty will be on order of greater than 5%

Fig. 4 OFDM EVM error due to timing error
(2) The random timing estimation error: The clock jitter in a local oscillator will
introduce a nondeterministic random uncorrelated phase noise in the OFDM I-Q
constellation. The equation (2), as well as Fig. 4, is valid as the first-order estimation
of the EVM error due to random clock jitter. A more precise estimation can be
obtained by simulation. Fig. 5 shows OFDM I-Q constellation with a clock jitter
EVM penalty of 8%;

Fig. 5: Rx OFDM I/Q
with clock jitter

Fig. 6: OFDM I/Q, with residual
frequency offset
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(3) Due to the local oscillator frequency instability, the carrier frequency in the
received signal may not be able to be fully removed. This frequency inaccuracy
will be translated as inter-symbol interference in the OFDM I-Q plane and will
increase the EVM error penalty as shown in Fig. 6. Theoretical analysis can be
easily derived using Eq. (1), Eq. (2), and the duality property of the Fourier
transform. Details can be found in ref. [2].

CROSS-LAYER TIMING SYNCHRONIZATION
The iNET communication link protocol has specified TDMA as its MAC link-layer
access protocol. The use of TDMA requires a common clocking signal within the system,
either through the use of a global clocking source or a clock recovery algorithm. While
it’s common in point-to-point communication channels to use clock recovery as a means
to synchronize data flow between the two systems, in the case of iNET, the
environmental challenges and the sensitivity of OFDM to clocking errors will make
achieving a reliable, high bandwidth communication channel difficult. Normally, in the
case of geographically distributed communication nodes, there isn’t any availability of a
highly synchronized clock. However, in the case of iNET, the test article will depend
upon the availability of 1588 to distribute a common clock source over the local
acquisition network for timestamp synchronization. Because of the inherent requirement
for a highly accurate network clock in the iNET architecture, it makes sense to consider
making use of 1588 timing as the node to node global timing reference. Current 1588
network timing synchronization technology with a GPS global timing reference source
can achieve nanoseconds jitter using clocks with 1 to 2 PPM instability. These
performance constraints suggest that the clock reference can not only be used for the
MAC layer for TDMA timeslot configuration, but also can be used as the PHY layer
coherent signal demodulation timing reference. In the proposed implementation, the 1588
timing reference source is a GPS receiver; and because it is being used in both the
Ground Station Segment and Test Article Segment, it becomes feasible to utilize the 1588
timing reference for cross-layer (MAC+PHY) iNET transceiver synchronization.

GPS CLOCK SYNCHRONIZATION
The first basic question to examine is to determine how accurately physically separate
network clocks can be synchronized. To test this situation, the following experiment was
conducted. Two independent GPS antennas were connected to 4 different GPS receivers.
Three of the receivers were 1588 switches, and one was an independent GPS receiver.
The 1PPS from all 4 devices were attached to an oscilloscope, using the independent GPS
receiver’s 1PPS output as the signal trigger. The oscilloscope was configured for
histogram persistence, and the configuration was left to operate for 24 hours.
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The resulting output is show below:

Fig 7: GPS-based 1PPS Synchronization
The yellow trace in the middle represents the baseline GPS receiver’s 1PPS output. The
blue, green, and violet traces at the bottom represent the 1PPS outputs of the 3 1588
switches. Each hash mark on the center line represents 4 nanoseconds. The inverted bell
curve as the top represents the average position of the switches’ 3 1PPS outputs over
86,452 seconds. There is a constant offset between the baseline GPS and the 3 switches,
but for the purposes of this experiment, it can be ignored. From the width of the bell
curve, the variance (and therefore, the jitter) can be calculated for the 3 switches; each
one generating its own 1588 clock source based on the clock derived from its GPS
receiver. The absolute spread is ±68 nanoseconds, and the 95% level is ±49 nanoseconds.

TDMA SYNCHRONIZATION
Time-Division Multiple Access (TDMA) is a digital transmission scheme that allows a
number of users to access a single radio-frequency channel without interference by
allocating unique time slots to each transmitter within the channel. iNET has specified the
use of TDMA as the mechanism to share bandwidth between the ground station and
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multiple airborne test vehicles. This is accomplished by introducing the concept of an
epoch, which corresponds to a sequence of repeating timeslot assignments for all nodes
of the network. Epochs might range from 10 to 1000 milliseconds and the timeslots are
defined by their non-overlapping starting and stopping times within the epoch. Between
timeslots, guard bands are allocated to account for timing inaccuracies and propagation
delays that will exist in a real-world system. Within a single timeslot, one or more OFDM
frames could be transmitted, each with their own guard bands. An illustration of a typical
iNET communication epoch is shown below:

Fig 8: Typical iNET Epoch configuration

The 1588-derived clock would form the timing reference used by the transceivers to mark
epoch and timeslot periods and synchronize the transmission and reception of OFDM
burst frames between different transceivers. The allocation of timeslots to transceivers
could be done either statically or dynamically and would be based on quality of service
(QOS) and/or bandwidth requirements. Given an inherent synchronization inaccuracy of
±50 nanoseconds, one could safely use a 1 microsecond resolution interval in the timeslot
definitions and synchronize multiple transceivers to the same TDMA epoch and timeslot
definition accurately.
OFDM SYNCHRONIZATION
Synchronization within the OFDM modem requires that the jitter present in any 1588
derived clocks must be minimized. As illustrated within figures 2 and 3, timing error
compensation can recover the OFDM burst frame information in the presence of clock
skew, but any clock jitter will quickly degrade the ability of the modem to discern
individual OFDM symbols from the input signal. The 1588 algorithm works by
generating its own internal clock reference and comparing its own absolute time with
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time communicated to it by the 1588 time grandmaster. Differences between the local
clock and the master clock translate into clock adjustments that are applied to the local
clock to zero out the local drift influences. These clock adjustments translate into clock
noise as seen by the OFDM modem and degrade the signal to noise ratio during data
recovery. In order to minimize this effect on the OFDM modem, careful measures need
to be taken to smooth out this jitter as seen by the modem without compromising the
ability of the 1588 clock to smoothly and accurately track drift between itself and the
system master clock. There are many ways this can be accomplished; the diagram below
describes one approach to minimize the 1588 clock noise as seen by the OFDM modem.

Fig 9: 1588 Clock Jitter Attenuation

The 1588 logic within the system generates a 10 MHz clock that is adjusted to smoothly
track the network master clock. This clock is fed into a jitter attenuator which translates
this clock into a differential 120 MHz clock. This clock is then routed back into the
FPGA as a global input clock and re-synthesized using an internal PLL. This new clock is
then output from the FPGA and fed into a second jitter attenuator. The output of the
second jitter attenuator is used to clock the analog to digital converter which provides raw
RF digital data to the FPGA used to implement the OFDM modem. The use of the two
jitter attenuators and the conversion of the original clock into a PLL synthesized clock
allows the system to reduce the 1588-induced jitter to a level sufficient to provide a stable
clock that can be used to synchronize the OFDM modem to the input RF signal.

CONCLUSION
Synchronization of the INET communication link through use of a 1588-derived clock
source allows for the construction of a very general purpose transceiver. The ability to
make use of a globally available clock source which can be used to locally synthesize
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reference signals that control both the TDMA needs and OFDM modem needs to the
iNET transceiver will help to resolve two difficult obstacles to the construction of a
practical system. This paper has presented some the issues regarding the impact of clock
jitter on OFDM signal recovery and the usefulness of applying 1588 clock
synchronization technology to the problem of TDMA and modem synchronization.
REFERENCES
[1] F. Sivrikaya,etl., “Time Synchronization in Sensor Networks: A Survey,” IEEE
Network, July/August 2004
[2] A Paupolis, The Fourier Integral and its Applications, New York; McGraw-Hill,
1962

10

New Results In Unitary Space-Time Code
Construction and Comparison to Upper Bounds
Adam Panagos
Dynetics, Inc
adam.panagos@dynetics.com
Huntsville, AL 35806
Chris Potter and Kurt Kosbar
Telemetry Learning Center
Missouri University of Science and Technology

ABSTRACT
Unitary space-time codes are a coding technique for unknown (i.e. non-coherent) multiple-input
multiple-output (MIMO) channels. The unitary constellation symbol-error rate performance is
determined by the the diversity product and diversity sum metrics of the constellation. Numerous
techniques have been presented over the last few years for constructing unitary space-time codes
with continually improving diversity products and sums. Other work has focused on determining
bounds on the the optimal diversity product and sum for a given number of transmit antennas and
constellation size.
This paper presents a comprehensive survey of known construction techniques and bounds for unitary space-time codes, and also reports a variety of new constellations that have been constructed
with improved diversity product or sum. These new constellations are documented along with a
list of the currently best known codes and bounds. In many cases, a large gap between the bound
and best known constellation exist. This result suggests areas of focus for improved constructions
or tighter bounds.

1 Introduction
Multiple-input multiple-output (MIMO) wireless communication offers a significant improvement
in spectral efficiency over traditional single-input single-output (SISO) wireless links. A significant
1

area of research in the past several years has been in developing joint space-time coding strategies
for MIMO channels to achieve promised theoretical data rates.
Quickly fading channels offer an especially challenging scenario for designing optimal spacetime codes as channel state information is often not known at either the transmitter or receiver
and cannot be learned via training due to rapid channel fluctuations [1, 2]. This lack of channel
information requires non-coherent transmission and reception of data.
Unitary space-time constellations are a coding technique for non-coherent multiple-input multipleoutput (MIMO) fading channels. The unitary space-time constellation of size L, for M transmit
antennas is the set of unitary matrices
V = {V0 , ..., VL−1},

(1)

where ViH Vi = IM ∀i and Vi 6= Vj for i 6= j.
Important design metrics for unitary constellations include the diversity sum,
1
min {||Vi − Vj ||}
δ= √
2 M i,j,i6=j
and diversity product
ζ=

1
1
min {| det(Vi − Vj )| M }
2 i,j,i6=j

(2)

(3)

It has been shown that constellation performance (in terms of asymptotic symbol-error-rate performance) is determined by the diversity sum at low signal-to-noise ratios (SNR), and the diversity
product at large SNR. Since the invention of unitary space-time codes [3] numerous techniques
have been proposed to construct unitary constellations with maximal diversity product or sum.
Unitary space-time codes have also been applied to various telemetry applications [4].
The following section overviews most of the published construction techniques for unitary spacetime codes. Section 3 summarizes bounds on diversity product and sum values for different constellations sizes and number of tranmit antennas. Section 4 presents a variety of new constellations
that have been constructed with the Weak Group Givens construction technique. These new codes
improve upon results originally published in [5]. A conclusion is provided in Section 5.

2 Construction Techniques
Many of the construction techniques presented in the literature focus on parameterizing the space
of unitary matrices, i.e. finding a simple equation that can generate a set of L unitary matrices
based on the parameter vector ~θ. In this section we give a brief summary and reference for known
construction techniques. Some of the techniques were not given a formal name by the original
authors so we have provided a name for them.

2

• Cyclic Codes (CYC) [6] are constructed as
l

ej(2π/L)u1 0
···


..
Vl = 

.
0
0
j(2π/L)uM
0
··· e

(4)

for l = 0 . . . L − 1, where ~θ = {u1 , . . . , uM } with um ∈ {0, . . . , L − 1}.
• Parametric Codes (PAM) [7] are constructed as the product of three 2 × 2 unitary matrices
as
l
l  jk θ
l 
 jθ
e 3L
0
cos(k2 θL ) sin(k2 θL )
e L
0
(5)
Vl =
0
e−jk3 θL
− sin(k2 θL ) cos(k2 θL )
0 ejk1 θL
for l = 0 . . . L − 1, where ~θ = {k1 , k2 , k3 } with k1 , k2 , k3 ∈ {0, . . . , L − 1}and θL = 2π/L.
• Orthogonal Codes (ORTH) for M = 2 transmit antennas are constructed in [8] as


1 x −y ∗
V(x, y) = √
∗
2 y x

(6)

where the constraint |x|2 = |y|2 = 1 is required to ensure a unitary constellation and the
complex points x and y are from underlying constellations such as M-ary PSK.
• Fixed Point Free Group Codes (FPF) are derived in [9] in which the authors classify all finite
sized group constellations for an arbitrary number of antennas (M). As such, these fixedpoint-free codes contain cyclic codes and quaternion codes (QUA) [10] as special cases of
FPF codes. The authors prove that all finite unitary group constellations are one of six FPF
types: Gm,r , Dm,r,l , Em,r , Fm,r,l , Jm,r , and Km,r,l . For example, constellations of type Gm,r
are constructed as



ζ 0 0 ···
0
0 1 0 ··· 0

0 ζ r 0 · · ·

0 

  0 0 1 · · · 0
2
r
. . .

.
···
0 
(7)
Vs,k = 0 0 ζ
  .. .. .. . . . .. 

 .. ..


..
.
.
..
..   0 0 0 · · · 1
. .
.
r n−1
ζt 0 0 · · · 0
0 0 0 ··· ζ
for valid (m, r) with s = 0, . . . , m − 1, k = 0, . . . , n − 1, r0 = gcd(r − 1, m) and t = m/r0 .
• Rotation Codes 1 (ROT1) [11] for an even number of antennas (M) are constructed as
l

ejθL k11 · · ·
0

..  · [R (k θ )]l
..
Vl =  ...
.
M
2 L
. 
θL k1M
0
··· e

3

(8)

~
for l = 0 . . . L−1, where
1M ; k2 } with k11 , . . . , k1M and k2 ∈ {0, . . . , L−1},
 θ = {k11 , . . . , k
cos(θ) sin(θ)
and
θL = 2π/L, R2 (θ) =
− sin(θ) cos(θ)


R2 (θ) · · ·
0

.. 
..
(9)
RM (θ) =  ...
.
. 
0
· · · R2 (θ) M ×M
Another similar class of rotation codes (ROT2) that can be used for an value of M was
developed in [12].
• Weak Group Givens Codes (WGG) [5] are constructed as
Vl = (Gprod )l · Dl
where

(10)




Gprod , G1 (θ1 )G2 (θ2 ) · · · G M (M −1) θ M (M −1) ,
2

2

(11)

for l = 0, . . . , L − 1, where ~θ = {θ1 , . . . , θ M (M −1) , φ1 , . . . , φM }, Gj (θj ) are Givens rotation
2
matrices defined in [13], and D is a diagonal unitary matrix defined as


ejφ1 0 · · ·
0
 0 ejφ2
0 


(12)
D =  ..
.
.
..
.. 
 .

0
0 · · · ejφM
.

The newly found codes reported in section 4 were constructed with this method and optimized using techniques in [14].
• Other Codes
Other techniques for constructing unitary space-time constellations include the geometrical
(GEO) and numerical (NUM) codes of [15, 16], constructions based on Brahut decomposition[17,
18], codes constructed on the Grassmann manifold (GRASS) [19], and “hand-crafted codes”
(HCC) [7] that are constructed with some specific (usually geometric) insight.

3 Bounds
Only a few bounds for the diversity product and diversity sum of a unitary constellation currently
exist. For M = 2, exact values of the optimal diversity product are known for 2 ≤ L ≤ 16 and
exact values for the diversity sum are known for 2 ≤ L ≤ 5 [7].
Bounds for M = 2 were orginally derived in [7]. These bounds were improved and extended to
M = 3 in [20]. Linear programming methods have most recently been used and currently offer the
4

tightest known bounds [21]. A plot of the diversity product and diversity sum bounds for M = 2, 3,
and 4 can be seen in Figures 1 and 2 (as solid lines), along with the corresponding best known codes
(as x’s). These codes are the currently best known codes using any construction technique for the
given value of M and L. More details on these codes can be found at [22]. We note that the
difference between the bounds and best known codes is large in most places. This indicates there
is still much work to be done in either tightening the bounds or finding better constellations.
The best known codes were plotted with a monotonic diversity product or sum enforced. For
example, if the diversity product of the currently best known code for L = 50 was less than the
diversity product for the L = 60 code, the diversity product for the L = 50 code was replaced
with the diversity product value of the L = 60 code. This is reasonable since although no explicit
construction has been found (i.e. what parameters and construction technique generate the L = 50
constellation), it can easily be generated by constructing the L = 60 constellation and removing
any ten matrices to obtain an L = 50 constellation.

4 New Constellations
Many of the best known constellations originally published in [5] have continued to improve. Table 1 shows the best known diversity product codes for M = 2, . . . , 6 and L = 2N . Constellations
that are a power of 2 are of particular intrest for digital commuications and telemetry systems as
optimal techniques for assigning bits to the unitary constellation have been developed [23]. Italicized lines in the table indicate an improvement since initial results in [5]. As seen in the table,
most of the best known constellations have been constructed with the WGG technique. Similar
results can be seen in Figure 2.

5 Conclusion
This paper has provided a thorough review of construction techniques for unitary space-time constellations. Recent bounds calculated with linear programming techniques were plotted and compared to the currently best known codes. This comparison showed large gaps between the bounds
and current construction techniques, indicating a need for further work on bounds and/or construction techniques. Finally, since constellations that are a power of 2 are of particular interest, best
known codes (including many that have recently been found) were tabulated in Tables 1 and 2.
These tables also show the superior performance of the Weak Group Givens (WGG) construction
technique as the best known codes are almost exclusively constructed with it.

6 Acknowledgments
A special thanks to Jean Creignou for providing data from his recent work [21] on diversity product
and diversity sum bounds.
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Table 1: Best 2N Diversity Product Constellations
M
2

3

4

5

6

L
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128

Diversity Product
0.707
0.595
0.449
0.354
0.289
0.707
0.605
0.532
0.425
0.351
0.722
0.645
0.595
0.480
0.363
0.710
0.614
0.555
0.446
0.378
0.715
0.622
0.565
0.507
0.395

Construction Technique
WGG, PAM, QUA, GEOM, ROT1
WGG, PAM, GEOM, ROT1
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG, ROT2
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
WGG
ROT2
WGG
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Table 2: Best 2N Diversity Sum Constellations
M
2

3

4

5

6

L
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128
8
16
32
64
128

Diversity Sum Construction Technique
0.756
HCC
0.707
WGG, PAM, GEOM
0.573
NUM
0.488
WGG
0.407
WGG
0.750
WGG
0.726
WGG
0.707
WGG
0.621
WGG
0.558
WGG
0.752
WGG
0.727
WGG
0.712
WGG
0.707
WGG,ROT2
0.616
WGG
0.753
WGG
0.724
WGG
0.707
WGG
0.707
WGG
0.6383
WGG
0.752
WGG
0.721
WGG
0.707
WGG. ROT2
0.707
WGG
0.653
WGG
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MIMO Channel Prediction Using
Recurrent Neural Networks
Chris Potter and Kurt Kosbar
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Huntsville, AL
ABSTRACT
Adaptive modulation is a communication technique capable of maximizing throughput while
guaranteeing a fixed symbol error rate (SER). However, this technique requires instantaneous
channel state information at the transmitter. This can be obtained by predicting channel states
at the receiver and feeding them back to the trasnmitter. Existing algorithms used to predict
single-input single-output (SISO) channels with recurrent neural networks (RNN) are extended
to multiple-input multiple-output (MIMO) channels for use with adaptive modulation and their
performance is demonstrated in several examples.
KEY WORDS
Multiple-input multiple-output (MIMO), Channel prediction, Recurrent neural networks, Online
training, Adaptive modulation , Flat fading

1 Introduction
Multiple-input multiple-output (MIMO) wireless communication systems have recently received
a considerable amount of attention [1, 2]. There have been numerous papers which report promising gains in capacity and diversity [3]. These results all stem from the assumption that the
receiver and/or transmitter have perfect knowledge of the channel. In a typical telemetry application this is not the case and the receiver must settle for an estimate of the channel. Example
channel estimation techniques include sending pilot symbols in bursts [4], periodically, [5], or in
space time block codes [6].
Accurate channel estimation is often crucial for satisfactory decoding performance at the receiver. Additional performance improvements can be obtained using adaptive modulation techniques if channel state information (CSI) is available at the transmitter. If full CSI is available,
the water-filling algorithm can be applied to achieve capacity [1] or pre-coding can be performed
on transmitted symbols to achieve a better symbol error rate (SER) [7] . With partial CSI, the
1

transmitter can adapt the modulation scheme to maximize spectral efficiency given a minimum
SER specification [8].
A feedback link between the receiver and transmitter is commonly used to obtain CSI at the
transmitter. When a channel undergoes fast fading (for example, from doppler shifts due to
transmitter/receiver motion), CSI may become outdated quickly, prohibiting the transmitter from
adapting correctly. Performance can be improved in this case by sending back a prediction of the
CSI. Since the doppler shift is significantly lower than the carrier frequency, channel estimation
can be performed at baseband to accomodate a low sampling rate. This allows the incorporation
of more stochastic memory into the CSI prediction [9].
Previous works have used linear prediction techniques to predict CSI. This method assumes
the channel can be represented as a linear combination of past channel estimates. In many
telemetry applications, however, the received signal is corrupted by non-linear effects such as
distortion from non-uniform scattering. Phenomenon such as this makes non-linear prediction
techniques desirable. One candidate solution to the non-linear prediction problem is to employ
neural networks which contain non-linear activation functions. This was originally done in [10]
for multi-layer perceptron (MLP) neural networks. This work was then extended to recurrent
neural networks (RNN) which are analogous to time-varying infinite impulse response (IIR) filters for channel prediction [11]. All of these approaches are valid for single-input single-output
(SISO) systems. The contribution of this work is to extend these prediction results to the MIMO
case. During this process a correction to the Jacobian in [12] for the Extended Kalman Filter
(EKF) algorithm is obtained.
The next section describes the input-output MIMO signal model. Section 3 provides the channel
estimate/prediction model. The RNN used for channel estimation and the RNN weight update
equations are provided in Sections 4 and 5 respectively. Finally, MIMO channel prediction results
using the proposed RNN are presented, followed by a conclusion summarizing the work.

2 Input-Output Description
A MIMO wireless baseband flat fading communication system with Nr receive antennas and Nt
transmit antennas is modeled by
r(k) = H(k)s(k) + n(k),
where r is the Nr × 1 received vector, s is the Nt × 1 transmitted symbol vector with each
si belonging to constellation C with symbol energy Es , and n is the white noise vector of size
iid
Nr × 1 with ni ∼ CN (0, No ). The Nr × Nt channel matrix H(k) = {hmn (k)} describes the
complex channel gain between the mth receive antenna and the nth transmit antenna as
H(k) = f (G(k)),
where f : CNr −→ CNr is a mapping defined by
½
a
for distortionless systems
fj (a) =
tanh(a)
otherwise

(1)

(2)

and gmn (k) are assumed to be frequency flat fading sub-channels with temporal correlation modeled by Jakes [13]. Specifically, each sub-channel autocorrelation function satisfies
Rgmn gmn (τ ) = J0 (2πfd Ts ),
2

(3)

~
H (i )

r1 (k )

~
H (i − 1)

•
•
~
H (i − N p + 1)

rN r (k )

Predictor

r (k )

CSI Estimator

Parallel / Serial

•
•
•

z −1

Hˆ (i + N s )

z −1
~
H (i − N p )

Figure 1: Block diagram of MIMO channel predictor.
where fd is the doppler frequency and Ts is the symbol period. The non-linear hyperbolic tangent
function in (2) was chosen to generalize the uniform scattering behavior of Jakes’ model.

3

Prediction Model

Accurate prediction of future CSI requires knowledge of previous channel statistics. For simplicity, the estimate obtained at discrete time i , Ne k is modeled as
f = H(i) + E(i),
e
H(i)

(4)

iid

2
where emn (k) ∼ CN (0, σE
) describes the estimation error of (m, n)th sub-channel. Observing
the block diagram in Figure 1, the Np most recent estimates are used for the Ns step prediction
c + Ns ) . Since Jakes’ model assumes the channel is bandlimited to fd Hz, to allow the
H(i
predictor to accurately measure the temporal correlation the receiver must avoid spectral aliasing
by performing channel estimation at least every 2f1d seconds.

4

Recurrent Neural Networks

The RNN with n input neurons, m hidden neurons, and r output neurons shown in Figure 2 was
used for non-linear MIMO channel prediction. All outputs of the hidden layers are fed back to
the input layer. The activation functions are described by the mapping Φ : Cm −→ Cm with real
and imaginary components defined by
Φ = φ + jφ = tanh(·) + jtanh(·).
Let h(n) = vec(H(n)) where vec(·) is a Nr Nt ×1 vector obtained by stacking the columns of H
from left to right. Using the equivalent state space representation model in [14] the input-output
relationship can be extended to MIMO systems by
y(k + 1) = Cx(k + 1)
x(k + 1) = Φ(W x (k)x(k) + W u (k)u(k)),
3

(5)

where C is a r × m real valued matrix and W x and W u are complex valued neural network
weight matrices of size q × q and q × n respectively. Letting W (k) = [W x (k) W u (k)] and
z(k) = [x(k) u(k)]T the real (I) and imaginary (Q) components of the state vector are
µ
¶
µ
¶
I
Q
I
Q
I
Q
Q
I
x(k + 1) = φ W (k)z (k) − W (k)z (k) + jφ W (k)z (k) + W (k)z (k) ,
which is the desired form for deriving the RNN weight updates.

5 MIMO RNN Weight Updates
For accurate channel prediction, the neural network weights should minimize an appropriate cost
function. The squared error between the neural network prediction and the most recent channel
estimate is proposed as
1
J(k) = eH (k + 1)e(k + 1),
(6)
2
where
e
e(k + 1) , h(k)
− Cx(k + 1).
(7)
Although this is not the actual prediction error, it provides a realistic way of measuring the
performance, as opposed to [11] which uses the actual channel in (7). The real time recurrent
learning (RTRL) and Extended Kalman Filter (EKF) algorithms are considered for training the
RNN weights. The RTRL seeks to minimize the instantaneous value of (6) whereas the EKF
minimizes the expected value of (6).
Let wi be the ith column of W T . The weight updates for the RTRL algorithm are [12, 14]
¸
· II
Λi (k) + jΛIQ
I
T
Q
T
i (k)
∆wi (k + 1) = γg [(e (k)) C (e (k)) C]
+ γm wi (k)
QQ
ΛQI
i (k) + jΛi (k)
wi (k + 1) = ∆wi (k + 1) + wi (k),
where γg is the learning gain, γm is the momentum gain, and ΛAB satisfies the following recursion
· II
¸
·
¸·
¸ · II
¸
Λi (k + 1) ΛIQ
φ 0
W Ix (k) −W Q
Λi (k) ΛIQ
x (k)
i (k + 1)
i (k)
=
QQ
QQ
0 φ
WQ
W Ix (k)
ΛQI
ΛQI
x (k)
i (k + 1) Λi (k + 1)
i (k) Λi (k)
· I
¸
Z i (k) −Z Q
i (k)
+
ZQ
Z Ii (k)
i (k)
with the initialization

·

ΛII
ΛIQ
i (k + 1)
i (k + 1)
QQ
ΛQI
(k
+
1)
Λ
i
i (k + 1)

¸
= 0.

Before the weight updates for the EKF are given, the complex Jacobian in [12] is corrected to
∂(x(k + 1))
∂(x(k + 1))
+j
I
∂(w (k))
∂(wQ (k))
µ
¶
QQ
QI
IQ
II
= Λi (k) − Λi (k) + j Λi (k) + Λi (k) .

Λ(k + 1) =

4

z−1

•
•

z−1
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+

y1 ( k + 1)

x1(k+1)
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xm(k)

•
•

+

u1 (k )

xm(k+1)

yr ( k + 1)

•
•

C

u n (k )

W
Figure 2: State space representation of a recurrent neural network.
This is applied to the EKF weight updates
Γ(k)
K(k)
wi (k + 1)
P (k + 1)

=
=
=
=

[Λ(k)P (k)ΛH (k) + R(k)]−1
P (k)ΛH (k)Γ(k)
wi (k) + K(k)e(k)
P (k) − K(k)Λ(k)P (k) + Q(k)

with the following initializations
R(0) = µ−1 (I + jI)
Q(0) = ρ(I + jI)
P (0) = ²−1 (I + jI).
A contribution of this work is the ability to predict all Nr Nt sub-channels simultaneously by
letting
b + 1)
y(k + 1) = h(k
h
e
e − 1) · · ·
u(k) =
h(k)
h(k

e − Np )
h(k

iT

.

This is more computationally attractive than predicting each sub-channel independently with a
separate RNN.

6 Prediction Results
This section presents numerical examples to compare the tracking capability of the EKF and
RTRL algorithms. Parameters held constant are given in Table 1. These parameters would be
typical of a telemetry link between a moving aircraft and stationary base station whose line of
5

sight was obstructed. Consider first a one step predictor corresponding to Ns = 1. The MSE of
the EKF and RTRL algorithms is shown in Figure 3. The EKF outperforms the RTRL algorithm
and reaches an average MSE that is two orders of magnitude smaller. The comparison between
the actual channel coefficients and their predictions for each MIMO sub-channel are shown in
Figures 4-7. These plots verify the EKF predictions match the actual channel much better than
the RTRL predictions.
Next, the two training algorithms are compared in a multi-step prediction scenario by letting
Ns = 10. Once again the EKF performance is superior to the RTRL as seen in Figure 8. For
simplicity only the real part of the sub-channel corresponding to the first transmit and receive
antennas is displayed in Figures 9 and 10 to show how well the 10-step EKF predictor performs
compared to the 10-step RTRL predictor.
An example comparing the EKF neural network predictor to a linear predictor using the LevinsonDurbin recursion is considered next. The fixed parameters are given in Table 2. In addition to
the non-linear distortion present and time varying doppler frequency, bursts of white noise with
a variance of 0.1 are present. Bursts of this nature could be used to model interference from
sources such as radar transmitters. The MSE comparison in Figure 11 indicates that the EKF
predictor slightly outperforms the L-D approach. The real and imaginary components of the
sub-channel corresponding to the first transmit and receive antennas are displayed in Figure 12.
Unlike the linear predictor, the EKF neural network predictor is able to explore the non-linear
correlations present in the channel.

7 Conclusion
Existing SISO prediction algorithms were extended to the MIMO case for the EKF and RTRL
algorithms. This method is computationally attractive as it requires a single RNN instead of an
RNN for each MIMO sub-channel. Examples presented show the EKF algorithm outperformed
the RTRL algorithm in both single and multi step prediction. When channel non-linearities
are present, the neural network predictor using the EKF algorithm outperformed the LevinsonDurbin linear predictor.
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Table 1: Parameters Values for channel tracking example
Parameter
fj (a)
Nr
Nt
Np
Ne
σe2
fd
Ts
Th
µ
ρ
²
γg
γm

Value
a
2
2
5
1
.001
500 Hz
10 msec
1
.1
.1
10
.001
.3

Description
No Distortion
Receive Antennas
Transmit Antennas
Previous Channel Estimates
Samples Between Estimation
Estimation Error
Doppler Frequency
Symbol Period
Prediction step
EKF measurement noise parameter
EKF process noise parameter
EKF error covariance parameter
RTRL learning gain
RTRL momentum gain

0

10

−1

MSE

10

−2

10

−3

10

EKF
RTRL

−4

10

0

1000

2000
3000
k (Samples)

4000

5000

Figure 3: Mean squared error between EKF and RTRL algorithms when Ns = 1.
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4000
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k (Samples)

−0.5
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0.5
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4500
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4500
k (Samples)

5000

4500
k (Samples)

5000

0
−0.5
−1
4000

5000

Actual
Prediction

0

−1
4000

5000

m = 2, n = 2
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Figure 4: Real component of MIMO channel coefficients using EKF algorithm when Ns = 1.

Figure 5: Imaginary component of MIMO channel coefficients using EKF algorithm when
Ns = 1.
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Figure 6: Real component of MIMO channel coefficients using RTRL algorithm when Ns = 1.

Figure 7: Imaginary component of MIMO channel coefficients using RTRL algorithm when
Ns = 1.
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Table 2: Parameters Values for non-linear channel example
Parameter
fj (a)
Nr
Nt
Np
Ne
σe2
Ts
µ
ρ
²

Value
tanh(a)
2
2
5
1
.001
10 msec
.1
.1
10

Description
Non-linear Distortion
Receive Antennas
Transmit Antennas
Previous Channel Estimates
Samples Between Estimation
Estimation Error
Symbol Period
EKF measurement noise parameter
EKF process noise parameter
EKF error covariance parameter

0

10

−1

MSE

10

−2

10

EKF
RTRL

−3

10

0

1000

2000
3000
k (Samples)

4000

5000

Figure 8: Mean squared error between EKF and RTRL algorithm when Ns = 10.
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Figure 9: Real and imaginary component of a MIMO sub-channel using EKF algorithm when
Ns = 10.
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Figure 10: Real and imaginary component of a MIMO sub-channel using RTRL algorithm when
Ns = 10.
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ABSTRACT
Although multiple-input multiple-output (MIMO) systems have become increasingly popular,
the existence of real time results to compare with those predicted by theory is still surprisingly
limited. In this work the hardware description of a MIMO wireless communication system using
orthogonal space time block codes (OSTBC) is discussed for two antennas at both the transmitter
and receiver. A numerical example for a frequency flat time correlated channel is given to show
the impact of channel estimation.
KEY WORDS
Multiple-input multiple-output (MIMO), Orthogonal Space Time Block Codes (OSTBC), Blind
Detection, Throughput, Rayleigh Fading , Flat Fading

1 Introduction
Multiple-input multiple-output wireless systems have shown increases in ergodic capacity [1, 2].
The problem with achieving capacity is the requirement of infinitely long Gaussian symbols[3].
An alternative method of symbol coding is orthogonal space-time block codes (OSTBC) [4],
which exploit diversity by adding redundancy in the time dimension. These codes are practical
due to their reasonably small block lengths.
The implementation of MIMO systems up to this point has been done primarily in software such
as MATLAB or C++. The channel models simulated in software may not match the behavior of
a real-time system. In this work an outline of the hardware implementation of a MIMO system
employing STBC is presented.

2 Received Model
A MIMO wireless baseband flat fading communication system with Nr receive antennas and Nt
transmit antennas at discrete time k is modeled by
1

y(k) = H(k)x(k) + n(k),
where y is the Nr × 1 received vector, x is the Nt × 1 transmitted symbol vector with each
xi belonging to constellation C with symbol energy Es , and n is the white noise vector of size
iid
Nr × 1 with ni ∼ CN (0, No ). The Nr × Nt channel matrix H(k) = {hrt (k)} describes the
complex channel gain between the rth receive antenna and the tth transmit antenna.

3

Orthogonal Space-Time Block Codes

For the sake of this discussion, only Nt = Nr = 2 will be considered. Let
·
¸
x1 (m) −x?2 (m)
X(m) =
x2 (m) x?1 (m)
be the transmit OSTBC matrix where m , 2k is the block period. The orthogonality of these
codes stems from
X(m)H X(m) = X(m)X H (m) = ||X(m)||2F I Nt ,

(1)

where || · ||F is the Frobenius norm. The receiver exploits this property for channel estimation
and symbol decoding .

3.1

Channel Estimation

The transmitter sends pilot symbols for x1 (m) and x2 (m). Assuming the channel varies negligibly over two consecutive symbol periods the received symbol block is
Y (m) = H(m)X(m) + N (m),
where

·
N (m) =

n1 (k) n1 (k − 1)
n2 (k) n2 (k − 1)

¸
.

The estimate is formed by [5]
X H (m)
f (m),
c
= H(m) + N
H(m)
= Y (m)
||X(m)||2F
f (m) =
where N
mate.

3.2

N (m)X H (m)
.
||X(m)||2F

Subsequent data symbols are decoded using the most recent esti-

Decoding

The receiver gathers y(m) according to [5]



b


h11 (m) b
h12 (m)
n1 (k − 1)
y(k − 1)

b
b

h
(m)
h
(m)


22
 n2 (k? − 1)
x(m)
+
y(m) =  y ? (k)  =  b 21

?
?
 n1 (k)
 h12 (m) −b
h11 (m) 
n?2 (k)
b
h?21 (m)
h?22 (m) −b
c ef f (m)x(m) + n(m).
= H
2
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Figure 1: MIMO Transmitter Hardware for Nt = 2.
H c
2
c
c
Noting that H(m)
ef f H(m)ef f = ||H(m)||F I Nt , the decoupled received symbol vector is
2
c ef f (m)H y(m) = ||H(m)||
c
e (m),
z(m) = H
F x(m) + n

c ef f (m)H n(m). The minimum distance decision is
e (m) = H
where n
2
2
c
x
bi (m) = arg min ||zi (m) − ||H(m)||
F xi || i = 1, 2.
xi ∈C

4

MIMO Transmitter Block Diagram

The block diagram for the MIMO transmitter is illustrated in Figure 1. The bit-stream is fed
into the both FPGA chips for OSTBC construction, digital modulation and pulse shaping. Next,
they are converted to analog, passed through an anti-aliasing filter, up-converted to the carrier
frequency, and launched into the wireless environment.

5 MIMO Receiver Block Diagram
A block diagram describing the MIMO receiver is displayed in Figure 2. The received RF signal
is passed through a image rejection filter, down converted to the intermediate frequency, and low
pass filtered to prevent amplifier clipping due to high-frequency energy. From here the signal is
digitized, transferred to a high rate disk drive, and sent to a baseband MIMO OSTBC receiver
implemented in MATLAB.

6 Numerical Example
To give some insight into the performance capability of the MIMO OSTBC system an example
is given. The channel is assumed to be frequency flat with time correlation according to Jakes
model [6]. The autocorrelation function of each sub-channel satisfies
Rhmn hmn (τ ) = J0 (2πfd Ts ),
3

x

IF Filter/Amp

ADC
(MATLAB)

L.O.

RF Filter

x

IF Filter/Amp

ADC

Baseband MIMO Receiver

RF Filter

Figure 2: MIMO Receiver Block Diagram for Nr = 2.
where fd is the doppler frequency and Ts is the symbol period. The parameters held constant
are displayed in Table 1. The SER for fd Ts = .0005, .005, and .1 are respectively plotted in
Figures 3,4, and 5. Three different operating modes at the receiver are considered: full channel
knowledge, estimation every 2 blocks, and estimation every four blocks. As fd Ts is increased, the
performance deteriorates more significantly when the receiver waits longer to estimate, resulting
in a tradeoff between throughput and SER.

7

Conclusion

A hardware implementation of a 2×2 MIMO OSTBC system using BPSK was presented. The
transmitter hardware and receiver block diagram were analyzed. A numerical example was given
to investigate the relationship between throughput and reliability. The SER was shown to deteriorate when the receiver prolongs channel estimation in favor of decoding. This behavior became
more relevant when the normalized doppler frequency was increased.
Table 1: Parameters Values for numerical example
Parameter Value
Nr
2
Nt
2
Es
1
M
2
Ns
1e5

Description
Receive Antennas
Transmit Antennas
Energy per Symbol
Constellation size (BPSK)
Number of symbols

4

0

10

RX knows Channel
Channel Estimation every 2 blocks
Channel Estimation every 4 blocks

−1

10

−2

SER

10

−3

10

−4

10

−5

10

0

2

4

6

8

10

SNR (Es/No)

Figure 3: SER for a 2x2 MIMO system when fd Ts = 0.0005.
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Figure 4: SER for a 2x2 MIMO system when fd Ts = 0.05.
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Figure 5: SER for a 2x2 MIMO system when fd Ts = 0.1.
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ABSTRACT
This paper investigates the application of iterative equalization techniques to overcome multipath
fading for shaped offset QPSK (SOQPSK) in aeronautical telemetry. Two iterative equalization
techniques for turbo encoded SOQPSK are presented. The first is the optimal-MAP turbo equalizer for OQPSK. The second equalizer is the adpative decision feedback equalizer. Simulation
shows that in the presence of frequency selective multipath typically encountered in aeronautical
telemetry, both of these equalizers exhibit impressive performance.

KEY WORDS
Multipath Fading, Iterative Equalization, SOQPSK

INTRODUCTION
The data rates required in aeronautical telemetry have increased dramatically from 100 kbits/sec
in the early 1970s to 10-20 Mbits/sec today. The consequence of this trend is the multipath interference encountered in aeronautical telemetry has become frequency selective. The data links
used in aeronautical telemetry are subject to multipath interference in the form of strong “ground
bounces” (especially at low elevation angles) and reflections off irregular terrain [1][2]. At low
data rates, such as 100 kbits/sec, the multipath interference appears as flat fading across the signal
bandwidth. At high data rates, the signal bandwidth is much wider and the multipath interference
is characterized by deep spectral nulls. The frequency selective nature of the multipath interference
disrupts the data link and is the main cause of data loss in aeronautical telemetry.

Equalization is a well-known multipath mitigation technique [3]. Motivated by the impressive
gains of turbo coding, turbo equalization has also been investigated. The concept of turbo equalization was first proposed by Douillard et. al. [4], and further developed in [5, 6, 7, 8] where it
was shown that turbo equalization yields greater improvement than separate equalization and decoding. The optimal iterative equalizer is based on a maximum a posteriori (MAP) estimate of the
channel state and is aided by iterating with a soft-output decoder (e.g., SOVA with convolutional
codes or MAP with turbo codes). The complexity of the channel iterative MAP equalizer can be
prohibitive in some applications. Consequently, suboptimum approaches such as linear equalizers and decision feedback equalizers have been incorporated into an iterative processing structure
[6, 7, 8]. Douillard’s work on turbo equalization focused on a turbo-equalizer/convolutional-code
combination [4]. Subsequent work (cf., [5]) explored the performance of a turbo-equalizer/turbocode combination. This latter combination outperforms the former combination.
This paper explores the application of iterative equalization technique to shaped offset QPSK (SOQPSK) which is defined in aeronautical telemetry standard IRIG-106 [9]. We demonstrate that the
MAP equalizer designed for unshaped OQPSK, is also capable of achieving impressive gains for
SOQPSK in the presence of frequency multipath typically encountered in aeronautical telemetry.
An adaptive decision feedback equalizer, suitable for use with SOQPSK in an iterative processing
loop, is developed. It is shown that this equalizer is capable of achieving performance close to that
of the MAP equalizer.
This paper is organized as follows: the SOQPSK modulation and the system model are described
in Section II and Section III, respectively. The MAP turbo equalizer and the iterative decision
feedback equalizer are presented in Section IV. In Section IV, the bit error rate performance of
these equalizers for SOQPSK in the presence of multipath interference typical of that encountered
in aeronautical telemetry is summarized and the conclusions are drawn in Section V.

SOQPSK-TG
Shaped offset QPSK (SOQPSK) is a ternary CPM modulation whose modulation index is h =
1/2. Using complex baseband notation, the SOQPSK waveform may be represented as
s(t) = exp {jφ(t)}
X
φ(t) = π
αn g(t − nTb )

(1)
(2)

n

where αn ∈ {−1, 0, +1} is the n-th ternary symbol, Tb is the bit time, and g(t) is a phase pulse that
is the time integral of a frequency pulse p(t) with area 1/2. The frequency pulse for SOQPSK-TG

is a spectral raised cosine pulse that is been windowed by a temporal raised-cosine. The phase and
frequency pulses for SOQPSK-TG are given by [10]
Z t
g(t) =
p(x)dx
(3)
−∞




πρBt
πBt
cos
sin
2Tb
2Tb
p(t) = A
× wn (t)
(4)

2 ×
πBt
ρBt
1−4
2Tb
2Tb
where the window is given by (5) and the constant A is chosen to make the area of p(t) 1/2. The
waveform is completely specified by the parameters ρ, B, T1 , and T2 .

t


1
0≤
≤ T1



2Tb





π
t
t
T1 ≤
wn (t) = 12 + 12 cos
− T1
≤ T1 + T2
(5)

T2 2Tb
2Tb



t


T1 + T2 <
0
2Tb

For SOQPSK-TG the values are ρ = 0.7, B = 1.25,T1 = 1.5, and T2 = 0.5. The frequency pulse
has support on the interval −2 ≤ t/2Tb ≤ 2 and thus spans 8 bit times. The mapping from binary
input bits cn ∈ {−1, 1} to ternary symbols αn ∈ {−1, 0, 1} is given by [11]
αn = (−1)n+1

cn−1 (cn − cn−2 )
.
2

(6)

The name “shaped offset QPSK” follows from the observation that each ternary symbol causes the
carrier phase either advance by ±π/2 radians or to remain at its current value. When viewed on
an I-Q plot, the carrier phase appears to migrate from quadrant to quadrant along the unit circle.
By contrast, the carrier phase of (unshaped) offset QPSK migrates from quadrant to quadrant
instantaneously. Since the phase pulse “shapes” the phase trajectory of the carrier from what it
would be for unshaped OQPSK, the waveform has an interpretation as a “shaped” OQPSK.

SYSTEM MODEL
The system is illustrated in Figure 1 where single lines are used to denote purely real or purely
imaginary signals and double lines are used to represent complex-valued signals. The data source
produces binary i.i.d. information bits {ai } which are turbo-encoded to produce coded bits bn . The
coded bits are interleaved to form the bit sequence cn The interleaved coded bits form the input to

data
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turbo
encoder

bn
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Π

SOQPSK
mod

channel
h(t)

sample at 1 sample/bit
alternate real/imaginary
, z I ( 2mTb ) , jzQ ( ( 2m + 1) Tb ) , z I ( 2 ( m + 1) Tb ) ,

turbo
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Π

r (t )
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−

s (t )

only for MAP

carrier
phase
PLL

Figure 1: Block diagram of a generic iterative equalization system for SOQPSK.
an SOQPSK modulator.
The SOQPSK waveform (2) experiences multipath propagation that is modeled as an LTI system
with impulse response h(t). The received signal is
r(t) = s(t) ∗ h(t) + w(t)

(7)

where ∗ is the convolution operation and w(t) is the additive noise that is modeled as a complexvalued Gaussian random process with zero mean and power spectral density N0 W/Hz.
After rotation by the carrier phase synchronizer, the received waveform r(t) is filtered by a detection filter with impulse response g(t), and sampled at Tb -spaced intervals to form the sequence
z(nTb ) = zI (nTb ) + jzQ (nTb ). The real part of z(nTb ) for even n and the imaginary part of z(nTb )
for odd n are retained and used for equalization, detection, decoding.1 For this reason it will be
convenient to represent the sampled matched filter outputs using even and odd indexes on the bit
time as follows:
. . . , z(2mTb ), z((2m + 1)Tb ), z(2(m + 1)Tb ), . . .
The sequence
. . . , zI (2mTb ), jzQ ((2m + 1)Tb ), zI ((2(m + 1))Tb ), . . .
forms the input to the iterative equalizer. The iterative equalizer attempts to mitigate the multipath
interference using the sampled matched filter outputs and the extrinsic information supplied by the
1

The discarded matched filter outputs — the imaginary part of z(nTb ) for even n and the real part of z(nTb ) for
odd n — are used by the phase error detector in a carrier phase PLL and by the timing error detector in a symbol
timing PLL.

turbo decoder. The soft outputs from the equalizer are deinterleaved and processed by the turbo
decoder to produce the extrinsic information.
ITERATIVE EQUALIZATION FOR SOQPSK
Two iterative equalizers are explored here: the MAP equalizer and the adaptive decision feedback equalizer.
A. MAP Equalizer
The MAP equlizer is well known [12] and its form for (unshaped) OQPSK is fully described in
[13]. The structure of the MAP equalizer combined with turbo encoder is illustrated in Figure 2.
In this figure, the superscript E denotes the LLRs which are associated to the equalizer, whereas
the superscript D reprents the turbo decoder’s LLRs. The MAP equalizer computes the LLRs for
the interleaved encoded bits LE (cn ) [14]. The extrinsic information for the interleaved coded bits,
LE
e (cn ), is computed as shown and deinterleaved to form the extrinsic information for the coded
bits LE
e (bn ). These values are used to compute the inputs for the turbo decoder b̃n using [5]


 E
2
E Le (bn )
1 E

(8)
b̃n =  h n
oi2 −  Le (bn ) .
2
E (b )}
2 E LE
(b
)
sgn
{L
n
n
e

where LE (bn ) is the LLR for bn that is obtained by deinterleaving the MAP equalizer outputs
LE (cn ). The turbo decoder generates the LLRs for the encoded bits, LD (bn ). The extrinsic information for bn , LD
e (bn ), is computed as shown and interleaved to form the a priori estimates for the
interleaved coded bits, LE
a (cn ), that is used as the input for the MAP equalizer for the next iteration.

The MAP turbo equalizer achieves the optimum performance, but the complexity grows exponentially with the ISI terms. Complexity can be reduced by using a suboptimum, reduced-complexity
equalizer, such as an adaptive decision feedback equalizer, in place of the MAP equalizer as shown
in the next subsection.
B. Iterative Decision Feedback Equalizer
The iterative equalizer using decision feedback for SOQPSK consists of two adaptive filters and a
decision device arranged as shown in Figure 3. The first adaptive filter is an FIR feed-forward filter
(n)
with LFF (possibly complex) coefficients at time step n wFF (k) for k = −(LFF − 1)/2, . . . , (LFF −
1)/2. The output of the feed-forward filter, z0 (n) is
LFF −1
2

z0 (n) =

X

L −1
l=− FF2

(n)

wFF (l)z(n − l)

(9)
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Figure 2: Block diagram of the MAP turbo equalizer.
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Figure 3: Block diagram of the proposed iterative decision feedback equalizer.

where z(n) is a placeholder for the alternating sequence of real and imaginary components of the
sampled matched filter outputs described in the previous section. Due to the offset nature of the
modulation, only the real part of z0 (n) need be considered for even n and the imaginary part of
z0 (n) for odd n. In recognition of this property, define z1 (n) as

Re {z (n)} n even
0
z1 (n) =
.
(10)
jIm {z0 (n)} n odd

This output is combined with z2 (n), the output of the length LFB feedback filter with coefficients
(n)
at time step n wFB (l) for l = 0, 1, . . . , LFB − 1. The sum ẑ(n) = z1 (n) + z2 (n) forms the soft
output of the equalizer. The output of the feedback filter may be expressed as
z2 (n) =

LX
FB −1

(n)

wFB (l)d(n − l)

(11)

where d(n) is the input to the feedback filter given by

d (n) 0-th iteration
0
d(n) =
d1 (n) otherwise

(12)

l=0

Before the first iteration, the input to the decision feedback filter d0 (n) is based on the decision.
Due to the offset nature of the modulation, symbol decisions are based on ẑ(n) using



sgn Re {ẑ(n)}
n even


d0 (n) =
.
(13)
jsgn Im {ẑ(n)}
n odd

For subsequent iterations, d0 (n) is


Re {ẑ(n)}
d0 (n) =
jIm {ẑ(n)}

n even
n odd

.

(14)

From the first iteration on, the input to the decision feedback filter is d1 (n) which is the mean
symbol estimate of original symbol transmitted through the channel. The input to the turbo decoder
is the sequence soft coded bit decisions denoted b˜n . The soft coded bit decisions are obtained
from the soft interleaved coded bit decisions c̃n by deinterleaving. The soft interleaved coded bit
decisions are derived from d0 (n) using

d (n)
n even
0
c̃n =
.
(15)
Im {d0 (n)} n odd

The LLR output of the MAP decoder, LD (bn ), is used to compute the extrinsic information LD
e (bn )
E
as shown. The LD
e (bn ) are interleaved to form the La (cn ), the a priori probability estimates of the
cn . These estimates are used to compute an equivalent mean symbol estimate using

 E

L
(c
)

n
a

n even
tanh

 2E
d1 (n) =
.
(16)
La (cn )


n odd
j tanh
2
The update of both the feedforward and feedback filter coefficients is realized using the adaptive
LMS algorithm [15]:
 (n+1)
  (n)



wFF (− LFF2−1 )
wFF (− LFF2−1 )
z ∗ (n + LFF2−1 )
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∗
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(17)

where µ is the adjustable step size that controls the rate of convergence and coefficients error
variance and e(n) is the error based on the difference between the soft equalizer output ẑ(n) and
the decision d(n):

e(n) =


d(n) − Re {ẑ(n)}

d(n) − jIm {ẑ(n)}

n even
n odd

.

(18)

PERFORMANCE AND RESULTS
The performance of SOQPSK-TG using the MAP equalizer and the iterative decision feedback
equalizer were simulated in the presence of multipath interference typical of that encountered in
aeronautical telemetry [1]. The multipath interference can be modeled as an linear system with
impulse response
h(t) = δ(t) + Γ1 δ(t − τ1 ) + Γ2 δ(t − τ2 ).
(19)
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Figure 4: Performance of uncoded SOQPSK-TG over the channel 20 without equalization.
The first multipath component with complex amplitude Γ1 and delay τ1 is a result of a strong
“ground bounce” off the dry lake beds typical of test ranges in the Western USA. These parameters
are a function of the system geometry (i.e. the relative locations of the airborne transmitter and the
receiver ground station). |Γ1 | can be as large as 0.7 or 0.8 and the delay is typically in the 40−80 ns
range. At 20 M bits/sec, this delay is on the order of one bit time. The second multipath component
with amplitude Γ2 and delay τ2 is due to reflections from irregular terrain. As a consequence, the
multipath component is much more random with |Γ2 | on the order of 0.01 and τ2 on the order of a
few hundred ns. In the simulations that follow, the channel impulse response is
h(t) = δ(t) + |Γ1 |ejπ δ(t − Tb ).

(20)

The phase of Γ1 was set to π to position the spectral null due to the multipath in the center of the
spectrum to generate the worst-case scenario for this channel. |Γ1 | was set to 0.3, 0.5 and 0.7 to
monitor equalizer performance as a function of the relative strength of the multipath interference.
In the simulation, the turbo code was a rate-1/3 code with two identical recursive systematic encoders with generator polynomials, expressed in octal, (15, 17). The encoders were separated by a
√
S-random interleaver [16] where the interleaver block size was Kc = 2048 and S = 0.5 0.5Kc =
16. The same interleaver was used between the turbo encoder and the SOQPSK modulator. A
length-500 bit training sequence was used to train the adaptive filters in the decision feedback
equalizer. The LMS step size was µ = 10−6 for both training and tracking. The filter lengths were
LFF = 19 and LFB = 9.
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Figure 5: Performance of SOQPSK-TG with MAP Equalizer and decision feedback equalizer over
the channel 20 with |Γ1 | = 0.3.
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Figure 6: Performance of SOQPSK-TG with MAP equalizer and decision feedback equalizer over
the channel 20 with |Γ1 | = 0.5.
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Figure 7: Performance of SOGPSK-TG with MAP equalizer and decision feedback equalizer over
the channel 20 with |Γ1 | = 0.7.
Figure 4 shows the bit error rate performance of unequalized SOQPSK-TG which is provided
for reference. The bit error rate performance of the MAP equalizer and the adaptive decision
feedback equalizer for |Γ1 | = 0.3, 0.5, 0.7 are plotted in Figures 5, 6, and 7, respectively. In
each plot, the bit error rate performance after the first, second, third, and tenth iterations is also
shown. The simulation results show that as the number of iterations increases, the performance of
the two considered equalizers improve impressively. The simulation results for decision feedback
equalizer after 10 iterations at a bit error rate of 10−5 are summarized in Table 1.

CONCLUSIONS
An iterative decision feedback equalizer suitable for use with SOQPSK-TG was presented and
compared with MAP turbo equalizer. Simulation results demonstrate that in the presence of frequency selective multipath typically encountered in aeronautical telemetry, the proposed adaptive turbo equalizer offers good complexity/performance trade-offs and exhibits impressive performance close to the MAP turbo equalizer for SOQPSK-TG.

Table 1: Performance summary of the decision feedback equalizer
gain relative to
loss relative to
|Γ| uncoded/unequalized MAP equalizer
system (dB)
(dB)
0.3
5.6
0.5
0.5
8.2
0.7
0.7
12.1
1.1
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ABSTRACT
A critical element of the proposed iNET architecture is the development of a telemetry network
that provides two-way communication between multiple nodes on both the ground and in the air.
Conventional airborne telemetry is based on IRIG-106 Chapter 4 and provides only a serial
streaming data path from the aircraft to the ground. The network-centric architecture of iNET
requires not only a duplex communication link between the ground and the test article, but also a
communication link that provides higher bandwidth performance, higher spectrum efficiency,
and a transport environment that is capable of fully packetized Internet Protocol. This paper
describes the development path followed by TTC in the implementation of its nXCVR-2000G,
an OFDM 802-11a-based iNET-ready IP transceiver.
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INTRODUCTION
The iNET program has reached its 5th year of operation and has recently shifted its focus from
the definition of its network-centric telemetry architecture into the development of a set of
standards that can be used to guide the production of hardware/software systems that can achieve
this architecture. One of the key elements of the iNET architecture is the creation of an IP-based
transceiver capable of enhancing traditional telemetry with wireless network connectivity. As
part of the effort to advance the iNET standardization process, the Communications Link
Standards Working Group has been formed to address the establishment and development of an
open interoperability standard for a wireless network communication link for the aeronautical
telemetry environment. The goal is to define a communications standard that is compliant with
the existing published iNET architecture and provide the basis for a hardware specification
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allowing manufacturers to offer interoperable system component(s) on a competitive basis. The
expectation is that the written standard will reside within IRIG-106 and will be matured in the
same manner as the existing standards for serial streaming telemetry.
Teletronics Technology, Corp. is an active member of this standardization effort, in addition, we
have begun our own development efforts to design and implement an iNET-compliant
transceiver. The development effort serves two purposes; it provides the engineering personnel
at TTC the ability to understand the real issues involved in creating a system that will meet the
iNET requirements and, as such, allow us to provide meaningful feedback to the standardization
process, and secondarily, it provides iNET the opportunity to have an actual implementation of a
working iNET transceiver that can be used to solicit real-word feedback from actual customers.
This paper provides a high-level overview of the specifications of an iNET-compatible IP
transceiver capable of satisfying the requirements defined for the communication link within the
iNET architecture. In addition, a discussion of the architecture of the nXCVR-2000G, both from
a hardware and software point of view, is provided.

INTRODUCTION TO THE nXCVR PRODUCT FAMILY
The goal of the nXCVR-2000G transceiver is to be compatible with the iNET communication
standard. It is a Multi-Carrier (MC) IEEE 802.11a OFDM-based transceiver. The nXCVR family
will offer a series of iNET–ready IP transceivers equipped with reconfigurable MC and Single
Carrier (SC) modulations, as well as an enhanced wireless communication capability that will
exceed the iNET standard for a wider range of potential customer needs. Figure 1 shows where
the nXCVR transceiver family fits within the IEEE 802 wireless standards and the existing iNET
specification.
nXCVR
WAN
iNET
Standard

IEEE 802.16 Wireless MAN

MAN
ETSI
50km (typ)
IEEE 802.11 Wireless LAN (WiFi) BRAN

LAN

IEEE 802.15 (Bluetooth) PA

Figure 1: Overview of the nXCVR Transceiver Family in Relationship to Global Wireless Standards.

Through the use of a flexible and adaptive link quality control mechanism, the nXCVR will
provide a high data throughput rate with superior multipath immunity and power efficiency. A
brief list of its RF feature set is listed below. The specifications will be compatible with the
forthcoming iNET standard, and many will exceed it.


Multiple Frequency bands
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Data rate: 6Mbps to 54Mbps
Default effective signal bandwidth: 16.25MHz
Transmitter power 20W (typical) / 80W (max.)
Reachable link distance of 50-200 nm
Optimized for network-centric adaptive communications
o Wide range adjustable OFDM bin effective BW: 625kHz ~ 16.25MHz
o Wide range adjustable multipath immunity capability: min. 0.625 us to 20 us
o Wide range adjustable power control
o Wide range adjustable modulation waveform (MC, SC) scheme for optimum
performance
o Configurable strong Forward Error Correction Code (FEC): Convolutional code
rate 1/2, 3/4, Reed-Solomon, LDPC AR4JA6144 rate 2/3
Synchronization accuracy
Multiple Modulation waveforms:
o MC: OFDM (802.11a, 802.16) with BPSK, QPSK, 16QAM, 16PSK
o SC: SOQPSK, PCM/FM
iNET-compliant MAC protocol
Interface: GPS Antenna, 10/100/1000 Ethernet, RS232, RS422, IMU, RF
Physical dimensions: 3 W x 5 L x 3 H inches;
Total power consumption: 100 Watts

A high-level functional block diagram of the nXCVR-2000G is shown in Figure 2 below.

Figure 2: nXCVR-2000G Functional Diagram

We present a more detailed review of the nXCVR-2000G features and descriptions of its
functional aspects in the following order.





RF Transceiver section
PHY digital modem section
Microprocessor/IEEE-1588 subsystem section
Software Architecture
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RF TRANSCEIVER
Introduction
The implementation of OFDM within the iNET architecture introduces new challenges for the
transmission media normally occupied by a traditional streaming FM transmitter and possibly a
FSK uplink receiver. A TDMA structure that allows for the uplink and downlink to share the
same RF spectrum drives up the power amplifier design complexity necessary to achieve a
compliant OFDM waveform with typical current draw. The development of the RF transceiver
for iNET is discussed in the following paragraphs.
Challenges
Some of the challenges for the traditional RF telemetry engineer to implement the program goals
are as follows.








Comply with the industry form factors associated with standard telemetry transmitters
and receivers
Consume the typical current draw for a 20 watt streaming transmitter
Share RF subsections to the fullest extent to reduce size and cost
Provide both TDMA and traditional waveform compatibility
Provide variable input gain and output power to regulate the transceiver performance
over the various flight test terrains that will be encountered
Implement an agile system to accommodate varying bandwidth applications
Considerations for loopback testing to support remote diagnostic capability

Exceeding the performance goals is critical to the performance of the overall link in the many
environments that the Flight Test program will encounter. The form factor and dissipation are
critical to provide a new system with backward mechanical compatibility. To assist in meeting
this goal, the TDMA structure of the transmission media allows for sharing many of the RF
front-end components, which that reduces the overall size and power consumption.
Various flight test scenarios and terrain must be supported by this solution. Due to the
sensitivity of the modulation waveform and the TDMA structure to widespread multipath and
link distances, a solution must provide an agile power/gain system to compensate for the effects
of varying signal-to-noise ratios and distortions. True multilevel power/gain control has been
determined to be a requirement for addressing these issues. This may include a varying
bandwidth RF front-end and possibly antenna beam forming technologies to maximize the link
margins to maintain the maximum data throughput.
With the networked nature of the system, remote access can be implemented and achieved to
provide health status of the RF link with active adjustment of the system power/gain parameters
to obtain optimal link performance at minimal power. Full loopback capability exists to support
remote diagnosis of the various lines and RF links with this system, maximizing the system
effectiveness for data validation and also enhancing the remote programming of each transceiver
for center frequency and potential modulation types and indexes.
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Architecture
The iNET Transceiver baseline is shown in Figure 3, consisting of the RF board assembly being
controlled and operated from the FPGA board assembly and its external interfaces, e.g., Ethernet.
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Figure 3: iNET Transceiver Block Diagram

Waveforms
The OFDM waveform generated is shown in Figure 4. The screenshot illustrates the spectrum
from the resulting transmitter prototype that provided a 10W average, 125W peak pulse (PKAVG is 11 dB), frequency at 2385 MHz with a 16.8 MHz bandwidth.

Figure 4: Prototype OFDM Spectrum
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PHY DIGITAL MODEM: Modulation, Architecture & Description
The base-lined nXCVR-2000G employs an 802.11a-based OFDM modulation waveform. The
top-level architecture of the PHY for Tx, and Rx is shown in Fig. 5 and Fig. 6, respectively.

Figure 5: Functional View for the OFDM PHY (Transmit)

Figure 6: Functional View for the OFDM PHY (Receive)

Modulation, Data Rate and Forward Error Correction Code (FEC)
The nXCVR OFDM PHY is flexible and reconfigurable. Using the nXCVR modulation
parameter control matrix, as shown in Table 1, it can be configured to any selected modulationspecific type and data rate from a wide range of modulation schemes suitable for different
customer needs.
The modulation parameters include:
i)

ii)
iii)

Modulation type:
(a) Multi-Carrier (MC): OFDM BPSK, QPSK, 16QAM, 64QAM; SQPSK, CPMFM;
(b) Single Carrier (SC): SOQPSK, CPM-FM
FEC type: iNET LDPC/AR4JA6144 code, 802.11a convolutional code, ReedSolomon over GF(256) code
FEC code rate:
(a) 1/2, 3/4, 2/3 for 802.11a convolutional code
(b) 2/3 for iNET LDPC/AR4JA6244 code
(c) Variable rate, 188/204 as default for Reed-Solomon code (optional)
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Modulation
Parameter
Modulation type
FEC type, rate select

Selectable
Control bits
Elements
[MC{..},SC{..}]
4bits
[AR4JA, Conv.{..}, RS{..}] 4bits

Table 1: Description of Modulation Parameter Control Matrix

The data rate is dependent on the modulation parameters {modulation type, FEC type, and FEC
code rate}; Table 2 shows the available set of data rates provided by the nXCVR-2000G
*Data rate; *Code rate *FEC
(Mbits/s)
(R)
Overhead

**Data rate **Code rate **FEC
(Mbits/s)
(R)
Overheard

BPSK
6
1/2
50%
BPSK
9
3/4
25%
QPSK
12
1/2
50%
QPSK
18
3/4
25%
16
16QAM
24
1/2
50%
32
16PSK*** 24
1/2
50%
16QAM
36
3/4
25%
16PSK*** 36
3/4
25%
64QAM
48
2/3
33%
64QAM
54
3/4
25%
*Using 802.11a specified FEC and code rate;
** Using iNET standard (draft) specified FEC and code rate;
***Using nXCVR-2000G extended modulation;

2/3
2/3

33%
33%

Table 2: Selectable Data Rates

FEC Performance employed in the nXCVR can be found from the iNET standard publication
documents and IEEE publications.

MICROPROCESSOR/IEEE-1588 SUBSYSTEM
The nXCVR-2000G employs a microprocessor to control and manage its operation. The
processor also interfaces to the IEEE-1588 logic to assist in the termination of the Precision
Time Protocol (PTP). Figure 7 below shows a block diagram of the microprocessor and its
associated support circuits.
The processor is responsible for executing the software that supports the operation of the
transceiver, i.e., a real-time Linux operating system, IP stack, drivers, application software, etc.
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To process the software in real-time, a high-performance processor is required. As such, the
nXCVR uses a RISC-based processor with a core that runs at 800 MHz. This translates to a peak
performance of 1600 Dhrystone 2.1 MIPS (DMIPS). To help keep the processing core’s
pipelines full, a high bandwidth memory interface in used. Connected to the memory bus is 256
Mbytes of Double Data Rate (DDR) Synchronous Dynamic RAM (SDRAM). At a width of 64bits and a bus speed of 133 MHz, the memory interface has a peak bandwidth of 2.1 GBps. The
system software is stored in non-volatile memory (flash memory) that is connected to the
processor’s Local Bus.
The processor is also an important part of the nXCVR network interface. The processor contains
the Media Access Control (MAC) logic needed to interface with the wired IP network.
Specifically, a gigabit MAC is used to implement a gigabit Ethernet (GbE) interface. This
interface has two important roles. The first is to provide the primary data path to and from the
test article’s on-board IP network. The second is to provide an interface to the IEEE-1588 PTP.
In Figure 7, the processor’s GbE MAC is connected to a FPGA via a Reduced Gigabit Media
Independent Interface (RGMII) Bus. A second RGMII Bus is then connected to a GbE PHY
device that interfaces to the physical GbE port. The FPGA includes the necessary logic to
terminate the PTP.
To enable the nXCVR to perform the duties of a network-timing source, a GPS receiver is
included. The processor controls the GPS receiver using one of its UARTs. The function of the
receiver is to lock to a GPS source and provide a timing reference to the PTP logic. The PTP
logic uses the reference to generate timing to the rest of the test article’s network, via the GbE
interface, and to the wireless interface. In this way, the nXCVR can perform the duties of an
IEEE-1588 Grand Master Clock.
In addition to the functions mentioned above, the processor uses a second MAC to interface to a
second Ethernet PHY device. The second Ethernet port can be used for network management
purposes, health and statistics monitoring, software upgrade, etc. A serial communications
interface is also provided for debugging purposes.
S M II
B us

6 4 -b it

2 5 6 M B 1 33M H z
M e m o ry
DDR
M ic ro p ro c e s s o r
B us
S D R A M 2 .1 G B p s
(8 0 0 M H z )
UA RT0
Lo cal
Bus

64 M B
FLASH

R G M II
Bus

Fast
E th e rn e t
M a na ge m e nt
P o rt

R S232/
422
XCVR

S e ria l
C o n s o le
P o rt

UA RT1
S e ria l
Com m

3 2 -b it
66 M H z
26 4 M B ps

FPGA

PHY

GPS
RCVR

GPS
A n te n n a
C o n n e c tio n

T im e
R e fe re n c e
IE E E -1 5 8 8
P ro c e s s in g
L o g ic

R G M II
B us

G bE
PHY

Figure 7: Microprocessor/IEEE-1588 Block Diagram
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SOFTWARE ARCHITECTURE
The software architecture of the iNET transceiver is organized into 4 layers: application, kernel,
driver, and hardware. The functions needed to implement the communication link have been
distributed between these four layers in a manner that provides the best way for Teletronics to
achieve its implementation goals:
1) Short time to market – the software architecture is designed to allow for as much
software reuse as possible from existing Teletronics network products.
2) Flexibility – the iNET communications standard is still relatively immature, and many
decisions regarding technology and standards are unresolved. The bulk of the Media
Access Protocol will be implemented within the application layer to allow for ease of
field upgrades.
3) Performance – While much of the MAC layer is implemented in software, critical
functions will be assigned to the FPGA implementation to allow for satisfying the timing
requirements needed to implement the TDMA-based packet processing.
An overall view of the software architecture from a logical viewpoint is show in Figure 8.

Figure 8: Logical Software Architecture

Configuration, Control, and Management operations occur within the application layer. The
Database provides the centralized mechanism for maintaining the parameters used by these
operations. Both standard and custom MIBs will be implemented within the kernel layer (such
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as the IP stack) and within drivers (the iNET link layer) for access via the SNMP interface thru
the database. Non-volatile parameters are read and/or written directly to the database, whereas
volatile parameters pass through the database and reference the affected component directly.
SNMP is used primarily for access to statistics and asynchronous event notifications. The XML
interface and its associated schema provide a static configuration interface to the device. Both
the HTTP and CLI (command line interface) interfaces are designed to provide a dynamic means
of reading and writing the device parameters.
A key decision in the design of the iNET MAC is the partitioning of its functions within the
software and hardware layers in the device. For maximum performance and minimal flexibility
(usually possible for an established standard), the MAC and PHY are usually implemented as a
hardware element. To maintain maximum flexibility for iNET, Teletronics has chosen to split the
MAC into five implementation blocks, four in software and one in hardware (FPGA). The role
of each functional block is described below.
1) Upper MAC
a. User Management
b. User Configuration
c. QOS Policies
d. OFDM Configuration
2) Upper Link Layer
a. Hub/Neighbor Discovery
b. Authentication
c. Authorization
d. RF Link Parameters
3) Lower Link Layer
a. Link Construction

b. Link Deconstruction
c. Link Recovery
4) Lower MAC
a. QOS Implementation
b. Error detection and
Retransmission
c. Packet Framing
5) Hardware MAC
a. Epoch Synchronization
b. Timeslot Synchronization
c. Data Movement
d. Encryption

The iNET transceiver will support a hardware-assisted 1588 implementation. The PTP protocol
stack will reside in the application layer and interface with both the IP stack for UDP packets and
with the timestamp driver for timestamps taken from the 1588 hardware which partitions the
Ethernet MAC and the Gigabit Ethernet PHY. The reference clock from the 1558 hardware is
used to synchronize the MAC/PHY with other communication nodes.
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ABSTRACT
A previous paper was presented [1] detailing the design and testing of the first networked demonstration
system (ITC 2006) for iNET. This paper extends that work by testing a commercial off the shelf (COTS)
solution for the wireless network connection of the Telemetry Network System (TmNS). This paper will
briefly discuss specific pieces of the airborne and ground station system but will concentrate on the new
wireless network link, how it was tested, and how well it performed. Flight testing results will be
presented accessing the performance of the wireless network link.
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INTRODUCTION
The iNET Team has assembled a Demonstration System to not only assess COTS wireless network link
performance within the aeronautical test environment but also to demonstrate the potential uses of a
network linked system. The TmNS is shown pictorially in Figure 1. The four components are the
vehicular network, or the Test Article Segment (TAS), the interface to the ground station, or Ground
Station Segment (GSS), the wireless network link that ties the two networks together, and the legacy
serial streaming telemetry (SST) link.

Figure 1 – Telemetry Network System
In essence, wireless network link is connecting two distinct networks allowing them to function
together. The serial streaming link is still utilized for it too has value for the transmission of time critical
data.
AERONAUTICAL NETWORK LINK DESCRIPTION
The Demonstration System was assembled to realize the structure depicted in Figure 1. A block diagram
of the actual system is shown in Figure 2.

Figure 2 – Demonstration System Block Diagram

The block diagram shows the TAS being connected to the GSS via the SST link and a wireless network
link. The new network link was designed for two reasons; one to see if an IEEE-802.11b COTS piece of
hardware (as opposed to the Harris SecNet11+ used previously) could provide the basis for a useable
wireless network link in an aeronautical environment and two, given success, the hardware would be
used to support helicopter testing at Pax River MD. The latter will also provide information on the
utility of the link in a helicopter channel environment, a topic for future work.
The wireless connection between the TAS and GSS was formed using a new wired-to-wireless
bridge/router, or “brouter”, connected to a transverter for over the air transmission. The brouters are
commercial off-the-self (COTS) units which provide all of the functionality to bridge or switch the
wired side and route between the wired and wireless networks. The wired side was configured as a
bridge. The wireless side was realized through a standard IEEE-802.11b PCMCIA card. Bridges and
switches control link layer data flow, handle transmission errors, provide physical (as opposed to
logical) addressing, and manage access to the physical layer. The brouter services Internet Protocol (IP)
routes for all hardware on the vehicle as well as wireless connectivity. The transverter is a very specific
piece of equipment that acts as a transmit/receive switch and translates the industrial, scientific, and
medical (ISM) band (2412MHz to 2462MHz) to/from the brouter to the upper L-Band telemetry band
(1755MHz to 1850MHz). Refer to Figure 3 for the frequency translation from IEEE-802.11 channels to
upper L-Band frequencies. The transverter also has a power amplifier integral to the design providing
power amplification to the +40dBm level. Also part of the wireless connection is the triplexer. This
piece of hardware was used to allow the network connection and the SST link to operate through one
airborne antenna.

Figure 3 – Transverter Frequency Translation Chart
The airborne system, or Test Article Segment, consists of a system networked together utilizing the
network switch for intra-vehicle network connectivity. For this testing, only the brouter, airborne
computer, web camera, and network time server (NTS) were used to form the airborne network. The
NTS derives time from global position system (GPS) satellites and provides time to the network for
node synchronization.
To complete the system, a ground network (GSS) was created. The ground portion consists of the
mirror image of the vehicular wireless network connection (triplexer, transverter, brouter), network

switch, ground station computer, a network time server, and streaming telemetry receiver and
demodulator. As in TAS, the NTS provides network time to the nodes connected to the GSS. It should
be noted that the triplexer is an integral part of the feed of the 10ft dish receive antenna. This
modification was specifically done to support network link testing in the upper L-Band frequency band.
See Figure 4 for a picture of the network enabled ground station antenna.

Figure 4 – Network Enabled Ground Station Antenna
In network terms, the TAS node is configured as a remote node while the GSS node is configured as an
access point (AP) and serves as the gateway to/from the wireless connection. Remote ground nodes gain
access to the wireless connection via requests to the AP. The AP (or ground station brouter) serves local
IP addresses to the GSS systems via Dynamic Host Configuration Protocol (DHCP). Likewise, the
airborne brouter serves local IP address to TAS network devices.
As one can imagine, network configuration and management, even in this simple network configuration,
can get confusing. The next section addresses this issue and explains how the system was managed from
a network perspective.
SYSTEM CONFIGURATION
When talking about three networks (wired GSS, wired TAS, wireless connections between them),
configurations, addressing, sub-nets, etc. get confusing. One tool that was found to be useful to view the
configuration of the local area networks (LAN) and the wireless local area network (WLAN) was a
commercial application known as the “Dude”. (For this discussion, the LAN is considered to the wired
LANs (TAS and GSS) and the WLAN is the connection between the two.) The Dude (actual name of
the software) is a client-server program that runs on Linux and Windows® operating systems and can be
run from anywhere on the network. The Dude client may connect to the local or a remote Dude server
and is used as a graphical interface to the server. The Dude is an easy to use graphical user interface

(GUI) that allows for network management and monitoring but most importantly, provides a real-time
picture of network configuration. The Dude can monitor specific services running on hosts and alert
any changes of status. It also runs statistics on network services and shows the results in graphic plot.
Figure 5 shows an example of the Dude GUI.

Figure 5 - Dude GUI
The real central point in this system is the wired-to-wireless bridge/router. All of the network traffic
flows through both the TAS and GSS brouters. Because of this, a tool was required that easily
configured the brouter. The tool that was chosen was WinBox. Winbox is a Windows® program used
for accessing the brouter configuration and management features through an intuitive GUI. WinBox also
has a tool box for monitoring traffic numerically and graphically on both the wired and wireless sides of
the brouter. Like the Dude, WinBox can connect to any router on the network and the operator can be
logged in to multiple routers simultaneously. As an example, WinBox was used to configure the IEEE802.11b channel (see Figure 3 above) and restrict the wireless card from scanning thru all available
channels looking for wireless remote nodes and access points. Figure 6 shows the interface.

Figure 6 – WinBox GUI
SYSTEM TESTING
The tests performed can be broken down into three categories; ground testing with ground station
network-enabled antenna, flight testing without the airborne triplexer, and flight testing with the
airborne triplexer. The main thrust of the testing was tiered to determine:
1. Did the network-enabled ground station antenna degrade the network waveform?
2. Was the network link useable in the airborne environment? If so, what was the maximum
useable slant range?
3. Did the insertion of the triplexer degrade the wireless network link performance?
During all of the testing, certain tools were used to capture and record network performance for analysis
and to display the current status of the link. The list of tools includes:






PING – Standard utility used to determine if a particular host is available over the network.
iPERF – A client/server application that was developed as a modern alternative for measuring
Transport Control Protocol (TCP) and User Datagram Protocol (UDP) bandwidth performance.
iPERF is a tool to measure maximum TCP bandwidth reporting bandwidth, delay jitter, and
datagram losses (for UDP).
Ethereal – A network protocol analyzer which can be used real-time and used to analyze
captured data.
Custom Linux Script - A Linux script sampled signal and channel quality indicators from the
brouter management information base (MIB). These sample sets were filed in a spreadsheet with
time tags for post-test processing.

The PING utility was used to constantly excite the wireless channel. To observe the channel availability
the ping return time was monitored. Channel drops were displayed as long ping delays. Channel
recovery was evidenced by the ping round-trip time, which for a ‘good link’ was on the order of a few
milliseconds. Drop returns were several seconds. All of this information was recorded within a
spreadsheet with time tags.
IEEE-802.11b channel rates were monitored using an iPERF application that sends messages as a clientserver exchange. Missed messages are determined by the message order. A number received out of
order is an error. The iPERF application also displays the requested bit rate and the actual measured
rate. The iPERF packets were delivered via the standard UDP. Message errors were monitored using
UDP rather then the TCP. (TCP, being a connection-oriented protocol, would have delivered the
messages in order, correcting for any drops via retransmission requests thus not providing the required
information.) All of this information was recorded within a spreadsheet with time tags.
During this testing, sampled signal data from the GSS brouter was recorded and placed in a spreadsheet.
The sampled data set included both the transmitter and receiver bit rates, the received signal-to-noise
ratio (SNR), the stated noise floor, and then time stamped with the local GSS time derived through the
NTS. To align the sampled data with the aircraft location, time stamped aircraft GPS position and
attitude data was collected and stored on-board the aircraft as well as transmitted over the SST link.
Knowing the aircraft location and GSS location, slant range can be calculated throughout the test.
FLIGHT TESTING
Once the system was installed on the C-12 aircraft, ground checks were conducted to assess the link
performance and to test the network-enabled ground station antenna. Initial testing was done with a 4ft
parabolic dish on the ground station side and two airborne antennas (one for the network link, one for
the SST link) on the aircraft side to verify the aircraft system was functioning properly. This same 4ft
dish was used during the previous testing with the SecNet11+ system. Next, the network-enabled
antenna was used to compare the network link performance. (It should be noted that prior to installing
the network-enabled feed, it was characterized and tested in the Telemetry Lab at EAFB and found to
have no discernable affect on IEEE-802.11a or IEEE-802.11b waveforms.). The recorded link metrics
(PING, iPERF, MIBs, SNR, etc.) showed no affects due to the ground station network-enable antenna.
Flight testing of the network link followed successful ground checks. There were three flight paths used
for testing the network link. See Figure 7 for a pictorial of the flight paths on the Edwards AFB range.
Flight Path 1 - 5/10 Track - A triangle route due North of the receive station with slant ranges
varying between 5 and 10 nautical miles (nm).
Flight Path 2 - 15/20/25/30 Mile Arcs – A flight route with constant radius arcs from the ground
station.
Flight Path 3 - Black Mountain W-E – A West to East flight track that varies in slant range from
15nm to 62nm.

The flights were organized to check link performance at close ranges without the airborne triplexer,
determine maximum useable slant range without the airborne triplexer, then insert the airborne triplexer
and re-fly the close in flight tracks and then determine the maximum useable slant range.

Figure 7 – Flight Paths
The first flight used Flight Path 1 as a shake down of the system since it was anticipated that the
network link would function at slant ranges much longer than 10nm. The test was used to ensure the
capture, monitoring, and recording of the link metrics was functioning properly and to test the
performance of the network link without the inclusion of the airborne triplexer. Altitude for this initial
flight was 10,000ft MSL and the flight path was flown in both the clockwise (CW) and
counterclockwise (CCW) directions at 160knots. Both directions were flown to account for antenna
pattern anomalies. Overall, the network link worked very well during this initial testing.
The second flight used Flight Path 2 and 3 to establish the maximum useable slant range of the wireless
network link. Altitude for this test was 10,000ft MSL with a constant airspeed of 200knots. Flight Path 2
is designed to work up to the maximum slant range by flying constant radius arcs from the ground
station. During this test the network link functioned properly out to the maximum arc slant range of
30nm (see Figure 7). Given this, Flight Path 3 was initiated to find the slant range which “broke” the
link.

The third flight was to establish how well the wireless network link functioned with the insertion of the
triplexer and to determine maximum useable slant range. The triplexer allows the use of only one
external antenna for both the network link and the SST link and is currently thought to be one of the
configurations of the TmNS in future installations. Since only one antenna is used with the triplexer
installed, the antenna previously used for the wireless network link went unused. This other antenna was
located forward of the single antenna but it should be assumed that antennas patterns will be different. It
was expected the network link performance would only suffer by the amount of insertion loss due to the
triplexer and the difference in antenna patterns. The flight test consisted of Flight Path 1, the 30nm in
Flight Path 2, and Flight Path 3.
TEST RESULTS
As was stated above, the objective of the testing was to verify COTS wireless network hardware could
function in an aeronautical environment and if it could, at what slant range was it useable. Given
success, insert the triplexer and re-fly certain test points to compare network link performance. Testing
results shown below compare the link performance with and without the triplexer over the same flight
paths.
Referring back to Figure 7, Flight Path 1 is triangular in shape with the maximum slant range on the
order of 10-11nm. A plot of SNR and slant range versus flight time is shown in Figure 8 and 9 for the
CCW flight direction with and without the triplexer. The values used for SNR are not calibrated but are
values that are polled from the IEEE-802.11b card within the brouter. While the values are not
absolutely accurate, they can be used on a comparative basis. At the triangle vertices the aircraft exceeds
bank angles of 45 degrees thus shadowing the ground station antenna. Reviewing Figures 8 and 9, this
shadowing affect can be seen in the data as sharp drops in SNR values which sometimes caused the link
to resynchronize. The depth and length of the SNR drops are directly related to the sharpness and
duration of the turn.
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Figure 8 – 5/10 Track CCW (w/o triplexer), Flight 1
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Figure 9 – 5/10 Track CCW (w/triplexer) Flight 3
Table 1 compares the average SNR and average IEEE-802.11b network rate over the entire flight path
for configurations with and without the triplexer. (Note: IEEE-802.11b rates adapt to the detected
channel condition. Rates are 11Mbps, 5.5Mbps, 2Mbps, and 1Mbps so for a “clear” channel, the rate
would be 11Mbps). The variation between SNR values can be explained two ways. One, the flight paths
for this tight of a course can not be exactly replicated on a flight-by-flight basis by the aircrew. Second,
differing antennas are used for the network link depending upon the installation of the triplexer. Gain
pattern variations between these antennas will cause variations in SNR.
Flight Path
5/10 Track, CW (no triplexer)
5/10 Track, CCW (no triplexer)
5/10 Track, CW (w/triplexer)
5/10 Track, CCW (w/triplexer)

Avg. SNR (dB)
30.8
32.3
34.8
38.5

Avg. Network Rate (Mbps)
11
11
5.5
5.5

Table 1 – Flight Path 1 Results
Figures 10 and 11 show SNR versus slant range for the 30nm arc from the ground station. Variations in
slant range are due to how the arc was created for the aircrew. The description of the flight path can be
thought of as a course piece wise linear representation of an arc (see Figure 7) so the slant range axis is
not constant. The plots also show a curve fit for the data. This is included to show that as slant range
increases, SNR decreases. Variations are also noted in SNR values which are due to aircraft antenna
pattern gain variations. SNR levels are also smaller (see Table 2) with the triplexer in the system which
is to be expected for two reasons. One, there is insertion loss due to the triplexer for the network link
and two, the transmit antenna between the two flights was different and in a different location on the
aircraft causing some pattern gain variations.

SNR vs Slant Range
35
30
25

SNR (dB)

20
Slant Range vs SNR

15

Curve Fit

10
5
0
-5
28.5

28.6

28.7

28.8

28.9

29

29.1

Slant Range (nmi)

Figure 10 – 30nm Arc (w/o triplexer) Flight 2
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Figure 11 – 30nm Arc (w/triplexer) Flight 3
Flight
30nm Arc (w/o triplexer)
30nm Arc (w/triplexer)

Avg. SNR (dB)
25
22

Table 2 – Average SNR for 30nmi Arc
Figures 12 and 13 show SNR versus slant range for the Flight Path 3, Black Mountain W-E. This test
was performed to determine the maximum useable slant range for the network link. Again, a curve fit is
provided to show the data trend of dropping SNR versus slant range. Table 3 shows a comparison of

maximum slant range with and without the triplexer. 6nm was observed as the difference. As a check,
free space path loss difference between the maximum ranges is on the order of ~1.1dB (discounting
antenna gain variations) which matches well with the triplexer specifications for insertion loss.
SNR vs Slant Range
35
30
25

SNR (dB)

20
15
SNR vs Range

10

Curve Fit

5
0
-5
-10
-15
23

28

33

38

43

48

53

Range (nmi)

Figure 12 – SNR vs. Slant Range, Blk Mtn (w/o triplexer) Flight 2
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Figure 13 – SNR vs. Slant Range, Blk Mtn (w/triplexer) Flight 3
Flight
Flight Path 3 (w/o triplexer)
Flight Path 3 (w/triplexer)

Maximum Useable Slant Range (nm)
50
44

Table 3 – Maximum Slant Range

NETWORK LINK USE EXAMPLE
After the first flight it was obvious that the network link was useable as a test tool. The link was used
two ways. First, the network link was used to control the on-board web camera via an application in the
GSS. The camera in the aircraft was commanded to deliver streaming video via an ActiveX module in
the camera’s application GUI. Next, network time was jammed into the camera via the same application
GUI. Second, during the flight test, the camera was configured to request time updates from the TAS
NTS via network time protocol by supplying the camera application with the NTS IP address. This
function was verified by comparing the indicated time on the camera GUI with that on the TAS
computer. Previously, the TAS computer running the camera application was jammed manually by the
Flight Test Engineer using the TAS NTS.
CONCLUSIONS
•

The IEEE 802.11b COTS hardware was found to be a robust wireless network platform when
subjected to typical telemetry channel anomalies and is considered to be useable in the
aeronautical environment.

•

The network link was useable to a maximum slant range of 44nmi. This performance was highly
dependant upon aircraft antenna pattern.

•

A triplexer was used on-board the test aircraft to simulate a future typical installation that
utilized one antenna for both the wireless network and SST links. Performance on both links was
only degraded by the amount of insertion loss.

•

The wireless network link was used to demonstrate a use case where the operator was able to
access and control an on-board camera.

•

Shareware tools were utilized for configuring and monitoring the performance the wired and
wireless networks.
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ABSTRACT
The iNET project was launched to foster network based instrumentation and telemetry. The
program is currently implementing an operational demonstration. The operational demonstration
will involve installing and using a network based instrumentation system on an H-60, helicopter.
This demonstration will be used as a learning exercise for the implementation of network
technologies. Specifically this paper will explore the operational challenges that are expected to
be encountered while performing the installation and in the use of the network based
instrumentation and telemetry system.
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PROGRAM BACKGROUND
The Central Test and Evaluation Investment Program (CTEIP) has launched the integrated
Network Enhanced Telemetry (iNET) project to foster advances in networking and telemetry
technology to meet emerging needs of major test programs. The iNET architecture has been
developed to establish a framework that will enable standards development and allow the system
to evolve as new technologies are introduced. The architecture defines a Telemetry Network
System (TmNS) that would utilize traditional telemetry links in conjunction with a networkbased 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 levels and contains three key elemental areas: the Radio Frequency
Network (rfNET) element, the test Vehicle Network (vNET) element, and the Ground Network
Interface (gNET) element. To gain insight into existing technologies relative to the Telemetry
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Network System architecture, demonstrations utilizing Commercial Off The Self (COTS)
equipment are being 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 legacy 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 standards development. Additionally the operational
demonstration will allow for operational procedures to be developed and validated.

Vehicle Data
Acquisition
Network

Vehicle Data
Acquisition
Network

Dedicated Legacy
TM Link
Dedicated Legacy
TM Link

Ground
Dedicated Legacy TM
Vehicle Data
Acquisition
Network

Figure 1: Telemetry Network System

INTRODUCTION
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 network based telemetry. With this experience, operation
procedures will be developed to mitigate some of the risk involved with moving to networks.
For this operation demonstration a legacy PCM based telemetry system and a network based
telemetry system are going to be installed into a Test Pilot School (TPS) H-60 helicopter as seen
in figure 2. This dual system approach was done to give TPS piece of mind that they would have
2

uninterrupted flight test even if issues arose with the network technologies. The dual systems
also allow the iNET team to push the limits of the network based telemetry system. This will
allow the iNET team to test things such as network throughput and the distance at which the RF
network can maintain consistent connectivity.

Figure 2: Operational Demonstration System

At the heart of the Vehicle Network (vNET) is a multiplexer with a built in digital recorder. The
multiplexer is set up to collect PCM data from the legacy instrumentation and video data. This
unit also performs the data mining task. Via the network, it receives request for time slices of
data, fetches them from the recorder and sends them to the ground station. This can be seen in
figure 3.
The RF Network (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; wireless bridge/router, transverter, diplexer, and phase
shift processor. The wireless router/bridge serves as the link between rfNET and vNET or gNET.
The transverter shifts the frequency of the 802.11 wireless router/bridge to the telemetry L-Band.
The serial streaming transmitter, serial streaming receiver, and RF power splitter are parts of the
legacy 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 steaming telemetry pattern. The airborne phase shift
processor receives feed back from the ground phase shift processor about the serial streaming
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telemetry signal strength through the network and uses the phase shifter to add a delay to the
aircraft’s upper serial streaming telemetry signal. 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 Ground Network (gNET) is built around a telemetry processing unit. This unit receives both
a network link and a serial streaming telemetry feed. The processing unit decodes the traditional
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: Operational Demonstration Setup
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GAPLESS TELEMETRY
Data will be transmitted over the serial telemetry link with each PCM major frame time tagged
with IRIG time prior to transmission. The format of the serial streaming link will be classical IRIG
PCM with an embedded major frame number and a 16 or 32-bit cyclic redundancy check (CRC)
for each major frame. A frame synchronization pattern will be used to maintain frame sync and to
determine the individual frame boundaries. A running log of frames will be kept at the receive
node along with the IRIG time for each start of a frame transmission. The ground station receiving
this serial link will utilize the CRC to determine if there was an error within the major frame. If a
missing or corrupt frame is detected, the network link will request the vNET subsystem (through
the rfNET subsystem) for frame retransmission based upon the start and stop times of the dropout
interval. Consecutive dropped or corrupt frames will be collapsed into a single interval to reduce
the number of requests that need to be sent to the on-board recorder. The requested frame(s)
contained within that time slice will be accessed on the vNET solid-state recorder and sent to the
rfNET data link for transmission to the ground. The rfNET link will handle error detection and
retransmissions will occur until the data is received. Once the ground station receives the error free
retransmitted frame(s), this information is saved and merged near real-time back into the recorded
data and presented as gapless or error-free data.
Thus, the operational demonstration provides for the implementation of the three iNET specific
needs; data mining, error free data delivery, and gapless telemetry. Loss of PCM frames over the
telemetry link triggers a request for data to the on-board media (Data Mining) which results in
transmission of frames over rfNET (Error Free Data Delivery) and the replacement of missing
frames at the ground station (Gapless Telemetry).

EXPECTED CHALLENGES AND BENEFITS
With the added capabilities that network based telemetry gives instrumentation, range and flight
test engineers; it also leads to new flight test challenges. Some of the advantages that will lead to
challenges are the capability to control instrumentation, data mine, gapless telemetry, and to
make changes to instrumentation during flight.
While making flight test faster and cheaper, most of the capabilities listed will give flight test
engineers and instrumentation engineers one more thing to worry about while at the ground
station. During flight test the ground station can be a very busy place with many things such as
safety of flight parameters for the engineers to devote attention to. With network based
telemetry the engineers at the ground station will also have to be concerned with controlling
instrumentation, making possible changes to instrumentation, and mining data from the onboard
recorder. With all of these added responsibilities, procedures will need to be put into place to
help mitigate the risk involved.
While performing flight test the aircraft pilot has many things going on. If instrumentation
control can be taken away from the pilot to make their life easier it is an obvious advantage.
Once control is implemented on the ground it brings new challenges. One of such challenges is
who at the ground station is responsible for and who has permission for making these changes.
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Another problem that could arise is what happens when there is an RF network dropout. Once
this happens the instrumentation will be stuck in its current state. This could mean the recorder
missing data or prematurely filling the recorder causing an early end to the flight. Also when,
instrumentation problems occur, one of the first trouble shooting steps is to cycle power. If the
RF network is out this would not be an option. One path around these issues would be to give
both the ground station and the pilot control of the instrumentation. This would once again put
the responsibility of controlling the instrumentation at least partially in the pilot’s hands. It
would also raise the question of whose control commands would have priority. It is the goal of
the iNET team to use this operational demonstration to discover what other issues could arise
from ground station control of instrumentation, dual control of instrumentation and also to
discover and develop procedures to ensure safe and efficient flight test.
The ability to mine segments of data that are not part of the preset telemetry stream and to fill in
telemetry dropouts is going to give future flight test engineers a powerful tool. One inherent
problem with lossless telemetry is delay, because a serial streaming PCM dropout needs to be
detected and the data is then resent via the RF network. The operational demonstration will be
used to determine what length delay is appropriate and safe for given types of data. With data
mining there will be a need to verify that the data received is the same as the data that was
requested. Flight test engineers will need to be confident in the maturity and robustness of this
function for them to be able to use the received data. Some of this confidence can be gained
through the success of this operational demonstration.
Flight test engineers will be able to use test assets much more efficiently with the ability to make
changes to instrumentation during flight. This will also put a large responsibility on the team of
engineers at the ground station. They will need to be able to understand the instrumentation
installed in the aircraft and is capabilities. Procedures will need to be put into place to ensure
that the change that is requested is valid for the installed instrumentation. Once the request is
validated there needs to be a validation to ensure that the change was made properly. Also
procedures need to be developed that dictate which members of the flight test team have the
rights to request the changes and which members of the team are responsible for validating these
changes. The operational demonstration will help sort out who is best suited for each of these
responsibilities.

CONCLUSION
As the iNET program moves forward, it is understood that there will be many hurdles to
overcome. It is our goal to use operational demonstrations, like the one described above to not
only give users hands on experience but to also discover and find solutions to future issues. It is
also believed that as these operational demonstrations are conducted, and the community uses
network based telemetry, they will find more advantages of networks.
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ABSTRACT
The integrated Network Enhanced Telemetry (iNET) project established a test article standards
working group to define open standards for network components and interfaces for test articles in
the aeronautical test environment. Its aim is to utilize the growth of Internet technologies for
telemetry networks and ensure interoperability among network devices. This paper describes the
technology background and the current technology trades of an IP-based network paradigm used
in producing standards for test article networks. Specifically, the paper will include descriptions
of selected network technologies as applied to test data and time distribution within test articles.
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IP-BASED TELEMETRY NETWORKS
For the proliferation of network-centric telemetry systems, a set of standard networking
technologies is required to ensure interoperability between vendors of like components,
economical sources of products, and flexibility of user applications. It is important to leverage
standard technologies that are 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).
The Internet Protocol (IP) suite is a common set of protocols used by the Internet and most
existing commercial networks. This set of core technologies can be viewed as a set of layers,
with each layer specifying a certain level of data transfer, using services from lower layer
protocols, and providing well-defined services to upper layer protocols. The IP suite provides a
core set of technologies necessary for standardized data transfer in network-centric telemetry
systems.
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IP-based telemetry networks use the IP network layer protocol to logically address hosts and
route data packets throughout the infrastructure. IP is encapsulated by Ethernet, a data link layer
protocol providing common hardware addressing and Media Access Control (MAC) for the
transmission of data frames between network devices. Ethernet defines a number of wiring and
signaling standards for physical layer transmission of 10 megabits-per-second (Mbps) to 10
gigabits-per-second (Gbps) over metallic or fiber optic cabling.

BASIC NETWORK CONNECTIVITY AND SERVICES
To achieve basic connectivity in IP-based telemetry networks, a certain set of protocols should
be used at each layer to allow the simple transmission of network packets between connected
devices. Standardizing this core pool of technologies provides a common set of technologies
from which simple IP-based telemetry networks can be constructed. Utilizing these basic
standards, more complex standards can be realized to address solutions with varying levels of
interoperability and performance. The integrated Network Enhanced Telemetry (iNET) project
is working to define a set of standards for network-centric standards, starting with technologies
to establish basic network connectivity and services.
At the time of the writing of this paper, preliminary standards for basic network connectivity and
services have been agreed upon by the iNET test article standards working group. These
protocols are seen as the predominant technologies for network-centric systems and provide a
foundation for future work in IP-based telemetry systems. The basic network connectivity
technologies and their sources are listed in Table 1, and the common network service
technologies and their sources are listed in Table 2.

2

Table 1. Basic Network Connectivity Technologies
Protocol Layer

Technology
•

•
Physical

Data Link

Network

Transport

•
•
•
•
•
•
•
•
•
•
•
•
•
•
•
•

Service

Metallic media:
o 10Base-T Ethernet
o 100Base-TX Ethernet
o 1000Base-T Ethernet
Fiber optic media:
o 10Base-FL Ethernet
o 100Base-FX Ethernet
o 100Base-LX10 Ethernet
o 1000Base-SX Ethernet
o 1000Base-LX Ethernet
Ethernet auto-negotiation
Ethernet Medium Access Control (MAC)
Logical Link Control (LLC)
Transparent bridging
Rapid Spanning Tree Protocol (RSTP)
Internet Protocol (IP) version 4
IP over Ethernet
IP over IEEE 802
Internet Control Message Protocol (ICMP)
Internet Group Management Protocol version 3 (IGMPv3)
Requirements for Internet Hosts
Requirements for IP version 4 Routers
Transmission Control Protocol (TCP)
User Datagram Protocol (UDP)
Requirements for Internet Hosts
Requirements for IP version 4 Routers

Table 2. Common Network Service Technologies
Technology
•
•
•
•
•
•
•
•

Address Resolution Protocol (ARP)
Reverse Address Resolution Protocol (RARP)
Internet Standard Subnetting Procedure
Bootstrap Protocol (BootP)
Dynamic Host Configuration Protocol (DHCP)
Classless Inter-Domain Routing (CIDR)
Requirements for Internet Hosts
Requirements for IP version 4 Routers

Name Services

•

Domain Name System (DNS)

File Transfer

•

File Transfer Protocol (FTP)

Address Resolution
and
Host Configuration
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Source

IEEE 802.3-2005

IEEE 802.3-2005
IEEE 802.2-1998
IEEE 802.1D-2004
RFC 791
RFC 894
RFC 1042
RFC 792
RFC 3376
RFC 1122
RFC 1812
RFC 793
RFC 768
RFC 1122
RFC 1812

Source
RFC 826
RFC 903
RFC 950
RFC 961
RFC 2131
RFC 4632 (BCP)
RFC 1122
RFC 1812
RFC 1034
RFC 1035
RFC 959

TIME SYNCHRONIZATION
In addition to the basic tier of networking technologies already covered, IP-based telemetry
networks also require accurate time synchronization of distributed device clocks. A highprecision network time synchronization capability makes it possible for data sources to apply
accurate time stamps to acquired data before transport on the network. This capability is critical
for enabling time correlation of data at data sinks and simultaneous or scheduled sampling at
data sources given the variable-but-constrained-latency characteristic of network-based data
acquisition. Although several protocols exist to synchronize clocks over a shared network
medium, only the Precision Time Protocol (PTP) allows the sub-microsecond accuracy necessary
for most telemetry systems. PTP is recommended by the iNET Proposed Architecture and is
defined in the Institute of Electrical and Electronics Engineers (IEEE) 1588-2002 standard. For
an in-depth look at the application of IEEE 1588 in IP-based telemetry systems, see [1].
Test article and ground station networks should use PTP master clocks synchronized by a highlyaccurate external time source, such as the Global Positioning System (GPS). Attached network
devices, such as data acquisition units (DAUs), recorders, wireless controllers, and legacy
adapters, must implement PTP slave clocks in order to maintain synchronization with the master
clock. Depending on application requirements, design choices can be made for slave clocks,
trading higher accuracy, higher cost hardware implementations against lower accuracy, lower
cost software implementations. Boundary clocks or transparency should be supported in routers
and switches in order to eliminate large latency variations that are typically induced in these
types of devices.
Current implementations of PTP-synchronized networks often provide one pulse-per-second
(1 PPS) external outputs of device clocks to allow verification of time signal lock using
oscilloscopes. Another best practice is to allow slave clocks to run freely using the last known
time in the absence of a master clock. Likewise, master clocks should be allowed to run freely
using the last known time in the absence of an external time source.

TRANSFER OF LATENCY/THROUGHPUT CRITICAL (LTC) DATA
Thus far, we have covered the technologies needed to provide basic network connectivity for IPbased telemetry networks along with a high-precision network synchronization protocol that
enables high-resolution time-stamping for data correlation. However, additional considerations
need to be made when developing telemetry networks that support the latency and throughput
guarantees of traditional Pulse Code Modulation (PCM) based telemetry systems. When
designing synchronous-like data transfer over asynchronous network transport, some
performance-enhanced networking mechanisms must be employed to ensure the timely transfer
of latency-critical data and maintain sufficient bandwidth for throughput-critical data flows.
Using existing network technologies, this section covers an approach for the delivery of
latency/throughput critical (LTC) data using common schemes for the routing and prioritization
of data flows sharing the network communication channel.
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The reliable and efficient delivery of LTC data can be realized using IP multicast streams. With
this approach, data sources send one or more data flows to specific multicast destination
addresses. Data sinks subscribe to the multicast destination addresses of interest, and the data is
delivered by the network to only subscribed devices. The Internet Group Management Protocol
version 3 (IGMPv3) is the core technology for managing multicast group memberships, handling
group subscription requests by IP hosts and instructing IP routers to deliver data marked with
multicast destination addresses to only the IP hosts in the corresponding multicast group. Using
multicast as the approach to routing reduces the overhead associated with routing each data flow
as an individual unicast transmission and is more bandwidth-efficient than the simple broadcast
transmission of all data flows.
This LTC data multicast approach uses the User Datagram Protocol (UDP) for end-to-end
transport. As such, no transport layer acknowledgements are available for reliability, and data
may be delivered out-of-order to data sink applications if routers are in the path of the LTC data.
To alleviate these shortfalls, a couple of design decisions must be made. First of all, this
approach assumes that deterministic network switches (or routers) are used to partition the
network such that only two devices, i.e., the switch/router and the end device, are sharing a
specific Ethernet link. Therefore, 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.
Furthermore, queuing buffers in switches (or routers) must be chosen sufficiently large to handle
the “burstiness” of the routed traffic. Even with this level of forwarding determinism, which is
inherent to most modern implementations, aggregate throughputs on each link of telemetry
networks must be planned to not exceed the available bandwidth. Using the anticipated send
rates of each of the data flows and the pool of available multicast addresses, data flows must be
assigned to multicast addresses in proportions that do not overflow available line rates and buffer
queues. This planning can be done manually based on the anticipated network topology or
automated in an application for producing setup files. In either case, metadata must be generated
and shared between data sources and sinks for associating data flows with their multicast groups.
Using the metadata as a key, data sinks can subscribe to only the multicast groups containing the
data they desire. The concept of grouping data flows into multicast streams for routing is
illustrated in Figure 1. Finally, application-layer sequence numbers must be used on multicast
packets to allow reordering at end applications and to detect lost packets. Even in the rare case
of a loss (1 in 109 in current implementations), sequence numbers allow end applications to
detect specific missing packets for logging and error reporting.
In addition to the deterministic planning of data delivery in IP-based telemetry networks, Quality
of Service (QoS) markings and policies can be applied to data flows to augment service quality
guarantees for different data types. The assignment of QoS levels can even be carried out on a
per-measurement basis, with data flows and multicast streams inheriting the marking of their
most critical constituent data. Most modern switches and routers employ QoS schemes such as
Diffserv (RFC 2474) to detect and prioritize QoS-marked data packets in the case of scarce
network resources (transmission links, forwarding queues, input/output buffers, etc.) It is up to
users to classify the importance of their data flows and add appropriate QoS markings at the data
sources to aid in-network prioritization in the cases of contention.
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Figure 1. Multicast Routing and Data Flow Filtering
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ENABLING APPLICATION LEVEL INTEROPERABILITY
Using the aforementioned techniques, an IP-based telemetry system can be realized to handle
LTC data. However, we must also take a look at some mechanisms above the transport layer.
First of all, applications must be aware of standardized methods of formatting messages before
sending IP multicast packets to configured destination groups. We will also take a look at how
filtering can be implemented at data sources and sinks to select data flows and measurements of
interest.
From the approach presented thus far, we see that LTC data packets sent on the telemetry
network need standard fields for time-stamps, application-layer sequence numbers, and message
types (to differentiate LTC data from other data). Since standard IP multicast packet headers do
not support these fields, a standard payload format needs to be determined. At the time of the
writing of this paper, the iNET test article standards working group is discussing the
standardization of custom payload formats to meet project requirements for telemetry network
standards. The working group is also considering the adoption or adaptation of existing standard
packet formats such as the Airbus IENA (Instrumentation d’Essais des Nouveaux Avions)
format, the Inter-Range Instrumentation Group (IRIG) 106 formats, and/or several other
proprietary formats that may become open to the general community. There is also an option to
allow packet payload formats to be entirely described in metadata, resulting in flexibility in
implementation choices at the cost of additional application complexity for handling a metadata
configurable packet processing.
Assuming a particular implementation is using a standard packet payload format (or metadata
configured packet payload format) that supports the fields needed for the transfer of LTC data,
we will outline the task of filling a payload body with sampled data. To ensure the management
of latency and throughput data flows, data sources can use a relatively simple approach to decide
how to send sampled data. Limits of “maximum buffer size” and “maximum elapsed time” are
configured at the data source and the minimum of the two variables is used to determine when to
send the buffer of sampled data. Data sources send the contents of a sampled measurement
buffer to a data flow when either the “maximum elapsed time” expires or the buffer reaches the
“maximum buffer size.” This results in the ability to “control” the sending of data flows based
on a balance of latency and efficiency constraints. For example, setting a high “maximum buffer
size” value (with an arbitrarily high “maximum elapsed time” value) is the best choice to achieve
high network bandwidth utilization since packets are completely filled before sending and
overhead is minimized. On the other hand, setting a low “maximum elapsed time” value (with
an arbitrarily high “maximum buffer size” value) is the best choice to achieve low latency since
packets are sent at a necessarily minimum delay, albeit with higher overhead caused by smaller
packets. It should also be noted that sampled data from multiple acquisition measurements can
be sent in the packet payloads of the same data flow. In this case, additional keys or common
offsets should be used to partition the separate measurements for de-multiplexing at data sinks.
The setup of these keys and offsets can be described in standardized metadata and distributed to
devices for reference in data source generation and data sink processing.
Since we have discussed a unified approach for generation of data flows at source applications,
and the transfer of those data flows across the network to subscribed sinks, we should now focus
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on how applications can filter the data. Metadata describing the data flows, whether it is
explicitly used for configuration at run-time or implicitly designed into processing algorithms,
provides the basis for filtering throughout IP-based telemetry networks. Using metadata
described filtering methods for filling data flows with sampled measurements and assigning
those data flows to multicast groups, data sources can filter which data is sent to the telemetry
network. In the network, additional filtering occurs by the “pruning” of multicast trees (using
IGMP “snooping”) to send streams to only those data sinks that have subscribed to the multicast
group. Data sinks use metadata to determine which data flows belong to which multicast groups
and subscribe to the appropriate multicast groups based on the need of a particular part of the
stream. Data sinks can further use the metadata to filter streams to select only the data flows,
and even the specific measurements, of interest. The concept of filtering at the data sources,
network fabric, and data sinks is illustrated in Figure 1.

SYSTEM INTERFACES
The focus of this paper thus far has been using IP-based telemetry networks to transfer data
between distributed data sources and data sinks. This section aims to supplement the
mechanisms covered thus far with considerations for common interfaces between the telemetry
network and other parts of a typical telemetry system. This completes the picture of how the
network-centric subsystem for data acquisition can be used as a basis for full IP-based telemetry
systems.
We first must address the situation where test article networks are bridged with ground station
networks (and other test article networks) using a radio frequency (RF) network. Although the
RF network may use unique physical and link layer mechanisms for connecting multiple test
article and ground station networks, the wireless network can effectively be viewed as either a
link layer (layer 2) switch or a network layer (layer 3) router. If the RF network interface is
designed as a layer 2 switch, connected test articles and ground stations are treated as a single IP
network “cloud”. In this case, the RF network is transparently treated as another switch in our
network fabric, and our unified approach for multicasting from data sources to data sinks simply
works across the entire system. That being said, implementers may desire additional control of
the data sent across the RF link. In this situation, “proxy” network devices should be deployed
on test article networks to down-select data flows traversing the RF network. Using the data
delivery scheme described above, “proxy” devices effectively act as data sinks for the test article
networks, filtering data according to the metadata based schemes outlined, and act as data
sources for ground station and other test article networks, forwarding the selected data flows. If
the RF interface is designed as a layer 3 router, multicast stream packets traversing the RF link
must be handled by higher layer routing protocols such as the Border Gateway Protocol (BGP)
and Protocol-Independent Multicast (PIM) methods. This approach naturally handles RF
network bandwidth constraints by only forwarding multicast streams to test article and ground
station networks based on static or dynamic routing tables. Currently, iNET test article and RF
network standards working groups are jointly tasked with defining a unified approach to the
transfer of data across this interface. This interface will also be greatly influenced by a separate
working group formed specifically to handle iNET security considerations (i.e., encryption,
authentication, authorization, etc.).
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So far, producers and consumers of data on telemetry networks have been generically defined as
“data sources” and “data sinks.” These notional network pieces are effectively standardized
“adapters” of devices using IP-based telemetry networks for the transfer of data. The iNET
working group for test article standards has also been tasked with defining interfaces to several
common telemetry subsystems. These interfaces will rely heavily upon the basic connectivity
and performance-enhanced networking approaches covered above. We have already described
how peripherals (DAUs, recorders, etc.) interface to the network as data sources and sinks, but
additional considerations need to be made for standardized management and the adaptation of
legacy (non-network-based) devices. Also, many network-based telemetry systems aim to use
existing Serial Streaming Telemetry (SST) subsystems to carry a subset of acquired data. SST
subsystem interfaces to test article networks, while logically acting as data sinks, may also need
to filter data and will require standard methods for framing packet data into scheduled PCM
streams. Finally, standards need to be defined for specialized data transfer and management
through the use of Ground Service Equipment (GSE), which can act as both a data source and
sink for system setup and testing.
The multifaceted mechanisms and interfaces for the transfer of data in IP-based telemetry
networks require a holistic approach to system management. Network components such as
switches, routers, and adapters require configuration and often real-time control. The network
components should also respond to status queries and generate fault events when errors occur.
Looking beyond network management, system management is necessary to oversee the behavior
of network-connected devices such as peripherals, time sources, and interfaces to SST and RF
network subsystems. As such, standard interfaces must be defined for telemetry network system
management. This paper has also repeatedly pointed to the need for metadata to be shared
throughout the network to enable application level interoperability. Coupling metadata with
system management interfaces enables instrumentation interoperability through standard
methods for device configuration and hardware setup. Multiple iNET working groups are
cooperating to define these integrated test article, system management, and metadata standards.

CONCLUSION
The iNET test article standards working group is tasked with creating open standards for network
components and interfaces of IP-based telemetry networks. This paper presents a snapshot of the
working group’s current standards approach, outlining considerations for basic network
connectivity, network time synchronization, performance-enhanced data transfer, application
interoperability support, and common system interfaces. The standards being developed are
driven by functionality requirements of the telemetry network system architecture, while
allowing for interoperability between equipment and open competition between vendors.
From the technology trades presented in this paper, it can be observed that test article standards
first adopt existing technologies where appropriate. Although custom approaches are taken
when no commercially available alternatives exist, constituent technologies with implementation
experience serve as a basis for the standards. Furthermore, utilizing the layered approach of the
Open Systems Interconnection (OSI) model enables modular adaptation and extensibility as new
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technologies are developed. The ultimate goal of the current approach is to provide common
functionality and standard interfaces that enable flexible implementation and vendor-neutral
interoperability for the proliferation of IP-based telemetry network systems.
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ABSTRACT
The integrated Network Enhanced Telemetry effort (iNET) was launched to create a
telemetry network that will enhance the traditional point-to-point telemetry link from test
articles (TAs) to ground stations (GS). Two of the critical needs identified by the Central
Test and Evaluation Investment Program (CTEIP) are, “the need to be able to provide
reliable coverage in potentially high capacity environments, even in Over-The-Horizon
(OTH) settings”, and “the need to make more efficient use of spectrum resources through
dynamic sharing of said resources, based on instantaneous demand thereof”. Research
conducted at Morgan State University (MSU) has focused on providing solutions for both
critical problems. The Mixed Network architecture developed by MSU has shown that a
hybrid network can be used to provide coverage for TAs that are beyond the coverage
area of the GS. The mixed network uses clustering techniques to partition the aggregate
network into clusters or sub-networks based on properties of each TA, which currently
include signal strengths, and location. The paper starts with a detailed analysis of two
parameters that affect the performance of each sub-network: contention between the TAs
in the mobile ad-hoc network, and queuing at the Gateway TAs that serve as the link
between the mobile ad-hoc and the Cellular networks. Contention and queuing will be
used to evaluate two performance (distance) measures for each sub-network: throughput
and delay. We define a new distance measure known as “power”, which is equal to the
ratio of throughput over delay, and is used as a measure of performance of the mixed
network for Quality of Service (QOS). This paper describes the analytical foundation
used to prove that the “power” performance measure is an excellent tool for optimizing
the clustering of a mixed network to provide QOS.
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Quality of Service, Mixed Network, Adhoc, Contention, Throughput ,Delay, Power
performance measures
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I. INTRODUCTION
The integrated Network Enhanced Telemetry effort (iNET) was launched to create a
telemetry network that will enhance the traditional IRIG-106 point-to-point telemetry link
from test articles (TAs) to ground stations (GS). Research conducted at Morgan State
University (MSU) has focused on providing solutions for two important critical needs
identified by the Central Test and Evaluation Investment Program (CTEIP). They are:
“the need to be able to provide reliable coverage in potentially high capacity
environments, even in Over-The-Horizon (OTH) settings”, and “the need to make more
efficient use of spectrum resources through dynamic sharing of said resources, based on
instantaneous demand thereof”. The Mixed Network architecture developed by MSU has
shown that a cellular-adhoc hybrid network can be used to provide coverage for TAs that
are beyond the coverage area of the GS, while maintaining the desired level of QOS for
all the TAs in the network. The mixed network uses clustering techniques to partition the
aggregate network into clusters or sub-networks based on properties of each TA, which
currently include signal strengths, location , throughput and delay [1][2]. The paper
starts with an overview of the mixed network architecture followed by an analysis of two
parameters that affect the performance of each sub-network: contention between the TAs
in the mobile ad-hoc network, and queuing at the Gateway TAs that serve as the link
between the mobile ad-hoc and the Cellular networks. Contention and queuing will be
used to evaluate two performance measures for each sub-network: throughput and delay.
Finally, a discussion of new distance measure known as “power” is presented. This paper
ends with the discussion of the analytical and simulation results used to prove that the
“power” performance measure is an excellent tool for optimizing the clustering of a
mixed network to provide QOS for various applications.

II. MIXED NETWORK ARCHITECTURE
The Mixed Network designed by MSU is based on the following assumptions. It uses an
optimized clustering scheme based on distance and angle developed by Babasola [1] to
divide the network into a cellular with a GS and one or more ad-hoc sub-networks also
known as cluster cells (CC). It is assumed that the GS is located at the center of the
cellular network, and that several CCs are located around it as shown in Figure 1. All
TAs are equipped with dual interface Network Interface Cards (NIC) that allows them to
operate in cellular mode (CM), ad-hoc mode (AHM) or gateway mode (GM) depending
on their location from the GS. It is also assumed that each TA is aware of its
geographical location at all times through GPS or any other positioning mechanism.
Gateway nodes (GN) are capable of communicating in both cellular and ad hoc mode
simultaneously and they can be used to relay data from TAs that are operating in OTH
settings to the GS or vice versa. More information regarding the architecture of the mixed
network can be found in [1]. In a typical iNET scenario TAs that are operating in either
CM, AHM, or GM send their data to the GS for processing. The choice of the GNs is
very important to the overall performance of the network because they can create a
bottleneck between the adhoc network and the cellular network.
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Figure 1: Mixed Network Overview (source [1])
A closer look of the region in the mixed network where the GNs are located indicates that
the performance of the mixed network depends on the interaction between the TAs in the
two sub-networks. There are two important parameters that affect the performance of
each sub-network: contention between the TAs in the mobile ad-hoc network, and
queuing at the Gateway TAs that serve as the link between the mobile ad-hoc and the
Cellular networks as shown in Figure 2. Contention and queuing will be used to evaluate
two performance or distance measures for each sub-network: throughput and delay. The
two distance measures will then be used to manage the overall performance of the mixed
network for QOS applications.

Gateway
TA’

Ground
Station

Contention

Queue

Ad-Hoc
Network

Cellular
Network

Figure 2: Effect of Contention and Queuing

III. CONTENTION AND QUEUING IN THE MIXED NETWORK
A. Contention Model
The most widely used wireless standard that defines all aspects of radio frequency based
wireless networking is IEEE 802.11. There are two kinds of wireless networks:
infrastructure based and infrastructure-less. Infrastructure based wireless networks use
an access point, or a base station to provide connectivity for the wireless nodes that are
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within their range of coverage. Infrastructure-less wireless networks, which are also
known as ad-hoc, or peer-to-peer networks consist of wireless nodes (TAs) that can
communicate directly with all of the other wireless enabled nodes (TAs) .
Current Mobile Ad-hoc Networks (MANET) face two critical issues: routing and
multiple access, that affect their effective implementation. The lack of any centralized
control and possible node mobility in ad-hoc wireless networks give rise to many issues
at the network, medium access, and physical layers, which have no counterparts in the
wired networks or in cellular networks. The Medium Access Control (MAC) protocols
have to be able to allow as many nodes as possible to simultaneously use the available
bandwidth while avoiding interference and collisions. There are two types of MAC
protocols. The first one is the distributed, or contention based (random) MAC protocol
that is suitable for infrastructure-less ad-hoc networks. The second one is the centralized,
or “conflict-free” (scheduled) MAC protocol that is suitable for infrastructure based
networks. The main difference between the two MAC protocols is that packets
transmitted using contention-based protocols don’t have any guarantee to be successfully
delivered.
The first contention based MAC protocol is the pure ALOHA protocol [3] where nodes
transmit randomly without checking whether the channel is free or not. It was then
followed by the Slotted-ALOHA MAC protocol [4] where nodes transmit randomly but
within a given time slot. Although this approach still suffers from collisions, the use of
time slots minimizes the number of collisions compared to the pure ALOHA scheme. The
slotted-ALOHA MAC protocol was then replaced by the Carrier Sense Multiple Access
with Collision Detection (CSMA/CD) or Collision Avoidance (CSMA/CA) protocols [5]
that allows nodes that to avoid collisions by listening to the channel before transmitting.
The theoretical and experimental results discussed in this paper are based for reasons of
simplicity on the Slotted-Aloha contention protocol shown in Figure 3.

Figure 3: Slotted Aloha protocol
Source: Wikipedia - ALOHA http://en.wikipedia.org/wiki/ALOHAnet
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B. Queuing model
Queuing plays an important role in the overall performance of the mixed network
because it affects the performance of the GNs. A queue is usually referred as a collection
of packets temporarily stored in one or more buffers waiting to be processed. The most
commonly used queue processing technique is the first in first out (FIFO) technique,
where items are processed in the order that they are received. Both single server or
multi-server queues can be used to provide service for two kinds of traffic: priority and
non-priority. Queuing theory can be used to derive several queue related performance
measures such as the average waiting time in the queue or the system, the expected
number of items waiting or receiving service and the probability of encountering the
system in different states such as empty, full, etc… The theoretical and experimental
results discussed in this paper are based on the single server queue model shown in
Figure 4, and discussed in detail in [7].

Figure 4: Single Server Queue Example
The characteristics of a queuing model can be described using the Kendal’s A/B/C
queuing notation, where A represents the interarrival time distribution, B the service
time distribution, and C as number of servers. In our case, we used the M/M/1 queue,
which is the most basic and important queuing model. It assumes Poisson arrivals with
some rate λ, Exponential service times, a single server, and an infinite length buffer.

IV. POWER DISTANCE MEASURE FOR THE MIXED NETWORK
A. Analytical Derivations for Contention
The analytical derivation of the throughput and delay distance measures for the
contention constrained ad-hoc network is based on the assumption that the slotted Aloha
multiple access contention protocol is used. If we assume that we have contention
network with demand G, the probability of no collision is given by [6]: PNC = e −G , which
implies that the probability of collision can be expressed as: PC = 1 − PNC = 1 − e G .
The throughput of the contention network can be expressed as:
S (G ) = G ∗ e −G
(1)
The delay of the contention network can be derived by aggregating the delay due to
collision experienced by TAs that have to wait ”n” attempts with time slots “T”, and
based on their back-off window size “A” before sending their data. The final delay
equation can be derived by induction as follows:
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∞

∞

∞

n =0

n =0

n =0

Delay (G ) = PNC ∑ (T + nA)PCn = PNC ∑ T PCn + PNC ∑ (nA)PCn

(2)

Each term of the delay expression can be rewritten as follows:
∞
∞
1
PNC ∑ T PCn ⇒ is of the form ∑ x i =
⇒
1− x
n =0
i =0
∞
∞
x
PNC ∑ (nA)PCn ⇒ is of the form ∑ ix i =
⇒
(1 − x )2
n =0
i =0
∞
∞
TPNC
(P A)PC
Therefore: PNC ∑ T PCn =
and PNC ∑ (nA)PCn = NC
1 − PC
(1 − PC )2
n =0
n =0
T (PNC ) (PNC A)PC
APC
AP
Delay (G ) =
+
=T +
=T + C
2
(1 − PC ) (1 − PC )
(1 − PC )
PNC

(3)

Using PNC = 1 − PC . The overall delay is shown below:
APC
A(1 − e − G )
Delay (G ) = T +
=T +
PNC
e −G

(4)

B. Analytical Derivations for Q
The analytical derivation of the throughput and delay distance measures for the q
constrained network where the GNs operate is based on the assumption that we have an
M/M/1 queuing system. The relationship between the service time Ts, the time in the
system or total queue time Tq, and the utilization of the system ρ is derived in [7]:
T
Tq = s
(5)
1− ρ
Let’s assume for a system with QOS requirements that a packet will be dropped if its
queue time Tq is greater than some maximum threshold wait time Tmax. The probability
that the packet will be not be dropped (i.e. Tq < Tmax) can be derived as follows [7]:

[

]

P Tq p Tmax = 1 − e

− (1− ρ )Tmax

Ts

(6)

If we assume that the delay of the queuing network is equal to the wait time:
T
T
(7)
Delay (G ) = Tw = s = s (we are assuming demand G = ρ)
1− ρ 1− G
The throughput of the queuing network can be derived as follows:
E [throughput ] = G * [Pr ob _ Not _ Dropped ] = G * (P Tq < Tmax )

[

]

− (1− G )Tmax
⎡
Ts ⎤
E [throughput ] = G * [Pr ob _ Not _ Dropped ] = G * ⎢1 − e
⎥
⎣
⎦

(8)

C. Analytical derivations for the Power Distance Measure
Performance measures play a critical role in the design of any communication system
because they can be used to evaluate and compare it to other systems. The throughput and
delay performance measures were derived separately for the contention and queuing
networks. However, we need to use a “homogeneous” performance measure such as
6

power in order to characterize the overall performance of the mixed network and
synthesize the effect of the various “competing” performance metrics (such as throughput
and delay). The power performance function can be used to identify a communication
system’s optimum (best) performance point. The simple power function for a system at
some load G is expressed as follows [7]:
Throughput _ cont (G )
Power (G ) =
(9)
Delay _ cont (G )
The analytical power distance measure for the contention sub-network can be derived
using equations (1) and (4) as follows:
Throughput _ cont (G )
Ge − G
=
Powercont (G ) =
(10)
Delay _ cont (G )
A(1 − e −G )
T+
e −G
The analytical power distance measure for the queuing sub-network can be derived using
equations (7) and (8) as follows:
− (1−G )Tmax
⎡
Ts ⎤
G * ⎢1 − e
⎥
Throughput _ del (G )
⎣
⎦
=
(11)
Powerque (G ) =
Ts
Delay _ del (G )
1− G
Since contention and queuing affect the overall performance of the mixed network, the
aggregate throughput and delay due to both parameters can be computed as follows:
Aggregate _ Throughput = Throughput cont * Throughput que
− (1−G )Tmax
⎛
⎡
Ts ⎤ ⎞
Aggregate _ Throughput = Ge −G * ⎜⎜ G * ⎢1 − e
⎥ ⎟⎟
⎦⎠
⎣
⎝
Aggregate _ Delay = Delay cont + Delay que

(

)

(

⎛
A 1 − e −G
Aggregate _ Delay = ⎜⎜ T +
e −G
⎝

) ⎞⎟ + ⎛⎜

Ts ⎞
⎟ 1− G ⎟
⎠
⎠ ⎝

(12)

(13)

The aggregate power distance measure based on both contention and queuing is :
Aggregate _ Power (G ) =

Aggregate _ Throughput
Aggregate _ Delay

(Ge )* ⎛⎜⎜ G * ⎡⎢1 − e
−G

Aggregate _ Power (G ) =

⎣
⎝
⎛
A 1 − e −G
⎜⎜ T +
e −G
⎝

(

)

− (1−G )Tmax

⎤⎞
⎥ ⎟⎟
⎦⎠
⎞ ⎛ Ts ⎞
⎟⎟ + ⎜
⎟
⎠ ⎝1− G ⎠
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Ts

(14)

D. Simulation results and discussions
The analytical results derived in the previous three sections were simulated using the
MATLAB simulation software. It should be noted that the value of 20 on the “x axis” in
all the plots represents a demand of 100%. The aggregate delay and throughput of the
mixed network are shown in figures 6 (a) and (b). Our results are similar to other
theoretical results [6],[7], and prove that our analytical derivations are correct. The
aggregate throughput plots indicate a maximum value of around 15%. This is expected
because the maximum throughput of the slotted aloha contention protocol is around 37%.
Therefore, when we combine the effect of contention and q, we expect the overall
performance to deteriorate even more. The aggregate power plot for the simple power
function shown in figure 6(c) is similar to the theoretical results presented in [7], and
proves that our analytical derivations are once again correct.
The simple power function defined in equation (9) allows the user to identify only one
particular operating point for the network. Therefore, we modified the simple power
function in order to adapt it to the QOS requirements of our mixed network. Our goal is
to use the power function to optimize the clustering of a mixed network to provide QOS
for various applications based on their throughput or delay requirements. We modified
the simple power function by adding weights as exponents to each distance measure as
shown in equation (15).
Modified _ Aggregate _ Power (G ) =

( Aggregate _ Throughput ) w _ thr
( Aggregate _ Delay ) w _ del

(15)

We added the weights as exponents of each performance measure, because they allow us
to vary the operating point of the power performance measure along the “x axis” based
on the throughput or delay requirements. The two weighting factors (w_thr, and w_del)
can be used to put an emphasis on either the throughput or delay. This implies that we
can optimize the clustering of a mixed network to provide QOS for various applications
based on their throughput or delay requirements. The plots in figure 6(d) indicate that the
mixed network can be optimized for a performance that puts an emphasis on either
throughput or delay.
This implies that the clustering scheme for the mixed network proposed by [1] can now
be modified to include two additional performance measures such as throughput and
delay as shown in equation (16).
Cluster = [ Dist w_dist ,Angle w_ang ,Thru w _ thru ,Delay w _ del ]

8

(16)

Figure 6 Performance plots versus Demand

V. CONCLUSIONS AND FUTURE WORK

We have shown that both contention and queuing affect the overall performance of the
mixed network because of their impact on two distance measures: throughput and delay.
We have derived analytical results for the throughput and delay performance measures
for our mixed network. We chose the slotted aloha contention protocol because of its
simplicity in the derivations of a closed form solution for the delay and throughput. We
plan to expand our analysis to include the most commonly used CSMA/CA contention
protocol. We have also derived analytical results for a modified power performance
measure and have shown through simulations that it can be used to optimize the
performance of the mixed network based on QOS requirements.
The next step in our research is to derive the appropriate weights for the power function
and apply them to expand the clustering scheme shown in equation (16). This will allow
us to re-cluster and optimize the performance of the mixed network for QOS applications
based on distance, angle, throughput, delay, and any other performance measures such as
interference and frequency management. We have demonstrated that the power distance
measure is a powerful tool that can be used to optimize the overall performance of a
communication system.
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ABSTRACT
The integrated Network Enhanced Telemetry (iNET) and Test and Training Enabling
Architecture (TENA) projects are working to understand how TENA will perform in a Telemetry
Network System. This paper discusses a demonstration prototype that is being used to
investigate the use of TENA across a constrained test environment simulating iNET capabilities.
Some of the key elements being evaluated are throughput, latency, memory utilization, memory
footprint, and bandwidth. The results of these evaluations will be presented. Additionally, the
paper briefly discusses modeling and metadata requirements for TENA and iNET.
KEY WORDS
Network based instrumentation, Test and Training Enabling Architecture, TENA, middleware,
Common Object Request Broker Architecture (CORBA), iNET, Unified Modeling Language
(UML)
BACKGROUND
A significant investment in resources has been made by the United States Department of Defense
(DoD) in test and training ranges. These ranges are geographically separated and are used by the
military services and other agencies for evaluating systems and their effectiveness. Historically,
ranges have developed unique instrumentation systems, thereby creating a system of ranges that
do not adhere to the concepts of interoperability and reuse championed by the Office of the
Secretary of Defense (OSD) Central Test and Evaluation Investment Program (CTEIP). In order
to achieve reuse and interoperability across range resources, CTEIP created focus areas by
forming investment projects to address these issues. One of these projects was the Foundation
Initiative (FI) 2010 project which created an architecture, the Test and Training Enabling
Architecture (TENA), that defines a common language, established a communication
mechanism, and provides context that enables divergent systems to communicate via a
middleware framework [1,2]. Another project is the integrated Network Enhanced Telemetry
(iNET) project which also created an architecture, the Telemetry Network System (TmNS), that
defines the framework for enhancing existing test capabilities through the use of network
technologies to satisfy future anticipated needs while maximizing reuse of existing technologies.
1

The iNET project seeks to provide solutions to capture greater efficiencies in resource utilization
and to provide interoperability from among many different vendor components while increasing
capabilities. One specific area is in spectrum utilization through revolutionary changes in how
we execute flight test. The transmission and reception of telemetry data is critical to assuring the
safe and proper conduct of operations of immature weapon systems. The current standard, InterRange Instrumentation Group (IRIG) Standard 106, provides for point-to-point simplex serial
streaming telemetry (SST) with continuous transmission over dedicated channels. This IRIG
standard has evolved over time, attempting to keep pace with the growing demands for spectrum
and the political environment of shrinking spectral resources dedicated to telemetry. However,
these improvements and workarounds are inadequate for future needs. Systems compliant with
the TmNS architecture and supporting standards enable spectrum allocation for an SST
capability for time-critical information, but allow efficient use of other telemetry spectrum with
network packet messages. These messages will be communicated via a two-way network
telemetry link. The message content will enable the resending of telemetry data, flexible remote
reconfiguration of test setups, prioritization of spectrum use by different test articles according to
quality of service rules, and broad area telemetry. Additional background and overview
information regarding TmNS can be found on the iNET website [3].
The current TENA implementation provides interoperability at a system of systems level. The
vision is for TENA to extend this interoperability down to the device level; however, one
assumption made is that a general-purpose computing platform resides at the device level. Due
to current technological constraints of data acquisition devices in terms of SWAP (size, weight,
and power) where some devices may not have any processing capability and those few that do
are used for the acquisition process and management of the interfaces on the device.
Interoperability between vendor hardware components is critical to the test community; however,
the proprietary nature of the hardware component vendors involved makes them hesitant to
embrace the TENA "philosophy."
Additionally, TENA provides a method for defining object types, whereas TmNS (via MDL)
provides the instances and deployment of these object types. The metadata Measurement
Description Language (MDL) provides the component level interoperability and the deployment
of instances. The information modeled in MDL supplements the TENA object models and can
be fully incorporated into TENA. The iNET/TENA demo will demonstrate how the TENA
Definition Language (TDL) can provide type information and MDL can provide deployment and
instances to create a full telemetry instrumentation system description. Additional background
and overview information regarding TENA can be found in the Introductory Documentation
section of the TENA website [4].
So, simply, TENA provides the software architecture for applications, while TmNS provides the
architecture infrastructure for those applications to run over, and the Metadata provides a
common language for managing the TmNS. This feasibility demonstration attempts to quantify
the constraints and interdependencies of integrating these three components.
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NEED FOR PERFORMANCE EVALUATION
There are currently no formal performance metrics concerning the use of the TENA middleware
as a means for transporting test data in a test environment. As the U.S. DoD progresses towards
the goal of a common architecture for all test, training, and evaluation ranges, it is important to
evaluate how the common architecture (TENA) will perform in a telemetry network system. The
primary objective of this effort is to create 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.
TESTING METHODOLOGY
The demonstration system consists of two primary elements: a set of realistic flight hardware,
and a Linux PC farm for simulating a large instrumentation network.
The realistic flight hardware setup, Figure 1, will be based on wireless network utilizing 802.11
for Radio Frequency (RF) along with Ethernet wired connections for Telemetry Network System
(TmNS) simulation. The 802.11 wireless connections will simulate the test article to ground
station path. Moving test articles might also be simulated by controlling the wireless channel
through the insertion of attenuators in the RF path. Dropouts and reconnects can be simulated by
putting in excessive attenuation for short periods of time. Performance measures will be based
on the iNET Test Capabilities and Requirements Document (TCRD). Hardware from a
pre-existing demonstration shown at the iNET booth during the International Telemetering
Conference (ITC) 2007 will be used for this effort.
This demonstration included
prototype/demonstration flight hardware and iNET metadata. The box labeled “Simulated
TENA DAU” in Figure 2 refers to a PC104 (or other small form factor) single board computer
on which the TENA middleware and demo software will run.
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Figure 1. Realistic Flight Hardware
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Figure 2. Realistic Flight Hardware Block Diagram

Both the realistic flight hardware and the PC farm will use a metadata file to configure the data
acquisition units (DAUs), recorder, and network switches. The metadata file is an XML file that
describes the complete test configuration. Figure 3 and Figure 4 show representative portions of
the expected objects, data flows, and their relationships with the metadata. Figure 3 provides a
graphical representation of how remote objects are used in a TENA software implementation.
For example, the figure presents a graphical user interface (GUI) for viewing iNET
measurements. The measurement viewer (Meas Viewer) subscribes to a remote object that
provides measurement data from a strain gauge. The TENA middleware provides the mechanism
for subscribing to this data by providing what is called a Stateful Distributed Object (SDO) for
the strain gauge. The measurement viewer application is able to access the strain gauge via the
SDO as if the object was a local object. The network connection between the realistic hardware
and the iNET GUI will be via an RF link. Figure 4 represents the logical data flow for both
analog (Measurand) and digital (camera) sources, and the overarching interaction between the
metadata file and the demonstration system.
The metadata file contains descriptions of the test from many different perspectives, including
models of the instrumentation network, the measurements to be captured, the instrumentation
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hardware, and the data formats that will transport the measurement data across the network. The
metadata file is used to configure the components that make up the test article, including the
network itself, the instrumentation hardware, and the applications that will consume the
measurement data. The metadata file provides all the necessary information needed to configure
all of the hardware for a particular test. As shown in Figure 4, the metadata file provides
configuration parameters for every aspect of the test, from the capture of test data to the display
of that data. The dotted lines in the figure indicate the configuration of the test components, and
the blue lines represent the flow of test data.

Figure 3. Representative TENA Objects

Figure 4. Logical Processing Flow w/Overarching Metadata Description
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One objective of this demonstration prototype is to define the tools necessary to create TENA
object models that map to the metadata. The current version of TENA provides a web-based
compiler suite for creating TENA object models from a text document written in the TENA
definition language (TDL). The web-based compiler creates the C++ source code for the objects
defined in the TDL file, and code “stubs” are generated for the methods provided by the objects.
It is then up to the application developer to “fill in” the auto-generated stubs with the application
specific code.
Another tool has been developed for the TENA community to help with the creation of TDL
files. This tool is a plug-in for the Unified Modeling Language (UML) software suite
MagicDraw [5]. This plug-in provides a mechanism for converting a UML drawing of a TENA
object model into a TDL file. Using these tools, and others that may have yet to be defined, the
prototype effort will look to create a “tool chain” like the one presented in Figure 5. The figure
provides the basic steps that would be used to create a TENA application for the demonstration
prototype. The first step is not automated, as it requires a human to create the object models in
MagicDraw. These object models provide the SDOs for resources in the system and for
measurements defined in the metadata. Once the UML drawing has been completed, the next
step is to use the MagicDraw TENA plug-in to create the TDL file. Once the TDL file has been
created, the file is submitted to the TENA website [4], and the C++ code is generated by the
TENA compiler. Next, the C++ source code is retrieved and processed with a “code generator”
that will fill in the C++ stubs created by the TENA compiler with application-specific code.
Finally, the source code is compiled into an executable binary file (EXE), which will then be
installed on the target computer platforms.

Figure 5. Metadata to TENA Tool Chain
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Once basic parameters are measured utilizing the realistic system, workloads will be constructed
to force processor nodes in a Linux PC farm to operate in a similar fashion (as shown in Figure
6). Once the workloads are set up, the farm will be used to evaluate large-scale performance
metrics. A PC platform will also be used for early development and defining TENA hardware
requirements. For each test performed, where applicable, the following metrics will be collected
and documented. Specific tests are likely to include additional metrics.
1. Transport latency
2. Transport throughput
3. Data integrity
4. Bit Error Rates (Channel conditions)
5. Start and restart times
6. Packet size to determine TENA overhead
7. Tuning of Linux kernel
8. Verify multicast assignments

Figure 6. Linux PC Farm Setup

The prototype/demonstration DAUs will need to be controlled, and thereby will support
evaluation of the use of TENA for iNET system management functions. The Simple Network
Management Protocol (SNMP) will be used to manage network performance, find and solve
network problems, and to provide insight into planning for increased data growth.
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CONCLUSION
At the end of the demonstration period, the team will document what works and what does not
work, based upon the metrics collected during the demonstration period. This will also include
what will likely be possible in the future based on predicting advancements in flight test
hardware, networks, and TENA software implementations. It is expected that performing and
documenting this effort will provide guidance to future science and technology topics for iNET
and TENA. The collected metrics will be shown at the International Telemetering Conference in
October of 2008.
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ABSTRACT
The majority of currently operating flight test programs around the world utilize PCMbased airborne instrumentation systems. Most instrumentation engineers are very
comfortable with PCM-based data acquisition systems, and feel uncomfortable when
talking about network implementations and the adoption of iNET. In order for these
engineers to embrace this new technology, migrating from a PCM to network topology
must be done in an evolutionary manner that provides for the preservation of capital
investment while introducing new system concepts that enhance current instrumentation
systems.
This paper describes hardware components that enable instrumentation engineers to
migrate their existing PCM-based instrumentation system to a network-based system.
Several of these components are discussed to illustrate how they provide a controlled
migration path to a network-based system. These components include time distribution,
gateways, network data selectors, network switches, transmitters, transceivers, and
recorders.

KEY WORDS
Network, iNET, IEEE-1588, Gateway, Data Acquisition

INTRODUCTION
PCM-based data acquisition systems are commonly used in most flight test programs.
This in turn implies the existence of an air and ground infrastructure to support the PCM
system. This infrastructure includes large investments in capital equipment, software, and
most importantly, decades of engineering experience. A transition from a PCM-based
system to a network-based system must be made in a way that that preserves most of the
current infrastructure investment, and supplements that investment to transition into a
network-based system at minimal cost while providing maximum system flexibility.
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The iNET (Integrated Networked Enhanced Telemetry) program, which is sponsored and
funded by CTEIP, is chartered to “Determine Feasibility of RF Networks” and to
“augment and enhance current PCM technology”. The key to iNET’s success and the
ability of any network-based instrumentation system to make an inroad into current and
future programs is the ability of that system to “augment” and “supplement” customer
based infrastructure during the transition phase.
Instrumentation engineers must view network-based instrumentation systems as an
opportunity to enhance existing systems with capabilities that PCM systems alone cannot
provide. The network allows the acquisition of data, the distribution of time, system
setup, system status, and control through the network bus as discussed in [1]. Networkbased systems also support the infusion of mature commercial technology, tools, and
scalability that our industry could not afford to develop on its own due to its relatively
small market size. Most importantly, network-based systems can add capabilities and
features such as two-way communication with a test article, real time data mining, test
article function adjustment and reconfiguration while airborne, and reduction of cost and
program test cycle time.
This paper will not discuss the software challenges facing the system provider or the user
of a PCM system in transition to a hybrid network/PCM or network only system. These
challenges are discussed in [2], [3] and [4]. The paper will primarily concentrate on the
basic hardware building blocks of an airborne instrumentation system and the way in
which one may go about using a hybrid PCM/Network system, and methods to gain the
experience to slowly embrace the network environment while minimizing time and cost
of the transition.

PCM-based Data Acquisition System
PCM-based airborne data acquisition systems components are widely known and
commonly used in most flight test programs. These components have well understood
characteristics. These characteristics include:
Unidirectional data movement – Data moves from the sensor to the onboard recorder
and/or the transmitter; these systems have minimal flexibility to redirect data to other
destinations, just short of rewiring the system.
Synchronous data movement – Data is highly deterministic due to the precise state
machine execution of the PCM format. Data is sampled at the PCM word rate, and data
arrives with a fixed delay due to precise data pipelining for all data channels.
Static quality of service – The quality of service for a given system, wiring, and format
is static.
Separation of control and data transfers - When control utilizes data path wiring, that
data must be interrupted to perform the control function. Additional wiring may be
required if data cannot be interrupted.
Separation of time and data path - Units requiring IRIG time must use additional
wiring to provide the time base information to local/remote acquisition units.
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PCM-based Data Acquisition Components
Most instrumentation engineers are very familiar with the basic components that make an
airborne data acquisition system. A brief description of those system components is
provided.
Data acquisition remote slave units – These units condition and acquire sensor data,
selected avionics data parameters or complete avionics bus data. Some are function
specific units such as pressure scanners, thermocouple scanners, and avionics specific
acquisition units. These units are generally connected to a PCM controller unit via a
CAIS (Common Airborne Instrumentation System) bus, or a vendor proprietary bus. The
units use synchronization signals from the PCM controller and have a bandwidth of up to
20 Mbps. Some units provide PCM output directly to a system recorder while selected
data is sent to the system controller. If IRIG time is required to time stamp acquired data,
additional wiring is used to provide the time base information to the remote unit.
PCM Controller Unit – This unit can either be a controller only or a controller with
built-in data acquisition capability. The unit utilizes a communication bus (i.e. CAIS or
other) to communicate commands and synchronization signals to remote slave units, and
to receive selected or all data from the remotes. A controller interface topology with
remote units is either daisy-chained or starred, or may rely on a combination of the two.
Generally, system configuration is done via the controller unit. Controllers provide
system synchronization timing and operate at up to 20 Mbps. Most controllers provide all
or a subset of their data for telemetry transmission.
Telemetry transmitter – The transmitter receives PCM data from the PCM system
controller unit for continuous data transmission of safety of flight data. Frequency and
transmission power varies based on the application. Most transmitters are designed to
operate at the lower L-band, upper L-band, or S-band, and provide PCM-FM or SOQPSK
modulation.
Data Recorders - Recorders vary in functionality, bandwidth, and integration with the
rest of the PCM system. The simple small PCM recorders are either integrated with a
system controller or standalone, and record PCM stream at up to 20 Mbps. Newer, more
complex recorders (IRIG Chapter 10 recorders) acquire data from multiple PCM streams,
avionic busses, video/audio, Ethernet, Fibre Channel, etc. These recorders have a
recording bandwidth of up to 1 Gbps. Generally, recorders are not fully integrated with
the PCM system, and few of them have the capability to “cherry pick” incoming avionics
data parameters for telemetry of safety of flight without re-acquiring the same avionics
bus by the data acquisition units. Some data recorder units provide data pass-through
using an Ethernet bus with no capability to mine the data, while others may provide data
mining capability. Most complex data recorders effectively operate as high speed data
multiplexers with either built-in media storage or external storage.
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Migrating from PCM to Network
Migrating to a network-based system while reusing existing PCM assets allows the user
to start building their confidence and experience with network-based systems. A networkbased system provides a different set of characteristics to the user as compared to the
PCM systems described earlier. The characteristic elements of a network-based system
include:
Packetization of data – a transformation from a continuous stream of data into a
discrete data packet movement. Data packets require accumulation of data to create the
packets, which create an inherent delay due to the accumulation latency.
Bi-Directional packet movement – A network node has no inherent directionalism.
While at one moment it may output a data packet, the next moment it may receive a time
packet, node status request packet, etc. A recorder node may receive real time data
packets from acquisition nodes for storage, and output previously stored data upon
request.
Asynchronous arrival of data – While the sampling frequency of a parameter occurs at
a predefined rate, the resources used to transfer that parameter and its data packet are
shared among other nodes on the network. If we measured the arrival time of packets
from a single source that collected its data in a synchronous fashion, we would find the
packets spread out into a normal distribution centered on a mean value.
Dynamic quality of service Parameters – The network can be setup to prioritize data
from particular sensor/node. This is particularly important when data packets compete
for the same resources as the status packets.
Intermix of Data, Control, and Time – The network has no need for separation
between the different type of packets and direction of flow of those packets. The packet
header contains addresses that identify the source and destination of the packet. Higher
level protocols identify control functions. User applications identify user encapsulation
of data payloads for any user specific functions.

Network-based Data Acquisition Components
The transition from a PCM system to a network system does not have to be a decision of
either PCM or network. The transition, by its nature, can be an evolutionary one, where
the user can have a combination of the two, if reuse of existing PCM assets is of
importance. The first important components to be discussed in this section are the various
gateways. These components allow the user to transition from one medium to another
medium. The second set of components discussed are components that are inherently
designed as network components or components that have been converted from PCM by
way of replacing some internal communication circuitry.
PCM to Network Gateway – This device receives data and clock from the PCM system,
performs data decommucation, frame time tagging, and data packetization for
transmission over the network. The gateway supports the programming, verification,
setup, and system inventory status of the PCM system by way of converting network
packets to RS-232/422 wired signals to the PCM system as shown in figure 1.
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Figure 1. PCM to Network Gateway
Users of a PCM system can immediately experiment with the gateway for many
applications while at the same time, the PCM system provides its PCM data to onboard
recorders and a TM transmitter. These applications may include:
• Using the gateway to allow the user to program the PCM system using an
Ethernet connection.
• Use of the gateway to acquire the data via Ethernet for preflight checkout or an
airborne computer without the use of a PCM decomutation card.
Network to PCM Gateway – This device connects to the network side of the acquisition
system, performs parameter selection from incoming data packets, and formats the data
for a continuous PCM and clock output as shown in Figure 2. The unit operates either as
a “parameter data selector/formatter” or as a “converter from network data packets to
PCM mode.” The first mode assumes that the user provides the gateway only with
multicast data packets that include data to be selected. The unit outputs PCM data at up to
20 Mbps. The gateway can optionally convert the PCM back to network packets for
transmission over the network for data recording.
The Network to PCM Gateway is a necessary component if telemetry is required in either
a PCM/network hybrid system, and in a network only system. iNET is currently defining
its RF transceiver for communication to and from an airborne test article to the ground
receiving equipment. Additionally, iNET assumes that serial streaming telemetry will
coexist with the transceiver communications; the gateway performs the necessary tasks to
support this capability.

Figure 2. Network to PCM Gateway
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In converting a complete set of data packets into a continuous PCM stream, one can
imagine an application where a network to PCM unit is used on a test article, and PCM to
network is used on the ground to reconstruct the network packets to their original form as
shown in figure 3.

.Figure 3. Application of Ethernet to PCM and PCM to Ethernet gateways
Time distribution Gateway - When operating in a network-based system only or a
system that includes PCM and network, one must satisfy the requirement to achieve time
distribution to all subsystem components. For some systems the time source is IRIG-B
time, and for others the time is provided via an antenna hookup to a GPS receiver. The
Time Distribution Gateway is built into the network switch and receives time in the form
of a GPS signal, IRIG-B modulated or non-modulated time, or IEEE-1588 time over the
network. The gateway generates IRIG-B time modulated or non-modulated time, and
distributes time over IEEE-1588 as a master or as a slave unit.
Network Switch – Network switches interconnect and route data, control, time, and
status between all network nodes as described in detail in [5]. The nodes may include
gateways, data acquisition units, avionics acquisition units, recorders, RF transceivers,
processors, workstations, etc. Selecting the right switch is not a simple task. The user
must be aware of the many choices and decisions that need to be made to select the right
switch. The following are some of the key considerations:
• Data bandwidth – Maximum bandwidth aggregation as measured from a few
megabits/sec to several gigabits/sec
• Packet switching rate – Maximum number of packets passing through the switch
per second. It is measured as a few tens of thousands of packets per second to
millions of packets per second
• Multicast address switching – Is the switch capable of switching large amounts of
multicast addresses, and large amounts of multicast packets (most commercial
switches are not capable of doing either).
• Number of ports per switch – 4, 8, 16, or more
• Maximum data rate per port
• Port interface medium – Electrical (10/100BaseT or 10/100/1000BaseT) or
Optical (100Base-FX or 1000Base-X), and the number of electrical vs. optical
ports per unit.
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•
•
•

IEEE-1588 Time support – Operation as a boundary clock only or capable of
operating as a grand master clock.
Operation as a time gateway- Built-in GPS, Accept IRIG-B time, Generate IRIGB time, etc.
Environmental requirements.

Network Data Acquisition Unit – Network DAUs vary in size, capability, rate, and
functionality. All network DAUs should be IEEE-1588 time capable. Some DAUs are
identical to their PCM counterpart with the exception of the network interface. Other
DAUs are highly specialized to acquire and filter vast amounts of data such as ARINC664 and Ethernet. The following are some of the choices:
• Miniature DAU vs. Large DAU – The miniature DAU can be used in small
tight spaces, and very rugged environment. The miniature DAU may provide
fewer channels per circuit card as compared with the large DAU.
• General Purpose DAU – Acquire data from a wide variety of analog signal
conditioners, Bi-Levels, synchro/resolver, temperatures, selected data from
avionic busses (MIL-STD-1553, ARINC-429, SDLC, Cross channel Data Link,
RS-232/422, etc.), Video and Audio. These DAUs generally operate at rates of
up to 20 Mbps.
• High Speed DAU – Acquire 100% data or filtered data from one or more
asynchronous sources for packetization and transmission over the network. These
DAUs operate at 50 Mbps or higher and acquire data from ARINC-629, Ethernet,
MPEG-2 Video/Audio, JPEG-2000 Video, JPEG-2000 High Resolution
(1600x1280) Video, MIL-STD-1553, ARINC-429, LINK-16, FAAD, Link-11,
and other custom buses.
Network Recorders – Network recorders are vastly different from IRIG-106 Chapter 10
recorders, which are effectively their counterpart in the PCM world. One should think of
a Chapter 10 recorder as a single integrated multiplexer and data recorder, whereas, the
network system can be seen as a large distributed multiplexer and data recorder. This
view is taken from the hardware architecture point of view, and leaves out the data packet
format. The Network recorder acquires data packets over one or more network ports, and
operates as a data destination and data source for data mining simultaneously. The
recorder must be IEEE-1588 capable, be configured, controlled, and allow data to be
downloaded over the network as shown in [6]. The recorder data rate and capacity must
take into account the overall network bandwidth, the need for data mining, storage of
measurement metadata, and other data generated by onboard flight test engineers (where
applicable).
The network packet recorder may take many forms as shown in figure 4a, 4b, and 4c.
Figure 4a shows the simplest and most efficient way to implement a network packet
recorder. This recorder provides the system architect with the maximum flexibility in
defining the data packet format optimized for a network architecture, and real time data
mining while in record mode.
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Figure 4a. Network Recorder attached to a Network Switch

Figure 4b is similar to figure 4a with the addition of a high speed data multiplexer. The
multiplexer may be necessary when acquiring very high speed data such as Fibre
Channel, IEEE-1394, and others. The multiplexer allows for bypassing the network for
transmitting large amounts of data.

Figure 4b. Network Recorder attached to a Network Switch and High Speed Multiplexer
Figure 4c shows the use of IRIG-106 Chapter 10 as a network recorder. This approach is
possible, but highly limited in terms of packet format, absence of IEEE-1588 time
representations in Chapter 10, efficient use of network bandwidth, and most importantly
the lack of absolute time within every data packet for use in data mining. An additional
limitation of this configuration is that Chapter 10 does not require the recording of system
metadata, but rather only the TMATS configuration used for the multiplexer recorder.
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Figure 4c. IRIG-106 Chapter 10 Recorder configured as a Network Recorder
Serial Streaming Transmitter – This is a standard PCM-FM or SOQPSK transmitter for
transmitting safety of flight data to the ground. The transmitter requires the use of a
“Network to PCM Gateway” to generate PCM from incoming data packets.
Network Transceiver – This device allows for two way IP-based communications
between the airborne test article and the ground. The primary goals of the network
transceiver are to allow for data mining of the recorder and to retransmit data needed to
augment lost information from drop-out in the transmitter. It provides test engineers the
capability to mine the flight recorder, reconfigure some airborne settings, and perform
many other functions not available in today’s systems. See [7] for further details.

Network System Architecture
We reviewed the basic components of the PCM and the network systems. We have some
basic understanding of the functionality of each component. Figure 5 shows a generic
system diagram that makes use of a PCM system, PCM to network gateways, Time
distribution gateways, Network to PCM gateway, Network switches, Network DAUs,
Network Recorder, Network Transceiver, and High-Speed Multiplexer.

Figure 5. Typical Hybrid PCM/Network System
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Conclusions
This paper demonstrates a potential road map for migrating from a PCM data acquisition
system to a network-based data acquisition system. Users can already start experimenting
with taking small steps in using network components to build knowledge, experience, and
capabilities using their existing PCM assets with minimal cost. This paper shows how the
functionality of gateways and other network components can ease the transition from a
PCM data acquisition system to a fully network-based solution.
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ABSTRACT
ARINC 664 presents the designers of data acquisition systems challenges not previously seen on
other aircraft avionic buses. Among the biggest challenges are providing the test instrumentation
system with the capacity to process two redundant Ethernet segments that may be carrying
packet traffic at near wire-line speed. To achieve this level of performance, the hardware and
software must not only perform mundane operations, like time stamping and simple virtual link
MAC filtering, but also need to implement core ARINC 664 functions like redundancy
management and integrity checking. Furthermore, other TCP/IP operations, such as IP header
checksum, must also be offloaded to the hardware in order to maintain real-time operation. This
paper describes the implementation path followed by TTC during its development of an ARINC
664 network monitor used in a large commercial aircraft flight test program.
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INTRODUCTION
ARINC 664 Part 7 (A664) is a standard that defines the electrical and protocol specifications for
a communications network suitable for use in an avionics environment. This standard is based on
earlier work done by Airbus called AFDX (Avionics Full Duplex Switched Ethernet) and used
for the A380. The main objective of ARINC 664 is the creation of a deterministic data network
that can be used for flight critical applications. This is accomplished by providing dedicated
bandwidth to each communication path in the network and allowing for the specification of the
quality of service (QOS) available to each node in the system.
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An ARINC 664 network consists of aircraft host computers and switches. In the ARINC 664
network, the aircraft computers are the consumers of communication services in the network.
The End System (ES) layer, within the host computer, provides this service. The End System
enables the software applications running on the host computer to send and receive data in a
reliable and secure way. Thus, the End System not only corresponds to the concept defined in the
OSI protocol suite [1], but also has an additional layer that gives the ARINC 664 network its
deterministic characteristics.
End Systems are interconnected using packet switching computers called “AFDX switches”. The
switches’ main task is to exchange frames between the End Systems connected to its ports. In
addition, the switches enforce traffic policies on the preconfigured virtual links that the users
statically define. A Virtual Link (VL) is a pipe employed by an End System to transmit data
across the network. A Virtual Link is a unidirectional point to multipoint communication path
that provides service analogous to those found in Asynchronous Transfer Mode (ATM) Constant
Bit Rate (CBR).

VL
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Figure 1: Simple AFDX network
Figure 1 demonstrates two important concepts of an ARINC 664 network.
1. Redundancy
This property of the ARINC 664 network is accomplished by having two independent paths
between each End System. For each Virtual Link, a transmitting End System sends a copy of
the data to both networks. The receiving End System accepts the first instance of the data to
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arrive and silently discards the other copy. In Figure 1, the MCS End System is sourcing all
three virtual links on the network. The system designer pre-configures the VLs for
redundancy, forcing the End System to transmit the same frame on both Network A and
Network B.
2. Traffic Shaping
Each Virtual Link regulates its maximum transmit rate by using two configurable parameters:
a. Bandwidth Allocation Gap (BAG) that regulates how often the Virtual Link is
allowed to transmit on the network and
b. The Maximum Frame Size (Lmax).
Computing the bandwidth allocated to a Virtual Link is a function of the BAG in Hz and
Lmax in bytes. For example, in our simple A664 network, the maximum bandwidth
allocated to virtual link 1 is computed by multiplying Lmax by the rate in seconds (420 *
1000/2) = 210Kbytes/sec.
These two properties make the ARINC 664 network very predictable in terms of the rate of
traffic that an End System is expected to initiate or terminate. The A664 network system
designer knows ahead of time the resources that the network is going to need and programs the
AFDX switches accordingly. The engineer that designs an aircraft End System selects a
processor capable of handling the traffic load that the End System is expected to process and
does not need to worry about any other traffic patterns on the network since the switch and the
built-in MAC filters will discard all the traffic that does not belong to the End System. The
engineer that designs the Fight Test Instrumentation (FTI) system that captures the network
traffic has no previous knowledge of what is expected of the FTI End System. All the FTI
engineer knows is that the system must be able to handle two full-duplex 100Mbps lines.
Consider the following instrumentation requirements:
a.
b.
c.
d.
e.

Terminate up to 65535 Virtual Links
Must be able to process up to 148,800 frames per link
Selectively perform Redundancy Management and Integrity Checking
Keep statistics for each Virtual Link
Timestamp all received frames within 100 nanoseconds

The approach chosen by Teletronics Technology Corp (TTC) was not only to offload traditional
functions such as timestamping to the hardware, but also the Virtual Link protocol defined in
ARINC 664 Part 7[2].

IMPLEMENTATION
The Mn664-2000L is a miniature networked encoding unit that processes and delivers packetized
A664 data to designated nodes in the network. It is designed to capture packets received from
ARINC-664 switches and feed processed frames into the network. It consists of a unique
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ARINC-664 interface module using a custom A664 FPGA, an IEEE 1588 time and Ethernet
interface module, a processor module running real-time Linux, and a 15-watt power supply. See
Figure 2 for an instance of the Mn664-2000L components.

Figure 2: Mn664-2000L
The hardware platform chosen in the design of the A664 MnDAU combines the flexibility of
two processors running real time Linux with the performance of two dedicated FPGAs. One
processor is dedicated to servicing the A664 protocol while the second performs data
encapsulation and transmission to the data acquisition network. The actual breakdown of
functionality in the unit is as follows:
Table 1: Mn664-2000L Functional Partitions
Module
ARINC-664 bus interface

Description




I/O board: one A664 channel pair (Tx/Rx * 2), an A664
FPGA, and bidirectional optical transceivers
Slave processor board:


32MB RAM, 64MB Flash memory



Memory bandwidth 533 MBps peak



Integrity checking and redundancy management
compliant with ARINC-664 Part 7



Timestamps and DMAs the captured ARINC-664
packets



Serial RS-232 engineering port
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Module

Description







Main processor




IEEE 1588 time and
Ethernet interface




Power supply

Onboard 32MB RAM and 64MB Flash memory
Serial RS-232 engineering port
1PPS signal output
Software-based real-time Linux
ARINC-664 and network driver
IEEE 1588 time synchronization
10/100 Base-T Ethernet port
28 VDC +/-4V with input filter
15 Watts output

Figure 3 below shows two processors that are connected via a PCI Bus in a master-slave
configuration. The processor directly connected to the FPGA is the slave processor. This CPU
interfaces to the A664 FPGA through the processor’s local bus. The function of the master
processor is to program and control the acquisition of frames within the slave processor.

Processor
Local bus

AFDX
Net A
FPGA

Management
Network

Slave
Processor

Master
Processor

AFDX
Net B

DPRAM
PCI Bus

Figure 3: A664 MnDAU Platform
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A664 FPGA DEVELOPMENT

During the development of the ARINC 664 MnDAU, the main focus was on the design of the
FPGA that was handling the redundant frames. To support fast and efficient processing of
frames, the FPGA has a local dual-port RAM. It is used as a direct lookup of Virtual Link
information and to buffer incoming frames until the FPGA is ready to handle the received data.
This FPGA is placed on the MII bus between the PHYs and the slave PowerPC processor. This
means that the FPGA has to compute the frame check sequence (FCS-32) on all incoming frames
as well as generating the FCS-32 once the A664 sequence number is extracted and the timestamp
is appended to the frame.
To leverage the hardware, all the Virtual Link functions defined in the ARINC 664 specification
part 7, filtering and statistic collection were implemented in the FPGA.
These functions include the following:
•

ARINC 664 functions
o Integrity checking per Virtual Link ID and network
o Redundancy management per Virtual Link ID, SkewMax and sequence number
range

•

Filters
o Defaults to discard all incoming A664 frames
o Filters based on Virtual Link ID
o Filter on source and destination IP address
o Filter on source and destination UDP port
o Integrity based on virtual link ID
o Redundancy based on virtual link ID

•

Ethernet
o Computes the receive frame check sequence
o Discards A664 frames with errors
o Provides the status of:


Bad CRC



Frame errors including run, overflow, byte and non-UDP



Integrity resets

o Replaces the source MAC address and type with the eight bytes of timestamp
o Recomputes the CRC-32
o Retransmits to the MAC devices
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Figure 4: FPGA Architecture

SLAVE PROCESSOR

The Slave processor core function is to program the Virtual Link table stored in the FPGA’s
DPRAM and to receive the frames that passed the Integrity Checking and Redundancy
Management procedures. This processor provides 32 Mbytes of DRAM that is used for program,
frame storage and IP reassembly queues. Most of the work of the Slave processor is in setting up
data transfers across the PCI bus. For this task, embedded DMA engines within the processor are
used to perform the actual data transfer. The use of DMA makes the end-to-end delivery of data
without the need of processor driven I/O. Another critical task performed by the Slave processor
is the reassembling of fragmented IP packets. The IP fragmentation and reassembly procedure is
described in IETF RFC 791[3].

MASTER PROCESSOR

The master processor for the Mn664-2000L stores the program code and configuration data used
by the system. The master processor executes the operating system, drivers, and application
software. All user interactions with the system occur through the master processor. In addition,
the module containing the master processor provides the connectors that attach to other modules
in the Mn664-2000L. Each connector has a combination of buses, clocks, and voltage rails. The
following buses are supported between the master processor module and other modules:
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 The master processor local bus is connected to the module which implements the data
acquisition Ethernet interface

 The master processor MII Bus is connected to the IEEE 1588 module that implements the
PTP protocol

 The master processor PCI Bus is connected to the slave processor module
 A backplane connector is used to distribute power to all the modules in the stack
CONCLUSION

Specialized avionics communications buses require specialized instrumentation systems to
interface and record data from them. The Mn664-2000L is an example of a highly specialized
device that can accept data from two fully redundant Ethernet interfaces running at near line rate
speeds and still meets the requirements commonly expected of instrumentation test equipment.
This paper has provided an outline of the approach taken by one company to draw a practical
line between software and hardware implementation constraints that provided a cost effective
and efficient solution to a difficult testing problem.
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ABSTRACT
This paper presents the Flight Test Instrumentation Manager Software application internally
developed and used inside the Eurocopter Flight Test department. This fully integrated and user
friendly tool covers the all management requirement for entire life cycle of the flight test
instrumentation equipment and configuration, tracking all the main events: order, calibration,
configuration, service and repair, final disposal. FTIManager serves as a central hub between the
instrumentation team and the post processing and analysis teams.
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INTRODUCTION
During the last decade we have witnessed inside the Eurocopter flight test department a large
increase in the number and complexity of the flight test instrumentations. The fragmented tools
initially in place to insure the flight test instrumentation management were mainly based on
fragmented equipment manufacturer specific software, ASCII or Excel files This situation
required a huge effort of the different Flight test teams to ensure the availability, accuracy and
coherency of all the information necessary to the flight test process In order to face the challenge
of flexibility, cycle reduction and productivity required by the new helicopter programs the need
of an integrated tool covering the whole process appeared as obvious So, in 2006, as no fully
compliant off-the-shelf software was found, it was decided to internally develop an integrated
tool able to assist the staff and ensure the traceability for all the actions relative to the flight test
instrumentation.
SOFTWARE OVERVIEW
FTIManager is an integrated and modular, tool developed in Java, designed to manage all the
Flight Test Instrumentation Equipment: sensors, acquisition system, recorders, telemetry and
video items, remote control units and all the standards used during the calibration process.
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FTIManager offers the following functionality: (see Fig1)
•
•
•
•

Flight Test Instrumentation Asset Management and tracking
Flight Test Instrumentation Configuration Management and setup
Equipment Calibration and Validation
Generation of different reports and description files uses by the data reduction an
analysis software Extract and Sandra

Fig1: FTIManager overview
This software is designed in order to be:
• Easy to use - simple and user friendly
• Secure through the use of user profiles and user password sign on
• Usable in standalone mode with a local repository or inside a network architecture with
a centralised and shared one
• Compatible with the data reduction, analysis and display software

2

ASSET MANAGEMENT
The goal of this function is to ensure a complete inventory and description (financial and
technical detail) of all the equipment likely to be present inside Flight Test Instrumentation or
reference standard involved in the calibration process.(see fig. 2)

Fig2: Equipment datasheet
FTIManager offer a structured cataloguing organised by category (Recorder, acquisition system,
Sensors etc..), subcategory (example for sensors: temperature, pressure, position, flowmeter etc..)
and model. In order to obtain a perfect traceability for all the components, FTIManager maintains
a complete history of the main events occurring like: Purchasing, Movements, Trouble
encountered, Maintenance and repair, Software update, Calibration and validation. The user can
attached all the relevant external files at the model level (User or technical manual, pictures
etc..) or at the equipment level (Calibration certificate) and these files are accessible just by a
double click.
An unique ID is associated to each equipment and the corresponding bar code tag can be easily
printed and stuck down on the equipment in order to allow a quick item identification with the
appropriated scanner.
A search function base on multiple criteria is available at the model and equipment level and the
result can be printed or exported to an Excel datasheet.
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CONFIGURATION MANAGEMENT
The user interface of FTI Manager is designed to help the user to define quickly a new
configuration or to modify an old one. The configuration definition contains not only the
information relative to the FTI components but also those concerning the numerical avionics bus
present on the aircraft
In order to offer an intuitive approach, the software represents the FTI in the form of a tree
representation, in a Microsoft Explorer type interface ( see Fig. 3)

Fig3 . Configuration interface
This interface allows the user to:
• Add Move or Remove components
• Connect the output of one component to the input of an other one
• Access to the component configuration property sheet
• Upload or download equipment configuration
• Access the component/model data sheet
• Attach/consult user file associated to the configuration (picture, mechanical drawing)
• Compare graphically two configurations
These functions are accessible through menu or just through Drag and Drop for the movements
and input/output connections. Most of the time the device configuration through this interface is
much easier than the configuration through buttons and small display present on the device, so
the user will prefer this one . The error risk is minimised and the configuration stored in the
repository will perfectly reflect the installed one.

4

CALIBRATION PROCESS
The goal on this function is to collect efficiently all the information necessary to the engineering
unit conversion. FTIManager offer the definition of the calibration different levels:
At the model level:
• All the equipment of this model is affected with the same calibration function
characteristics.
• This definition is stored once at the model level and are generally provided by the
equipment manufacturer.
• Periodic validations have to be done in order to be sure that the equipment is still within
the tolerance required.
At the equipment level (Unit calibration):
• Each equipment has its own calibration characteristics (attached to its serial number)
and the user assumes that the installation environment has no impact on the result.
• These calibration parameters are stored at the equipment level. They can be provided by
the equipment manufacturer or the result of a local calibration in the laboratory or
directly on the aircraft in partial chain.
At the configuration level (end-to-end calibration):
When the installation environment has a known impact on the result (Example: length of the
wiring) or if some helicopter components are involved in the calibration process (Example
control positions). In this case the complete chain calibration is performed on the aircraft:
• Each equipment has its own calibration characteristics but they are attached to a
specific configuration.
• These calibration parameters are stored at the configuration level, they are necessary
the result of a local calibration on the aircraft.
In order to optimise this process FTIManager provides an adapted user interface for different
situations;
The input value can be:
• Manually generated and read by the operator.
• Manually generated and read automatically by FTI Manager.
• Generated and read automatically by FTI Manager.
In the same way the output value can be:
• Read and entered manually by the operator.
• Read automatically by FTI Manager.
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In all the cases the measurement points and the calibration function are simultaneously
graphically displayed (see Fig4)

Fig4 Calibration window
DESCRIPTION FILES GENERATION
All the Flight Test Instrumentation description files used by the data reduction or analysis end
display software are automatically generated on a simple user request. During this operation all
the information relative to the sensors, numerical buses, acquisition and recording system are
merged to produce a complete and synthetic description allowing the parameter localization and
engineering unit conversion.
CONCLUSION
The FTIManager was initially introduced on the Tiger program and progressively deployed on all
the prototypes and constituted the central hub between the instrumentation team and the post
processing and analysis teams. The integration of all the instrumentation related activities in a
single user friendly tool has clearly demonstrated a positive impact by increasing the Flight Test
teams’ productivity, minimizing human error and reducing the time cycle . Simultaneously, the
better asset management induce by this tool has promoted an optimization of the resources usage.
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ABSTRACT
Networks of airborne nodes provide unique challenges to end-to-end communication, in particular due
to the highly dynamic topology and time-varying connectivity of high velocity nodes, and unreliability of
the wireless communication channel. This paper explores the issues and presents a design for a domainspecific transport protocol targeted to multihop network that interconnects high-velocity airborne nodes
with the telemetry application of returning sensor data with high reliability.
INTRODUCTION AND MOTIVATION
Transport protocols provide end-to-end communication across the network to applications. The service
they offer is to provide a unified interface for information transfer from one end system to the other. In
an ideal world this service would be characterized by negligible delay, zero errors, and an unlimited bit
rate. Unfortunately the characteristics of the underlying network and lower layers place limitations on
the performance of the transport layer. The transport layer then has to adapt to the lower level limitations
(delay, limited bandwidth, errors), while meeting the service requirement parameters of applications. In
this work we are concerned with the transmission of telemetry data from airborne test articles to ground
stations.
The iNET (Integrated Networked Enhanced Telemetry) program has identified a set of needs [1] for
the T&E (test and evaluation) community that require a substantially enhanced networking capability
for Major Range and Test Facility Bases. There is currently a significant effort underway in the iNET
community to design the physical layer communications and MAC (medium access control) [2]. The
current effort targets only the lower layers of the networking stack (PHY and MAC), however a number
of issues remain to be solved at the network and transport layers [3]. This paper presents the design of
AeroTP, a TCP-friendly transport protocol with multiple QoS modes for the TmNS (telemetry network
system).
The current Internet protocols are unsuitable for the specific constraints and requirements of the aeronautical telemetry network environments in a number of respects [3]. At the same time, there is a need to
1

be compatible with both TCP/IP-based devices located on test articles (TAs) as well as with the controlling applications at the ground station (GS). Therefore we are designing a new protocol suite that is both
specific to the telemetry network environment, while fully interoperable with TCP/UDP/IP via gateways
at the telemetry network edge to the GS and TA. It is important to note that while the telemetry network
constrains some aspects of network operations, there are also aspects that can be exploited by domain
specific protocols, such as the knowledge of TA location and trajectory by the GS.
A.

AeroTP: TCP-Friendly Transport Protocol for Aeronautical T&E

TCP provides a connection-oriented reliable data-transfer service, with congestion control but no explicit support for precedence or QoS. Many of these mechanisms are unsuitable for wireless networks in
general and telemetry networks in particular. TCP congestion control assumes that all losses are due to
congestion, and therefore makes the wrong decision when bit errors corrupt packets [4]. Furthermore,
TCP requires a reliable ACK stream for self-clocking that is unsuitable for highly dynamic and asymmetric networks. A number of these problems have been researched, and a few alternative protocols exist,
such as SCPS-TP (space communications protocol standards – transport protocol) [5], from which we can
draw some mechanisms.
We present a new domain-specific transport protocol AeroTP, which is designed for the aeronautical telemetry network environment while being TCP-friendly1 to allow seamless splicing with conventional TCP at the telemetry network network edge in the GS and on the TA. Thus we transport TCP and
UDP through the telemetry network, but in an efficient manner that meets the goals of this environment.
AeroTP has several operational modes that support different service classes: reliable, nearly-reliable,
quasi-reliable, best-effort connections, and best-effort datagrams. The first of these is fully TCP compatible, the last fully UDP compatible, and the others TCP-friendly with reliability semantics matching
the needs of the mission and capabilities of the telemetry network. All but he last mode are connection
oriented, but do not use a three-way handshake for connection establishment.
In designing this protocol, we are specifically concerned with DoD test ranges. The goal is to move
from the current point-to-point unidirectional SST (serial-streaming telemetry) to a networked environment of bidirectional links to enable scalability, provide multihop TA–TA communication beyond TA–GS
range, and to permit uplink control of TAs.
While physical layer solutions are necessary to maximize spectral efficiency, the network and transport
layers provide a key piece of the solution. The ability to multihop provides spatial reuse since the TA–TA
link range is shorter than TA–GS, providing greater aggregate throughput within the same spectrum. The
QoS mechanisms of AeroNP [7] permit more important traffic classes (e.g. command and control) and
mission-driven higher priority traffic to be delivered when a trade-off must be made. The cross-layering
mechanisms allow the routing algorithm to influence transmission power of the TA–TA links to minimize
interference. AeroTP supports multiple reliability modes to permit more efficient use of the resources
based on the needs of traffic. Furthermore, in reliable and nearly-reliable mode when acknowledgments
are needed, they are aggregated to reduce the chattiness of the protocol and conserve bandwidth. The
packet formats are designed to reduce overhead as much as practical, for example by performing address
translation so that IP addresses and unnecessary TCP and IP header fields are not transported through the
telemetry network. The AeroTP header is designed to permit efficient translation between TCP/UDP and
1

Note that we use the term ”TCP-friendly” in a more general sense than the established term ”TCP-friendly rate control
(TFRC) [6]
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AeroTP at the gateway, as described in the Gateway Functionality Section below.
CHALLENGES TO END-TO-END COMMUNICATION IN AIRBORNE NETWORKS
A typical telemetry network for airborne test and evaluation is depicted in Figure 1. It presents several
specific challenges that must be addressed at the transport layer for reliable collection of telemetry data.
The flow of data is primarily from the TAs (test articles) to the GSs (ground stations), however command
and control data will flow in the reverse direction.

Figure 1: iNET test and evaluation environment

One challenge is that the RF spectrum available for use in these test ranges has been reduced over the
years, while the quantity of data being collected has increased. The means that spatial reuse and efficiency
are critical considerations. A second challenge is limited power, since telemetry modules are typically size
and weight constrained. From a networking perspective this limits that range of radio transmissions and
necessitates using multi hop routing, rather than broadcasting directly to ground stations in all scenarios.
Thirdly and related to this is the problem of intermittent connectivity. Given that multihop transmission
may be required to transmit data fro a TA to a GS, and that the test and evaluation environment may only
have a few TAs in flight at any given time, network partitioning is a likely occurrence, so it is important
to send data towards its destination, even if a complete path to the destination does not exist [8]. Fourthly,
we have the problem of mobility; individual test articles may be traveling at speeds as high as Mach 3.5
(Mach 7 closing speed), meaning that TAs may be in contact with each other for only short periods of
time. This results in a topology that is highly dynamic with frequent link connection and disconnection
events. Lastly there is the problem of data corruption and loss. Wireless channels are inherently noisy, and
even with reasonable levels of FEC applied at the link layer we can expect to see corruption-based loss
at the transport layer due both to the channel characteristics as well as to the frequent topology changes
previously described.
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SHORTCOMINGS OF INTERNET TRANSPORT PROTOCOLS
The most widely used transport protocol in the Internet is the Transmission Control Protocol (TCP) [9,
10], which was designed for terrestrial wired networks. TCP provides a connection-oriented reliable datatransfer service with congestion control, and uses closed-loop feedback control to maintain consistent state
at the source and destination. This introduces overhead and prevents utilizing all available bandwidth in
networks which experience corruption-based loss and have large bandwidth-delay products. Operation in
partitioned network scenarios is also prevented. Each new TCP session requires a 3-way handshake before
data is transmitted. This uses 1.5 round-trip times (RTTs) even for short-lived flows such as those in the
aeronautical telemetry environment, and also prevents the sending of any data before a stable end-to-end
path exists. Even after the handshake is completed, TCP’s slow-start algorithm prevents full utilization of
the available bandwidth for many RTTs. TCP assumes that all loss is due to congestion, and it’s congestion
control algorithm operates by halving the transmission rate every time there is a packet loss. This is the
wrong approach for wireless networks in which noisy channel conditions are expected to be the dominant
cause of packet loss [4]. TCP’s flow control requires a reliable ACK stream, which limits its ability to
handle highly-asymmetric links even when the data is only flowing in the high-bandwidth direction. The
practical limit to asymmetry for TCP flows is about 75:1 [11]. There is also substantial overhead with
the 20 byte TCP header per packet, especially when using small segments for ACKs or to decrease the
probability of having a bit-error. TCP was not designed with intermittent connectivity in mind; short-term
link outages invoke congestion control and repeated retransmission back-offs, which results in an inability
to detect link restoration. A longer link outage results in TCP dropping the connection. Varying RTT can
also pose a problem for TCP, because it will incorrectly assume a packet loss and retransmit unnecessarily
as well as reducing the congestion window. Many TCP mechanisms are unsuitable for wireless networks
in general and the telemetry test and evaluation environment in particular.
The other commonly used Internet transport protocol is the User Datagram Protocol (UDP) [12]. UDP
is far simpler than TCP, but does not offer any assurance or notification of correct delivery. It does not do
connection setup, congestion control, flow control, or data retransmission. Because of this UDP does not
need to maintain consistent state at both ends of the connection. An extension to UDP is the Real-time
Transport Protocol (RTP) [13, 14] which adds time synchronization for real-time applications but does not
add any reliability or delivery assurance.
In the test and evaluation environment we expect to have multiple classes of traffic that have different
characteristics, loss tolerance, and priorities. Neither TCP or UDP have the capability to provide differentiated levels of precedence or QoS to meet these requirements. In an IP network IntServ or DiffServ
could be used to achieve this however these to not address the need for different end-to-end semantics and
reliability requirements. A number of these shortcomings have been researched, and a few alternative protocols exist, such as SCPS-TP (space communications protocol standards – transport protocol) [5], from
which we can draw some mechanisms but are only a partial solution.
MECHANISMS TO MITIGATE EFFECTS OF CHALLENGES
In light of the challenges described previously, there are a number of specific mechanisms we can use
to improve performance at the transport layer, with respect to the performance of the protocols currently
employed in the Internet. Some of these mechanisms are aimed at improving TCP performance over satellite networks [11], but can also be applied to the airborne telemetry environment. One specific goal is
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bandwidth efficiency, because of the limited spectrum available. To mitigate this we use a handshakefree connection setup [15], and transmit at peak rate immediately instead of beginning at a low rate and
gradually increasing as in TCP slow start [16]. We do not necessarily need to wait for acknowledgments
before continuing to transmit, not only to improve performance but because we may not have stable E2E
connectivity during partitioned network operation. Because of the concern about bandwidth efficiency we
want to use as few ACKs as possible, and some classes of traffic may not require ACKs at all. Header
compression [17] is also a useful mechanism for reducing overhead, especially for small packets such as
ACKs. In reliable modes we want to be careful to retransmit only what is needed; the SNACK (selective
negative ack) [5] mechanism allows this by identifying specific missing segments for retransmission. Because our environment may not support a stable E2E path we assume that intermediate relay nodes have
enough storage capacity to buffer data until a link to the destination becomes available. A side effect of
this is that buffering with priority queuing can be used if congestion is encountered, allowing the network
layer (AeroNP) to handle congestion instead of the transport layer.
Because path persistence (the time over which a given sequence of links remain connected) may be
very short, interactively probing for path characteristics can waste valuable transmission time. To mitigate the impact of this we can remember connection state information for subsequent similar connections,
which will reduce the amount of state that the transport layer needs to re-establish for each new connection [18, 19, 20].
Due to the challenge of noisy wireless channels and frequent topology changes, relying on retransmission alone for error correction at the transport layer may not be sufficient for all test scenarios. To mitigate
this challenge we do erasure coding across one or more paths as they are made available by the network
layer.
AeroTP: TCP-FRIENDLY TRANSPORT PROTOCOL FOR AERONAUTICAL T&E
To meet the needs of the telemetry network environment, we are developing a new domain-specific
transport protocol AeroTP, which is designed for the aeronautical telemetry network environment while
being TCP-friendly to allow seamless splicing with conventional TCP at the telemetry network edge in
the GS and on the TA. Thus we transport TCP and UDP through the telemetry network, but in an efficient
manner that meets the needs of this environment: dynamic resource sharing, QoS support for fairness
and precedence, real-time data service, and bidirectional communication. AeroTP has several operational
modes that support different service classes: reliable, nearly-reliable, quasi-reliable, best-effort connections, and best-effort datagrams. The first of these is fully TCP compatible, the last fully UDP compatible,
and the others TCP-friendly with reliability semantics matching the needs of the mission and capabilities
of the telemetry network. The AeroTP header is designed to permit efficient translation between TCP/UDP
and AeroTP at the gateway.
AeroTP performs end-to-end data transfer between the edges of the telemetry network and splices to
TCP connections or UDP flows at the gateways. Transport-layer functions that must be performed by
AeroTP include connection setup and management, transmission control, and error control.
B.

Connection Management and Rate-Based Transmission Control

AeroTP uses connection management paradigms suited to the telemetry network environment. An
alternative to the overhead of the three-way handshake is an opportunistic connection establishment in
5

which data can begin to flow with the setup message (SYN). Closed-loop window-based flow and congestion control with slow start is not appropriate to the highly dynamic wireless environment of airborne
telemetry networks. Therefore we use an open-loop rate-based transmission control with instrumentation
from the network layer and test plan to determine an initial rate, with backpressure to control congestion,
as described in [7] for AeroNP. Error control is fully decoupled from rate control, and is service specific
as described below.
C.

Segment Structure and Gateway Functionality

AeroTP is TCP-friendly, meaning it is designed to efficiently interoperate with TCP and UDP at the
telemetry network edge. To support this, gateway functionality [21, 22] does IP–AeroNP translation [7]
and TCP/UDP–AeroTP splicing. A preliminary design of the AeroTP segment is shown in Table 1. Since
bandwidth efficiency is critical, AeroTP does not encapsulate the entire TCP/UDP headers, but rather the
gateway converts between TCP/UDP and AeroTP headers. Some fields that are not needed for AeroTP
operation but are needed for proper end-to-end socket semantics are passed through, such as the source
and destination port number, ECN, TCP flags, and the timestamp.
Table 1: AeroTP Segment Structure
source port

destination port
sequence number
timestamp

mode

resv.

ECN+flags

HEC

payload
CRC-32

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 a segment number, depending on the transfer
mode described below. The HEC (header check) field is a strong CRC (cyclic redundancy check) on the
integrity of the header in the case of bit errors in the wireless channel. This allows us to correct a corrupted
payload end-to-end using FEC, as long as the header is not corrupted so it can be correctly delivered to
the destination application. A CRC checks the integrity of the data edge-to-edge across the telemetry
network since there is not a separate AeroNP or link layer frame CRC, and allows measurement of the
bit-error-rate for erasure code adaptation depending on the transfer mode. These last two goals mean that
the AeroNP does not necessarily drop packets if they experience corruption, which is a key difference
from IP forwarding policy [23]. The mode field indicates which of the five transfer modes is in use.
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 from different
traffic classes:
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Reliable Connection Mode
TCP
Segment

Time

AeroTP
Segment

TCP/IP
Node

Gateway
TCP
ACK

TCP
Segment

Time

AeroTP
ACK

Near-Reliable Connection Mode
AeroTP
Segment

TCP
ACK

TCP/IP
Node

TA

Gateway

AeroTP
ACK

TA

Figure 2: Reliable and near-reliable transfer modes

All modes except unreliable datagram are connection-oriented for TCP-friendliness and will use byte
sequence numbers for easy translation to TCP at the gateway, so that packets may follow varying or
multiple paths and be reordered at the receiver.
• Reliable connection mode must preserve end-to-end acknowledgement semantics from source to
destination as the only way to guarantee delivery. Two possible mechanisms are ACK passthrough,
which has the disadvantage of imposing TCP window and ACK timing onto the AeroTP realm, or
custody transfer [24] (Figure 2a) that splits the TCP ACK loop at the gateway, at the cost of buffering
AeroTP segments in the gateway until fully acknowledged.
• Near-reliable connection mode is highly reliable, but does not guarantee delivery since the gateway uses split ARQ and immediately returns TCP ACKs to the source (Figure 2b) on the assumption
that AeroTPs reliable ARQ-based delivery will succeed using SNACKs (selective negative acknowledgements) [5] 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.
• Quasi-reliable connection mode eliminates ACKs and ARQ entirely, using only open-loop error
recovery mechanisms such as FEC and erasure coding across multiple paths if available [25]. 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.
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• Unreliable connection mode relies exclusively on the FEC of the link layer (if available) to preserve
data integrity and does not use any error correction mechanism at the transport layer. While we may
eventually use cross-layering to vary the strength link FEC, we cannot assume this capability.
• Unreliable datagram mode is intended to transparently pass UDP traffic, and no AeroTP connection
state is established at all.
E.

Cross-Layer Optimization Between AeroTP/AeroNP and the iNET MAC/PHY

Cross-layering, in the form of clearly defined knobs and dials, plays a critical role in the operation
of AeroTP. At the application–transport interface this allows the transport layer to indicate the service
level of the available path to the application through the service level dial, and allows the application to
indicate the priority and characteristics of the data being transferred through the reliability mode knob. At
the transport–network interface the network layer is able to give the transport layer the path characteristics such as available bandwidth and multipath availability, and based on that information the transport
layer can set the forwarding mode knob appropriately. Table 2 shows these knobs and dials along with
others influencing the operations of the lower layers of the network stack that are discussed further in the
companion paper [7].
Table 2: Knobs and Dials
Layer

Knobs

Dials

Layer influencing knob

transport

reliability mode

service requirements

application

network

forwarding mode

path characteristics

transport

link & MAC

ARQ & FEC

link characteristics

network

physical

coding

channel conditions,
available coding schemes

link

We expect that there will be significant benefits by employing cross-layer optimizations not only
among AeroTP and AeroNP, but also with the iNET MAC and PHYs. Therefore, we are investigating
the tradeoffs in type and strength of FEC at the PHY layer with respect to channel conditions and BER
(bit error rate), as well as optimizing TDM (time division multiplexing) parameters and slot assignment
based on the transfer mode of AeroTP and QoS parameters (precedence and service type) of AeroNP. Furthermore, the quasi-reliable mode of Aero-TP erasure codes across multiple TA–GS paths when available,
requiring coordination of GS and iNET MAC slot assignment with AeroNP routing and AeroTP transport. Finally, the support for multicast and broadcast requires coordination of AeroNP routing with the
broadcast capabilities of the iNET MAC.
CONCLUSIONS AND FUTURE WORK
Airborne telemetry networks present a number of unique challenges to traditional network end-toend protocols. AeroTP provides a domain-specific transport protocol which is compatible with existing
Internet protocols through the use of a gateway.
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We emphasize that the design ideas presented for AeroTP and AeroNP are preliminary; future research
is needed to simulate, prototype, and finalize their design. The next phase of research for AeroTP involves
conducting simulations using the ns-2 simulation environment. The simulations will allow the comparison
of mechanisms and evaluation of performance with various wireless topologies. Following the simulation
phase, an implementation on physical ground-based mobile platforms is needed to verify the accuracy of
the simulations and performance in a real-world environment.
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ABSTRACT
We present the system-level design of a data transfer link for a remote ecological field station. We include
the desired attributes of this link, a number of candidate solutions, and the details of the system that was
selected for implementation. We also discuss some simple measurements that help determine the effect
of emerging foliage on the quality of the link. Overall, the link is more than capable of meeting the data
transfer needs of the ecological research application.

INTRODUCTION
The National Ecological Observatory Network (NEON) is a massive continent-scale research effort that
will address the Grand Challenges identified by the National Research Council. NEON, which is in its
early stages of organization, will gather long-term data in order to further our understanding of the impacts
of climate change, land-use change, and invasive species. More information on NEON can be found at [1].
One important engineering challenge associated with NEON is the need for improved capabilities for
collecting measurements at remote field stations and transporting these data back to the lab for analysis.
In this paper, we present a system-level design of such a system that is made up of commercially available
services and hardware. We include a brief survey of candidate solutions before discussing the the system
that was selected for implementation. The system has the desired attributes of high data rates, low power
consumption, and low cost. We also discuss some simple measurements that were taken at the installation
site. These measurements help determine the effect of emerging foliage on the quality of the link. Overall,
the link is shown to be more than capable of meeting the data transfer needs of the ecological research
application.
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DESIRED SYSTEM ATTRIBUTES
• Uplink data rate. The currently-envisioned configuration of instruments at the remote station will
generate 75 MB (megabytes) of data per day. To support the uplink of this data (i.e. the link connecting the remote station to the Internet), a minimum data rate of 7 kbps (thousand bits per second)
is required. However, much higher data rates are desired in order to support future expansion.
• Downlink data rate. The link needs are highly asymmetric, with much higher data rates desired on
the uplink than on the downlink. The downlink (i.e. the link connecting the Internet to the remote
station) will be used mainly for command, control, and real-time monitoring of the instruments.
• Low power consumption. For maximum flexibility in selecting the location of the remote station,
it is desired that the data transfer system have low power requirements, on the order of 50 W. The
remote station will make use of AC power whenever possible. Alternate power sources include solar
panels and thermoelectric (propane-powered) generators.
• Low cost. $8,000 is budgeted for the data transfer needs of each remote station. This is meant to
cover initial costs as well as recurring costs for three years of operation.
CANDIDATE SOLUTIONS
The following is a brief summary of the technology survey conducted in [2].
A. Motorola Wireless Canopy
The Motorola wireless canopy solution can provide a 4 Mbps link over a 35 mile distance. A key assumption with this solution is that a direct line-of-sight path exists between the endpoints of the link. Tests by
Motorola in environments with lots of trees have shown that the range is greatly reduced from 35 miles to
2 miles. In light of this assumption/requirement, a 12 meter tower is preferred for this solution.
The Motorola canopy system has an initial cost of $2700 for the radio equipment. There are zero
service charges or recurring costs, other than routine maintenance . The 12 meter tower is taller than that
required by other solutions, and would require additional cost that is not taken into account here. The
power requirements of this system are small enough to permit alternate power sources.
B. Satellite Internet Access
There are two commercially available satellite internet access options that have been surveyed: HughesNet [3] and Starband [4]. These two options can provide downlink data rates as high as 2 Mbps and uplink
data rates as high as 500 kbps. These rates are more than adequate for the present application. (However,
it is an unfortunate circumstance that the asymmetry between the data rates is exactly opposite from what
we need in our application!) A key assumption with this solution is that there is a clear and unobstructed
view of the south/south-west skies. With this condition satisfied, this solution can be deployed anywhere
in the contiguous United States.
The satellite internet systems have an initial cost on the order of $600 and recurring monthly service
charges on the order of $100–$200. The service providers require a 1 or 2 year service agreement. The
power requirements of these systems are small enough to permit alternate power sources.
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Figure 1: Aerial view of the KU NESA site, showing the arrangement of the carbon flux tower, the HQ building, the
wireless link, and the interfering vegetation.

C. Inmarsat/GlobalStar Satellite Access
The Inmarsat/GlobalStar satellite access solutions [5, 6] are similar to the satellite internet solution except
that the target application for these service providers is voice instead of data. This has negative implications for this present application in terms of low data rates and high cost. Inmarsat offers a symmetric
64 kbps link whereas GlobalStar offers only a 9.6 kbps symmetric link, which barely meets the minimum
requirements for the present application. These solutions assume that there is a clear and unobstructed
view of the overhead skies from horizon to horizon. This solution can be deployed irrespective of location.
These systems have an initial cost on the order of a few thousand dollars and have a recurring cost of
$32/MB (Inmarsat) or $3.33/MB (GlobalStar). These costs are quite prohibitive and thus these solutions
are not recommended for this application.
In [2] there were other non-competitive solutions outlined. These include the General Dynamics Iridium Reachback system [7] and a similar multi-channel Iridium system developed at the University of
Kansas [8]. These solutions are adapted from voice-based networks and have cost structures that are as
prohibitive as the Inmarsat and Globalstar solutions.
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Figure 2: Conceptual diagram of the off-the-shelf hardware used to assemble the wireless link that connects the
NESA HQ building and the carbon flux tower.

SYSTEM IMPLEMENTATION
Based on the recommendations in [2], which were summarized above, we went forward with the HughesNet satellite internet access as the data transport solution for this application. To date, we have fielded a
prototype of this system in one location with plans for at least one more system in a location that has yet
to be determined.
The prototype system is located at the KU Nelson Environmental Study Area (NESA) [9], which is
located about 7 miles north-east of the KU main campus at 39.03829◦ N latitude and 95.20576◦ W longitude. The NESA site contains a number of buildings and a 30-acre study area that consists of numerous
ponds and open spaces. Because the NESA buildings had no prior broadband Internet connection, and
because such a connection would be useful for day-to-day NESA operations, the more-expensive higherbandwidth HughesNet service package was selected. This provides a download data rate of 2 Mbps and
an uplink data rate of 500 kpbs at a monthly cost of $200. Were it not for the secondary use of this system,
the less-expensive lower-bandwidth service—with a download data rate of 1.5 Mbps and an uplink data
rate of 200 kpbs at a monthly cost of $100—would have been more than adequate for the targeted research
application. These advertised data rates have been confirmed with the prototype system via own informal
tests and via third-party speed tests such as, e.g. [10]. Although latency is not an issue for the research
application, we have measured the average latency of 800 ms for a round-trip “ping” operation.
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The actual remote station—which is a small “carbon flux” tower outfitted with numerous instruments—
is located 1.03 km north of the main NESA headquarters (HQ) building. An aerial view of the NESA site
is shown in Figure 1. We used commercial off-the-shelf (COTS) wireless networking hardware to link the
flux tower with the NESA HQ building. These COTS components, and the arrangement in which they
are configured, are shown in the conceptual block diagram in Figure 2. Actual photos of some of the
installed equipment and antennas are shown in Figures 3–5. The communications equipment at the remote
station use excess available power generated by the solar panels that were already needed by the scientific
instruments.
WIRELESS LINK PERFORMANCE
One concern with the wireless link between the NESA HQ building and the remote station is the lack of
line-of-sight between the endpoints. This is unavoidable due to the fact that there is a slight hill between
the building and the flux tower, and flux tower is located in a shallow ravine. This situation is further
exacerbated by two sets of trees along the link (see Figure 1).
We have made an effort to monitor the quality of this link using a signal-to-noise ratio (SNR) value
reported by the wireless router (shown in Figure 2) for the wireless link to the tower. While this SNR
value is uncalibrated and its dimensions are not clearly documented, it does give a relative and easy-toobtain measurement of the link quality and is strongly correlated with user perceptions of the link quality.
Figure 6 shows this modem-reported SNR measurement vs. time; the measurments were recorded once
daily over the 43-day interval 04/20/2008–06/01/2008. What is particularly interesting is that this time
interval includes the period of time where the foliage emerges on the trees. Superimposed on these data
points is a line which is the least-squares linear fit to the measurements. This line intercepts the ordinate
at a value of 13.87 and has a slope of -0.035/day, which indicates a slight downward trend in the SNR that
we conjecture is due to the emerging of the foliage. As of 06/01/2008, however, the link has sufficient
quality to support the data collection needs of the research project.
CONCLUSION
We have presented the system-level design of a data transfer link for a remote ecological field station. We
have listed the desired attributes of this link, a number of candidate solutions, and have given the details
of the system that was selected for implementation. We have also discussed some simple link-quality
measurements we have collected and their interpretation with respect to the vegetation that obstructs the
link. Overall, the link has been able to meet the data transfer needs of the ecological research application.
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Figure 3: Photograph of the installed 0.98 m HughesNet satellite dish and the Hyperlink HG2415U-PRO omnidirectional antenna. These are mounted on the roof of the NESA HQ building.
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Figure 4: Photograph of the carbon flux tower. Mounted on the tower are the Air802 ANYA2412 Yagi enclosed
directional antenna, various scientific instruments, and an enclosure containing the WiBox WBX2100E serial to
wireless bridge and the CR3000 micrologger.
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Link SNR (as reported by the wireless router)

Figure 5: Closeup photograph of the tower enclosure containing the WiBox WBX2100E serial to wireless bridge
and the CR3000 micrologger.
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Figure 6: Plot of the modem-reported SNR measurement for the wireless link vs. time. The measurments were
recorded once daily over the 43-day interval 04/20/2008–06/01/2008. This time period captures the emergence of
foliage on the trees obstructing the wireless link. Superimposed on the data points is a least-squares linear fit which
has an intercept of 13.87 and a slope of -0.035/day. This indicates a slight downward trend in the SNR that we
conjecture is due to the emerging of the foliage.
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USING THE GROUND EQUIPMENT MONITORING SERVICE
(GEMS) FOR SATELLITE TELEMETRY & COMMAND
SYSTEMS
Rob Andzik
RT Logic Incorporated
Colorado Springs, CO USA

ABSTRACT
As satellite ground systems migrate toward network-centric, distributed architectures, controlling
remote ground equipment becomes a central issue. While many protocols and approaches exist
that address remote control and status, there is little agreement on a common solution. Device
vendors and system integrators commonly find themselves integrating multiple protocols to meet
a wide range of requirements. Technologies change and new protocols evolve that result in yet
more options to be considered. However, the fundamental aspects of device control remain
constant. The Ground Equipment Monitoring Service (GEMS) seeks to define a standard model
for device control independent of the underlying protocols and technologies. Using this
approach, a wide range of protocols can be mapped to the GEMS model. Systems using different
protocols can then rely on the common mapping and utilize translators to connect heterogeneous
components with little integration costs.
This paper describes the state of the specification and potential uses of the GEMS specification
in Satellite Ground Systems. Interactions between the GEMS specification and other standards
such as the CCSDS SLE Complex Management services are also presented.
KEY WORDS
Equipment, Monitoring, Protocol, MDA, OMG
INTRODUCTION
Communication with space vehicles often requires a sophisticated suite of ground equipment.
Example devices include antennas, frequency converters, demodulators, bit synchronizers,
decryption devices and frame synchronizers. These devices must be properly configured to
process the signal and provide satellite telemetry to user applications. Unfortunately, the
interfaces provided by the device vendors vary greatly. Integration of these devices into a ground
system can be a costly and problematic endeavor.
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The Object Management Group (OMG) Space Domain Task Force (SDTF) is currently
finalizing the Ground Equipment Monitoring Service (GEMS) specification intended to simplify
device configuration. The GEMS specification defines a platform independent model (PIM) for a
common, lightweight interface suitable for control and status of nearly all types of devices. The
model defines ways to set and get device parameters, invoke device directives and save and
restore device configurations. The specification also includes platform specific mappings for
XML and raw ASCII that enable basic communication using TCP/IP and serial lines.
A conceptual model for the GEMS specification is shown in Figure 1.

Figure 1.

GEMS PIM to PSM Relationships

The GEMS specification utilizes the OMG Model Driven Architecture (MDA) approach to
define a Platform Independent Model (PIM) for device control. OMG's MDA provides an open,
vendor-neutral approach well suited for the definition of standard protocols. The GEMS PIM
documents the key functionality, behaviors and information needed to control any device,
independent of the message protocol and transport mechanisms being used.
Following the MDA, the GEMS specification also defines two initial Platform Specific Models
(PSMs) that offer simple, concrete, implementable protocols. These PSMs map the GEMS model
to a defined XML schema (GEMS-XML) and to a simple ASCII message structure (GEMSASCII). It is expected that other PSMs evolve over time and include standard protocols such as
SNMP, CORBA and .NET.
One of the key benefits of using this approach is inherent in the mapping of the PSMs to the
PIM. This strict mapping implies that there is also a direct correlation of one PSM to another.
For example, GEMS-XML messages can be directly translated to GEMS-ASCII messages using
simple algorithms. The effect of this is that a device vendor can choose to implement only one of
the GEMS PSMs. Users of the device who have chosen to implement a different protocol can
utilize standard, of-the-shelf translators to communicate with the device. This has the potential of
dramatically simplifying system software architectures and reducing overall costs for both the
device vendor and the device user.
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GEMS CONCEPTS
The central concept of the GEMS approach is the device. Devices controlled using the GEMS
protocol have typed parameters, accept directives with typed arguments and can optionally save
and restore their configuration using persistent storage. The device parameters and directives are
defined in an XML-formatted device definition file. This file can either be used directly by client
applications to discover what parameters and directives are available or indirectly by developers
using XML transformations to provide human-readable documentation for the device.
The GEMS PIM consists of message related classes that allow the user to send directives,
configure devices, obtain configuration information and device status, save the configuration and
restore the configuration. These message classes, defined in high-level UML diagrams, derive
from a common base class that contains the message header information necessary to ensure
proper communication and allow for message routing and authentication. Response messages
and expected behaviors are identified for each message type.
A common problem in satellite ground systems is limiting control of a given device to a single
controller. This becomes critical in distributed environments where multiple client applications
compete for resources and have the potential to interrupt vital satellite contacts inadvertently.
The GEMS PIM addresses this problem directly by defining specific connection logic and a
token identifying each client and its associated permissions. While the basic GEMS PIM does
not define the format of the token, later versions of the specification are expected to provide
higher levels of security and authentication.
Two other common problems in distributed satellite ground systems, high latency
communication links and handling large numbers of remote devices, are also addressed in the
PIM. The message structure defined in the GEMS PIM allows for message sequences to be
created that contain multiple messages, targeting different remote devices as shown in Figure 2.
This effectively creates a transaction that reduces the number of messages crossing the
communication link (e.g. a Wide Area Network or WAN). It also creates a primitive scripting
capability as the messages are executed sequentially once they are received by the remote side.
Large numbers of devices can be grouped behind a GEMS Proxy that provides a single point of
entry or socket connection to the system. The GEMS Proxy can also perform message translation
from one GEMS PSM to another
.

Figure 2.

Message Sequence Processing
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USES OF THE GEMS SPECIFICATION
The GEMS specification is most commonly used for the control of individual devices across a
Local Area Network (LAN). In this context, the simple nature of the GEMS-ASCII protocol is
proven by the relatively small amount of low-complexity, application code required to
manipulate a device. Any issues that arise are easily solved by direct inspection of the message
traffic. In some circumstances message validation is needed. By deploying the GEMS-XML
protocol, XML schema level validation can be used to detect malformed messages. While it is
not required, client applications can automatically discover the features of a device by processing
the device definition file. This opens the potential for generic device drivers to be created that
can control a wide range of device types.
In more complicated systems, control of multiple devices is simplified by using a GEMS Proxy.
This is shown in Figure 3. In addition to creating a single point of entry for the system, the
GEMS proxy can perform message translation and system level save/restore functionality. While
the GEMS specification does not directly address the format of the saved configuration files,
GEMS-XML is well suited for this task especially when combined with common XML tools
such as XSLT.

4

Figure 3.

Example Uses Of The GEMS Protocols

Several other uses for the GEMS specification have also been discussed such as bus level
communication with embedded devices, software-to-software communications and even
standardized Cross Domain Solutions (CDS) between security domains. While GEMS primary
focus is on device control, these uses highlight the generic nature of the specification and its
applicability to other domains. In addition, consideration has been given to the synergy between
other space related standards such as those defined by the CCSDS organization. Many of these
standards target higher level interfaces within a full space-to-ground architecture. In this regard,
the GEMS specification complements these standards by providing the opportunity for
standardized device interfaces and mapping functions.
CONCLUSION
In conclusion, the GEMS specification provides a common model for controlling most types of
devices found in satellite ground systems. This model can be mapped to many different message
protocols through PSMs that provide a direct mapping to the generic model. Using this approach,
device vendors and system integrators now have the option of choosing the protocol that best
suites their needs while easily integrating other GEMS PSMs through the use of standard
translators. This has the potential of dramatically reducing the cost of large scale ground systems
by increasing reuse and reducing the overall system complexity.
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COST-EFFECTIVE, FOCUSED INSTRUMENTATION FOR
TT&C/COMMS ENGINEERING

Steve Williams
RT Logic

ABSTRACT
The need for sophisticated tools in the expanding areas of Telemetry, Tracking and
Control/Command (TT&C) and Communications (COMMS) system simulation, development,
verification, analysis, maintenance, debug, and education is well understood. Emerging
requirements for these toolsets include features, ease-of-use, performance, and price points that
specifically address telemetry and signals work. And, while not yet as available, understood, or
pervasively installed, these economical and focused tools are displacing high-cost, generalpurpose Test and Measurement (T&M) equipment at an increasing rate.

KEY WORDS
TT&C Instrumentation, COMMS Instrumentation, Satellite/Aircraft/UAV/Missile Channel
Simulator, Signal Emulator, Spectrum/Interference Analyzer, TT&C Testing, COMMS Testing,
TT&C Engineering, COMMS Engineering

INTRODUCTION
For decades, T&M equipment manufacturers have offered sophisticated instrumentation for
development, analysis, verification and troubleshooting of communications systems. Generalpurpose oscilloscopes, spectrum analyzers, network analyzers, signal generators, counters, power
meters, and other similar instruments have long been used.
As digital data communication techniques emerged, this instrumentation set was expanded to
include data generators, logic analyzers, Bit Error Rate (BER) testers, vector signal generators,
demodulators, wireless test sets, and optical test instruments to name a few.
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Satellite, aircraft, missile, and UAV TT&C/COMMS work is well supported by a wide variety of
general-purpose test gear. Vector signal generators, for example, can create expected and worstcase signals from a simulated transmitter to test ground, airborne, or space-based receive
systems. Spectrum analyzers can demodulate and characterize signals to test ground, airborne, or
space-based transmitter systems.
But the sole use of general-purpose instruments in TT&C/COMMS engineering and test can lead
to validation inefficiencies, increased equipment cost, and most importantly, test quality
compromises. These deficiencies are neither the result of poor instrument quality nor insufficient
instrument specifications.
Instead, because general-purpose instruments are targeted for broad range of applications, many
are over-designed for any specific applications, and at the same time, they under-serve that same
application in other ways. For example, the frequency range of a vector signal generator or
spectrum analyzer is generally much wider than any particular application will utilize.
Frequency coverage is a key driver on instrument design and parts costs, especially so that all
instrument features and performance can be offered across the entire frequency range.
Simultaneously then, many general-purpose instruments command staggering prices yet lack
features important to TT&C and COMMS needs.
This paper highlights the Channel Simulator as an example of the kind of cost-effective and
focused instrumentation needed to address the rigorous needs of TT&C/COMMS engineering,
analysis, and verification applications. Economical and TT&C/COMMS-focused Vector Signal
Generators and Spectrum Analyzers are available, and are briefly mentioned as well.

CHANNEL SIMULATOR
The Channel Simulator produces effects on signals that precisely mirror those that the signal
would undergo if it were actually passing through the communications channel. For wireless
communications, the channel is actually space and atmosphere, and the needed channel
simulation effects include Doppler shift, Doppler shift rate, range delay, range attenuation,
fading (atmospheric, multi-path, etc.), and Additive White Gaussian Noise (AWGN).
Accurate simulation of these effects is absolutely critical to verification and analysis of spaceborne, airborne, and fixed or mobile ground-based receiver systems. In the lab, an accurate
Channel Simulator can fully replace a flying or ground-based transmitter, and can simulate
difficult-to-achieve conditions (e.g., weather extremes, satellite positions/orbits, component
degradation/failures, etc.) or dangerous-to-produce scenarios (e.g., nuclear disturbance,
battlefield scenarios, etc.).
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The Channel Simulator can also be used to test space-borne, airborne, and fixed or mobile
ground-based transmitter systems, perturbing their outputs as will occur in actual use.
Channel Simulators can play a vital role in the modeling, prediction and study of system
performance related to satellites not yet launched, or to study the effects of moving satellites to
new stations or orbits.
Long thought of as satellite Channel Simulators, these powerful, focused, and economical
instruments are fully capable of precise channel simulation for aircraft, Unmanned Aerial
Vehicles (UAVs), SATCOM-on-the-move and missile applications.
As with all T&M instruments, Channel Simulators are characterized by several key capabilities
and specifications that make them suitable for their tasks. These include Doppler shift-related
capabilities, range delay simulation, range attenuation modeling (including fading), and noise
generation functions. Useful channel simulation requires simultaneous and dynamic application
of Doppler, range delay, attenuation and noise, since signals in nature are affected not by a single
effect, but by all in combination.

CHANNEL SIMULATOR: DOPPLER SHIFT
In wireless TT&C/COMMS applications where receivers and transmitters are in motion with
respect to one another, Doppler shift is a significant factor in system design and validation.
Receivers must remain locked to a received signal, maintaining proper BER performance, even
as the received signal’s frequency shifts over time due to the relative motion of the transmitter
and the receiver.
Equation 1 describes Doppler shift based on the actually transmitted frequency and the relative
velocity between the transmitter and the receiver.
Fs = Fa * V/c

(Equation 1.)

where Fs = Doppler shift in Hz
Fa = actually transmitted frequency in Hz
V = relative velocity between transmitter and receiver
c = speed of light (~300,000 km/s)
Figure 1 illustrates Equation 1 for a Low Earth Orbit (LEO) satellite orbiting circularly at 800
km. As its 1.5 GHz signal is encountered at the Acquisition of Signal (AOS) point, and as it
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moves toward a fixed receiving station, the received signal is at a higher frequency than is
actually being transmitted. When the satellite is at its minimum range from the receiving station,
the received signal is at the actual frequency, and as the satellite sets toward the Loss of Signal
(LOS) point, the received signal is lower than its actual frequency.

Acquisition of Signal (AOS)
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40,000.00
30,000.00
20,000.00
10,000.00
16.33

15.25

14.18

13.10

12.02

10.95

9.87

8.79

7.72

6.64

5.56

4.49

3.41

2.33

1.26

‐10,000.00

0.18
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Figure 1. Doppler shift vs. time for a 1.5 GHz signal from a LEO observed at a fixed ground
station.
For this satellite, the following Doppler shift ranges would be observed at a fixed ground station.
Original Frequency (Fo)
Observed Doppler (Fs)
435 MHz (UHF band)
± 8.6 KHz
1.2 GHz (L band)
± 23.7 KHz
2.4 GHz (S band)
± 47.4 KHz
5.7 GHz (C band)
± 112 KHz
10.5 GHz (X band)
± 207 KHz
24.0 GHz (Ku band)
± 474 KHz
Table 1. 800 km circular LEO Doppler shift ranges.
Similar data can be constructed for different frequencies, and for Middle Earth Orbit (MEO),
High Earth Orbit (HEO), and Geostationary Earth Orbit (GEO) satellites, as well as for aircraft,
UAVs, and missiles.
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On a lab bench, a Channel Simulator used as in Figure 2, can apply the anticipated Doppler shift
to the input signal, so that the signal into the receiver system under test is identical to what would
actually be received from the transmitter.

Figure 2. Channel Simulator configuration for receiver system testing.
Figure 3 shows a similar setup for transmitter system testing. In either test setup, receivers or
transmitters under test may be for flying or ground-based applications. As well, up- and downconversions as well as modems may be necessary in an actual test setup, depending on available
equipment and receiver and transmitter characteristics.

Figure 3. Channel Simulator configuration for transmitter system testing.
As Equation 1 describes, Doppler shift is frequency dependent. Since data signals have non-zero
bandwidth, various portions of the signal are actually at different frequencies as can be observed
with the 120 kbit/sec QPSK signal in Figure 4 below.

5

Figure 4. Typical 60 KHz bandwidth of a 120 KBit/sec (60 KSymbols/sec) QPSK signal.
For precise simulation, the Doppler shift capacity of the Channel Simulator must apply
appropriate and different Doppler shifts across its bandwidth. In Figure 4 for example, the left
side of the waveform would receive a slightly lower Doppler shift than the right side, since the
left side is at a lower frequency than the right side. This is especially important at high data rates
that result in wide bandwidth data signals.

CHANNEL SIMULATOR: DOPPLER SHIFT RATE
Figure 1 also shows that the Doppler shift rate changes throughout the pass. The flatter, more
horizontal areas of the S-curve are where the Doppler shift remains relatively constant due to
comparatively small changes in the closing velocity between the satellite and the ground station.
As the satellite rises (the left side of the plot), its motion with respect to the ground station is
mostly that which changes its altitude with respect to the ground station, not its line-of-sight
range.
The steeper portion of the curve is where the satellite’s range from the ground station is
changing more rapidly, and as the S-curve crosses the X axis, the velocity changes sign from
positive values (satellite approaching receiver) to negative values (satellite moving away from
receiver).
The X axis is crossed more steeply when the mid-point of the satellite’s overflight is closer to the
ground station. Maximum Doppler shift rate occurs when the satellite passes directly overhead,
and lower rates are observed for lower elevation angle passes.
Channel Simulators configured as in Figures 2 and 3, must apply supply Doppler shift rates both
within and beyond the anticipated ranges for verification of appropriate receiver system margin.
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CHANNEL SIMULATOR: RANGE DELAY
All communication systems have some form of inherent delay in propagation between
transmitter and receiver. This is true for wire-line systems, optical systems, and wireless radio
systems where propagation velocity is related to the dielectric constant of the medium through
which the signal passes.
Propagation velocity is expressed as a percentage of the speed of light, and in vacuums
(dielectric constant = 1) and in air (dielectric constant = 1.00054) propagation velocity can be
considered to be 100% of the speed of light for most practical purposes.
Therefore, in wireless communication systems the propagation delay between a transmitter and
receiver can be calculated by dividing the straight line distance between the transmitter and the
receiver, by the speed of light.
For the LEO satellite discussed earlier, the range delay profile of Figure 5 can be expected.
Elliptical and higher orbits produce dramatically different results.
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Figure 5. Range Delay vs. time for a signal from a LEO observed at a ground station.
When performing one-way tests (Figures 2 and 3), where a receiver or transmitter is being tested,
the Channel Simulator must be capable of signal delay ranges dictated by both the closest and
farthest separation between transmitter and receiver. Depending on orbital characteristics and
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ground station locations, minimum and maximum separation relates to the satellite’s apogee
(farthest point from the Earth) and perigee (nearest point to the Earth).
When performing complete simulations of a transmitter-satellite-receiver communications
scenario as in Figure 6, the Channel Simulator must be capable of delaying for the uplink plus
the downlink paths.

Figure 6. Maximum range for GEO satellites.
For a GEO satellite at 35,790 km above the Earth (as illustrated in Equation 2), a Channel
Simulator would need a delay capacity of at least 250 ms, plus satellite transponder delay, plus
margin for worst-case system analysis.
DT = (RU + RD) / c
(Equation 2.)
= (42,648 km + 42,648 km) / 300,000 km/s
= 0.248 s
where DT = total delay in s
RU = uplink range in km
RD = downlink range in km
c = speed of light (~300,000 km/s)
Communications systems testing between atmospheric vehicles (aircraft, UAVs, and missiles)
and between such vehicles and ground stations or satellites follow the same considerations,
except that minimum and maximum delays are much smaller due to the relatively close
proximity between transmitters and receivers.
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CHANNEL SIMULATOR: RANGE ATTENUATION
Receiver system performance also depends on the power level of the received signal. Satelliteborne transmitters are typically low-power systems at great distances from receiver systems.
Modeling dynamic signal power levels, and validating operation under worst-case conditions are
key receiver system tests.
The power level of a received signal is affected by free-space path loss, which can be calculated
from Equation 3.
L = 32.4 + 20 log F + 20 log R

(Equation 3.)

Where L = free-space path loss in dB
F = frequency in MHz
R = range in km.
For the LEO satellite discussed earlier, the path loss profile in Figure 7 could be expected.

Path Loss (dB)

Loss of Signal (LOS)

Acquisition of Signal (AOS)

16.33

15.25

14.18

13.10

12.02

10.95

9.87

8.79

7.72

6.64

5.56

4.49

3.41

2.33

1.26

0.18

168.00
166.00
164.00
162.00
160.00
158.00
156.00
154.00
152.00
150.00
148.00
146.00

Time (minutes)

Figure 7. Path loss of a signal from a LEO observed at a ground station.
A Channel Simulator must accept a low-level input signal then further attenuate it according to
the attenuation profile of the communications system being tested. To properly simulate the LEO
of Figure 7, the Channel Simulator would require an attenuation capacity of at least 12 dB to13
dB.
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With MEO and HEO satellites having highly elliptical orbits, or where atmospheric, Rician,
Rayleigh, or Nakagami fading is to be modeled, the needed attenuation range is on the order
of 50 dB.

CHANNEL SIMULATOR: NOISE
As with the Doppler, range delay, and range attenuation parameters above, all communications
systems are subject to noise received by the antenna (cosmic noise and radiation from the Earth),
as well as other atmospheric and man-made noise. Receiver noise itself is also an important
factor.
In order that Channel Simulators be capable of creating signals truly identical to those that would
be received from wireless transmitters, they must contain noise sources capable of generating
expected and worst-case noise profiles.

CHANNEL SIMULATOR: PHASE CONTINUITY
Channel Simulators must perform their operations in a fully phase-continuous manner. This
ensures that throughout the instrument’s capabilities, no data errors are introduced as a result of
waveform discontinuities, inappropriate transitions or glitches.
The Channel Simulator must faithfully model nature in this regard, so that the instrument can be
confidently substituted into the communications system for accurate and dependable results.
This implies sophisticated high-resolution interpolation between commanded Doppler, delay or
attenuation points.

CHANNEL SIMULATOR: ADDITIONAL SPECIFICATIONS
Channel Simulators are sophisticated instruments that provide exceptional engineering and
verification value. But to maximize their true value, Channel Simulator ease of use must be
strongly considered. Most users are not interested in understanding detailed orbital mechanics or
propagation path dynamics in order to get the Channel Simulator to perform. Such calculations,
especially those that involve multiple flying receiver/transmitter systems, or that relate to
SATCOM-on-the-move, rapidly become far more complex than those included here.
For these reasons, Channel Simulators must work seamlessly with industry-standard packages
that facilitate easy and powerful communications scenario development, conduct Doppler, delay
10

and attenuation calculations, provide detailed visualization, and allow intuitive insertion of userdefined parameters such as orbits, spin and tumble models, antenna gain/coverage models, noise
profiles, interference patterns, jammer systems and receiver system characteristics.
Channel Simulators must also integrate closely with user-developed software systems for
simulation based on actual real-time events. Industry-standard control methods by Application
Programming Interfaces (APIs) and/or Ethernet Transmission Control Protocol/Internet Protocol
(TCP/IP) commands must be included for these purposes. These control methods must also
result in fully phase-continuous operation.
Channel Simulator hardware should be easily connectable to other systems allowing signal taps
to be easily obtained from transmitter systems, or fed to receiver systems. Industry-standard
Radio Frequency (RF) upconverters and downconverters should be usable with the Channel
Simulator, allowing it to be connected easily into test setups as in Figures 2 and 3, and allowing
it to be designed at a lower Intermediate Frequency (IF) for cost minimization.

SPECTRUM ANALYZERS
Spectrum analyzers must be capable of demodulating detected signals, and must include
sophisticated DSP engines and techniques for precise and automatic signal/modulation analysis,
interference analysis, signal fingerprint matching, carrier-under-carrier detection and analysis,
etc. Familiar controls, as well as frequency domain displays and constellation diagrams must be
available.
These spectrum analyzers must include frequency segment monitoring, along with robust alarm
generation and logging capabilities when abnormal results are observed based on frequency/time
masks and metrics violations.
They must analyze and report signal quality metrics like C/No (Carrier-to-noise) Eb/No (Energy
per bit to noise power spectral density), and C/I (Carrier-to-interference) ratios, as well as BER.
As with all such equipment, standard software and hardware interfaces must be provided, such
that equipment can be controlled and monitored remotely.
To keep their costs low, Spectrum Analyzers can be designed at IF, utilizing industry-standard
RF downconverters from received frequencies.
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VECTOR SIGNAL GENERATORS
Powerful, yet easy-to-use TT&C/COMMS-focused vector signal generators are vital whenever
actual signals are not available, or when signal impairments like interference, carrier-undercarrier covert/friendly signals and intentional jamming must be applied.
Such generators must easily create multiple independent signals combined at the output, each of
which may be modulated differently, may be at differing data rates, and may be of diverse
amplitude as illustrated in Figure 8 below. In many cases, pseudo-random data is sufficient, but
in other situations, properly formatted telemetry data must be modulated onto generated signals.

Figure 8. Vector Signal Generator capacity to generate multiple simultaneous signals.
Vector Signal Generators can also operate at IF, can be grouped together for increased channel
count, and can combine their outputs with other telemetry devices.

RECONFIGURABILITY AND MODULARITY
Telemetry system instrumentation must be easily and economically reconfigurable to suit
emerging and changing needs. Such design requires and benefits from the use of standard control
and signal interfaces between components, both at the hardware and the software level.
Modular system architectures such as this also reduce costs by allowing the user to purchase only
the portions of the system that are actually needed, yet offering the opportunity to add other
modules later as shown in Figure 9.
Vector Signal Generator, Channel Simulator, and Spectrum Analyzer design at IF substantially
reduces their design, component, and manufacturing costs, passing lower purchase prices to the
end user.
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Telemetry Signal
Generator(s)
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Channel Simulator RF Output
Vector Signal Generator RF Output

Figure 9. Modular and reconfigurable Channel Simulation and Analysis architecture.
Additional benefits of such architectures occur in the area of power consumption, heat
generation, weight, and size. Further benefits in all these areas occur when software-defined
instruments are utilized within the system.
A complete self-contained example system comprised of an 8-channel Vector Signal Generator,
a Channel Simulator, and a Spectrum Analyzer is shown in Figure 10. This chassis contains
ample room for optional RF upconverters and RF downconverters, as well as splitters,
combiners, and other signal conditioning components.
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Figure 10. Modular and reconfigurable Channel Simulation and Analysis system example.

CONCLUSION
General-purpose instrumentation offers an exceptional set of features and specifications, many of
which are not used however, in TT&C/COMMS applications. These features and specifications
make these instruments useful for a wide variety of applications, but come at a high price for
applications that do not need the capabilities. Purchase price is a major concern, but the price of
necessary, but missing features for TT&C/COMMS applications, is higher yet.
Modular instruments such as Channel Simulators, RF/IF converters, application-focused Vector
Signal Generators, Telemetry Signal Generators, and enhanced (but much lower cost) Spectrum
Analyzers have created a new class of economical high-performance instrumentation to address
TT&C/COMMS engineering and validation needs.
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A BSTRACT
A method for combining telemetry data and quantifying the resulting coding gain for a ballistic
missile test flight is presented. Data received from five ground stations in 54 data files with
18 million intermittent frames is combined, to create a single file with 1.5 million continuous
frames. Coding gain provided by data combining is as high as 30 dB, with a useful improvement
of 5 dB at boost and terminal stages. With frame reconstruction techniques, erroneous words in
a frame are reduced from 2.1 % to 0.12 %.
K EYWORDS
Polarization diversity, spatial diversity, diversity combining, data combining, and coding gain.

I. I NTRODUCTION
Stockpile surveillance, a mission of Sandia National Laboratories, includes conducting periodic
test flights of an instrumented test weapon, called a Joint Test Assembly (JTA). These vehicles
are launched from several sites over both the Pacific and Atlantic Oceans and monitored during
their journey by ground stations distributed throughout the theater. A high-data-rate modular
telemetry system transmits operational data to the ground stations from the vehicle throughout
flight, with the final milliseconds of the flight being the most critical.
Increasing the reliability of the telemetry system for JTA flights is an important area of ongoing
research. Technical challenges include compensating for data dropouts that occur when nulls
in the antenna-array pattern of the rotating vehicle sweep over ground stations [1]. During
reentry, heat-shield ablation leads to signal attenuation from plasma. Finally, low receivingantenna elevation before impact results in strong multipath from ocean reflections, degrading the
Sandia is a multiprogram laboratory operated by Sandia Corporation, a Lockheed Martin Company, for the United States
Department of Energy’s National Nuclear Security Administration under contract DE-AC04-94AL85000. SAND2008-1713A
approved for public release; further dissemination unlimited.
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quality of a ground station’s polarization-diversity selection combining. Operationally, telemetry
systems are unusually constrained, in that antenna configurations, modulation schemes, and
ground-station hardware cannot be modified. Thus, system improvements must be realized in
transmitter design and data postprocessing.
Underwater acoustic telemetry systems experience similar extensive channel variability and
frequent non-Gaussian events comparable to the plasma, multipath, and periodic signal loss.
Designers of such systems extensively utilize data postprocessing algorithms to take advantage
of spatial diversity provided by multiple receivers [2]. In the field of aeroballistic telemetry,
prior work demonstrated the combining and filtering of telemetry data from multiple receivers
to reduce data dropout and reconstruct missing or erroneous data [3]. This work builds upon
the previous work by utilizing words within a data frame, specifically a major frame number, a
16 b cyclic redundancy check (CRC), and synchronization (sync) words, to improve the quality
of postprocessing and to quantify coding gain.
The paper is organized as follows: Section II provides a system overview; Section III provides
an analysis of the techniques used to extract, prepare, combine, and store telemetry data; and
Section IV provides the results of data combining.
PPT
TRS

MKH

KWJ

Fig. 1. Vehicle ground track and ground-station coverage. The vehicle travels southwest from the California coast, over the
Hawaiian Islands, and terminates near the Marshall Islands.

II. S YSTEM OVERVIEW
A. R ANGE , T RAJECTORY, AND ATTITUDE
JTA Flight Test Unit (FTU) 17 was launched from Vandenberg Air Force Base on 12 March 2003
from a Minuteman III ICBM and after separation traveled on a ballistic trajectory over the
Hawaiian Islands, impacting near the Kwajalein Missile Range in the South Pacific Ocean. In
flight, the vehicle rotates at approximately 4 Hz for stability, flying nose down over midcourse
for proper alignment at terminal-stage reentry. Time of flight from the end of the boost stage
2

(a)

(b)

Fig. 2. Vehicle antenna array pattern (a) generated by two antennas fed 180◦ out of phase, positioned at Φ = 135◦ and 315◦
in reference to the axes shown with the RV (b).

to impact is 1136 s (19 minutes). An 8,000 km ground track representative of the flight with
ground-station coverage is shown in Figure 1.
Five ground stations provide Western Range telemetry data. Vandenberg Telemetry Relay Station
(TRS) and Pillar Point Air Force Station (PPT) located in California cover the boost stage. The
Makaha Ridge Site (MKH), part of the Pacific Missile Range Facility (PMRF) in Kekaha, Hawaii,
provides a strong midcourse link. Finally Kwajalein Missile Range (KWJ) and Roi Namur
(ROI) located on Kwajalein Atoll in the Marshall Islands provide terminal-stage telemetry. All
sites except ROI provide links with multiple high-gain antennas, the primary being a 7 m dish
with approximately 40 dBi gain. The ROI site is populated with omnidirectional receivers, to
increase the probability of receiving critical end-event data. All ground stations take advantage
of polarization diversity by using signal-strength selection combining, a technique which selects
between signals with right-hand circular polarization (RHCP) and left-hand circular polarization
(LHCP) based on their relative strength.
At each ground station, received data is down-converted to a 2.1 MHz carrier and recorded
directly to 14 track tape in a process known as predetection recording (Pre-D). On this tape
the RHCP, LHCP, and selection-combined signals are recorded for all ground-station antennas.
Additionally, a second predetection recording using hardware with a slightly varied configuration
is created as a backup, increasing the data available for postprocessing. So, for a given ground
station there are at minimum three recorded signals, however with multiple antennas present and
the inclusion of backups, there are often many more. As will be shown in Section III-A, each
of these signals can be extracted as an individual file and combined into a single data set.
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B. T RANSMITTER , A RRAY, AND DATA
The vehicle transmits 7 W at 2288.5 MHz collectively from two antennas, fed 180◦ out of phase
to provide gain at vehicle boresight. Because the antennas are on opposite sides of the vehicle and
are separated by more than half a free-space wavelength, an array factor is present in the far-field
radiation pattern (Figure 2 (a)). This array factor rotates with the vehicle and results in continuous
signal-strength variation at the receivers, with intermittent data dropouts corresponding to deep
nulls in the array pattern. Due to the periodicity and length of the dropouts, error-correction
codes provide little benefit.
The transmitter modulation is PCM/FM transmitted at 1.6 Mb/s, with data organized into major
and minor frames. A major frame is comprised of 16 minor frames. A minor frame is 1.6 kb in
length and is transmitted every 1 ms. Each frame contains a 24 b sync word, FAF32016 , as defined
by the IRIG standard [4], and an 8 b cyclic redundancy check (CRC) checksum. Minor frames
are stamped with a 4 b frame number. Major frames are stamped with stamped with both a 24 b
major frame number and 4 b minor frame number. This provides a 28 b frame-number space
for 2.68 × 108 frame numbers or 75.6 hours of recording, sufficient to provide a unique number
for all frames in a flight. In the following sections it will be shown how the postprocessing
method utilizes frame numbers, CRC checksums, and sync words, to improve the quality of
postprocessing and to quantify coding gain.

III. P OSTPROCESSING
PPT
RH
RH
RH
CS
CS
LHCS
LH
LH

TRS
RH
RH
RH
CS
CS
LHCS
LH
LH

Cell Postprocessing

MKH
RH
RH
RH
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LHCS
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KWJ
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LHCS
LH
LH

Reconstruct Frame
ID using heuristics
and CRC

Memory
or
Database

Select data from all
files by Frame ID

Reconstruct frame
by cell using
heuristics and CRC

Text Files
or
Database

ROI
RH
RH
RH
CS
CS
LHCS
LH
LH

Fig. 3. The data postprocessing steps are data extraction, master frame generation, intermediate database creation, frame
combination (fill in missing frames), word combination (correct erroneous frames), and final database creation.

Postprocessing steps include extraction of data from tapes, formatting of data, generation of full
frame numbers, creation of an intermediate database, combining of data by frame, combining
of data by word, and creation of a final database. The data postprocessing steps are shown in
Figure 3.
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Fig. 4. For a given frame number, there are between 1 and 15 duplicate frames available for data combining (a). The average
number of overlapping frames is 5.7, the median is 4, and the mode is 7. For a given frame duplication, the total number of
frames with that duplication is shown (b).

A. DATA E XTRACTION AND T RIMMING
Modulated data is played back from a 14-track tape into a telemetry receiver, which provides
video in the form of a scrambled analog PCM stream. This scrambled PCM stream is processed
by an analog decommutator, which unscrambles the data, places the data into frames using the
sync words as reference, and verifies the checksum. From this binary form, the frames are then
exported to files as lines of space-delimited ASCII text for postprocessing. Filenames are used
to record flight and ground-station metadata, such as weapon type, FTU number, date, ground
station, antenna, polarization, tape volume, and backup.
Before and after the flight there is no transmitted telemetry, however receivers are nonetheless
recording. This results in random data at the beginning and end of tape, which a decommutator
can output as frames of random data, if by chance the sync word appears in the noise. To
improve the accuracy of the algorithm that generates a full frame number for each data frame,
it is necessary to remove this noise from the beginning and end of the data file.

B. F RAME N UMBER G ENERATION AND DATABASE C ONVERSION
Because complete frame numbers only appear once every sixteen frames, when a major and
minor frame number appear together, it is necessary to generate complete frame numbers for all
frames. Absolute IRIG time, recorded in the data stream, cannot be used between ground stations
as an aid to generating a complete frame, as the recorded IRIG time for a given frame varies
due to varying signal propagation times. Further, dropped and corrupted frames can often make
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Fig. 5. Estimated bit error rate (BER) (a) and normalized signal-to-noise ratio (SNR) (b) from sync-word errors are shown for
individual ground stations and the complete combined data.

finding an intact frame with a major and minor frame number difficult. The solution utilized is
the creation of a transformation between differential IRIG time stamps and the complete frame
number of trusted major frames.
Trusted major frames are defined as frames that arrive with a differential IRIG time that is an
integer multiple of a frame period (1 ms), have a valid CRC checksum, and occur within a chain
of similarly valid frames. Within a given file, only a fraction of major frames qualify as trusted,
however the number is sufficient to create a linear transformation between IRIG time and frame
number. While generating trusted major frames, linear coefficients are derived and compared
against an average global linear coefficient. Trusted major frames with linear coefficients outside
the bounds permitted by doppler shift are discarded. Once verified, the linear coefficients are
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Fig. 6. Improvement to signal-to-noise ratio (SNR) is the difference between estimated normalized SNR from individual ground
stations and the complete combined data. This graph directly measures the improvement data combining provides over using
uncombined individual telemetry data.

used to generate complete frames from the recorded IRIG time for all frames.
With complete frame numbers, all frames from all sources are added to a single database. A
unique value (frame hash) is generated for each frame and stored with its associated groundstation information as metadata. As can be seen from Figure 4 (a), for a given frame number there
is between 1 and 15 overlapping frames with an average of 5.7 available for data combining.
For a given number of appearances in a file, the total number of frames present in those files is
shown in Figure 4 (b).

C. DATA C OMBINING AND DATABASE S TORAGE
To combine the data, portions of all frames from the database are loaded into a large hash
table in memory. Only the complete frame number, sync words, CRC status, and frame hash
are loaded to reduce memory requirements. From the hash table, the minimum and maximum
complete frame number are found and each frame number between is visited. For each frame
number visited all frames with matching frame numbers are compared. If one of the frames has
a valid CRC, its frame hash is used to load the complete frame from the database and it is
stored in a new hash table. If all frames have an invalid CRC, the frame hash is used to load the
complete frames from the database and the frames are integrated word by word using majority
rule. If no majority value exists for a word in a frame, the word is flagged and cleared. If no
frames exist for a selected frame number, a frame is created with empty values and is stored.
The result is a single combined file without gaps, that represents the best data from all files.
The total telemetry received from the FTU 17 test flight is 54 data files with 1.5 million frames
at 722.8 MB. This combined data file is 97 thousand frames at 126.5 MB. Unlike the much larger
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collective data set, the single file can be stored off tape; easily analyzed and shared; and further
processed to estimate missing data [3].

IV. C OMBINING R ESULTS
Present and constant in every frame, sync words are used to estimate BER, derive SNR, and
quantify coding gain. The estimated BER for each ground station and the combined data are
shown in Figure 5 (a). The equation
Pb = 0.5e−0.7BIF /Rb [S/N]c

(1)

is used to convert BER to signal-to-noise ratio (SNR) [5] and is shown in Figure 5 (b). The
coding gain is the difference between the SNR of the original and combined data sets and is
presented in Figure 6. It can be seen that the coding gain is as high as 30 dB in some regions,
with a useful improvement of 5 dB at boost and terminal stages. With frame reconstruction
techniques, erroneous words in a frame are reduced from 2.1 % to 0.40 %. This results in a drop
in total bad frames from 7.9 % to 6.2 %. Results are summarized in Table I.
TABLE I
DATA SET ATTRIBUTES WITH POSTCOMBINATORIAL MISSING AND ERRONEOUS DATA .
Measure
Files
Size
Lines
Start FID
Stop FID
Frames
Missing
Error CRC
Error Fix

TRS
12
72 MB
1.7 M
16818
46759
479,046
2.3 %
3.0 %
0.22 %

PPT
8
115 MB
2.8 M
1588
48781
755,081
10.0 %
6.7 %
0.57 %

MKH
6
193 MB
4.7 M
30935
80165
787,677
0.1 %
1.9 %
0.37 %

KWJ
8
166 MB
4.0 M
58233
96432
611,180
10.4 %
6.4 %
1.27 %

ROI
20
177 MB
4.3 M
57949
99261
2,184,374
18.4 %
9.7 %
1.02 %

Boost
20
187 MB
4.6 M
1588
48781
755,081
9.6 %
5.0 %
0.34 %

Terminal
28
342 MB
8.4 M
57949
99261
661,002
12.1 %
7.0 %
0.89 %

All
54
723 MB
17.8 M
1588
99261
1,562,771
5.8 %
2.1 %
0.12 %
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Abstract
There are many challenging aspects to processing data from a modern high-performance
data acquisition system. The sheer diversity of data formats and protocols makes it very
difficult to create a data processing application that can properly decode and display all
types of data. Many different tools need to be harnessed to process and display all types
of data. Each type of data needs to be displayed on the correct type of display. In
particular, it is very hard to synchronize the display of different types of data. This tends
to be an error prone, complex and very time-consuming process.
This paper discusses a solution to the problem of decoding and displaying many different
types of data in the same system. This solution is based on the concept of a linked
network of data processing nodes. Each node performs a particular task in the data
decoding and/or analysis process. By chaining these nodes together in the proper
sequence, we can define a complex decoder from a set of simple building blocks. This
greatly increases the flexibility of the data visualization system while allowing for
extensive code reuse.

Keywords
Ground Station Software, Data Processing, Data Analysis, Data Reporting and Exporting,
Object Oriented

Introduction
Advancements in communication technology have led to the development of many
different protocols and encoding systems for various applications. In order to decode and
extract information from each protocol, the data processing system needs to have a set of
data processors for each format. While the system that encodes the data only needs to
implement a small number of protocols, the data processing system is required to deal
with many different protocols and data formats. An example of a data processing system
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is the receiver side of a ground station. The sheer variety of protocols and data formats is
one of the largest challenges involved in creating a data processing system.
In this paper, we propose the use of object-oriented programming (OOP), which is a
widely used software development concept, to organize the software’s code and reduce
the complexity of dealing with multiple data formats. Instead of writing many different
decoders to process each data format from beginning to the end, we divide the decoding
process into several smaller tasks. Each task is encapsulated into a class. This is the
essence of the OOP strategy for dividing large problems into several smaller problems.
The inheritance feature in OOP will be very useful for organizing the tasks. The data
formats used in communication technologies are usually layered and the differences
between data formats are often quite small. Inheritance enables programmers to reuse
source code by allowing them to create a base object that contains a common set of code
that is used by all of the data formats. This base object includes functions, which can be
overridden by each object that is derived from the base. This helps to organize and
simplify the task of implementing a large system. It also makes the system easier to
maintain.

Data Flow Overview
Data Flow in GSS
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Figure 1: Data Flow In TTC’s GSS Software
Figure 1 depicts an overview of data flow on the receiver side of TTC’s ground station
system (GSS). The system is roughly divided into four layers that are executed from the
left to the right. The four layers are the Source, the Decoder, the Data Dispatcher and the
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Presentation / Export layer. In each layer, there is a collection of components that can
process different types of inputs. After processing their inputs, these components pass
the output data stream to the next layer. Typically the data flows from the left to the
right. Some of the components have the ability to extract a data stream. This stream can
be rerouted back to an earlier stage in the system so that it can be processed. In effect,
the system can create branches to process multiple streams.
The first layer is called Source. This layer contains components that retrieve data from
physical devices. Supported devices include all of the following:
• A standard data file on a PC’s hard drive
• A file on a data Recorder
• A live data stream from a Receiver / BitSync / Decommutator
• Live data from an Ethernet network
Parameter

Raw Count & EU
Concatenation & EU
Derived Function
Raw Data
PCM / ACQ
Mil-Std-1553
Arinc-429
16PP194
DAR Message
Chapter 10 Packet
Chapter 4 Frame ( Pack / Unpack / Throughput )
MAC / UDP / TCP / IP
Raw Byte Stream
User Define
Multimedia Data
H.261
MPEG-2
MPEG-4
MJPEG-2000
High Definition MJPEG-2000
CVSD
Linear Audio
a-Law / mu-Law
Time
Header Time
Embedded Time
Frame Time
Message Time
Elapsed Time
Figure 2: Supported Data Types In GSS
The second layer decodes and processes data. There are sub-layers inside that handle the
details of interpreting each data format. A more detailed description of these sub-layers
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follows in a later section. One of the topics that will be discussed is how we apply
object-oriented programming to make data processing more flexible and organized.
The Data Dispatcher layer dispatches data from the output of the decoder layer. One of
biggest advantages of using a dispatcher is that it is loosely coupled with the decoder.
This means that the data consumers in the final Presentation and Export layer are
decoupled from the decoder. This has many benefits including faster development, easier
debugging of problems and the presentation of a standardized interface for each data
consumer to use to get data. This makes it much easier for teams to develop components
simultaneously.
The table in Figure 2 lists the data types that are supported by TTC’s GSS software. The
list can be easily extended thanks to the power and flexibility of the multi-layered
software design.

Object-Oriented Programming (OOP)
Object-Oriented Programming is based on four main principles:
Abstraction
Abstraction is a process for simplifying complex problems by creating objects that model
the various layers of the problem. This allows each aspect of a problem to be addressed
at the appropriate level in the model.
Encapsulation
Encapsulation conceals the functional details of an object. This allows objects to be
treated as black boxes. Their internal code and functions can change as long as their
external interface remains the same.
Inheritance
Inheritance is a concept that allows users to create derived objects that inherit the
functionality of their parents. These derived objects can be extended to include
additional features that are not present in their parent object.
Polymorphism
Polymorphism allows programmers to interact with derived objects as if they were
instances of their parent object.
Here is a simple example of Object-Oriented Programming. Let’s suppose that a
program contains a base object called Food. Food exposes a function called Eat. A
programmer can create inherited objects that are based on the Food object. For example,
the programmer could create two objects called Apple and Orange. These objects inherit
from Food so they also contain the Eat function. Thanks to OOP, another part of the
program that doesn’t know anything about Apple and Orange can still use them as long
as it understands that the Eat function can be used on any Food object. The exact
implementation details of Orange and Apple don’t matter because they are being used as
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black boxes. This model of Food is a simple example of how abstraction allows the user
to simplify a big problem into a set of easy-to-use objects.

Object-Oriented Data Processing
This paper describes a way to process data that uses and extends the Object Oriented
Programming concept. This makes it possible to:
• Divide the dataflow pipeline into multiple small tasks. Each task is encapsulated
as an object.
• Abstraction is used to create classes that contain the decoder for each real-world
data format.
• Each layer in the system starts with a base class that implements standard
functionality. The variations and unique features of each data format are defined
in the inherited classes.
• Polymorphism makes it possible for each layer to interface with the objects from
the other layers without having to know how they work. As long as each layer
knows about the functions that are available on the base class of the other layers
then the system can form a data pipeline without having to know the
implementation details of each class.
Decoder

Protocol Parser

Channel Parser

Parameterizer

Data Processor

Ch.4 Frame Parser

PCM Parser

PCM
Parameter Extractor

EU / Scaled

Ch.10 Packet Parser

Mil-Std-1553 Parser

Mil-Std-1553
Parameter Extractor

Concatenation

iNet Enabled
ProtocolParser

Arinc-429 Parser

Arinc-429
Parameter Extractor

Derived Function

16PP194 Parser

16PP194
Parameter Extractor

Bypass

Video Parser

Bypass

User Defined
Data Processor

Audio Parser

User Defined

iNet Enabled
Channel Parser

Figure 3: The Data Decoder In TTC’s GSS Software
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The data decoder is the place where data formats are interpreted and useful information is
extracted. We propose two possible models for the data decoder: the layered model and
the network model.

Data Decoding Using The Layered Model
Figure 3 contains an example of the layered model. In this model, data flows through a
series of layers from the left to the right. To process the data stream, one or more parse
instances will be created. A parser reads from an input data stream, processes the data,
extracts information and converts the result into an output data stream. The data format
in the input stream may not be the same as the one in the output stream.
The first layer is the protocol parser, which unpacks data from a byte stream or a bit
stream. There are three parsers in Figure 3’s example: the Chapter 4 parser, the Chapter
10 parser and the iNET-enabled parser. One of the major tasks for the protocol parser is
to locate packet boundaries. Synchronization words are a common way to locate the
boundary of a packet. For example, Chapter 10 uses 0xEB25 as its sync word, while
Chapter 4 allows users-defined sync words.
In order to read data from a bit stream, it is necessary to perform byte alignment. A bit
stream is just like a serial string of bits, 0’s and 1’s. It is a challenge to identify which bit
is the first bit in a word, and still keep the system running in real-time.
Both Chapter 4 and Chapter 10 are sub-classes of the protocol parser so they perform
similar functions while deviating in a number of ways. The Chapter 4 frame may reside
in a byte stream or in a bit stream. Thus, we need two Chapter 4 frame parsers. One
processes the classic PCM frame and another one processes Throughput Chapter 4
frames. The Throughput Chapter 4 parser inherits from the standard Chapter 4 frame
parser. The major task of the Chapter 4 frame parser is to locate the minor frame
boundary by using the sync words. The Throughput parser inherits from the Chapter 4
frame parser and performs one extra task. It aligns the data that it reads from the bit
stream on byte boundaries.
There are several other tasks that the protocol parsers perform. They retrieve the time
stamp or relative time counter from the data and they verify the data packet’s integrity.
The second layer is channel parser. Multiple channel parsers may be created because
multiple data streams can be extracted from the protocol parser. Even for Chapter 4 data,
it is possible to extract embedded PCM data streams.
PCM is a time-driven protocol and the PCM frame can be represented by a twodimension array of data words. The major task of the PCM parser is to construct a major
frame and verify the Sub-Frame ID word. This prevents bad data from flowing into the
next layer of the system. MIL-STD-1553, ARINC-429, ARINC-629, and 16PP194 are
messaged-based protocols. Their parsers must extract message data and accurate
message time stamps from the raw byte stream. Extracting video and audio data is
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comparatively simple in this layer but there are cases where reprocessing is needed. An
example of a type of reprocessing that is often needed for video is byte swapping.
One issue that needs to be considered is that the layout of data for a particular data type
may be different depending upon the protocol that the data is embedded in. A typical
example is MIL-STD-1553 messages. When the messages are placed in a PCM Format,
they are serialized as a byte stream. This is typically called a Chapter 8 PCM Stream.
Messages may be mixed together in this format and a 1553 parser for PCM data needs to
extract and restore the messages. The 1553 parser for Chapter 10 files is much simpler
because the messages are recorded sequentially in the file. By using abstraction, the
MIL-STD-1553 parser defines the basic tasks that are required to extract 1553 data. Subclasses can inherit from the base class for extracting 1553 data from PCM and Chapter
10. This allows the system to easily handle the different layouts.
The parameter layer is used to extract meaningful measurements from the raw data
format. PCM parameters are defined in a PCM frame based on their word and frame
positions. MIL-STD-1553 parameters are defined by their Bus ID, RT Address, SubAddress, Transmit / Receive and their word position in the message.
After the parameter layer, the data is in a standardized format and is ready for further
processing in the Data Processing layer. This layer contains a powerful calculation
engine. Engineering Unit conversions, concatenations and derived functions are defined
in a mathematical expression. The calculation engine plugs the parameter values into the
expression to calculate the results.
The main limitation of the layered model is that the data flows from the left to the right
but not the opposite direction. In some cases, a data acquisition system contains a set of
serially connected units. This makes it possible to embed one data format inside of
another format. Asynchronous PCM streams and video inside a PCM frame are two
common examples. The Chapter 8 data stream could also technically be treated as an
embedded MIL-STD-1553 or ARINC-429 stream inside of a Chapter 4 PCM stream.

Data Decoding Using the Network Model
A network model is an alternative that provides a more flexible way of connecting the
data path. In a network model, virtually any parser can connect to the output of any other
parser. An adaptor may be required if the data types are not compatible between the
parsers. For example, consider an asynchronous PCM stream, which is a PCM stream
that is embedded within another PCM stream. To process an embedded stream, the
parameter data can be redirected from the Parameter parser back into the Chapter 4 frame
parser in the protocol layer. This allows the embedded stream to be treated as a distinct
data source. An example of this is shown in Figure 4.
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Ch.4 Frame Parser
(fixed pcm)

PCM Parser

Embedded PCM
Parameter Extractor

Ch.4 Frame Parser
(throughput)

PCM Parser

PCM
Parameter Extractor

To
Data Processors

Embedded PCM Decoder

Figure 4: An Embedded PCM Decoder for a data stream from
the DCM-101 card or the MSDI-102-1 module.
The first component in the embedded PCM decoder is a classical Chapter 4 frame parser.
Its task is to locate the frame boundaries and check the packet integrity. The second
component is the PCM Parser, which constructs the major frame. The Embedded PCM
Parameter Extractor extracts the required data from specific locations in the PCM format,
and then forwards the raw data to the Throughput Chapter 4 Frame Parser.
The Throughput Chapter 4 Frame Parser accepts a bit stream from the parameter
extractor component. Its task is to align the data on the byte boundaries, locate the frame
boundaries and check the data integrity. After the embedded data is extracted, another
PCM parser can be used to construct the embedded major frames. The final step is to
extract regular PCM parameter from the embedded major frames.
Decoding an embedded PCM stream is very complex. However, thanks to the objectoriented data processor, the decoding scheme becomes much simpler and better
organized. As an added benefit only two new components are needed for the decoding
pipeline, the other four components are reused from the classical PCM decoder. The two
new components are the “Embedded PCM Parameter Extractor” and the “Throughput
Chapter 4 Frame Parser.”

Ch.10 Packet Parser

Ch.4 Frame Parser
(throughput)

Mil-Std-1553 Parser
(PCM)

Mil-Std-1553
Parameter Extractor

Figure 5: A MIL-STD-1553 Throughput Mode Decoder for a
data stream from the XBIM-553-1 card
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To
Data Processors

Throughput Mode Mil-Std-1553 Decoder

Figure 5 shows another example of the ability of the object-oriented data processing
system to extract embedded data. The data format in this example is a Chapter 8 channel
that is located inside of a Chapter 10 file. The Chapter 8 data is recorded in throughput
mode. There are several challenges involved in decoding this data. The first challenge is
finding the correct bit alignment in the bit stream. The second challenge is to separate
and extract the MIL-STD-1553 messages from PCM stream. This is a challenge because
multiple messages may be mixed together in the stream.
The first component is the Chapter 10 Packet Parser, which locates the packet
boundaries, checks the packet integrity and calculates the absolute time stamp. The time
stamp can be calculated from the relative time counter and a time packet in the Chapter
10 file. The next stage is the Chapter 4 Frame Parser. As discussed in the previous
example, this component’s task is to align the byte boundaries and locate the minor frame
boundaries. The 1553 Parser extracts and separates messages from the PCM stream,
while the 1553 Parameter Extractor extracts the raw data words from the messages. All
of the components in this example are reused elsewhere in the system. There are no new
parsers introduced in this decoder.

Conclusion
Object-Oriented Data Processing has many benefits. It divides the complex data
processing task into several smaller and simpler tasks. This is a classic divide-andconquer strategy and it is very useful for resolving complex problems. The encapsulation
of tasks creates components that can be easily re-used in different data processing
scenarios. Inheritance increases the usefulness of each parser, and reduces the
maintenance costs at the same time. Abstraction helps to create a simple and clean
model, and polymorphism provides the flexibility for different data processing methods.
One consequence of using Object-Oriented Data Processing is that it introduces
additional overhead into the system. Fortunately, modern computers are much more
powerful and the use of OOP data processing only requires a small amount of CPU time.
Furthermore, this solution is ideally suited for a distributed computing environment. If in
the future, complex calculations are required, then the solution can be implemented on a
distributed computation network. This will allow multiple computers to work together on
the calculation.
In recent years, the telecommunication industry is moving faster and faster. As the
Internet grows more popular, it also pushes network technology to improve. In order to
adapt to these rapid changes and the complexity of the protocols that are used in modern
systems, an Object-Oriented Data Processing system is required. This system is an
excellent solution to the challenges presented by the need to decode and play data from
modern data acquisition systems.
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INTEGRATING HETEROGENEOUS SYSTEMS IN AN FTI
ENVIRONMENT
Alan Cooke.
ACRA CONTROL
Abstract: Typically, FTI projects utilise acquisition hardware from multiple vendors. There are at least
three ways of facilitating their integration. The first option is to implement a series of ad hoc
mechanisms customised to the software interfaces provided by each specific FTI vendor. The second
option is to define a meta-data format that can be used to define hardware setup and configuration in a
common way. The final option is to define a common software architecture that prescribes a set of
interfaces and services through which vendor hardware can be configured, and measurement data
retrieved. This paper discusses the pros and cons of each approach and outlines the level of difficulty
associated with each.

Keywords: XML, Meta-data, Integration, Services

1 INTRODUCTION
Most FTI projects use acquisition systems from multiple vendors. This usually necessitates the integration
of hardware based on different technologies and system architectures. Things are further complicated by
the fact that usually each vendor provides unique software interfaces specifically tailored to their own
equipment.
Furthermore, on most FTI projects, the information used to setup and configure these systems is typically
stored in one or more databases. However, the heterogeneous nature of the data used to configure these
disparate systems usually requires specifically designed tables tailored to vendor specific equipment which
complicates the integration problem even more.
There are, broadly, three different solutions to this problem. The first is to write custom software to
interface with each of the vendor systems. The second is the adoption of one or more common FTI metadata standards [6][7] through which all vendors describe their systems. The final option is to define an
architecture that specifies a common set of interfaces, services, discovery mechanisms and so on that
prescribe how vendor hardware can be setup and configured.
This paper will describe each of these solutions in more detail in addition to describing some of the
advantages and disadvantages of each approach.

2 INTEGRATION OPTIONS
2.1 AD HOC INTEGRATION
This solution requires the most effort on the part of the user. It involves interaction with many custom
software interfaces, each unique to a vendor.

2.1.1 THE PROBLEM

Figure 1: The multi-vendor, multi-interface, multi-domain view scenario
Figure 1 illustrates the problems faced by the FTI user. Among the problems encountered by FTI users
are:
•
•

•

•

A requirement to understand the interfaces of each vendor’s software. The learning curve involved is
very much dependent on the quality of vendor documentation.
A requirement to understand how each vendor models the FTI domain. It is usually necessary to
understand the vendors’ view of the FTI domain in order to use their software correctly. Often the
vendors’ view of the FTI domain is undocumented and instead must be inferred.
The need to write software adapted to vendor provided software interfaces. This can range from
writing software wrappers for vendor software that can be run in batch mode, interfacing to software
that demands manual user input (e.g. graphical user interfaces) to using vendor supplied Application
Programming Interfaces (APIs)
Determining how to automate the process of configuring multiple vendor systems in a generalized way.
This usually involves the FTI user extracting information common to all vendor systems into common
tables in one or more databases and then creating custom tables or databases for specific vendor
software. It is then usually necessary to write custom software to translate the data from the databases
into a form that can be understood by each vendor’s software.

2.1.2 ONE POSSIBLE SOLUTION

Figure 2: Possible solution to the multi-vendor, multi-interface, multi- domain view scenario
Figure 2 illustrates a possible solution to the problem and involves
•
•
•

The FTI user extracting information common to all vendor systems into common tables in one or more
databases
Creating custom tables or databases for specific vendor software.
It is then usually necessary to write custom software to translate the data from the databases into a form
that can be understood by each vendor’s software.

This solution involves a lot of effort on the part of the FTI user. The greater the number of different
vendor equipment used, the harder the integration problems.
2.2 AGREE ON AN FTI META-DATA STANDARD
The next approach to the problem is to define a common meta-data standard, or set of meta-data standards,
through which all vendors describe their hardware configuration and setup. In order for a meta-data
standard to be useful it must meet a minimum set of criteria [4]. In summary,
•
•
•
•

The standard should effectively model the FTI domain. This model should be broad in scope,
encompassing data acquisition through to ground station based activities
It should be open to change with the ability to evolve easily to cater for new and changing
requirements.
It should be vendor independent.
The standard should have built in extensibility points to cater for any non-standard vendor specific
requirements and other vendor peculiarities that may need to be added to instance documents.

•

It should be based on XML [4][5].

2.2.1 XIDML - AN FTI META-DATA STANDARD
One such meta-data standard is XidML (Extensible Instrumentation Data Exchange Mark-up
Language)[6]. This is an open, XML (Extensible Mark-up Language) based, meta-data standard [1] [2] [3]
[4]. Figure 3 illustrates the common meta-data scenario.

Figure 3: A single agreed FTI meta-data scenario
XidML describes the entire FTI domain from the configuration of acquisition hardware to ground station
analysis. The five key concepts of XidML are:

•

Parameters: Describe signals being measured. A Parameter can range from left wing

•

temperature, cabin pressure, a value sourced from a MIL-STD-1553 message, the output of an
algorithm and so on.
Instruments: Describe the setup of physical hardware. An instrument describes any physical
entity that is part of the data acquisition system. Examples include a DAU, a PC, a networked
node, an RF transmitter or receiver, a sensor or even a cockpit display.
Packages: Describe how data is transmitted and stored. Examples of Packages include IRIG-106

•

•

PCM frames, MIL-STD-1553 bus messages, Ethernet Packet descriptions and IRIG Chapter 10 storage
formats.
Data Links: Describe the physical characteristics of a data link and also settings common to all
Packages transmitted via the data link.

•

Algorithms: Describe how data is processed. Examples of Algorithms include look up tables,
polynomials, algorithms for extracting bits from parameters and so on.

Collectively, these concepts model the FTI domain. There are also four principles at the heart of XidML
are:
•
•

•
•

Re-use: It is possible to re-use Package definitions, Parameter type definitions and, through the use of
Auxiliary files, the ability to re-use entire systems
Documentation: All the major components of XidML can be documented. This information can
optionally include when it was first updated, last updated, who did updating, security classification,
URIs to external documents and more.
Extensibility: Through the use of the built in mechanism of Addendums XidML, if necessary, allows
instance documents to be extended outside the scope of the XidML schema.
Openness: XidML is designed to be vendor neutral and is documented and published on its own web
site.

Together, these principles are meant to eliminate data redundancy, ensure vendor independence and make
sure XidML remains relevant into the future.
2.2.2 THE BENEFITS

Figure 4: Possible solution based on the XidML FTI meta-data scenario
Figure 4 illustrates a solution based on the common meta-data scenario. Agreeing on a common FTI metadata standard offers the following benefits.
•
•
•

It allows the FTI users to simplify their databases. They do not have to worry about creating custom
databases or tables for individual vendors
The user need only think in terms of the common understanding of the FTI domain
The output meta-data file can be validated against an XML schema.

These benefits collectively reduce the complexity and integration problems for the FTI user.
2.2.3 SOME REMAINING PROBLEMS

Although this solution greatly simplifies the integration problems there is at least one issue faced by the
FTI user.
•

Although all of the vendor software interfaces understand the FTI meta-data standard (e.g.. XidML),
the method of processing the file itself may vary. For example, some of the vendors’ interfaces may
require the user to choose the file using a graphical user interface, others may take the meta-data file as
a command line input while others may only provide an API and leave it up to the user to construct an
appropriate tool.

Essentially, using a common FTI meta-data standard allows FTI users and vendors to fully describe their
systems using a common language. However, it does not describe the mechanisms used to setup or
configure these systems.
2.3 DEFINE A COMMON INTEGRATION ARCHITECTURE
In order to eliminate the final part of the integration problem it is necessary to define a set of common
software interfaces that can be used to configure vendor equipment. However, in order to reap the full
benefits of the common integration architecture the architecture should at least meet the following criteria.
Table 1: Desired properties of a common integration architecture
Criteria
Description
The integration architecture should not be bound to any particular
Language independence
programming language.
The integration architecture should not be bound to any particular
Platform independence
operating system.
The integration architecture should define a set of interfaces with preLoose coupling
defined inputs and outputs. Software should not need to “compile in”
standard libraries or other binaries
The integration architecture should not be proprietary. Ideally, it could
Vendor Neutral
be constructed using freely available off-the-shelf tools.
It
should have the ability to grow by adding new interfaces and services
Extensibility
over time.
Ideally, client software (i.e. the FTI user) should be able to discover the
Discoverability
capabilities (i.e. the set of supported services) of the vendor software.
2.3.1 A SERVICES ORIENTATED ARCHITECTURE
There are various candidate technologies for a common integration architecture including COM/DCOM,
CORBA, XML-RPC and so on. This paper is not the forum to discuss in detail the pros and cons of each
technology but probably the best fit to the properties listed in Table 1 is the Serviced Oriented Architecture
(SOA) based on the Web Services and the Simple Object Access Protocol (SOAP). Table 2 compares this
technology with the desired attributes outlined in Table 1.
Table 2: Comparison of SOA and SOAP
Criteria
Description
Language independence
• Web Services are not based on any programming language. However
there is out-of the-box support in all .NET based languages and Java.
Platform independence
• Web Services are designed to be platform neutral. Services
conforming to the Web Service Architecture are described using
XML documents such as the Web Services Definition Language
(WSDL) [10].

•
Loose coupling

•
•

•
Vendor Neutral

•

Extensibility

•

Discoverability

•

Services can be bound to any number of network protocols. Web
Services thus take advantage of ubiquitous protocols used in most
networks and by the World Wide Web.
Services conforming to the Web Service Architecture are described
using XML documents such as WSDL.
These XML documents also describe which protocols Services are
bound to. For example, the most common binding is to HTTP but
there also exist bindings for TCP/IP, the Simple Network Transport
Protocol (SNTP), Named Pipes and so on. In theory, services can be
bound to any protocol without affecting client code
All Services either consume and/or output SOAP messages. These
SOAP messages are themselves basically just XML documents.
A sub-committee of the same group that controls the World Wide
Web controls this specification.
Through mechanisms such as WSDL it is possible to describe
available services and interfaces and to add to the list over time.
These mechanisms use XML as the basis for their descriptions.
Through mechanisms such as WSDL it is possible to describe
available services and their interfaces. Client code can examine the
WSDL descriptions to determine the supported interfaces.

Of course, it is possible to define a Service Orientated Architecture that is not based on the Web Services
model, or even one that utilizes XML, but the Web Services model does at least provide a working model
that could be used as a template for a similar approach in the FTI community.
2.3.1.1 WSDL
WSDL is an XML document that is used to describe the available services and interfaces that make up
each service. Briefly, a WSDL document is comprised of elements that describe the available services in
an abstract way.
•
•
•
•

types: This section defines the data types that are input or output to/from SOAP messages
message: There are three different types of SOAP messages Input, Output and Fault.
operation: These are analogous to method signatures in programming languages. The messages
section defines all of the messages input to, or output from, an operation
portType: Lists all operations that a web service supports. This is used as a single location for client
software to discover all the operations (i.e. the interface(s)) of a Service.

The WSDL document is also comprised of elements that describe the available services in a concrete way.
•
•
•

binding: This element associates a portType with a binding protocol (e.g. HTTP, TCP/IP etc.)
port: This element associates a URI (i.e. a unique identifier) with a Service.
service: Associates one or more ports with a Service.

2.3.1.2 SOAP
A SOAP message consists of the following
•

Envelope: This is the root element of a SOAP message. It contains the message body in addition to an
optional header element

•
•

Header: This element contains optional extended information for the SOAP message. For example,
the WS-Addressing standard inserts addressing information here
Body: This mandatory element contains application specific information using namespace qualified
XML.

2.3.2 A XIDML BASED SERVICES ARCHITECTURE
Figure 6 illustrates a solution based on the Service Orientated Architecture approach and the XidML metadata standard. In this example, XidML is used as the standard for describing vendor hardware. All
interaction with vendor hardware is done via a common set of services.

Figure 6: Possible solution based on a common services architecture scenario and XidML
The leveraging of the XidML meta-data standard in addition to a common software interface removes the
final integration hurdle and eliminates all remaining vendor specific customisations. Table 3 lists some
simple Service based around XidML that could be provided.
Table 3: Possible services based on XidML
Service
Description
Takes a XidML file as input and attempts to configure the
Configure
vendor system using the data in the XidML file
Takes a XidML file as input and validates the file to makes
Validate
sure it is compatible with the vendor system
Interrogates the vendors system and outputs a XidML that
Discover
describes their system
Figure 7 illustrates a very simple “Discover” Service based on XidML. In this scenario, user software
sends a SOAP message to the “Discover” Service. The SOAP message may be sent via HTTP, TCP/IP or
any other protocol. The SOAP message is then interpreted by vendor software and a picture of the DAU
on the network constructed using the SNMP protocol. Vendor Software then creates a XidML file that
reflects the configuration and topology of the networked system. This XidML file is then sent as part of a
SOAP message to the client software that made the request.

Figure 7: An illustration of how a “Discover” service could work.
It must be noted that user software need only send a correctly formatted SOAP message, using the protocol
to which the Service is bound, in order to receive a reply. The user software may be written in a high level
language like C++, Java or C# but could also use a simple scripting language such as Python. There are no
sophisticated language bindings or binary formats required of client code.
The same point can also be made of vendor software. Vendor software could use a simple scripting engine
to configure its hardware and still use SOA. The minimum that is needed is a simple software wrapper that
converts SOAP messages from the “Discover” Service into a format that that the scripting engine
understands. It then needs to package the output from the scripting engine into a SOAP message for
transmission back to user software via the Service interface.
Sections 2.3.2.1 and 2.3.2.2 show examples of WSDL and SOAP respectively.
2.3.2.1 A WSDL DESCRIPTION OF XIDML BASED SERVICES
The following is a truncated version of a possible “Discover” Service based on XidML. This example
deliberately leaves out XML namespace and so on in order to emphasis the main elements in a WSDL
document.
<definitions>
<!— Namespace definitions and so on are left out for brevity -
<message name=”DiscoverOutput”>
part>XidMLFile</part>
</message>
<portType name =”DiscoveryServicePortType”>
<operation name=”Discover”>
<output message=” DiscoverOutput”/>
</operation>
</portType>
<binding name=”DiscoveryServiceSOAP” type=”DiscoveryServicePortType”/>
<!— A http binding -
<soap:binding=http://www.schemas.xmlsoap.org.soap/http style=”document”/>
<operation name=”Discover”>
<soap:operation soapAction=http://www.FTI.com/Discovery style=”document”/>
<output>
<soap:body use=”literal”/>
</output>
</operation>
</binding>
<service name=”DiscoveryService”>
<port name=” DiscoveryServiceSOAP” binding=” DiscoveryServicePortType”>
<!— Location of actual implementation of service -
<soap:address location=” http://www.FTIRUS.com/Discovery/Discover.asmx” />
</port>

</service>
</definitions>

2.3.2.2 A XIDML BASED SOAP MESSAGE
The following is a very truncated version of a message consumed by a “Discover” Service based on
XidML.
<S:Envelope xmlns:S=”http//www.w3.org/2002/12/soap-envelope”
xmlns:FTI=”http//www.FTI.com/Discovery”>
<S:Body>
<FTI:DiscoverRequest>
<!— Application specific data -
</FTI:DiscoverRequest>
</S:Body>
</S:Envelope>

3 CONCLUSIONS
Currently, most FTI users have to integrate various vendor equipment using ad-hoc mechanisms.
However, this methodology maximises the user workload and is the least desirable method of integration.
A much better solution is to describe setup and configuration of all vendor equipment using a common
meta-data standard. This greatly simplifies the integration difficulties for the FTI user by eliminating
customisations for storing vendor specific data, allowing both the user and vendors to speak the same
domain language and also to facilitate validation of meta-data through the use of XML schemas. However,
the user is still faced with having to write custom code to interact with unique vendor software interfaces.
The ideal solution is for vendors and users to sign up to a single FTI meta-data standard and to a common
integration architecture. Doing this would eliminate the need for the FTI user to write any software
customised to a particular vendor.
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ABSTRACT
A common concern in telemetry post-processing environments is adequate disk storage
capacity to house captured and post-processed telemetry data. In today’s network
environments there are many storage solutions that can be deployed to address storage
needs. Recent trends in storage systems reveal movement to implement security services
in storage systems. After reviewing storage options appropriate for telemetry postprocessing environments; the security services such systems typically offer will also be
discussed and contrasted with other third party security services that might be
implemented directly on top of a networked storage system.
KEYWORDS
Storage security, Network Attached Storage (NAS), Storage Area Networks (SAN),disk
arrays, key management, symmetric key cryptography, dual asymmetric key
cryptography, digitial signature.
IINTRODUCTION
Telemetry post processing activities require large amounts of storage space to be
available. Modern disk arrays embedded in Networked Attached Storage or Storage Area
Networks can provide such storage capacity. Due to the sensitive nature of the telemetry
data, protecting it from unauthorized access or disclosure is a paramount issue.
Telemetry data stored on disk can be protected utilizing cryptographic technologies.
Some of these technologies have even been embedded in storage systems---others have
not and thus may need to be implemented with COTS third party software.
TELEMETRY DATA AT REST SECURITY CONCERNS
There are four primary security concerns with respect to post processed telemetry data
resting on disk storage. First there is a data access concern: only authorized individuals
with a need to know should be able to access the data. Second, there is a data privacy
issue with regard to sensitive data; that is, when the data is at rest, it should protected so
that if it should fall into the hands of an unauthorized user, that user would still be unable
to view the data. Third when the data is examined, the user should be able to verify its
integrity to insure the data has not been altered or modified in an unauthorized matter
since its creation. Finally fourth, data ownership must be established---who created the

data and what type of post processing operations were carried out to create it. These
security concerns are summarized in Table 1.
Table 1 Security Issues with Telemetry Data Stored on Disk
Post Processed Telemetry Data Security Concerns
Data Access
Data Privacy
Data Integrity
Data Origin and Owner

IMPLEMENTING POST PROCESSED TELEMETRY DATA SECURITY
SERVICES
Data privacy, data integrity, data access, and data owner services can be implemented
utilizing a branch of mathematics known as cryptography [1]. A core cryptographic
operation is to disguise data---–that is to render the data unintelligible. This is known as
data encryption. A set of random, but unique bits (referred to as the cryptographic key)
is associated with the encryption algorithm. Only these set of bits will enable a user to
decrypt (or un-disguise) the data. When the same cryptographic key can be used to both
encrypt and decrypt the data --- that key is said to be an symmetric key. There are a
number of symmetric key encryption/decryption algorithms. Some of the more popular
include DES, Triple DES, and AES. There are another set of cryptographic algorithms
that utilize two keys to encrypt and decrypt data. These keys are said to have a reciprocal
relationship. That is, if one key is used to encrypt the data, then only the other associated
key can be used to decrypt the data. This is known as dual asymmetric key cryptography.
The most famous dual asymmetric algorithm us known as the RSA algorithm [2], Dual
asymmetric key cryptography can be used to establish digital identity. A user wishing to
establish his digital identity might create a RSA key pair. If she widely distributes one
key (known as the public key); but keeps the other key private; then others would be able
to identify content that person created. An example will illustrate this point.
Assume Jan wanted to invite her friends to a party. She proceeds to create an invitation
using a text editor and saves it as a file. Next, she calculates what is known as a hash of
that text file (using a utility program), then encrypts the hash with her private dual
asymmetric key. A hash generates a unique set of bits as a function of all the bits making
up a file. It is a one way function that is unique. The most popular hashing algorithm is
known as SHA-1.
Next, Jan e-mails the invitation and the encrypted hash to her friends. Since e-mail
messages can be easily spoofed, her friends decrypt the hash using her public key and
then compare that decrypted hash with a hash they generate on their own local computer.
After performing these two operations, Jan’s friends can now be rest assured of two
things. First, that the invitation was indeed authored by her. Since the only way her
public key could have decrypted the hash successfully would be if she indeed encrypted

the hash with her private key. Second, the invitation itself had not been altered. This is
because the hash calculated by her friends on their local machines was the same hash she
had encrypted with her private key.
When Jan encrypted the hash she was creating what is known as a digital signature When
her friends decrypted the hash they were doing what is known as digital signature
verification. Observe that in a digital community managing public keys is difficult
challenge. Public keys are typically embedded in objects known as X.509 certificates [3].
These are binary files that not only include a person’s public key, but other useful
information about a person, such as their name and e-mail address. X.509 certificates are
digitally signed themselves by entities known as certificate authorities (CAs). These CAs
vouch for the legitimacy of the public keys found in certificates they sign.
Observe that while digital signatures can be utilized to implement data access, and
ownership services; they can also be implemented by using a computer’s operating
system file services. However, most operating systems are not secure.. One person with
the root administrator password can easily manipulate access privileges and ownership
information. If cryptographic key management is carried out properly, implementing
data access and ownership via cryptographic means is much more robust.
MANAGING CRYPTOGRAPHIC KEYS
The most important aspect of cryptographic services is cryptographic key management----whether the key is a symmetric key or a dual asymmetric key. Key management
implies protecting the key so that it cannot be used in an unauthorized manner. Since
cryptographic keys protect important information (identity data, financial transactions,
national security secrets) this is an important aspect of security. In its most robust form,
key management implies ensuring that the bits that make up the cryptographic key cannot
be observed by third party entities (processes, people, etc) in any way. This usually
restricts the key use to computing environments that have very rigorous security
certifications (e.g.NIST FIPS 140-2 Level 1-4 [4]).
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). 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. These FIPS 140-2 environments essentially make it
very difficult for key material to “leak” outside the process space using the key.
Cryptographic keys should never be stored in the clear. They are usually stored
encrypted by other cryptographic keys. In their simplest form, the other cryptographic
keys can be derived by hashing pass-phrases. In more robust environments it may take
several people (each with a portion of the encrypting key bits) to derive a key encryption
key.

STORAGE PRIMITVES
Beyond individual disk drives in servers themselves, the next most prolific storage
element seen on networks today is the disk array. A disk array is comprised of many
individual disk drives integrated together with controllers, software, cache memory, and
redundant power supplies to offer very robust storage service, usually resistant to single
points of failure. Tape drives are also storage systems albeit slow speed and with limited
serial access. Integrated tape archive units manage large numbers of individual tapes.
STORAGE PARDIGMS
Storage Area Networks (SANs) are remote storage devices such as disk arrays, tape
libraries, etc. and are made to appear local to an operating system running on a server.
These devices are actually on their own network. Hubs and switches can be placed on
this “storage network” to enable many to many connections between the storage devices
themselves and other servers. Observe network connections between these servers and
the SAN carry I/O traffic only, no application data. High speed communication like
Fibre Channel can be utilized to facilitate very fast server/storage device communication.
Network Attached Storage (NAS) uses file based protocols (e.g. NFS) to access virtual
file constructs from access storage devices. This might be a storage array device that
incorporates a file system or a networked file system protocol. NAS devices would have
their own IP address
INTEGRATNG SECURITY AND STORAGE
Security services can now be found integrated into both disk arrays and tape drives.
Some companies offer disk arrays that utilize symmetric key encryption to encrypt any
data saved to disk. This does offer a measure of security should the disk be lost or stolen.
However, the key management utilized on such systems is often not robust and could be
easily compromised by an experienced adversary. Similarly tape back-up systems are
now also available that use symmetric key encryption to protect any data placed on tape.
Therefore, if any individual tape were lost or stolen, the data would not be compromised.
However, cryptographic key management in these systems is also unsophisticated. Some
of these key management shortcomings can be obviated by utilizing a FIPS 140-2
certified key management product. While this will robustly protect keys generated and
used for both tape back up and disk arrays; the key could still be potentially compromised
when it is transferred out of the secure key management device to the disk array or tape
encryption unit for use.
Finally it is worthy to point out that some operating systems now offer encryption
services for any data written to disk with its file system. Key management is also an
open issue in these products.

STORAGE CONISDERTIONS IN TELEMTRY POST PROCESSING
ENVIRONMENTS
Dedicated server storage, SAN, or NAS storage utilizing individual disks, disk arrays,
tape drives, or integrated tape archives are all viable options for post processing telemetry
environments. Integrated tape archive may be particularly useful for telemetry data no
longer accessed frequently. If such systems have “built in” security features such as
encryption it is important to realize their key management schemes are likely vulnerable
to compromise, unless the product has a FIPS 140-2 evaluation. Third party security
solutions may be deployed to avoid “built in” security shortcomings----or may be utilized
to implement features not yet available as built in (e.g. digital signature services).
SUMMARY
Security services such as encryption, digital signature, and access control are important to
utilize in order to protect post processed telemetry data. Modern storage systems such as
disk arrays, and tape back-up drives now offer integrated data encryption services that
insure data is automatically encrypted when stored and automatically decrypted when
retrieved. The key management systems for these devices are typically not FIPS 140-2
evaluated. In these cases external key management devices can sometimes be utilized
with these systems; thereby, making them more robust. Digital signature services are not
currently integrated into storage solutions so third party software would need to be
obtained to derive such services as data integrity and data ownership.
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ABSTRACT
For the last 30-years, magnetic tape systems have served as the primary means of recording data
from airborne instrumentation systems. The IRIG 106 Chapter 10 Digital Recording standard [1]
introduced and developed by the Range Commanders Council (RCC) Telemetry Group (TG) has
served as a common ground for industry to develop technology for replacing those tape-based
recording systems with digital systems and recording data onto Solid State Devices. Data
assurance and validation has been paramount in the development. This paper examines the
challenge of sanitizing and downgrading media that is Commercial off-the-shelf (COTS) and is
utilized by test organization in the operational communities as well as the Major Range Test
Facility Base (MRTFB) and other test ranges.

INTRODUCTION
Air Force policy is to safeguard sensitive data, no matter what the storage medium.
Safeguarding sensitive information in storage media is particularly important during routine
maintenance, product end of life, and reuse. Computer security personnel, operations personnel,
and other responsible persons must be aware of all the risk factors before sanitizing and purging
digital recorder storage media and releasing them from a controlled environment.
Sanitizing is the process of erasing or destroying media in a manner that eliminates the
possibility of any threat agent having opportunity, motivation or capability to presume the value
of the data is worth the time and cost to recover it. Downgrading is a determination by a
declassification authority that information classified and safeguarded at a specified level shall be
classified and safeguarded at a lower level. Downgrading of information to a lower level of
classification is appropriate when the information no longer requires protection at the originally
assigned level, and can be properly protected at a lower level. Any official who is authorized to
classify or declassify the information and has authority over the information may downgrade
information. The downgrading process includes remarking the media with the new downgraded
classification to denote the media still contains sensitive data.
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Reuse of Removable Memory Modules (RMM’s) utilized for storage of data from airborne
IRIG-106 Chapter 10 digital recorders poses a significant challenge as Commercial Off The
Shelf (COTS) Solid State Drives (SSD) are utilized as the storage media inside RMMs. This
paper addresses the technical issues related to the sanitization of IRIG 106 Chapter 10 digital
recorder RMMs and provides a guideline for implementation as it relates to security
requirements.

BACKGROUND

REQUIREMENTS

When semiconductors were first invented, the United States Government was the majority
customer of the U.S. electronics industry. During the 1980’s there was a transition toward
consumer electronics dominating the marketplace. By the 1990’s with the end of the Cold War
and the beginning of the "dot-com" boom the military went from being the driving market force
in the electronics technology industry to less than one percent of the total U.S. market. With the
modern day global economy manufacturing has been driven offshore and the DoD has been
forced to meet system requirements by using commercially available parts. Although military
requirements can be met technically, other requirements for non-obsolescence and security
cannot be guaranteed. As it applies to digital recorders, one critical issue is how well the
existing ever-changing, globally-distributed commercial supply chain, and its processes, meet the
needs of the military consumer market. One key issue for data security is illustrated in Figure 1.
The issue is that the COTS supply-chain provides little or no second-tier supplier configuration
control of the product.

Figure 1: Configuration Control of Suppliers in COTS Products
The point is, there is no assurance that malicious code does not exist or cannot be introduced in
the supply chain of solid state devices for an environment where security is required. Without
that assurance, special precautions and safeguarding procedures must be taken.
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WHAT IS SO DIFFERENT ABOUT A SSD?
SSDs have no moving parts, in fact some drives can withstand up to 1500 G’s of shock force
because of the lack of mechanical parts. An SSD basically consists of a printed circuit board,
NAND flash memory chips, SDRAM cache, memory and interface controller. The method of
erasing and writing data as well as interfacing to the airborne recorder and computing is a large
factor determining how SSD’s are controlled in a secure environment. The initial release of the
IRIG 106 Chapter 10 standard required RMM’s to be able to initiate a downgrading (sanitize)
process whereby memory was overwritten and verified. This initial release required that RMM’s
have the capability to isolate and identify to the user those memory areas which could not be
overwritten. However, this initial release did not provide standardized commands to the RMM
until the 2007 release of Chapter 10. The 2007 release added new commands which provided
mechanisms for the user to read those areas of the media which could not be verified and remove
them from the logical address map.
The incorrect assumption by the authors of the standard from its inception was that supply chain
management was prevalent throughout the acquisition process. This has been proven not to be
the case as IRIG 106 Chapter 10 manufacturers are primarily integrating commercial SSD’s
inside the RMM’s. This has led DoD organizations including the 46 Test Wing, at Eglin Air
Force Base, to only allow security downgrade of RMM’s to the SECRET level and mandate that
no RMM’s may ever be declassified to the unclassified level.

WHAT ARE THE SECURITY CONCERNS WITH ERASING SSD’S?
SSD’s utilize floating gate transistors as part of their nonvolatile storage components. The
transistors have a control gate and a floating gate. The floating gate is electrically isolated by
SiO2 insulating which helps create the non-volatile functionality of the memory, Figure 2.
Electrical charge can be injected on the floating gate to manipulate the threshold voltage of the
gate. With a higher threshold voltage the charge applied to the control gate must be greater to
“activate” the transistor. The electrical charge is injected into the floating gate via FowlerNordheim tunneling when the transistor is “switched” on by applying voltage to the control gate.
The electrical charge on the floating gate can be held for extended periods of time without
having any voltage sources connected to the circuit (non-volatile) because of its electrical
isolation from the rest of the circuit. If there is electrical charge present on the floating gate the
threshold voltage is increased and the bit of memory is considered “programmed” and has a
value 0. The process of clearing or erasing the memory involves removing the charge from the
floating gate so that the threshold voltage is lowered. By applying voltages to the control, drain,
and source terminals the floating gate charge and therefore the logical value stored in the “bit”
can be manipulated. To read the values from memory a much smaller voltage is applied to the
control gate than when writing to memory. Depending upon how much charge the floating gate
has and thus how high the threshold voltage of the transistor is the current flow from source to
drain of the transistor will vary; this is the methodology for distinguishing logic levels “0” and
“1”.
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Figure 2: Floating gate
The question of whether or not the previous stored value could be determined by residual charge
arises, Figure 3. If all cells had completely uniform program and erase times, then one might
conclude that cells with higher threshold voltages were previously 0 (programmed) and cells
with lower threshold voltages were previously 1 (already erased) before the block erase occurred.
By writing an arbitrary pseudo random pattern after the memory has been cleared any possible
residual charge is over-written.
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Figure 3: Program and erased states
The 846th Test Support Squadron mandates and verifies that SSD’s provided by RMM
manufacturers with flash technology incorporate an erase capability (changing of cell from 0 to
1) within the flash cell chips. The 2009 release of the IRIG 106 Chapter 10 Digital Recording
Standard will provide specific commands that allow a host application to initiate an erase of the
SSD and determine if any memory blocks cannot be overwritten. Any blocks that are found to
fail the erase and verify cycle are written into a bad block table. In operation, all SSD user
locations are erased (0xFF) except for locations where the invalid block information is written
prior to shipment by the memory chip manufacturer. By specification it is required that a user be
able to map out bad blocks so they are no longer addressable. Figure 4 illustrates the Bad Block
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Mapping process. Once an address has been mapped out it will no longer be identified in the
bad block table.

Figure 4: SSD "Bad Block" Detection Process
A major security concern relates to supply chain management. SSD memory components
typically provide areas within the memory chips that are utilized for storage of control
information such as bad block table, internal data base information and error correction. For
example, data in an SSD is stored in 512 byte increments or sectors with an associated 16 byte
control block, Figure 5. The control blocks store bad block information, error correction, and
database or proprietary information required for reuse of the SSD drive. For the user to
effectively accomplish a physical sanitization and reuse of the drive and downgrade to an
unclassified level they would have to know the exact SSD memory chip geometry, drive
configuration, and proprietary information required for reuse. For this reason the 846th Test
Support Squadron has determined (as approved by NSA on 8 Jul 08) that RMM’s can only be
sanitized at the logical address level and can only be downgraded to SECRET level until
destroyed.

Figure 5: Sector data and associated control bytes
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There are numerous manufacturers of SSD’s that provide methods for sanitizing and clearing;
however, without a standardized process, and procedures, it would be doubtful that risk analysis
would allow downgrading SSD’s to any classification level. The existing 2007 release of the
standard has undergone six revisions to facilitate sanitization by both the airborne recorder and
RMM host Automated Information System (AIS).
The first revision of the standard provides two standardized IEEE-1394b commands that allow
for configuration control of internal components of an RMM. The “.IDENTIFY” command has
been added to the standard. This command allows the AIS application to gather firmware
revision levels and drive manufacturer of the SSD. The second command is a “.MEDIA P”
command, whereby the {P} attribute denotes physical configuration. This command provides
the user AIS application with the necessary information to read the contents from physical
addresses of the SSD.
The second revision of the standard is to execute a clear/verify command upon reception of
existing IEEE-1394b “.DECLASSIFY command. This command will cause all SSD addressable
memory locations (hereinafter referred to as “Beginning Of Media” -- BOM to “End Of Media” - EOM) to be erased with a value of “FF”. It is also required that for the clear command to be
effective a verification of “FF” from BOM to EOM be accomplish by memory chip controllers
of the SSD. The intent of this clear command is to remove information from storage media in a
manner that renders it unrecoverable by normal system utilities or technical means.
The third revision to the standard is to modify the method by which bad blocks are reviewed.
Two commands have been altered such that binary access of data instead of existing American
Standard Code for Information Interchange (ASCII) Small Computer Systems Interface (SCSI)
read commands can be executed. A “.BBREAD P” whereby the {P} denotes physical block has
been added to allow for binary access of data. This binary access shall allow users to view the
contents of any block that has not been verified (all values 0xFF).
The fourth revision to the standard is to provide the necessary IEEE1394b commands that allow
for Sanitization of media residing in the RMM. Required Commands are as follows in table 1:
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Table 1:
Command
.IDENTIFY
.VERSION
.MEDIA P
.SANITIZE
.INITIALIZE
.BBLIST
.BBLIST R
.BBREAD P blk_id
.BBREAD D
.STATUS
.IRIG106

Description
This command queries the RMM for SSD identification and firmware version.
This command queries the RMM for its firmware version.
This command queries the RMM for information about the physical media of the
SSD and the transfer limits for the required physical I/O commands.
This command initiates the .SANITIZE operation.
This command initiates the .INITIALIZE operation.
This command directs the RMM to retrieve the bad block list from the SSD.
This command retrieves the bad block list from the RMM.
This command directs the RMM to initiate a physical block read of the specified
physical block identifier.
This command retrieves the data from the physical block. See the .MEDIA P
command for information.
This command requests status from the RMM. Note that this is not a new
command, but new response codes have been defined.
This command provides revision number of the IRIG-106 Standard

The fifth revision of the standard modifies and adds standard command responses from the
RMM regardless of SSD utilized, Table 2. A status response typically consists of a state code
and four arguments. Typical Response and state codes are as follows:
*.STATUS
S A B C [D%]
*
Where …
A …. State Code of the RMM. Four new state codes have been defined. See the table below.
B .… State specific value.
C .… State specific value.
D .… Progress percentage (0..100), only present in certain states.
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Table 2:
State Code

Description

11

.SANITIZE command completed and new
UNSECURED bad blocks were found.

12

.SANITIZE command completed and no
new UNSECURED bad blocks were
found.

13

.INITIALIZE in progress

14

.INITIALIZE complete. After the RMM
has reported this state to the host one time,
the RMM will reinitialize

Other response data values (x,y,z)
B – Not used.
C – Specifies the number of new UNSECURED bad
blocks found.
D – Not present.
B – Not used.
C – Not used.
D – Not present.
B – Not used.
C – Not used.
D – Provides progress for the current initialization
(0..100%)
B – Not used.
C – Specifies the number of seconds required for the
RMM to reset. The host application should not
send any commands to the RMM for the period
specified by this value. This mechanism allows
time for the RMM and SSD to reset if required.
If no reset or delay is required, an RMM may
report 0 in this field.
D – Not present.

The sixth revision to the standard provides a standardized method of generating a non-repeating
pseudo random pattern from BOM to EOM once the clearing process has been completed.
Generation of numbered passes with a pseudo random pattern can be executed on the AIS or
Digital Recorder as required by the Designated Approval Authority (DAA). In Accordance With
(IAW) AFSSI-5020 a single overwrite with an arbitrary pseudo pattern is sufficient for effective
sanitization of flash memory.
Other than writing 0xFF from BOM to EOM the sanitizing process for the RMMs involves
writing two sequences once again from BOM to EOM. The first of the two sequences is a 16-bit
pseudo-random value generated from 16 separate Fibonacci Linear Feedback Shift Registers
(LFSR) in parallel. Seeding of the LFSRs is accomplished by either the IRIG-106 Chapter 10,
10MHZ Relative Time Counter (RTC), when the RMM resides in a Digital Recorder or is
derived from Central Processing Unit (CPU) clock cycles of the host AIS when the RMM is
sanitized outside of a Digital Recorder.
The Fibonacci LFSR’s are numbered 0-15 and provide the corresponding bit for the 16-bit
random values written to the SSD. The LFSR’s increase in length starting with 16 bits for lane 0
and reaching 31 bits for lane 15. Each LFSR has specified taps. The taps are the bits for a
specific LFSR that have an Exclusive-or (XOR) logical operation applied to produce a feedback
bit for the LFSR. Each LFSR has 4 tap bits; the feedback is inserted into the least significant bit
(lsb) of each LFSR after the LFSR is left shifted. Therefore, the LFSR’s are shifted from lsb to
most significant bit (msb), the feedback produced by the XOR of the taps is placed into the lsb
and the bit shifted out of the msb of each LFSR is used as the corresponding bit of the 16-bit
random value written from BOM to EOM.
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The diagram below demonstrates the functionality of LFSR_0 (the 16 bit LFSR) including the
specified tap bits. In this example the value 0xC8AC is initially in the LFSR. The next bit
shifted out and used as part of the random value will be the msb which is 1. The next bit placed
into the lsb, the result of the XOR taps, is 1. The value of the LFSR will become 0x9159 after
one iteration.
A maximal LFSR produces an n-sequence pattern (i.e. cycles through all possible 2n − 1 states
within the shift register except the state where all bits are zero), that will not repeat for the
specified number of iterations. By incorporating multiple LFSRs with varying length the random
values generated are within an even longer n-sequence pattern. In this particular example of
using 16-31 bit LFSRs, the least common multiple (LCM) of all 16 of the LFSR’s 2n – 1 length
sequences gives the sequence length before the pattern begins repeating. The sequence will not
repeat for millions of terabytes.

Figure 6: Linear Feedback Shift Register
The second sequence consists of writing the word “SECURE” at 512 byte intervals from BOM
to EOM . The first location “SECURE” is written between the word 32 and word 253 of the
media and is never at the same starting offset from word 32. The purpose of this pattern is to
allow the AIS application to quickly determine if the media has been sanitized. Additionally
every logical address can be verified from the SSD by implementing the same Fibonacci LFSRs
and seed value (first 31 words) and validating the data.

APPLICABILITY OF IRIG 106 CHAPTER 10 SANITIZATION TO NATO AND AIR
FORCE AFSSI-5020 DECLASSIFICATION GUIDANCE
NATO AEDP-3 Edition 1, Advanced Memory System Declassification and Sanization Guidance
[2]
and AFSSI 5020, Remanence Security [3], describe declassifing media. Neither of these
documents are applicable to the IRIG 106 Chapter 10 storage media sanitization process due to
the media being downgraded to a SECRET level. The media will never be downgraded to the
unclassified level.
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RMM’S AND SPECIFICATIONS
Flight Test applications by default require a small form factor, ruggedness and significant greater
reliability and performance when compared to Non-Flight Test requirements. Until now
acquisitions of RMM’s have not considered tailoring specifications to allow different SSD’s to
be utilized within the same RMM. Given the falling cost per Giga-Byte of SSD and commercial
independent research and development (IRAD) dollars being invested, acquisition of RMM’s
should mandate the ability to replace SSD’s allowing reuse of the RMM with different SSD’s.

CONCLUSION
We have shown that current COTS processes are not robust enough to allow declassification of
solid state memory to an unclassified level. The best that we can currently attain is downgrading
media to the secret level, if, and only if, standards are used. We have demonstrated that with
adherence to the IRIG 106 standard, we can reuse the costly memory modules in a multi-level
security environment at the secret level. Even downgrading to this level, and still limited in
reuse, the cost savings are significant. In transitioning from tape to solid state devices, it was
recognized from the outset that the reusable media costs were significant, but the extent that the
compounding effect of multi-level security would have on media canister availability, and the
resulting cost in the operational environment was never fully appreciated. Standardization and
close attention to supply chain management offers a means of downgrading previously used
canisters for reuse and results in significant cost avoidance but only if the memory has a mapping
capability. And, that capability requires the RMM manufacturer to ensure it is a feature in their
product. Since life cycle media costs can far exceed the initial recorder investment cost, RMM
reuse is a major consideration in a multi-level security environment. And, for future
consideration, the only current means for declassifying RMMs to the unclassified level is to
remove and destroy the SSDs and reuse the RMM electronics with new SSDs. Therefore,
provisions for replacing SSDs within RMMs should be a major consideration in the life-cycle
suitability decision of the acquisition of recording systems.
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ABSTRACT
In this paper, we propose a highly precise and fast digital image stabilization technique based on the
control grid interpolation. To obtain more stable video sequence than the one from other existing DIS
techniques, the small instability should be removed in as small accuracy with sub-pixel. Experimental
results show that the proposed digital image stabilizer gives considerable improvement in the sense of
computational complexity and the performance of stabilizing compared to conventional DIS techniques.
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INTRODUCTION
Cameras are usually hand-held or mounted on the mobile vehicles in various applications such as video
coding [1], video surveillance [2]. In such situations, unintentional video vibration causes some
degradation in the visual quality and captured images look unstable. The image stabilization (IS) technique
is being used to overcome this problem. According to the literatures, there are three kinds of approaches,
i.e., optical IS (OIS) [3], electronic IS (EIS) [4], and digital IS (DIS) [5].
OIS employs gyro-sensors or fluid prism to detect the undesirable motion of camera, and then
compensate the image fluctuation, occurred by the motion, mechanically in opposite direction. It can
handle large motion, but it is typically imprecise and tends to be bulky and heavy. EIS detects the camera
motion by checking the changes between even and odd frames, and then compensates the unwanted motion
by shifting the scanning area of CCD in opposite direction. EIS is more precise and physically compact
compared to OIS. However it needs larger CCD plane than OIS or DIS, which can degrade the image
resolution. In addition, it is usually less flexible than DIS.
Instead of mechanical equipments and CCD-based technologies, DIS uses digital image processing
techniques to remove the unintentional motion while keeping the intentional one. In general, DIS consists
of two stages, motion estimation and compensation. At the motion estimation, local motion vectors
(LMVs) are obtained by using differential approaches such as optical flow [6], block-based [7], and
feature-based [8] techniques. And then the global motion vector (GMV) is predicted based on the reliable
LMVs. Finally the intentional motion vector is obtained by accumulating or smoothing the GMVs from
previous frames and current frame [9]. In this smoothing process we may use FIR, IIR, Kalman filter, and

so on. At the compensation, the unintentional motion vector is calculated by subtracting the intentional
motion from the GMV, and the unstable image can be compensated by the motion compensation.
Most of the researches have been focused on DIS because of its high flexibility, potentially large market,
and low cost. Diverse algorithms are developed in many years. These conventional DIS algorithms have,
however, one-pixel accuracy at most. DIS with accuracy of sub-pixel is required for some applications
demanding high precision. Furthermore, conventional DIS techniques for the purpose of removing
unwanted translational and rotational disturbance need much computational complexity.

PROPOSED DIGITAL IMGAGE STABILIZATION
In this section, we introduce the proposed DIS algorithm. Fig. 1 shows the flowchart of the proposed
algorithm and the details are given in the following subsections.

Fig. 1. Flowchart of the proposed DIS algorithm.

LMV Estimation with Sub-pixel Accuracy
The pre-stabilized image is divided into four sub-images, from each of which four macro blocks (MBs)
are selected as shown in Fig. 2. We employ the block matching algorithm to estimate the LMV from each
MB [10].

Fig. 2. MB selection for LMV estimation.

Fig. 3. Interpolation of sub-pixel positions.
Next, to obtain sub-pixel accuracy image is first up-sampled using bilinear interpolation expressed in (1),
xh (i ) = ( x f (i − 2) − 5 x f (i − 1) + 20 x f (i) +
20 x f (i + 1) − 5 x f (i + 2) + x f (i + 3) ) / 32,

(1)

Where xh (i ) is the interpolated value and x f (i ) denotes the original pixel value at the position i. A
graphical representation of the pixel locations used in the interpolation process is shown in Fig.3. The 1/4
pixel value xq (i) is then calculated using the full and 1/2 pixels as follows,
xq (i ) = ( x f (i ) + xh (i ) ) / 2,

(2)

As a result, for example 81 pixels are generated by interpolation from original 3×3 block. Therefore, we
may obtain sub-pixel level of the matching precision.
For the fast estimation of subtle motion, we applied a logarithm search method [11] as shown in Fig. 4,
where the circle, triangle, and square represent the positions of the full pixel, 1/2 pixel, and 1/4 pixel,
respectively.

Fig. 4. Logarithm search method using interpolated image.

Reliability Measure
Smooth area Repeated patterns Complex texture

Grass

Fig. 5. Sample images with irregular condition.

Fig. 6. LMVs and distribution of SAD values in reliable and unreliable region.
Fig. 5 shows the irregular conditions that generally exist in the smooth area, repeated patterns, and
complicated texture such as the sky, wall, and grass, respectively. The irregular conditions in image can
lead to some unreliable LMVs. In the unreliable region, it is difficult to find the minimum sum of absolute
difference (SAD) and thus fails to estimate the LMV correctly as shown in Fig. 6. The lines which are
indicated in the unreliable and reliable regions represent the LMVs of each MB. The LMVs in the
unreliable region are wrong-estimated and the ones in the reliable region are correctly estimated.
To detect the irregular conditions, the inverse triangle method is employed [12]. Its main idea comes from
the fact that the high reliable SAD curve for determining the LMV has one sharp and obvious peak as
shown in Fig. 6. Therefore, among four LMVs in each sub-image, the LMV which has most steep SAD
curve is selected as the reliable one.
LMV Refinement and Motion Smoothing
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Fig. 7. LMV refinement.

The LMV refinement is illustrated in Fig. 7. In order to set the control grid points for motion
compensation, the selected reliable LMVs are refined to the equivalent ones located at the center of each
sub-image,
4
ur x
ur i
V T (n) = ∑ wi ⋅V R ( n) for x = {1, 2,3, 4} ,

(3)

i =1

ur

ur x

where V Rx (n) and V (n) denote the selected and refined LMVs in each sub-image of the nth frame,
respectively. The weighted factor wi is defined as follows,
T

⎛
1⎜
wi = ⎜ 1 −
3⎜
⎜
⎝

⎞
⎟
⎟
4
d r ⎟⎟
∑
r =1
⎠
di

for i = {1, 2, 3, 4} ,

(4)

where d i is the distance between the position of the selected reliable LMVs and the one of the center
position at each sub-image.
ur x

Each V (n) includes both the unwanted motion and the intentional one. To extract the undesirable motion,
ur
the intentional motion V (n) in each sub-image is firstly estimated using the IIR filter, which is processed as
follows,
T

x
I

ur x
ur x
ur x
V I (n) = α ⋅ V I (n − 1) + (1 − α ) ⋅V T (n),

where α is the damping factor. Finally, the unintentional LMV
ur x
ur x
ur x
V ( n) = V T ( n) − V I ( n),

0 ≤ α ≤ 1,
ur x
V ( n)

0 ≤ α ≤ 1,

(5)

can be calculated as follows,
(6)

These four unintentional LMVs are then used as the control grid to compensate the unintentional motion.

Motion Compensation based on Control-Grid Interpolation
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Fig. 8. CGI based motion compensation.
ur x

The four V are taken as the control-grid and then the control grid interpolation (CGI) is employed to
obtain the compensated image, as shown in Fig. 8. The CGI is defined as follows,
r
r ur x ⎞
⎛ r 4
I$ (n, s ) = I% ⎜ n, s − ∑ ξ x ( s ) ⋅ V ⎟ ,
x =1
⎝
⎠
4
r
r
∑ ξ x (s ) =1 for s ∈ Ai, j ,

(7)

x =1

where I$ (n, sr) and I% (n, sr) denote the pixel intensity at spatial position sr = (i, j )t in the block Ai,j of the nth to-ber
predicted frame and of the current frame, respectively. The weighted factor ξ x ( s ) is similarly calculated
with (4) except that d i is the distance between the position of each pixel and that of the center position at
each sub-image.
EXPERIMENTAL RESULTS
In this section, we verify the stabilizing performance of the proposed DIS. In the simulation, we test the
video sequeces captured by the OIS-installed camera mounted on the helicopter. The sample images are
illustrated in Fig. 9. These video sequences have no intentional translation and rotation disturbance so that
we can fairly compare the performance of the proposed system and the OIS-based one. The experimental
results for the “Island” are taken as the example for performance assessment, and the other two samples,
“Road” and “Golf course” also have similar results.

(a)

(b)

(c)

Fig. 9. Sample images.
(a) “Island.” (b) “Road.” (c) “Golf course.”
Fig. 10 (a) and (b) show the images stabilized by OIS and the proposed hybrid IS, respectively. However,
we can not observe the difference between (a) and (b) clearly. To show the remaining jitters in the
stabilized images, the central area of these two resultant images are enlarged and shown in Fig. 11, where
the arrows represent the remaining motion. It is noticed that the proposed hybrid IS has better stablizing
performance thant the OIS.

(a)
(b)
Fig. 10. The image frames stabilized by
(a) OIS. (b) The proposed DIS.

(a)
(b)
Fig. 11. The enlarged resultant image frames.
(a) OIS. (b) The proposed DIS.
Furthermore, Fig. 12 gives the remaining horizontal and vertical motions of the sample images stabilized
by the OIS and the proposed IS. As shown in this figure, the remaining motions for the proposed IS is
almost zero whereas the ones for the OIS is around or under one pixel. This shows that the remaining jitters
in the images pre-stabilized by OIS are almost removed by the proposed DIS algorithm.
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Fig. 12. The remaining motions of stabilized images.
(a) Horizontal motion. (b) Vertical motion.

Moreover, we compare the root mean square error (RMSE) of the proposed system and the OIS-based
one [13] to show the performance of robustness against irregular conditions in image. Table I summarizes
the experimental results under three irregular conditions, i.e., lack of features, low SNR, and repeated
patterns. The given values in table I are the average RMSE for various video sequences shown in Fig. 5.
It’s observed that the proposed DIS has significant performance improvement in the sense of RMSE
against some conventional IS.

TABLE I
RMSE VALUE OF TEST SEQUENCE (30 FRAMES)
Ill conditions of sample
OIS
DIS [9]
Proposed
sequences
Sky (lack of features)

1.53

3.77

0.40

Grass (low SNR)

5.68

4.55

0.90

Wall (repeated patterns)

22.07

18.16

9.43

The proposed DIS can also remove the rotational disturbance in the images. To demonstrate this, the
video sequence “Wall” with both small translation and rotation motions is further tested in our simulation.
The results are illustrated in Fig. 13. Fig. 13 (a) shows the 1st frame (reference frame), 140th frame, and
256th frame of the sample sequence, and Fig. 13 (b) illustrates the stabilized image using the proposed
algorithm. It is seen that the proposed CGI based compensation method can remove both the translational
and rotational disturbances even though there are irregular conditions such as repeated pattern and complex
area in the image.

(a)
(b)
Fig. 13. Test results of sample sequence “wall”.
(a) Original. (b) Stabilized images.

CONCLUSION
In this paper, we propose highly precise and fast digital image stabilizer. The proposed DIS algorithm is
implemented in FPGA and DSP based system to achieve real time processing, where the FPGA is used to
pre-process the input image and the DSP to execute the proposed DIS algorithm with sub-pixel accuracy.
The proposed DIS algorithm utilizes the block matching algorithm with sub-pixel accuracy to estimate

LMVs, then select the reliable LMVs to refine the selected LMVs using inverse triangle method, and
finally compensates the unintentional motion with the CGI technique. Simulation results show that the
proposed DIS achieves considerable performance improvement against some conventional IS.
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ABSTRACT
In this work, a scalable perceptual JPEG2000 encoder that exploits properties of the human visual
system (HVS) is presented. The algorithm modifies the final three stages of a conventional
JPEG2000 encoder. In the first stage, the quantization step size for each subband is chosen to be
the inverse of the contrast sensitivity function (CSF). In bit-plane coding, two masking effects are
considered during distortion calculation. In the final bitstream formation step, quality layers are
formed corresponding to desired perceptual distortion thresholds. This modified encoder exhibits
superior visual performance for remote sensing images compared to conventional JPEG2000
encoders. Additionally, it is completely JPEG2000 Part-1 compliant, and therefore can be
decoded by any JPEG2000 decoder.
Keywords: JPEG2000, remote sensing images, perceptual image coding, scalable compression

1. INTRODUCTION
With advances in sensor and imaging technology, the size of remote sensing images has increased
dramatically over the last few decades. Efficient and scalable image compression has become an
essential part of many remote sensing systems [1]. Scalability allows end users to selectively
obtain different image products (e.g., resolution, quality, component and region of interest)
without the need for transmitting the entire compressed data. In this regard, JPEG2000 [2] offers
these functionalities and is well fitted to remote sensing systems [3].
Typically, a JPEG2000 encoder adopts mean squared error (MSE) as the distortion metric and
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compression is performed by removing statistical redundancies. The reduction of statistical
redundancies does not always mean the reduction of psychovisual redundancies. In particular,
visually important information, such as boundaries of buildings or small pathways in remote
sensing images, is often lost at low bitrates when MSE is used as the distortion metric. Thus,
incorporating properties of the human visual system (HVS) in a JPEG2000 encoder provides
room for visual improvement at such low bitrates and leads to better compression performance.
One property of the HVS is the contrast sensitivity function (CSF) which characterizes variation
of contrast sensitivity with spatial frequency. While the CSF affects the entire image, visual
masking influences more localized areas. Using visual masking effects, more precise control of
distortion is possible. In this paper, we introduce a scalable perceptual encoder for remote sensing
images. Our encoder is based on a recent perceptual encoder [4] which exploits the CSF and
locally calculated visual masking effects. Quality scalability is added in our encoder. Also, our
encoder allows more precise control of the visual quality in the near visually lossless regime.

2. PERCEPTUAL DISTORTION MODEL
In perceptual image coding, distortion is quantified based on what we perceive, rather than on
statistical values. The HVS is non-linear and quite complex. However, this system can be
approximated with a few well-known components such as the CSF and visual masking effects. In
JPEG2000, the discrete wavelet transform (DWT) decorrelates images and its output is several
bands with different spatial frequencies. Human eyes have different sensitivity for each spatial
frequency. Watson et al. [5] have measured the visibility of quantization error for 9/7 DWT
coefficients on each band. At uniform background intensity, the minimum quantization step sizes
at which quantization errors become visible were modeled by gradually increasing the
quantization step sizes. This is called the base just-noticeable difference (JND) threshold and this
set of quantization step sizes ensures visually lossless coding. The JND threshold is a function of
visual resolution [5] r. The JND values at a visual resolution of 33.0 pixels/degree are listed in
Table 1.
DWT level

1

2

3

4

5

LL

7.3165

5.7340

5.8168

7.3599

11.4241

HL/LH

12.0544

7.6203

6.5371

7.2214

9.9208

HH

31.0182

14.8648

10.1348

9.1857

10.4974

Orientation

Table 1. Base JND threshold ( r = 33.0 pixels/degree)

2

Since the base JND threshold was modeled at uniform background, the actual JND threshold
should take into account visual masking effects of the image background. In [4], two visual
masking effects are considered. One is luminance masking based on Weber’s law. Luminance
masking is sometimes called luminance adaptation and adjusts the base JND threshold depending
on the background intensity. The adjustment lb [ j] for the j-th DWT coefficient of subband b

is modeled by
α

⎛ yLL [ j′] ⎞
lb [ j] = ⎜ 5
⎟
⎜ yLL ⎟
5
⎝
⎠

(1)

where yLL5 [ j '] denotes the value of the j '-th DWT coefficient of subband LL5 which
corresponds to the j-th DWT coefficient of subband b . The corresponding position j ' is
calculated as ⎣⎢ j / 25− Db ⎦⎥ where Db is the DWT level index of subband b . yLL5 denotes the
average value of DWT coefficients in LL5 . For unsigned 8-bit images, yLL5 is 128. The
parameter α represents the degree of luminance masking effect and is set to 0.649 [6].
Another masking that affects the JND threshold is contrast masking. A high contrast background
reduces the visibility of distortion. It is assumed that points with large magnitude of DWT
coefficients are high contrast points. Using this property, the perceived distortion is adjusted
based on the magnitude of DWT coefficients. The contrast effect is defined as
ε
⎪⎧ ⎛ | yb [ j] | ⎞ ⎪⎫
cb [ j] = max ⎨1, ⎜
⎟ ⎬
⎪⎩ ⎝ JNDb ⋅ lb [ j] ⎠ ⎭⎪

(2)

where JNDb is the base JND threshold and ε experimentally takes a value of 0.25. For LL5 ,
the contrast masking is ignored ( cLL5 [ j] = 1 for ∀j ).
The final JND threshold that considers the visual masking effects is given by

JNDb′[ j] = JNDb [ j] ⋅ lb [ j] ⋅ cb [ j]

(3)

This threshold states whether the quantization error of the j-th DWT coefficient in subband b is
visible or not. Though the JND threshold is designed for visually lossless coding, the visibility of
quantization errors at suprathreshold levels is assumed to be inversely proportional to the
threshold [7]. The probability of detection of the quantization error is given by
⎛ yˆ [ j] − y [ j] β ⎞
b
⎟
pb [ j] = 1 − exp ⎜ − b
⎜
⎟
′
[
]
JND
j
b
⎝
⎠

(4)

where yˆb [ j] is the reconstructed DWT coefficient and yˆb [ j] − yb [ j] is the quantization error
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eb [ j] . The parameter β is an experimental value of 4 [7].
It is not easy to control quantization errors for individual DWT coefficients. The foveal region
F which covers the visual angle of 2° in the spatial domain is defined as the basic size in which
distortion is calculated, as shown in Figure 1. The summation of the numbers of DWT
coefficients N (Fb ) that constitute a foveal region is the same as the number of pixels for a
foveal region N (F ) and is defined as
N (F ) = ∑ N (Fb ) = ( ⎢⎣ 2r ⎥⎦ )

2

(5)

b

Distortion for the foveal region, centered at (n1 , n2 ) , is calculated by considering the quantization
errors of all DWT coefficients that belong to that region. Specifically,
1

DF( n1 ,n2 )

β β
⎛
⎞
eb [ j]
⎟
= ⎜∑ ∑
⎜ b j∈Fb JNDb′[ j] ⎟
⎝
⎠

(6)

There can be several foveal regions depending on the size of the image. Distortion for the entire
image takes the maximum value among distortion values of foveal regions.

D = max DF( n1 ,n2 )
( n1 , n2 )

(7)

Figure 1. Foveal region F , and DWT coefficients belonging to the region Fb b = HH1 , LH1 ,… , LL3

3. SCALABLE PERCEPTUAL IMAGE CODING WITH JPEG2000

Figure 2 shows the JPEG2000 encoding block diagram. In order to incorporate the properties of
the HVS into JPEG2000, the algorithm modifies the final three stages of a conventional
JPEG2000 encoder. In the first stage, the quantization step size for each subband is chosen to be

4

the base JND threshold.
Δ b = k ⋅ JNDb ⋅ 2− Db ,

0 < k ≤1

(8)

where 2− Db accounts for the difference between the 9/7 DWT of JPEG2000 and that of [5]. The
JND threshold is a statistical value obtained based on human observers. In our work, we allow
the option to reduce the base JND threshold by half ( k = 0.5 ), to ensure strict visually lossless
coding.
EBCOT Tier-1
Wavelet
Transform

Quantization

Distortion
Calculation

EBCOT Tier-2

Arithmetic
Coding

Bitstream
Generation

Figure 2. JPEG2000 encoding block diagram

In EBCOT [8] tier-1, the block coder does independent bit-plane coding of quantized indices in
codeblock B . Each bit-plane has three coding passes except the most significant bit-plane
(MSB), which has 1 coding pass. Thus, quantized indices with M bit-planes have 3M − 2
coding passes. For each coding pass z , a distortion value is calculated. In a conventional
JPEG2000 encoder, the MSE is used as the distortion metric and is given by

D ( z ) = Gb ∑ ( yˆ ( z ) [ j] − y[ j])

2

(9)

j∈B

where Gb is the synthesis gain for subband b . yˆ ( z ) [ j] denotes the reconstructed value from
the quantization index q ( z ) [ j] , which is encoded up to truncation point z . y[ j] is the
reconstructed value from the original quantization index q[ j] .
EBCOT has modularity and many distortion metrics can be used. The scalable perceptual image
coding scheme uses the following distortion metric that takes into account the visual masking
effects over the foveal region Fb .
1

DF( zb )

β
⎛
⎛ q ( z ) [ j] − q[ j] ⎞ ⎞ β
=⎜ ∑ ⎜
⎟
⎜ j∈B ∩Fb ⎝ lb [ j] ⋅ cb [ j] ⎟⎠ ⎟
⎝
⎠

(10)

Here, the luminance masking lb [ j] is the same as Equation (1), but the contrast masking cb [ j]
is modified as
⎧⎪ ⎛ k ⋅ | yb [ j] | ⎞ε ⎫⎪
cb [ j] = max ⎨1, ⎜
⎟ ⎬
⎪⎩ ⎝ Δ b ⋅ lb [ j] ⎠ ⎭⎪

(11)

Figure 3 shows the visual masking effects. The luminance masking values are simply replicated
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values of the LL band and the contrast masking values are proportional to the magnitude of the
DWT coefficients. More distortion can be placed on the bright areas which are assumed to be
high-contrast areas.
While Equation (9) is calculated over a code-block, Equation (10) is calculated over a foveal
region Fb . The reason for using Fb instead of F as in Equation (6) is due to JPEG2000’s
independent encoding characteristic of code-blocks. The size of Fb is usually smaller than that
of a code-block B . Since there can be several foveal regions in a code-block, the maximum
distortion value is chosen as the distortion value over code-block B .
D ( z ) = max DF(bz )

(12)

Fb ∈B

Finally, once distortions and bit lengths associated with all coding passes are calculated, they are
transferred to EBCOT tier-2.
In this work, quality layers are formed for a given set of target distortions. Distortion needs to be
a monotonic decreasing function of z. Hence, a set of feasible truncation points H is defined as
follows
H {z | D ( z ) ≤ D ( z −1) for z = 0,1,… , Z } , D ( −1) = ∞

(13)

For z ∈ H , a bitstream for the i-th quality layer includes all coding passes up to z *i such that

(

D ( zi* ) ≤ N (Fb ) ⋅ DTβi

)

1

β

(14)

where DTi indicates the target distortion for i-the quality layer. Bitstreams produced by this
modified encoder are completely JPEG2000 Part-1 compliant and therefore decodable by any
JPEG2000 decoder.

Figure 3. Luminance masking (left) and contrast masking (right)
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4. EXPERIMENTAL RESULTS
The scalable perceptual image coding algorithm was implemented in Kakadu v6.0 [9].

We

present results for a visual resolution of 33.0 pixels/degree (viewing distance of 60 cm). The step
sizes were set to half of the base JND ( k = 0.5 ). For simplicity, the size of foveal region is
64 × 64 ( N (F ) = 4096 ). Test images used here are aerial1 and aerial2, remote sensing images in
the ISO JPEG2000 test image set. Because of the huge size of the original aerial1 image
( 14680 ×14565 ), it has been cropped and down-scaled by a factor of 4. The sizes of test images
are 2048× 2048. In both cases, 10 quality layers are generated.
Figure 4 shows the bitrate and perceptual distortion for each quality layer. From the figure, we
can see that the achieved distortions are upper-bounded by the target distortions and become
closer to the target distortions as the target distortions decrease. Reconstructed images
corresponding to different layers of the aerial1 image are shown in Figure 5. All images in this
figure were reconstructed from a single compressed file. At a perceptual distortion of 1.0, the
reconstructed images are visually lossless.
Figure 6(a) and 6(b) show reconstructed aerial1 images using the perceptual JPEG2000 encoder
and a conventional JPEG2000 encoder respectively. Though a conventional JPEG2000 encoder
yields the optimal bitstreams in terms of MSE, we can see that images encoded with the
perceptual image coder exhibit less blurring and superior visual quality than those encoded with a
conventional JPEG2000 encoder. In particular, at low bitrates, the perceptual image coder better
preserves details compared to a conventional JPEG2000 encoder. Figure 7 compares the bitrate of
the two methods to achieve the same visual quality on the aerial2 image. A 27% reduction in the
bitrate is achieved using the perceptual JPEG2000 encoder when compared to a conventional
JPEG2000 encoder.

5. CONCLUSIONS
We have presented a JPEG2000 Part-I compliant scalable perceptual image encoder. Remote
sensing images often contain significant high resolution detail. At low bitrates, this information is
easily lost via blurring when encoded with a conventional JPEG2000 encoder. In the perceptual
encoder, distortions are locally hidden in high contrast areas in which they are less visible. Thus,
the encoder yields superior visual performance and visually important details are better preserved.
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Figure 4. Perceptual distortion and bitrate, aerial1 (left) and aerial2 (right)

(a) First layer ( R = 0.343, D = 3.317 )

(b) Fourth layer ( R = 0.426, D = 2.227 )

(c) Sixth layer (R = 0.842, D = 1.334 )

(d) Tenth layer ( R = 1.262, D = 0.894 )

Figure 5. Reconstructed images encoded with the perceptual JPEG2000 encoder
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(a) Perceptual JPEG2000 encoder
(b) Conventional JPEG2000 encoder
Figure 6. Visual quality comparison at the same bitrate R = 0.493 (fourth quality layer):
boundaries of the tiles on the roof are more obvious in the left image.

(a) Perceptual JPEG2000 encoder
(b) Conventional JPEG2000 encoder
Figure 7. Visually equivalent images: (a) R = 0.857 bpp (b) R = 1.176 bpp
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ABSTRACT
This paper considers the joint selection of the source code rate and channel code rate in
an image telemetry system. Specifically considered is the JPEG2000 image coder and an
LDPC code family. The goal is to determine the optimum apportioning of bits between the
source and channel codes for a given channel signal-to-noise ratio and total bit rate, Rtotal .
Optimality is in the sense of maximum peak image SNR and the tradeoff is between the
JPEG2000 bit rate Rsource and the LDPC code rate Rchannel . For comparison, results are
included for the industry standard rate-1/2, memory-6 convolutional code.
Keywords: JPEG2000, LDPC codes, joint source/channel coding.

1. INTRODUCTION
Compression of an image followed by transmission over a channel suffers from two sources
of distortion: distortion due to quantization error at the source coder and distortion due to
bit errors caused by channel noise. The first type of distortion can be reduced by increasing
the source code rate Rsource and the second type of distortion can be reduced by decreasing
the channel code rate Rchannel . Both increasing Rsource and decreasing Rchannel increases the
channel bit rate Rtotal (channel bits/pixel). Thus, for a fixed channel bit rate Rtotal , there is
a tradeoff between Rsource and Rchannel and we seek the optimum tradeoff, where optimality
is in the sense of maximizing PSNR, defined below.
We consider a simple telemetry system on a binary-input additive white Gaussian noise
(AWGN) channel. JPEG2000 compression is considered in conjunction with an LDPC channel code as well as a convolutional channel code. Results generated by the simulation of this
telemetry model reveal the optimal apportioning of bits between the channel and source
coders.
1

Source

Channel

Compressor

Encoder

Image

+

Channel
Decoder

Source
Decompressor

AWGN

Image

Figure 1. A block diagram of the system model.

Section 2 describes the system models used in the simulations. Section 3 provides details of
the source and channel codes used in this study. Section 4 presents simulation results for
the code system design and Section 5 concludes the paper.
2. SYSTEM MODELS
The image used in the simulations was a downsampled and cropped version of the eight-bit
grey scale JPEG2000 Test Image “Aerial1.” The image was input to the system depicted
in Figure 1. The source compressor and decompressor was JPEG2000 [1]. The two channel
codes used were LDPC and convolutional. The binary-input AWGN channel was assumed
here although the approach is easily extendable to other channel models.
A variety of source code and channel code rate combinations were considered for several
total rates, Rtotal , given by
Rtotal = Rsource /Rchannel .

(1)

Rsource is in units of source code bits/pixel and Rchannel is in units of source code bits/channel
code bit, so that Rtotal is in units of channel code bits/pixel. The source code rate, Rsource , was
adjusted via the inherent rate scalability of JPEG2000. The channel code rate was adjusted
by puncturing a rate-1/2 “mother code” for both the LDPC code and the convolutional
code.
The goal of the simulations is to find the optimum tradeoff between Rsource and Rchannel for
a fixed Rtotal and channel signal-to-noise ratio (SNR), where optimality is in the sense of
maximizing the peak SNR (PSNR), defined as


2552
(2)
P SN R = 10 log10
M SE
assuming an eight-bit grey scale image where pixel values range between 0 and 255. MSE is
the mean-squared error and is computed as
N M
1 XX
M SE =
(xij − x̂ij )2
N M i=1 j=i

(3)

where xij represents the original pixel values and x̂ij represents the decompressed pixel
values. N and M are the respective width and height of the image in pixels.
2

3. SIMULATION OVER THE AWGN CHANNEL
3.1. JPEG2000 Setup
The JPEG2000 code-stream begins with a main header which contains vital global information necessary for proper decompression of the entire code-stream. After the main header,
the code-stream is divided into a sequence of tile-streams. Each tile-stream has layers that
contain packets which hold compressed data from a precinct at a resolution level. Precincts
consist of code-blocks from all sub-bands at a single resolution level and each code-block
contributes a certain number of coding passes to each packet [2].
JPEG2000 implements an arithmetic coder known as the MQ coder. Both encoder and
decoder need to maintain synchronization to properly decode a code-stream. JPEG2000
includes error resilience (ER) tools that promote robustness to bit-errors. These tools have
two purposes: hierarchical data partitioning and resynchronization, and error detection and
isolation [1], [3].
JPEG2000 ER tools stop bit errors from propagating from one code-block to another as long
as the code-block synchronization is maintained [1]. The smallest coding unit is code-block
data which are grouped together consisting of packet headers and code-block bytes. The
packet headers allow the JPEG2000 decoder to determine the correct number of code-block
bytes. This means that even though the code-block may be damaged, the decoder will be
able to resynchronize the undamaged code-blocks.
In this paper, Kakadu software version 6 and ER parameters “Cmodes=RESTART|ERTERM,”
“Cprecincts={128,128},” “Cuse sop=yes,” and “Cuse eph=yes” were used [4]. In RESTART
mode, the MQ coder restarts at the beginning of each coding pass. The MQ codeword segment is properly terminated and the coder is reinitialized. The ERTERM (Error Resilient
Termination) mode is a predictable termination policy that is employed by the encoder to
detect errors introduced into either the bit-stream or the length values in packet headers.
The decoder can identify the raw codeword segment in which the error first occurs and
discards the codeword segment to conceal the visual artifact.
“Cuse sop=yes” and “Cuse eph=yes” are marker segments for ER decoding and for locating
packets and/or packet headers. “Cuse sop=yes” activates the START OF PACKET (SOP)
marker segment and “Cuse eph=yes,” activates the END OF PACKET HEADER (EPH).
These ER modes add a SOP marker segment before each packet in the code-stream and
add an isolated EPH marker after every packet header. These markers are extra ER tools
in JPEG2000 that are useful for code-stream parsing and ER decoding while also enabling
resynchronization during detection of errors.

3

“Cprecincts={128,128}” sets the precinct dimensions, organizing compressed data within
the code-stream. This ER tool allows the image to be divided into smaller rectangular
regions which are treated independently for compression purposes, in this case a rectangular
128-by-128 region. The partitioning is useful so that a single error will damage only a limited
region within an image. It does not do anything for small images, but can be useful for larger
images.
3.2. LDPC CODE FAMILY
The JPEG2000 compressed images served as the input to the channel encoder. The code
that was used was a rate 1/2, (4096, 2048), structured irregular repeat-accumulate (S-IRA)
LDPC code [5]. The encoder takes 2048 bits of data and encodes them by adding 2048 parity
bits. The channel encoder is a module that performs encoding by iteratively solving for 2048
parity bits from the parity check matrix H, where
H = [H1 H2 ].

(4)

H1 is a 2048 × 2048 matrix having row-weight 5 and column-weight 5. H2 is a 2048 × 2048
“dual-diagonal” matrix arranged as


1
 1 1





..
(5)
H2 = 
.
.




1 1
1 1
Let hu represent the uth row of H where u ∈ {0, . . . , 2047}. Each row of H may be used to
set up an equation to solve for a single parity bit in the codeword. This is because c · hu =0
must hold for each codeword c and each row hu . Thus, the locations of the ones in hu
indicate which information bits should be used in solving for the unknown parity bit. The
unknown bit is equal to the result of the binary addition of the bits indicated by hu . The
dual-diagonal organization of H1 facilitates encoding in that it results in a single, unknown
parity bit in h0 . The remaining equations for u > 0 depend upon the parity bit solved in
the previous row. That is, hu depends upon the parity bit solved for in hu−1 . Thus it is
necessary to solve for the parity bits in increasing order beginning with the one located in
h0 .
After encoding using the rate-1/2 encoder just described, depending on the code rate Rchannel
desired, parity bits can be punctured (deleted) prior to transmission. For example, for
Rchannel = 2/3, every other parity bit is transmitted. The eventual transmitted channel code
bits are transmitted in the bipolar form +1/-1 to model BPSK modulation. AWGN samples
are added to each transmitted code bit.
The corrupted bits are then decoded using the on-off attenuated min-sum algorithm [6]. The
decoding algorithm can be visualized with the help of a Tanner graph: a bipartite graph
4
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Figure 2. An example of a Tanner graph and its matrix representation.

whose adjacency matrix is the code’s parity check matrix H. That is, there are two node
types, the variable nodes (VNs) and the check nodes (CNs), and only nodes of differing
types may be connected. Further, the VNs correspond to the columns of H and the CNs
correspond to the rows of H. Figure 2 shows a matrix H and its Tanner graph representation.
For example, CN f0 is connected to variable nodes c0 , c1 , c2 and c3 indicating that row zero
of H has ones in columns zero, one, two and three. Thus, bits zero, one, two and three of
the codeword generated using H must have the binary sum equal to zero, i.e., c · h0 = 0.
The nodes can be likened to processors where messages are computed, stored and then passed
along the edges of the graph. Messages are passed back and forth in an iterative fashion until
a codeword is found or the maximum number of iterations has been reached. The upward
message from VN i to CN j is given by
X
rj 0 i
(6)
qij = si +
j 0 6=j

where si is the channel sample for code bit ci , rj 0 i is the downward message from CN j 0 to
VN i, and the summation is over all CNs connected to VN i, excluding CN j. All such
messages are computed and transmitted upward to the CNs, after which the CN messages
are computed. The downward message from CN j to VN i is given by
Y
rji =
sign(qi0 j ) · min
{|qi0 j |},
(7)
0
i 6=i

i0 6=i

where sign(x) = +1 for x ≥ 0 and sign(x) = −1 for x < 0. In order to improve the decoding
algorithm, a scale factor of 0.5 is applied to each message rji at even iterations, hence the
name “on-off attenuated min sum algorithm” [6].
Code bit decisions are given by
ĉi = sign(Qi )

(8)

where
Qi = si +

X

rji

(9)

j
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Figure 3. Plots of the simulated probability of error curves.

and where the summation is over all CNs j connected to VN i. Decoding stops when cHT =0
or 50 iterations have been completed. The performance of the LDPC punctured-code family
with the rate-1/2 mother code is illustrated in Figure 3(a).
3.3. CONVOLUTIONAL CODE FAMILY
For comparison to the LDPC code results, the same simulations were run using the industry
standard rate-1/2 convolutional channel code together with its punctured-code descendants.
A convolutional code maps k0 information bits into n0 code bits in a stream-oriented fashion,
where n0 > k0 . The transformation from information bits to code words is accomplished by
a convolution of the information bits with two generator vectors, g0 and g1 , to produce two
code sequences C0 and C1 .
The length of the finite memory of the convolutional generating polynomials is the “constraint length” of the code. Thus it is a constraint length K = 7 code. The generating
vectors are g0 = 1011011 and g1 = 1111001, which are those used in the industry standard.
While the implementation of the convolutional encoder is straightforward, the decoding of
such a coded data stream at the receiving node is more complex. In the late 1960s, A. J.
Viterbi described a maximum likelihood (ML) decoding technique which greatly reduced the
complexity of ML decoding. Because the Viterbi decoding algorithm can be found in many
textbooks, we do not discuss it here. The performance of the convolutional punctured-code
family with the rate-1/2 mother code is shown in Figure 3(b).
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Figure 4. Plots of the average PSNR versus channel SNR for Rtotal = 0.5 bits/pixel. LDPC results
are on the left and convolutional results are on the right.
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Figure 5. Plots of the average PSNR versus channel SNR for Rtotal = 1 bit/pixel. LDPC code
results are on the left and convolutional code results are on the right.

3.4. PSNR CALCULATION
After the data have been decoded by either the LDPC code decoder or the convolutional
code decoder, they are then input to the JPEG2000 decompressor. A PSNR calculation is
performed for the resulting decompressed image relative to the original image per equations
(2) and (3). Because of the large variance that exists in the PSNR calculation, 1000 simulations were run for each pair of Rsource and Rchannel , from which the average PSNR was
computed.
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Figure 6. Plots of the average PSNR versus channel SNR for Rtotal = 2 bits/pixel. LDPC code
results are on the left and convolutional code results are on the right.

4. RESULTS
For each pair of Rsource and Rchannel values examined, average PSNR values were plotted as a function of SNR. Figures 4, 5, and 6 contain the LDPC/JPEG2000 and convolutional/JPEG2000 intermediate results for the three values of Rtotal considered, 0.5, 1 and 2
bits/pixel. An examination of the plots reveals that in each, the PSNR increases as the channel SNR increases until saturation occurs at a level corresponding to Rsource . Clearly these
saturation levels increase with increasing Rtotal . Further, for a given Rtotal , at high SNR,
the saturation levels increase with increasing Rchannel because this corresponds to increasing
Rsource .
By fixing the SNR and plotting the PSNR as a function of Rchannel , a second set of plots
was produced. Figures 7, 8, and 9 contain the results generated for the LDPC/JPEG2000
and convolutional/JPEG2000 simulations. These plots demonstrate that, for a given SNR,
there exists an optimal rate allocation between the source and channel codes. Although the
PSNR is plotted against Rchannel , it is a simple matter to determine the corresponding Rsource
using (1). It is clear from the two sets of plots that the LDPC code offers an advantage over
the convolutional code for low SNR. For example, in Figure 8 at 1 bit/pixel and Eb/No =
4 dB, the LDPC code yields a maximum PSNR of 30.8 dB at Rchannel = 0.75 whereas the
convolutional code yields a maximum PSNR of only 27.8 dB at Rchannel = 0.5. It should be
noted, however, that for large SNR, the LDPC code ceases to outperform the convolutional
code.
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Figure 7. Plots of PSNR as a function of Rchannel for Rtotal = 0.5 bits/pixel. LDPC code results
are on the left and convolutional code results are on the right.
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Figure 8. Plots of PSNR as a function of Rchannel for Rtotal = 1 bit/pixel. LDPC code results are
on the left and convolutional results code are on the right.

5. CONCLUSION
Our results show how Rsource and Rchannel may be optimally (maximum PSNR) selected
given a fixed Rtotal (channel bits/pixel) and channel SNR. We also showed the advantage
gained by using LDPC codes instead of convolutional codes. Further work could include true
joint source/channel decoding in which the two decoders work cooperatively to maximize
PSNR. Also, optimal LDPC code design can be considered, as can video transmission.
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Figure 9. Plots of PSNR as a function of Rchannel for Rtotal = 2 bits/pixel. LDPC code results
are on the left and convolutional code results are on the right.
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ABSTRACT
In this paper, we propose the exploitation of array beamforming technology in high-speed
aeronautical communication applications, e.g., the integrated Network Enhanced Telemetry
(iNET) system. By flexible steering of beams and nulls, an array can enhance desired signals
whereas the undesired signals such as interference and jammers are suppressed. The proposed
adaptive beamforming technology is DSP-based and network-aware, and is designed for the use
at aerial vehicle platforms to increase transmission power efficiency, improve receiving signal
sensitivity, mitigate interference/multipath effects, and extend the communication range.
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1

INTRODUCTION

In this paper, we propose the exploitation of array beamforming technology in high-speed
aeronautical communication applications where our goal is to maintain reliable and critical
communications integrity and adequate signal-to-noise ratio (SNR) levels. The network
architecture, e.g. iNET, adopts a network-based architecture for use in weapons and aircraft
systems test and evaluation. Array beamforming techniques [1, 2, 4, 7] have been widely used in
wireless communications, underwater acoustics, and radar systems for a variety of reasons. By
flexible steering of beams and nulls, an array can enhance desired signals whereas the undesired
signals such as interference and jammers are suppressed. The proposed adaptive beamforming
technology is DSP-based and network-aware, and is designed for the use at aerial vehicle (AV)
platforms to increase transmission power efficiency, improve receiving signal sensitivity,
mitigate interference/multipath effects, and extend the communication range.
The aeronautical communications bring unique challenges as well as opportunities to the
proposed beamforming technology. The major challenges lie in the hostile environment, highly
*
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dynamic mobility, and weak signal strength. In such situation, adaptive updates of the array
weights require high complexity and sometimes may not be affordable for real-time optimization.
Furthermore, determination of adaptive weights for transmit beamforming becomes even
challenging since the channels cannot be reliably estimated. In the proposed beamforming
method, therefore, we take different approaches to utilize the location information of the AV and
the ground station (GS) as well as the flight dynamics known to the AV to support environmentaware beamforming. Array patterns are formed in real-time and are used for both transmission
and receiving. The beamformer is designed to be robust against errors in the location and flight
dynamics information.
The proposed beamforming technique achieves multifold advantages: (1) By using the
proposed technique, the high-speed communication system can provide wireless communication
links with improved link reliability and power efficiency. (2) The high-speed communication
system can maintain a wireless link significantly beyond the maximum range supported by
single-antenna based system. (3) The spatial selectivity allows the high-speed communication
system to reduce sensitivity to multipath and jammers, and lower the transmit power in the
direction of unintended directions to yield low probability of intercept (LPI).

2

BEAMFORMING

2.1 Concept
Beamforming may be performed through a weighted combination of radio signals from an array
of antennas. Consider a receiving array, beamforming is to create the radiation pattern of the
antenna array by adjusting the weights corresponding to each antenna output such that the phases
of the signals in the direction of the desired sources/targets are added constructively, whereas
they are nullified/mitigated in the directions of undesired/interfering sources/targets [1, 2].
In beamforming, both the amplitude and phase of each antenna element may be
controlled [5, 6]. The combined relative amplitude and phase shift for each antenna is called a
“complex weight.” A beamformer for a radio transmitter applies the complex weight to the
transmit signal (shifts the phase and sets the amplitude) for each element of the antenna array,
then sums all of the signals into one that has the desired directional pattern [1, 2]. In digital
beamforming, the operations of phase shifting and amplitude scaling for each antenna element,
and summation for receiving, are done digitally. Either general-purpose DSP’s or dedicated
beamforming chips may be used. Digital processing requires that the signal from each antenna
element is digitized using an A/D converter [3]. When radio frequencies are too high to be
directly digitized at a reasonable cost, digital beamforming receivers use analog RF down
converters to shift the signal frequency down before the A/D converters.
Once the antenna signals have been digitized, they are passed to digital down-converters
that shift the radio channel’s center frequency down and pass only the bandwidth required for
one channel. The down-converters produce a “quadrature” baseband output at a low sample rate.
The quadrature baseband I and Q components can be used to represent a radio signal as a
complex vector (phasor) with real and imaginary parts. For beamforming, the complex baseband
signals are multiplied by the complex weights to apply the phase shift and amplitude scaling

required for each antenna element. A general-purpose DSP can implement the complex
multiplication for each array element [3].
All RF and A/D converters share common oscillators so that they all produce identical
phase shifts of the signal. Within the digital beamformer, all digital down-converters share a
common clock, set for the same center frequency and bandwidth, and their digital local
oscillators are in-phase so that all phase shifts are identical. In digital beamforming receiver, the
complex weights for the antenna elements are carefully chosen to give the desired peaks and
nulls in the radiation pattern of the antenna array. In beamforming for communications, the
weights are chosen to give a radiation pattern that maximizes the quality of the received signal.
Usually, a peak in the pattern is pointed to the signal source and nulls are created in the
directions of interfering sources and signal reflections [2].
2.2 Beamforming Algorithms
Consider that a receiver antenna array, consisting of N elements, is located at the AV. The
coordinate of the l-th array element is denoted as ( xl , yl , zl ) . For convenience, we also define the
AV reference point as the origin of the coordinates.
While the AV reference point can be arbitrarily chosen within or around the array, we
assume it is located at the gravity center of the array.
The distance between the ground station (GS), located at ( xg , y g , z g ) , and the AV
reference point, located at (0, 0, 0) , is expressed as

(x ) +( y ) +(z )
2

r=

g

2

g

2

g

(1)

Denote u as the unit vector in the direction from the GS transmitter to the AV reference
point. It can be expressed as
⎡x y z ⎤
u g = ⎢ g , g , g ⎥ = ⎡⎣sin θ g cos φg ,sin θ g sin φg , cos θ g ⎤⎦
⎣r r r ⎦

(2)

where θ g and φg is the elevation and azimuth angle of the GS with respect to the AV reference
point.

s (t ) be the RF signal waveform transmitted from the GS. The signal received at the
Let ~
l-th antenna element of an array at the AV is expressed as
~
rl (t ) = al ~
s (t − τ l ) g l (u g )) + n~l (t )
(3)
where al and τ l , respectively, denote the channel gain and time delay of the channel between the

GS transmitter and AV receiver, and g l ( u g ) denotes the antenna gain of the l-th array element
in the direction of the GS. In addition, n~ (t ) is the additive noise.
l

Note that, while al , τ l , and u g gradually changes over time as the AV maneuvers, we
omit (t ) for notation simplicity.

Without loss of generality, we can conveniently define that τ is referenced to the
waveform received at the AV reference point (that is, the time delay evaluated at the AV
reference point is zero). In addition, the GS is typically considered to be at the far field of the AV,
that is, the distance between them is much larger than the dimension of the GS antenna and AV
antenna array. In this case where multipath fading is not considered, the channel gain can be
assumed to satisfy a1 = ... = aN = a , and the time delay at the l-th array element can be expressed
as
rlT u g

τl =

(4)

c

where rl = [ xl , yl , zl ] , c ≈ 3 ×108 m/s is the speed of wave propagation, and

T

denotes transpose.

s (t ) is a narrowband signal (i.e. the signal bandwidth BW is much smaller than
When ~
the carrier frequency), the following (approximate) relationship holds (with the use of proper
complex signal notation),
~
(5)
s (t − τ ) ≈ ~
s (t )e − jωcτ l ,
l

where ωc = 2π f c is the radian carrier frequency. In this case, we can define s(t ) as the
s (t ) , and the equivalent baseband signal received at the l-th
equivalent baseband waveform of ~
array element becomes
rl (t ) = al s (t )e − jωcτ l g l ( u g ) + nl (t )

(6)

Therefore, the equivalent baseband signals received at the N elements can be expressed in the
following vector format
⎡ ae − jωcτ1 g1 (u g ) ⎤ ⎡ n1 (t ) ⎤
⎡ r1 (t ) ⎤
⎢
⎥ ⎢
⎥
r (t ) = ⎢⎢ M ⎥⎥ = s (t ) ⎢
M
⎥ + ⎢ M ⎥ = s (t )h(u g ) + n(t ) .
⎢ ae − jωcτ N g N (u g ) ⎥ ⎢⎣ nN (t ) ⎥⎦
⎢⎣ rN (t ) ⎥⎦
⎣
⎦

(7)

Beamforming is achieved by the weighted summation of the signal received at the N
elements. Let w = [ w1 ,..., wN ] be the weights corresponding to the N array elements, the array
output is obtained as
y (t ) = w T r (t )h(u g ) + w T n (t )

(8)

When the elements of n(t ) are independent and identically distributed (i.i.d.) zero-mean
complex Gaussian processes with covariance matrix σ n2 I N , where I N denotes the N × N identity
matrix, the maximum signal-to-noise ratio (SNR) is achieved when
w = α h * (u g )

(9)

where α is a constant, and (⋅)* denotes complex conjugate operation. Note that α does not
affect the SNR because it is multiplied to both the signal and noise. However, it is often
−1

convenient to assume a unit norm of w , that is, α = h* (u g ) , where | . | denotes the norm of a

vector. That is,
w=

h* (u g )

.

h* (u g )

(10)

In this case, the output noise power remains the same as that of a single antenna case, that is,
2
Pn = E ⎡⎢ w T ⎤⎥ = σ n2
⎣
⎦

(11)

with E [.] representing statistical expectation. The output signal power becomes
N

Ps = ∑ agl ( u g ) σ s2 ,
2

(12)

l =1

2
where σ s2 = E ⎡ s (t ) ⎤ .
⎣
⎦

In particular, when all the antennas are isotropic, g1 ( u g ) = ... = g N ( u g ) = g ( u g ) , we have
Ps = N ag ( u g ) σ s2 ,
2

(13)

which is N times higher than the received signal power obtained from a single receive antenna.
That is, an array gain of N (that is, 10log10 ( N ) dB) is achieved.
2.3 Array Factor
To signify the array process gain in different directions, it is often useful to analyze the array
factor, which does not include array element patterns. The array signature corresponding to the
direction u g is characterized by
⎡ e − jωcτ1 ⎤ ⎡ e − jkcr1 u g ⎤
⎥
⎢
⎥ ⎢
h(u g ) = ⎢ M ⎥ = ⎢ M ⎥
⎢e − jωcτ N ⎥ ⎢ − jkcrNT u g ⎥
⎣
⎦ ⎢⎣e
⎥⎦
T

where kc = ωc / c = 2π / λ . Note that the norm of h(u g ) in this case is

(14)

N.

Similarly, the array signature corresponding to an arbitrary direction u=[sinθ cosφ,
sinθ sinφ, cosθ] can be expressed as

⎡ e − jkcr1 u ⎤
⎢
⎥
h(u) = ⎢ M ⎥
⎢ − jkcrNT u ⎥
⎣e
⎦
T

The array factor is typically expressed as a function of θ and φ . When w =
the array factor is obtained as

(15)

1 *
h (u g ) ,
N

P (θ , φ ) =

1 H
1
h (u g )h(u) =
N
N

N

∑e

(

jkc rlT u g −rlT u

),

(16)

l =1

where (⋅) H denotes conjugate transpose.
To evaluate the array factor at a different frequency, say, f c = ω / ( 2π ) , where the weight
1 *
h (u g ) , obtained in f c , we modify equation (15) as
vector remains to be w =
N

⎡e − jkcrl u ⎤
⎢
⎥
h(u, ω ) = ⎢ M ⎥ .
⎢ − jkcrlT u ⎥
⎣e
⎦
T

(17)

Thus, the array factor becomes
P (θ , φ , ω ) =

1 H
1
h (u g )h(u, ω ) =
N
N

N

∑e

(

j kc rlT u g − krlT u

),

(18)

l =1

where k = ω / c .
While we have used the array for receive beamforming, the array performance, in terms
of the array gain and array patterns, remains unchanged when the array is used for transmit
beamforming.

3

NUMERICAL RESULTS

To demonstrate the effectiveness of the beamforming techniques, numerical calculations are
performed. A rectangular array of four elements is considered (Fig. 1). The distance of any of
two adjacent array elements is denoted as Da = 0.5λ. It can be shown that, a 25 MHz bandwidth
has a negligible effect in the array gain when the system is operated in 2.3 GHz, so we focus
only on narrowband array processing hereafter.
3.1

Beamforming Performance with Identical Antenna Patterns

For simplicity, monopoles with a proper ground plane are used to demonstrate the beamforming
performance with the use of directional antennas. For a vertically polarized monopole, located in
the z-direction, the normalized half-wavelength antenna pattern is expressed as

⎛π
⎞
cos ⎜ cos θ ⎟
⎝2
⎠,
P (θ , φ ) =
sin θ

(19)

where 0 ≤ θ ≤ 90o for the array located on the top of the aircraft, or 90o ≤ θ ≤ 180o for the array
located in the bottom. The normalized antenna pattern is used so that we can focus on the
contribution of the array. The antenna patterns, shown in the following discussion, are the joint
patterns of the top and bottom monopole based arrays, which are equivalent to the respective
dipole based array patterns.

y
Da

x

O

Figure 1 Rectangular array configuration.
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θ g = 90o and φg = 270o ).

Fig. 2 provides an example of the φ-plane and θ-plane array pattern. The array factor in
the maximum direction is 10 log10 (4) ≈ 6.02 dB. The same array factor can be achieved by using
other array configurations with identical antenna elements, but the beamwidth and sidelobe
levels may vary for different array configurations.
The overall radiation of the array in this case is the product of the array factor and the
antenna pattern of each monopole. Figure 3 shows the φ -plane and θ -plane array patterns. The
o
o
DOA of the GS is assumed to be θ g = 90 and φg = 270 . In this case, an array gain of 6.02 dB
is achieved. the φ -plane pattern is the same as the array factor as the dipole is omni-directional

o
in the φ -plane, whereas the θ -plane pattern is attenuated by the antenna pattern for θ ≠ 90 . In
particular, a null in θ = 0o or θ = 90o is observed as determined by the monopole antenna pattern.
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Beamforming Patterns with Different Antenna Patterns

The array can be flexibly designed to use antenna with different antenna patterns, such as
different types of antennas or identical antennas but oriented differently. In this case, the array
gain may be reduced from 10log10(N) dB, however, the array may achieve some desirable
beamforming characteristics and/or antenna conformability.
In the following, we show an illustrative scenario, where an array consists of four
monopoles in different directions, is used to remedy the null direction problem, as we discussed
in the previous subsection. In this array, we use the same array geometry as in Figure 1. However,
in this case, three monopoles are vertically polarized, whereas the other one is horizontally
oriented. This may happen, for example, that the antennas are located in different sides of an
aircraft. For simplicity, the edge effect of the ground plane is ignored.
Figure 4 shows the φ -plane and θ -plane array patterns when the DOA of the signal wave
o
o
from GS is located at θ g = 90 and φg = 270 and three antennas are effective, and an array gain

of 10 log10 ( 3) ≈ 4.77 dB is achieved. That is, there is a loss of about 1.25 dB in the array gain.
On the other hand, when the DOA becomes θ = 0o , one antenna is effective. As shown in Figure
5, the array gain is 10 log10 (1) = 0 dB, which is compared to 0 (i.e., −∞ dB) in the array using
four identical monopoles.
3.3 Important Remarks
Due to space limitations, the following issues are briefly summarized.

1. We have examined different array configurations. As we discussed in Section 3.1, all the
arrays achieve the same array gain, provided that the antenna orientations are the same
for the different arrays, and the mutual coupling effect is ignored. However, the
beamwidth and sidelobe levels vary for different array configurations. Thus, the actual

array configuration is designed to afford optimized performance to meet the beamwidth
and sidelobe requirements and to minimize the performance degradation in the presence
of various parameter errors, which may occur, for example, due to the measurement
inaccuracy and/or limited update rate of the measurement parameters.
2. The array weights can be dynamically updated to change the directivity suited in different
scenarios. For example, when the aircraft is closer to the GS and has a low altitude, the
heading information may vary much more rapidly. In this case, a broader beam may be
formed in the vicinity of the GS so as to provide robust beamforming even when the
heading information is updated in a low rate.
3. It is evident from the above discussions and simulation examples that the maximum array
factor is achieved in the direction associated with the GS. In comparison, the array factor
in other directions is relatively attenuated. Therefore, compared to single antenna system,
the effect of multipath interference and/or jamming can be mitigated even without their a
priori information or sophisticated interference mitigation.
4. Because the array beams have reasonable beamwidth, the array gain is not very sensitive
to small variations in the position or orientation of the AV, or the estimation errors of
such information. For example, the array gain corresponding to a few degrees of change
in the orientation is insignificant. Thus, the requirement for the speed of updating array
weights, even for a highly maneuvering AV, is not demanding.
5. Array configuration is usually optimized in terms the wavelength at the operating
frequency. Thus, an array configuration optimized for one frequency band may not be
necessarily optimal for another frequency band. An array configuration designed for a
higher frequency band, however, often can provide satisfactory performance for a lower
frequency band with several percent frequency differences.
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4. CONCLUSION
In this paper, we have proposed the use of array beamforming technology in high-speed
aeronautical communication applications, such as the integrated Network Enhanced Telemetry
(iNET) system. The theoretical background as well as simulation results were provided. It has
been shown that array beamforming can be flexibly designed to maximize the array gain up to
the number of array antennas as well as to provide robust wireless links in varying operating
scenarios. The array gain achieved in the proposed techniques permits reduced transmit power
and/or extended communication range. The spatial selectivity offered by the array pattern
provides additional protection against multipath interference and/or jamming.
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APPLICATION OF A HIGH DATA RATE MODEM (HDRM)
Tim Orndorff, Amit Puri, Mike Smiley & John Connell
CVG/Avtec Systems, Inc.

ABSTRACT
A traditional Receiver, Modulator, Bit Synchronizer, Frame Synchronizer and Front-End
Processor (FEP) with local RAID storage from numerous satellite ground station equipment
providers is typically used to satisfy current needs in mission ground stations. The development
of Software Defined Radios (SDRs) with reprogrammable personalities has led to the
consolidation of these processing elements, and will become the standard for years to follow.
CVG-Avtec Systems, Inc. has been a pioneer in the SDR industry, integrating several ground
station functions into a one system solution. Its High Data Rate Modem (HDRM) architecture
replaces racks of previous generation equipment, providing greater functionality in a smaller
footprint. The Field Programmable Gate Array (FPGA) based HDRM is a one system solution
that inputs Intermediate Frequency (IF) data and outputs packetized data over IP for data
distribution. These new architectures are capitalizing on the revolution in electronics and
networking technologies.
This paper will discuss the architecture of the HDRM and how it optimizes ground station data
processing in a high-rate environment.
KEY WORDS
High Data Rate Modem, SDR, CCSDS, Ground Station
INTRODUCTION
The financial demands placed on space systems have forced the industry to transform its way of
thinking. Traditionally, a new mission would fund the development of the required ground
infrastructure designed to meet the needs of that mission, cost sharing only large fixed items,
such as antennas where appropriate. The continued ability to provide savings among smaller
parts of the ground infrastructure requires more planning and thought. In addition to financial
constraints, the satellite communications industry is facing the obsolescence of aging ground
station equipment. A highly integrated Software Defined Radio (SDR) is the right solution for
the ever increasing demands of the satellite user community. Today’s market demands that
ground station vendors support multiple missions using the same equipment. A single SDR is
capable of providing multi-mission support for numerous high rate missions by using
reconfigurable setups. It is clear that procuring multi-function components capable of supporting
1

multiple missions is the obvious answer. Since it is difficult to accurately anticipate future
requirements for as yet undefined future missions, a flexible and reprogrammable design is really
the only logical choice. The opposing forces of increased performance and decreased budgets
can only be satisfied by taking full advantage of advances in ground system designs and
hardware components.
From a trend analysis standpoint, new missions almost always require higher data rates, more
complex modulation schemes, and better performance than previous missions. Advances in
space hardware continue to drive these performance requirements, and are expected to continue
in the future. Fundamental limits such as Shannon’s capacity limit, link closure, and bandwidth
requirements, all limit what can be accomplished in future systems, and provide useful bounds
on planning for future undefined missions. Also of significant importance are the successes
achieved using Consultative Committee for Space Data Systems (CCSDS) recommendations in
many of the newly deployed spacecraft. This is expected to further consolidate and standardize
future missions as CCSDS gains international support. Equally important for infrastructure
sharing is the adoption of Space Link Extension (SLE) services, which can standardize how data
is provided to users. The benefits of SDR, CCSDS, and SLE are compelling.
CVG-Avtec has developed a High Data Rate Modem, which is a high-rate multi-mission satellite
data modem with data simulation capability. It supports both CCSDS and Time-Division
Multiplexed (TDM) telemetry formats. The HDRM performs data reception, ingest, processing,
distribution and archiving functions at rates up to 1.5 Gbps. The HDRM inputs IF data and
outputs packetized data over IP or ATM for data distribution using standard telco interfaces. It is
most commonly deployed within a satellite ground station, but is also ideal for applications
including satellite Integration and Test (I&T) and aircraft data acquisition. The HDRM can be
used for the entire lifecycle of the mission – from I&T to real time ground station data
processing.
The HDRM uses state-of – art technology Analog to Digital convertors and Field Programmable
Gate Array (FPGA) devices. With continuous development in digital technology in both the size
and the speed of the FPGAs, the HDRM will continue to process even higher data rates with
more sophisticated Forward Error Correction Codes. The HDRM has provided a leading edge
solution to NASA’s newly developed Low Density Parity Check (LDPC) codes, as well as Turbo
Product Codes, capable of operating at data rates beyond any known mission requirements to
date. The performance of these codes is given below, and includes implementation losses
associated with the transmitter and receiver in a back-to-back configuration. As can be seen, the
performance characteristics are approaching theoretical limits, and indicate that further
significant improvements to these codes are unlikely in the future.
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Figure 1: HDRM LDPC Performance Characteristics
Because support for multiple missions is a core design principle of the HDRM, the system's
modem function is implemented as a digital software-defined radio that can be reprogrammed to
support new missions. Currently, the radio is configurable to accommodate multiple modulation
schemes, data rates, coding algorithms and data formats. Essentially it allows users to migrate
easily to newer and future mission requirements. The HDRM design provides demodulation
matched filters that can be tuned to correspond to characteristics of individual transmitters,
improving communication performance. The system's linear wideband front end and high
dynamic range enable adaptive filtering of the received signal based on symbol rate and Doppler.
These characteristics also ensure compatibility with complex modulation and coding schemes
that may be developed for future missions. Once deployed, the HDRM can load a new
configuration within a matter of seconds, providing a path to support any number of mission
requirements.
Based on CVG-Avtec's software-defined radio algorithms, the HDRM's digital receiver operates
within 1dB of theoretical receive performance. The receiver's low power performance far
exceeds that of conventional analog alternatives; it can reliably acquire and track signals below 0
db Es/No. An industry-leading 10 MHz of Doppler tracking bandwidth contributes to the
system's multi-mission flexibility, allowing the HDRM to track signals from aircraft in addition
to transmissions from low-orbit and geostationary satellites.
The HDRM's integrated high speed front-end processor ingests the high-rate data stream output
by the system's receiver, performing frame synchronization, derandomization, LDPC and TPC
Reed-Solomon error correction, CRC decoding, time tagging and network output to clients and
3

Network Attached Storage (NAS) at rates up to 800 Mbps (higher rates will be available in the
future). The HDRM's front-end processor integrates real-time CCSDS virtual channel processing
and logging capabilities at data rates to 800 Mbps, using a Virtual Channel Identifier to route
data to networked processing centers and network storage devices. Data files can be stored
locally, or forwarded to processing centers post-pass. The system supports bulk encrypted
downlink, and can be used to receive process and then transport encrypted wideband isochronous
data over IP or ATM networks. In addition to standard CCSDS service processing, it supports
decryption and Rice decompression.
The HDRM is based on a telecommunications-grade CompactPCI server architecture with Core
2 Duo processors, mirrored system drives, hot-swap fans, and redundant power supplies. It
provides a Gig-E Ethernet interface for monitor and control, and a Gigabit Ethernet interface for
high-speed network data transfer. Storage options include direct attached RAID, FibreChannel
Storage Area Network, or Network Attached Storage. The HDRM can be controlled locally or
remotely via an intuitive graphical user interface, and a remote control library is provided for
integration with numerous satellite mission control systems, such as OS/COMET, EPOCH 2000,
ASSIST, ITOS, MAESTRO, etc. An SNMP agent is also available to facilitate integration with
management platforms such as HP OpenView.
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Complex

Space
Operations
Control Center

SOC Backup

WAN
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Operations
Center

Mission
Operations
Center

Mission
Operations
Center

Mission
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Figure 2 Ground Operations Functional Diagram
Almost as important are the inferred requirements when examining how a modem might be
deployed in a large network. The interactions among the network components indicate that the
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modem should be designed to be flexible in the approach one can take in designing the entire
ground infrastructure. Today’s ground architectures are normally separated into the functional
equivalents as in Figure 2. The Space Communication Complexes (SCCs) typically contain the
equipment and personnel to operate the antennas; receiver/transmitter chains, data storage and
forwarding, and typically directly interacts with the satellite(s) in question.
The Space Operations Control Center (SOCC) contains the personnel and equipment necessary
to monitor the activities of the entire service chain and handle items such as scheduling
resources, assigning priorities and monitoring the activities within the various Mission
Operations Centers (MOC) and Space Communication Complexes (SCC). During unusual
events, a SOCC backup site is usually provided to ensure the entire communications system
functions in case of SOCC failure. In practice, a SOCC can be located at an independent remote
site, but is typically located at an SCC or MOC site.
The Mission Operations Centers are associated with a particular satellite or satellite constellation
providing payload processing services as well as M&C functions associated with data quality
and distribution.

M&C

M&C

We are primarily concerned with issues associated with deploying equipment at the SCCs, since
the migration to Ethernet/IP and SLE on the backend will simplify remote communications
requirements. Currently, SCCs are normally populated with equipment as illustrated in Figure 3.

Figure 3 Current Rx/Tx Equipment At A Typical SCC
In order to simplify both transmit and receiver chains, the software defined radio should be
designed to incorporate as many of the functions in Figure 3 as is practical. The obvious
functional groupings such as demodulator and bit-synchronizer are readily achieved. As the data
rates increase, the ability of the receiver and transmitter chain to adapt to higher rates can only be
achieved by implementing adaptive filtering techniques. Adaptive filtering is required to
compensate for group delay distortions, and other channel characteristics, becoming more
important with higher order modulations such as 8-PSK and above.
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Figure 4 SDR Based Rx/Tx Equipment Chain at SCC
Figure 4 depicts the result of providing a successful SDR into the receiver and transmitter chain.
While combining functions requires the SDR platform to assume many different roles in the
receiver and transmitter chains, presenting a standard interface to Command and Control
Software systems such as SNMP are equally important if new missions requirements are to be
added in the future without requiring the M&C software to be rewritten.
From the requirements stated earlier, a successful SDR design will possess the following key
features and benefits:
Key Feature

Benefits

Ability to support increased data rates
A direct Ethernet/IP communications capability
Ability to add new forward error correction codes
Ability to add new modulation formats
Ability to provide physical measurements such as time, range,
Doppler, etc.
Provide Virtual Channelization and packet processing support
Provide Store and Forward capability
Adapt to new and possibly unknown requirements
Provide SLE services
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Accommodates increasing communication rates of
future missions
Allows easily scalable and supportable network
infrastructure
Adapts to new mission requirements
Adapts to new mission and/or spectral
requirements
Eliminates additional equipment and logistics
support requirements
Allows early data routing and switching functions
to occur
Provides for better utilization of remote long haul
communications resources
Provides future proof design features
Presents a standard and expandable user service for
future missions requirements

Key Feature

Benefits

Present a standard interface to Command and Control
Software Systems

Supports new mission requirements without
significantly affecting current operations, since the
M&C software will be designed to handle changes
to the system.

Avtec’s new HDRM provides all of these features, and can form a cornerstone product from
which to build ground infrastructure for current missions, and more importantly, provides the
necessary flexibility and design features to guarantee compatibility with future mission
requirements.

7

REFERENCES

[1] Telemetry Summary of Concept and Rational. Recommendation for Space Data System
Standards, CCSDS 100.0-G-1. Green Book. Issue 1. Washington, D.C.: CCSDS, December
1987.
[2] TM Synchronization and Channel Coding. Recommendation for Space Data System
Standards, CCSDS 131.0-B-1. Blue Book. Issue 1. Washington, D.C.: CCSDS, September
2003.
[3] AOS Space Data Link Protocol. Recommendation for Space Data System Standards,
CCSDS 732.0-B-2. Blue Book. Issue 2. Washington, D.C.: CCSDS, July 2006.

8

Game Theory and Adaptive Modulation for Cognitive radios
Gaurav Sharma

ABSTRACT

In a multi-user cognitive radio network, there arises a need for coordination among the
network users for efficient utilization of the available electromagnetic spectrum. While
adaptive modulation alone helps cognitive radios actively determine the channel quality
metric for the next transmission, Game theory combined with an adaptive modulation
system helps them achieve mutual coordination among channel users and avoids any
possible confusion about transmitting/receiving through a channel in the future. This
paper highlights how the concepts of game theory and adaptive modulation can be
incorporated in a cognitive radio framework to achieve better communication for
telemetry applications.

KEYWORDS
Cognitive radio, Game theory, Adaptive modulation, normal form game.

1. INTRODUCTION
The commonly used radio systems are unaware about the electromagnetic environment
around them and they operate in a specific band of frequency, given to them by the
Federal Communication Commission (FCC). According to measurements done by the
FCC, 85% or more of the total allocated spectrum remains unoccupied most of the time
[1, 2]. Cognitive radios use these vacant frequency holes to communicate among each
other. They sense the immediate Radio Frequency (RF) environment and operate in a
band that is available and appropriate, dynamically adjusting its frequencies, modulation,
power, coding etc. They are new models of communication system that would be clever
enough to work through all kinds of interferences.
In [3], the author talked about how the concepts of adaptive modulation system can be
incorporated in cognitive radio systems to best utilize the available channel. The author
also discussed basic mathematical models for different fading channels and how an
adaptive modulation system adapts to varying channel conditions. With the
implementation of an adaptive modulation based cognitive radio systems, the radios can
achieve a significant amount of spectral efficiency in a dynamically changing channel,
however, they still encounter the problem of a possible conflict in using the channel for
transmission and reception in a multi-user environment.
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This situation can however be solved by using the concepts of Game Theory proposed in
[4]. The authors propose different models of a game and discuss how the interactions of a
network of cognitive radios can be mapped into a game.

2. COGNITIVE RADIO AND GAME THEORY

Cognitive radios are adaptive radios that are aware of their environment, capabilities,
their intended use, and are able to learn from their experience in new operational
scenarios.
Game Theory is a mathematical tool that can be used to model and analyze interactive
decision processes. The concept of the game theory lies in the notion of a game. When
expressed in normal form, a game G = N , A, {u i } has the following three primary
components [4].
1. A finite set of players (decision makers) typically denoted by N = {1, 2, 3, ..........}.
2. An action space, A, formed by the Cartesian product of each player’s action set,
A = A1 × A2 × A2 .
3. A set of utility functions, {u i } = {u1 , u 2 , u 3 , ..........., u n }, that quantify the players’
preferences over the game’s possible outcomes. Outcomes are determined by the
particular action chosen by player i, ai , and the particular actions chosen by all of
the other players in the game a −i .
In the game, the players are assumed to act in their own self-interest, that is to say, each
player chooses its actions in such a way that increases the number returned from its utility
function. Typically normal form games are analyzed to identify steady states known as
Nash equilibrium. A particular action tuple, a * in A, is said to be in Nash equilibrium if
no player can improve its payoff, u i a * by unilaterally changing its action [4].

( )

Another typical game model is the repeated game model, in which a sequence of stages
where each stage is the same normal form game. A repeated game is fully characterized
by a stage game, a player function that defines which players are allowed to adapt play in
that stage, and a set of decision rules that describe the rules that each player follows to
update its decisions when it is that player’s turn to play.
Whenever a cognitive radio system is mapped into a game theoretical model for an
adaptive
algorithm,
there
arise
five
important
concerns
[4]:

1. If the adaptive algorithms have steady state?
2. What are those steady states?
3. Is/are the steady state(s) desirable?
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4. What restrictions need to be placed on the decision update algorithms to ensure
convergence?
5. Is/are the steady state(s) stable?
While questions 1 through 3 can be addressed through the traditional game theory
techniques, questions 4 and 5 require additional information that can be provided through
the introduction of certain game models. In [5], authors argue that determining if a steady
state is desirable is best determined by showing the steady state maximizes some global
network objective function.
In [3], the author discusses about how the performance of a wireless communication
system is affected by multipath fading resulting in rapid fluctuations in radio channels. In
such channels adaptive modulation boasts of being a robust and spectrally efficient
method of communication. In adaptive modulation, the system alters its transmission
parameters like power, data rate, coding and modulation schemes, or any combination of
these in accordance with the state of the channel, by taking the advantage of the timevarying nature of wireless channels. However, the problem arises when there are multiple
users trying to adapt to the same channel conditions. In such a situation cognitive radios
must learn how to co-exist with other radios trying to use the same resource. This mutual
harmony among the cognitive radios trying to access the same resource can be best
explained by the concepts of Game theory, whose model has been discussed above.

CONCLUSIONS
While a significant amount of work has been done in the development and demonstration
of the feasibility of a cognitive radio, the vast majority of the work has focused on
demonstrating the gains a single link can achieve when adapting to an interference
environment. While results from these works are significant, the underlying assumptions
are not realistic because the modeling of the environment and operating conditions fail to
consider the existence of multiple cognitive radios, a major source of interference. When
a number of cognitive radio are collocated, this interference environment may be
constantly changing as the radios adapt to other cognitive radios adaptations, as a result
of which serious recursive concerns arise. To address the issues arising due to these
situations, game theory incorporated adaptive modulation based cognitive radio systems
are well suited. This paper highlighted a few basic ideas about how an adaptive
modulation based cognitive radios can benefit from the concepts of the Game Theory.
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ABSTRACT
Enclosed weapon bays on modern aircraft interfere with prelaunch, Flight Termination System
verification during training test launches. Range safety personnel need to verify the functionality
of the flight termination system prior to missile launch. The missile telemetry RF is highly
attenuated when the aircraft missile bay doors are closed, limiting the range for which the aircraft
can fly during training flights.
Teletronics Technology Corporation and Lockheed Martin designed a system to provide
telemetry data for these aircraft. The system re-radiates the telemetry from the missiles with the
weapon bay doors closed. This paper describes the design considerations for this flexible system
that accommodates multiple weapon systems in multiple weapon bay configurations.
KEY WORDS
Telemetry Re-Rad, Antennas, Multimode Receiver, Multimode Transmitter
INTRODUCTION
This paper discusses the system trade studies and implementation of a system that radiates the
Flight Termination System (FTS) ground signal to the missile system in an enclosed weapons
bay while re-radiating the telemetry Radio Frequency (RF) signals for a closed loop FTS system
verification prior to launch.
CHALLENGES
Designing a Re-Radiation (Re-Rad) system with the multiple weapon system presented the
following challenges to the design and implementation team:
• Multiple weapon systems at varying data rates and modulation schemes
• Avoid increasing the data error rates not to affect the overall link margin
1

• Antenna location for best reception with the varying missile arrangements
• Combining up to four RF/Data streams for transmission
• Providing enough radiated power to provide a viable transmission link
• Re-Radiating of the Ultra High Frequency (UHF) FTS signal with enough gain without
oscillation when the bay doors are open
• Efficient programming of the center frequencies of the RF boxes used in the Re-Rad
System
• Controlling the environments with the Re-Rad system
The block diagram shown in Figure 1 illustrates a Re-Rad system applicable to this paper. The
system approach is to receive up to four individual telemetry RF links, demodulate and recover
the data, then present this recovered data to a digital transmitter, recombined, and then radiate at
a different frequency band.
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The following paragraphs will describe the trade studies and solutions created to deal with the
challenges of implementing a re-radiation system.
MULTIPLE WEAPON SYSTEMS
Supporting the multiple weapon systems for the RTAS-2000 provided a challenge and an
opportunity. The challenge was to provide RF center frequency programmability with bit rate
agility of the multiple telemetry streams. The opportunity was to utilize the modern modulation
schemes to facilitate the retransmission of the telemetry streams as efficient as possible in using
Shaped Offset Quadrature Phase Shift Keying (SOQPSK) in a frequency agile transmitter. As
shown in Figure 1 the RTAS-2000 incorporates a modern airborne receiver, TRS-1600 series
that provides center frequency and bit rate agility that provides compatibility with current and
planned modulation scheme upgrades in the missile telemetry systems in a single box. The
original approach included a separate assembly for clock and data recovery that is no longer
required when using the TRS-1600 multimode receiver. For retransmission, the TTS-6500
multimode transmitter provides the same center frequency and bit rate agility with direct
interface compatibility with the TRS-1600. The original approach utilized a standard Frequency
Modulation (FM) receiver and a separate clock and data recovery device. Changing over to the
new technology provides enhanced compatibility with the current and future weapon systems
upgrades with no hardware changes, making the RTAS-2000 a viable platform for many years.

DATA ERROR RATES
Whenever data is relayed from system to system, the increase in error rates is a concern.
Meaning the system should not add to the error rate performance of the original telemetry
system. In a Re-Rad system, it is reasonable to assume that the RF link from the Missile
telemetry to the RTAS system should be error free and add insignificant bit errors to the overall
link performance. The antenna location becomes the significant factor here as multi-path
induced by the reflections of the inner bay walls will affect the initial link performance.

ANTENNA LOCATIONS
Antenna locations with an enclosed area provide a good environment for reflections and multipath. A thorough study of the system missile bays was performed to isolate the signal
performance across the assigned frequency band.
After much discussion on how to implement a test to validate the RF performance, the final
decision was to use a network analyzer to scan the desired band looking nulls, phase reversals,
and provide some bit error rate information. A mock up the missile bay provided good training
and alarming results with many nulls and regions with poor error rate performance. Amazingly,
the real missile bay response, similarly shown in Figure 2 had rather good performance from two
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of the three antenna positions. Specific areas of nulls produced by multi-path reflecting from the
various shapes within the structure provided significant error rates in the test data. Lining up the
telemetry transmitter frequencies against the measured bay performance, provided good
confidence that the RF performance would be adequate for re-transmission.
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Figure 2 Typical Missile Bay RF performance

The only risk in this antenna testing was repeatability. Additional evaluation was planned to
make sure that slight changes in the position of the antennas and the missile systems will not
provide in significant changes to the RF performance.

COMBINING MULTIPLE RF/DATA STREAMS
The RTAS-2000 is required to receive multiple telemetry streams, re-modulate them and
recombine them to be radiated through a single antenna. Fear of spurious outputs from intermodulation distortion created when combining required a trade study to evaluate the compliance
to a –25 dBm requirement. Two solutions were studied. The first was to combine at low power
and then feed a single, high power, linear amplifier. The second was to combine the outputs of 4
medium power transmitters. The second of the two solutions was chosen for the RTAS-2000.
This first solution was to combine at low power (+5 to +10 dBm) and then amplify the composite
signal with a high power amplifier. This implementation required a low distortion amplifier.
Pre-distortion amplifiers readily exist in today’s cell phone commercial market. Two local
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companies were solicited and their products evaluated against the –25dBm spurious requirement.
Even though both vendors products were found to be acceptable for spurious, the class-A
Amplifier current draw and the resulting thermal dissipation was too much for the system to
absorb.
The second solution was evaluated and later chosen, to be the more efficient of the two solutions
was to develop a high power combiner, driven by standard, medium powered telemetry
transmitters. The only potential issue was the required minimum port-to-port isolation required
to keep the inter-modulation out down to an acceptable level. The high power combiner was
implemented with high power levels (100 watts min) and provides a minimum of 60 dB of portto-port isolation while inducing a 9 dB maximum of insertion loss from input port to output port.
Figure 3 illustrates the High Power Combiner.

Figure 3 High Power Combiner Outline

PROVIDING ENOUGH RADIATED POWER
Providing enough radiated power to maintain a good telemetry link from the external antenna
was a challenge with system losses from the high power combiner’s 9 dB of insertion loss and
the cable attenuate of more than 13 dB. With that, a link margin analysis was performed using
the guidelines from IRIG-119-061. The system noise considering the highest bit rate and the
resulting IF bandwidth/receiver noise figure provided a total noise calculated result of –99 dBm.
The total gains and losses considering the path loss in lower L band and the typical ground
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antenna gains calculate to be –128 dB. The transmitter power that is required to maintain a
healthy, line of site Telemetry link with the calculated total noise and gains is a minimum of 41
dBm per channel; the RTAS-2000 has implemented 20 watt minimum transmitters that will
provide good link margin.
Feedback from the range who have implemented less sophisticated re-radiation systems have
been experiencing good link margins with similar radiated power of 2-3 watts as expected here
in this application.

RE-RADIATING OF THE UHF FTS SIGNAL
Most of this paper describes the downlink which is the major contributor to the challenges. The
most important feature is the UHF uplink as this RF link provides stimulus to the Flight
termination system that the missile telemetry systems monitor and the RTAS-2000 re-radiates.
A simple implementation was created to amplify the received UHF uplink RF link and split to reradiate in all of the weapons bays. This simple design illustrated below in Figure 4 and consists
of a bass band filter, an amplifier block (50 dB max), a secondary filter and a four-way splitter.
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Figure 4 UHF Uplink

The purpose of the amplifier gain is to compensate for antenna, cable and splitter losses such that
the power that arrives at the external aircraft antennas will be re-radiated in each weapons bay at
the same level. The intent is to obtain pre-launch data from each of the missile telemetry while
the missiles are still enclosed in the weapons bay and perform as they should if they are outside
of the vehicle.
The obvious concern is coupling between the external antenna and the four radiating antennas.
The solution was an attenuator stub that can be tailored in the RTAS-2000 to reduce the gain of
the amplifier and therefore mitigating any cross coupling or feedback oscillation issues at the
system level. This stub can be selected in the field to customize the system to a changing
application.
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EFFICIENT PROGRAMMING
The standard approach to program today’s telemetry RF components is to adjust the center
frequency using a jumper plug or on more modern equipments, via a serial communication port.
In the case of the RTAS-2000, eight individual RF components, four receivers and four
transmitters will require programming in an efficient manner. In addition to the efficiency
factor, the inter-wiring of all these components created a large wire bundle. On the traditional
RS-422 configuration, as shown in Figure 5, for each of the Transmit (Tx) and Receive (Rx)
command lines, the controlling Personal Computer (PC) would be required to have a dedicated
communication port to each of the RF components. This increases the complexity of the
programming PC along with the increased wire bundle size of the interfacing cable. A novel
solution was implemented in the RTAS-2000 to maintain the noise immunity of the differential
pairs but also incorporate a bi-directional bus structure to allow multiple components to
communicate on a single interface.

RS-422 Transmit (Twisted Pair)
#1

PC

#2

RS-422 Receive (Twisted Pair)
#3

#4

Figure 5 Traditional RS-422 Configuration with 4 units

This solution involved the conversion of the standard RS-422 differential interface, shown in
Figure 6 to a RS-485 full duplex interface shown in Figure 7. This was achieved with minimum
impact to the components by incorporating a MAX3160 interface device that can be selected
either to a half-duplex RS-422 interface arrangement or to a full duplex RS-485 configuration.
This conversion provides standard products portability to either configuration, depending on the
system solution.
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Figure 6 Standard RS-422
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Figure 7 RS-422 to RS-485 Conversion

The unique feature in the RS-485 implementation is that the individual component can now
utilize both sets (TX and the RX pairs) of differential lines from the RS-422 configuration to
route the RS-485, full duplex communication through each component. This provides point-topoint wiring of the bus and minimizing the wiring complexity as illustrated in Figure 8.
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Figure 8 RS-485 Configuration

Test and troubleshooting of the RTAS-2000 system is enhanced as component fault or any
breakage of the serial chain through each of the components can be easily detected by switching
communication through the secondary port. Through this port, a breakage in the serial chain can
be found via a series of structured command and replies. For added assurance, a secondary
command port should be provided in the controlling PC to provide the ability to switch
communication ports as a fault is detected.

ENVIRONMENTAL CONSIDERATIONS
The RTAS-2000 is illustrated in Figure 9 consisting of a main chassis of 11 x 15.4 x 3.5 inches.
Two significant features of the RTAS-2000 make the system compatible with normal aircraft
environments.

Shock mounts

Coolant ports
Figure 9 RTAS-2000
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The first is a cold plate to allow the system that consumes about 400 watts to operate without
overheating. This custom cold plate allows coolant to flow under the higher power components
to include four transmitters and the high power combiner. This configuration allows the RTAS
to maintain an operating temperature between 20 and 50 degree Celsius. The second feature is a
shock isolated mounting plate that allows for the reduction of high frequency shock and vibration
levels, while lowering the resonant frequency to an area where the input levels are significantly
lower. This shock-mounted plate has been used successfully on other large boxes in aircraft
applications.

SUMMARY
Re-radiation systems require a flexible and compatible solution for re-radiating pre-launch
missile telemetry data. The major challenges identified in this paper were resolved with new
technology, like the multimode receivers and transmitters. The RTAS-2000 implemented with
this technology has increased the system simplicity and performance while reducing dissipation
making the system solution compatible with the current and future applications.
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A BSTRACT
GNU Radio is a flexible software radio platform that enables custom radio development. It consists of open-source signal processing blocks that can be integrated into
custom applications. The Universal Software Radio Peripheral (USRP) is a hardware
board that works well with the GNU Radio suite. The schematics and firmware on this
board are also open-source. As such, this GNU Radio and the USRP hardware form
a rapid prototype platform for software radio based telemetry receivers.

I. I NTRODUCTION
The GNU Radio software project is an open source collaborative effort to develop signal
processing building blocks for radio applications [1]. These building blocks can facilitate the
development of many media and software radio applications. The goal of the project is to
implement software-based radio capabilities on personal computers using any available hardware.
For example, the sound card on a desktop computer can be used to digitize some radio bands,
which can then be processed in software. Similarly, HDTV and FM radio decoding using the
GNU Radio platform have been demonstrated [2], [3]. It has also been used in amateur astronomy
applications [4].
The Universal Software Radio Peripheral (USRP) is a hardware platform designed for use with
the GNU Radio software [5]. The hardware consists of a Field Programmable Gate Array
(FPGA), with Analog-to-Digital Converters (ADC), Digital-to-Analog Converters (DAC), and
RF front-ends for different frequency ranges. Though this is a semi-commercial product, the
schematics for the hardware and the FPGA firmware are available as open-source. The platform
is designed so that its function can be modified or customized by the end-user.
We present the architecture of this combined open-source platform and describe the modifications
required to implement a telemetry receiver.
1

II. T HE GNU R ADIO P ROJECT
The GNU Radio software is a freely available open-source signal processing toolkit aimed at
RF applications. It is almost ten years old. It has its origins in software developed at MIT for
the SpectrumWare project. The SpectrumWare project applies a software oriented approach for
implementing radio communication technology. The grand goal was to use a general purpose
computer for signal processing and interface it to an antenna through an ADC or DAC converter.
The efforts of the SpectrumWare project have brought software radio closer to reality for many
radio applications. One commercial success is the all software-radio based cellular phone base
station by Vanu Inc.
The GNU Radio software, by extension of its past, aims at accomplishing all the signal processing
routines on a general purpose processor, using portable, high-level software written in C++, and
Python. It runs on Windows and on Linux based systems. It is not tied to any specific hardware
for the analog to digital interface. The software is structured as a data flow diagram with modules
that can input some data, process it, and pass it on to the next module. This is very much in
line with other signal processing tools such as Labview or Simulink. For efficiency, the C++
language is used to implement the processing details within a module. The modules themselves
can be organized and connected using Python, a high level scripting language. This allows for
rapid implementation of a system completely in Python, which can manage the interconnections
between the core signal processing blocks. As an addition, Python based GUI toolkits can be
used to provide visualization and a graphical interface.
The set of included software modules is fairly comprehensive and is a good way to get started.
1) Basic math functions required for signal Processing, IIR, FIR, interpolating, and re-sampling
filters.
2) Interleavers and de-interleavers, differential encoders, correlators.
3) PSK and FSK modulators and demodulators, trellis decoders and Viterbi modules, radar
blocks.
4) Carrier Tracking, Clock recovery, PLL, AGC.
5) Audio and video codecs.
6) Error correction coding and decoding.
The software also supports several modules to interface with hardware to transmit and receive
real signals.
1)
2)
3)
4)
5)

USRP (Universal Software Radio Peripheral).
Sound cards
Video cards for output.
ATSC (HDTV) transmitter and receiver
Linux based data acquisition systems.

The most important thing to note is that GNU Radio provides a platform where these signal
2

Fig. 1.

A USRP board with an RF daughterboard.
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processing blocks can be combined to build applications. Since it is open-source, custom blocks
can be created by modifying existing blocks or from scratch.
III. T HE U NIVERSAL S OFTWARE R ADIO P ERIPHERAL
When the GNU Radio project got started, the only affordable A/D, D/A interfaces available to
hobbyists were sound cards. The Universal Software Radio Peripheral (USRP) was built by Ettus
Research to provide a radio-frequency A/D, D/A for use with the GNU Radio software. The core
USRP motherboard consists of only high-speed A/Ds and D/As interfaced to an FPGA. A USB
connection is provided to connect the board to a desktop computer. Daughter-boards supporting
different analog interfaces can be stacked on to the motherboard (as much as four simultaneously).
A USRP board with an RF daughterboard is shown in Figure 1. Several daughter cards for the
USRP are available, supporting many commonly used RF frequency bands (Figure 2). The
workhorse of the USRP motherboard is an Altera Cyclone FPGA. The FPGA interfaces to the
daughterboards through a pair of Analog Devices
Mixed Signal Processors that can perform
3

Fig. 3.

DBSRX USRP RF daughter board

Fig. 4.

Block diagram of our implementation of PCM/FM on this platform

A/D and D/A conversion. They can also be configured to perform some gain amplification,
decimation, and interpolation. They support a maximum A/D sample rate of 64 Msps with
12 bits of resolution and a maximum D/A rate of 128 Msps with 14 bits of resolution. A
dedicated USB chip provides a USB 2.0 interface to the board. Though, the USB interface can
theoretically support 480 Mbps, in practice transfer rates are restricted by other factors rate
limitations on the desktop computer’s USB controller and processing required on the FPGA.
Another feature of the hardware platform (motherboard and daughterboard) is that it supports
synchronous operation. This is useful for Multiple-Input Multiple-Output (MIMO) applications
where the phase differences between different RF streams have to be controlled.
IV. A N E XAMPLE I MPLEMENTATION OF A T RIVIAL FSK D EMODULATOR ON THE GNU
R ADIO P LATFORM
To test the capabilities of the GNU Radio platform, we implemented a simple limiter-discriminator
based IRIG Tier-0 receiver. We used the DBSRX daughter card as shown in Figure 4. For an
IRIG telemetry operation in the 2.2 to 2.3 GHz band, the DBSRX daughterboard that provides
reception in the 800 MHz to 2.4 GHz range, is eminently suitable (Figure 3). This daughterboard
has a channel filter which is software programmable within a range of 1 to 60 MHz. The GNU
Radio/USRP platform is structured so that most of the computation is done on the desktop
computer and only basic decimation/interpolation is done on the hardware FPGA. Indeed, this is
reflected in the choice of the FPGA. The Altera Cyclone FPGA excels at low power operation
and is inexpensive, but its performance is low compared to other available options. The default
firmware on the FPGA implements AGC scaling, decimation, filtering, and buffering for the
4

Fig. 5.

Modifications in the FPGA firmware to implement the PCM/FM receiver

USB interface. Since these operations are not too complex, they fit adequately on the FPGA
with some room to spare.
Our implementation needed demodulation and decommutation. We chose to implement the
demodulation fully within the FPGA on the USRP. Most GNU Radio applications tend to do all
complex signal processing on the host processor. Thus, our approach is unconventional approach
compared to this philosophy. We chose this for several reasons: a) to test the ease with which
we could modify the firmware on the USRP, b) to reduce the data flow over the USB interface
(the USB controllers on some desktops cannot easily keep up without losing data), c) balancing
the processing, since the host computer had to perform decommutation on the demodulated
data. Though the FPGA on the USRP is limited, our choice of a simple limiter-discriminator
approach was well within the spare capacity of the FPGA. Figure 5 shows the modified data
flow on the USRP hardware. The three blocks on the top part of the diagram (adc interface,
rx chain, rx buffer) are connected to each other in the original implementation. We modified the
flow between the rx chain and the rx buffer to pass through three additional blocks: a CORDIC
calculator to compute phase, a frequency estimator, and a bit sampler. The CORDIC calculator is
the more intensive of the three blocks [6], [7]. It uses the COordinate Rotation DIgital Computer
(CORDIC) algorithm to compute the phase of the signal. The CORDIC algorithm iteratively
rotates the phase of a complex number by multiplying it by a succession of constant values.
However, since the multiplies are always powers of two, this can be done using shifts and adds.
This is very efficient on an FPGA. This is done iteratively to decrease error (Figure 6). The
algorithm works very naturally at a bit level and is parallelizable. This is a natural fit for an
FPGA where parallelism is advantageous. We implemented a parallel version of the CORDIC
algorithm to compute phase. The phase information was then used to compute frequency. The
frequency signal was sliced to obtain the demodulated bits. Figure 7 shows the probed signals
5

Fig. 6.

Error in the CORDIC algorithm can be decreased by increasing iterations

Fig. 7.

A probe of the intermediate signals within the FPGA

in the FPGA in the process of demodulation. The demodulated data was then passed over the
USB interface to the host computer. Using the GNU Radio blocks, the streaming data can be
saved to file or it can be decommutated using custom blocks.
V. C ONCLUSION
The GNU Radio software and the Universal Software Radio Peripheral provide a low-cost
platform for software-radio development. The modular nature of the software allows the experimentalist to build system applications by connecting the signal processing blocks in unique
6

ways. The open-source collaborative nature of the project helps in the development of custom
blocks. The platform offers development at three levels:
1) Script based development using Python, a high-level language, using the existing signal
processing blocks. This approach is very fast and requires minimal effort. Graphical interfaces
and visualization can also be done using the Python GUI toolkits.
2) Custom GNU Radio signal processing development in C++, and integration using Python.
This requires some more work and an understanding of how to write the processing blocks.
This is extremely flexible.
3) FPGA based development in Verilog on the USRP. The data can then be processed using
existing or custom C++ blocks. The blocks can be connected using Python. This requires
more work but is computationally efficient as the raw data can be greatly reduced before
host processing.
In practice, a complex application may require some development at all of these levels. The only
disadvantage of this platform is that documentation is not comprehensive and there is a learning
curve (specially, if custom blocks have to be built).
We have used this platform to build a simple S-band telemetry receiver. Rather than using the
existing signal-processing blocks, we implemented custom processing on the USRP hardware for
efficiency. This provided a good test of the platform, since this allowed us to test modifications
to both the USRP hardware and the GNU Radio software.
The GNU Radio software and the USRP firmware is constantly updated to provide new blocks
and features. The next release of the USRP hardware aims to integrate a more powerful FPGA
on-board and a higher speed interface (e.g. Gigabit Ethernet). The GNU Radio and the USRP will
be good foundation for rapid deployment of the ever increasing number of wireless applications.
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CONNECTING NETWORK-BASED DATA ACQUISITION
NODES TO THE NETWORK
John Hildin
Director of Network Systems
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ABSTRACT
Unlike communications protocols that are bus-based or multi-drop (e.g., CAIS Bus, Fibre
Channel, RS-485), Ethernet relies on a point-to-point connection topology. One reason for this
approach is to allow network nodes to negotiate their individual mode of communication with
the network, i.e., link speed and duplexity.
The goals of this paper are twofold. The first goal is to describe the process of link negotiation
between nodes. This will include some of the details of how two physical layer devices establish
communication. The second goal is to show how networked data acquisition nodes are
physically connected within the overall system.
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Network, Data Acquisition, Physical Layer, Ethernet

INTRODUCTION
There are various communication bus technologies that have been used in test articles. In many
cases these buses utilize different physical connections or topologies. With the use of Ethernet
within the test article, the instrumentation engineer must be aware of how to interconnect test
devices or nodes on the bus. Understanding how Ethernet-based equipment connects, at the
physical layer, will ease the process of designing and implementing a network-based system.

COMMONLY USED BUSES
Although there are many communications buses used on a myriad of vehicles, several wellknown buses are presented here for illustration.
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The CAIS Bus or Common Airborne Instrumentation System Bus is a command/reply type bus
that uses separate physical cabling for the transmission of command messages and reply
messages. Commands are transmitted from the controlling device to one or more remote
devices. Each remote has its own address on the bus. The topology of the CAIS Bus is best
described as a multi-point type bus. Each device “taps” off the bus, connecting to it electrically.
An electrical termination is placed at the end of the bus to reduce signal reflections. The
physical bus forms a transmission line made up of the controller, remotes, cabling, connectors
and the bus termination. Figure 1 below shows a CAIS Bus connection diagram.

T

Controller
T

T = Electrical
Termination

+
CMD
+
RPLY
-

T
T

Remote

Remote

Remote

Remote

Figure 1 Typical CAIS Bus Connection

Another commonly used bus is based on EIA-485 (RS-485). Similar to the CAIS Bus, RS-485
can be used in a multi-device, multi-point configuration.
A more recently defined bus that has gained acceptance in the flight test community is the Fibre
Channel Bus. Fibre Channel is a high-speed communications bus that can be implemented over
a copper medium or over optical fiber. Fibre Channel can be implemented as a point-to-point
bus, i.e., two endpoints connected together or as an arbitrated loop. In an arbitrated loop
configuration, devices are daisy-chained together by linking the transmit output of one to the
receive input of another. Each device on the bus has a unique address. Messages are transmitted
onto the “loop” and pass through devices until the message reaches the intended recipient.
There, messages are processed.
The diagram in Figure 2 below shows connections of Fibre Channel devices on an arbitrated
loop.
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Figure 2 Fibre Channel Arbitrated Loop Configuration

CONNECTING ETHERNET NODES
Unlike the CAIS Bus or RS-485 multi-point buses, Ethernet requires point-to-point connections
between devices. One reason for this is to allow for auto-negotiation between nodes. Autonegotiation enables nodes to determine communication capabilities and to find a highest
common denominator. For example, if one device is capable of 10, 100 or 1000 Mbps rates and
it is connected to a device that is only capable of 10 or 100 Mbps rates, the two will negotiate to
100 Mbps operation. It should be noted, however, that the IEEE 802.3 standard defines a
method whereby nodes can advertise capabilities that result in a negotiated mode of operation
that is not the highest performance mode for both peer nodes.
Figure 3 below shows two 10/100Base-T network nodes connected in a point-to-point
configuration.

Network
Node

Rx+

Tx+

Rx-

Tx-

Tx+

Rx+

Tx-

Rx-

Chassis GND

STP Cable

Network
Node

Chassis GND

Figure 3 Network Node Connections

Over time, Ethernet networks have been constructed with different types of physical media.
These media include, coaxial, Unshielded Twisted Pair (UTP), Shielded Twisted Pair (STP), and
fiber optic cables. In many commercial applications, UTP cable is the cable of choice for wiring
within buildings, office spaces, etc. In applications where the equipment may be subjected to
harsh environments, often STP and fiber optic cabling are preferred. In addition to the
environment, the type of cabling is influenced by the rate of signals being sent over the media.
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Ethernet has evolved over the last 20 years to meet the increasing need for higher data rates.
Although Ethernet now can support rates up to 10 gigabits per second (Gbps), the most
commonly used rates of 10 and 100 megabits per second and 1 Gbps will be discussed. As the
Ethernet standard has evolved, care has been taken to support backward compatibility to
previous versions. When the 100 Mbps revision of Ethernet was developed (commonly known
as Fast Ethernet), the standard allowed for seamless operation with 10 Mbps devices. Similarly,
when 1 Gbps Ethernet was developed, the standard defined compatibility with 100 and 10 Mbps
devices.
The following diagram shows the connection of various types of network nodes within a data
acquisition system.
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Figure 4 Network Node Connection Example
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USING TWISTED PAIR CABLE
For both 10 and 100 Mbps Ethernet connections, two pairs of cable are required. One pair is
used for the transmit path and the other for the receive path. In the case of Gigabit Ethernet
(GbE), four pairs of cable are required. This is important to note when cabling a test article. If a
physical Ethernet link is only intended to carry no more than 100 Mbps of traffic, then a two
pair, four-conductor cable can be used. If, however, there is a possibility that the same cabling
could carry GbE traffic in the future, it might be advantageous to install the appropriate four pair,
eight-conductor cable. Unlike Fast Ethernet, GbE supports bidirectional data flow over each pair
of cables.
The diagram in Figure 5 below shows the connections required for 10/100/1000 Mbps Ethernet,
using twisted pair cabling.

1000Base-T

10Base-T
100Base-T

TX_D1 +
TX_D1 -

Transmit +
Transmit -

RX_D2 +
RX_D2 -

Receive +
Receive -

Four twisted
pair copper
cable

BI_D3 +
BI_D3 Unused
BI_D4 +
BI_D4 -

Figure 5 Connections for 10/100/1000 Mbps Ethernet

AUTO-NEGOTIATION PROCESS
Auto-negotiation allows nodes to advertise their mode(s) of operation to another node that shares
the same network link segment. This is done so the nodes can configure themselves to operate at
the highest level of performance common to both nodes. The auto-negotiation process occurs at
power up, physical link connection and under program control.
Nodes supporting auto-negotiation use a burst of pulses, over the medium, to communicate
capabilities. This burst of pulses is called the Fast Link Pulse (FLP) Burst. The pulses convey
clock and data to the connected node. The data is decoded by the far-end node and used to
determine the capabilities of the near-end node. The FLP Burst consists of 33 pulses. The first
pulse is a clock pulse, followed by a data pulse. There are a total of 17 clock pulses and 16 data
pulses in a burst. The detailed timing relationship and definition of the pulses is beyond the
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scope of this paper. The reader is encouraged to refer to [1] for the specification of the FLP
Burst.
Nodes that support only 10Base-T (10 Mbps) generally do not support auto-negotiation. These
devices transmit link integrity test pulses. These pulses are called the Normal Link Pulse (NLP)
sequence. During the auto-negotiation process, devices that respond to the FLP sequence with a
NLP sequence are considered 10Base-T devices.
Figure 6 shows the general definition of the FLP Burst used to facilitate link establishment.

16 +/-8 ms
FLP Bursts

2 ms
62.5 +/-7 us
Data
Bit = 1

Data
Bit = 0

100 ns

Clock Pulses

Figure 6 Fast Link Pulse Bursts

The following figures show oscilloscope screen captures of FLP pulses and bursts. A Fast
Ethernet PHY device on a Teletronics OVH-350 card generated the pulses. Figure 7 below
shows a FLP clock pulse and a data pulse separated by roughly 68 μs.

6

Figure 7 Two Fast Link Pulses

Figure 8 below shows several FLP bursts. The period of the bursts is about 19 ms.

Figure 8 Several FLP Bursts

CONCLUSION
Unlike some other buses used within test instrumentation systems, an Ethernet-based network is
made up of point-to-point connections, forming bus segments. As such, attempting to connect
Ethernet nodes in multi-point or daisy chain type configurations would render the system
unusable. Some of the benefits of a point-to-point connection scheme are as follows.

7

•
•
•
•

No need for arbitration on a bus segment
Bus segments that are congested do not necessarily affect other segments in the network
Dedicated bus segments allow for features like auto-negotiation between peer nodes
Bus segment failures can be isolated to minimize the impact on the rest of the network
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Design Considerations for a Variable Sample Rate Signal
Conditioning Module
Jeffrey C. Lee, Senior Principal Engineer
L-3 Communications – Telemetry-West
ABSTRACT
Modern telemetry systems require flexible sampling rates for analog signal conditioning within
telemetry encoders in order to optimize mission formats for varying data acquisition needs and
data rate constraints. Implementing a variable sample rate signal conditioning module for a
telemetry encoder requires consideration of several possible architectural topologies that place
different system requirements on data acquisition modules within the encoder in order to
maintain adequate signal fidelity of sensor information.
This paper focuses on the requirements, design considerations and tradeoffs associated with
differing architectural topologies for implementing a variable sample rate signal conditioning
module and the resulting implications on the encoder system’s data acquisition units.
KEYWORDS
Encoder, sampling, filtering, data acquisition, sensors, signal conditioning
INTRODUCTION
Telemetry requirements for various sensors used in vehicle development can vary greatly from
one system to another, but their data acquisition units share many common aspects. Document
106-5 from the Range Commanders Council (RCC) clearly specifies the requirements for the
format structure and RF transmission, but gives no direction as to the strict signal conditioning
requirements for the collected sensor data. Furthermore, other RCC documents such as the
“Instrumentation Engineers Handbook (121-06)” only touch on the most basic principles of
signal conditioning and data acquisition leaving the formulation of the requirements to be
derived by the instrumentation engineer from the basic principles given.
A telemetry encoder’s signal conditioning modules must be flexible enough to interface to a
multitude of different analog and digital sensors. Additionally the typical signal conditioning
requirements include the transducer interface which is most often some form of buffering with
scaling, an excitation source when required, filtering and sampling by analog-to-digital
conversion (ADC) with various types of encoding. These basic functions are common to the
signal conditioning module, but the specific mission instrumentation needs drive requirements
for each of these functions. Therefore, to support a vast range of transducer requirements, a
flexible signal conditioning module that can adequately and quickly respond to customer needs is
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important. One of the key challenges and the main topic of this paper is providing a flexible
sampling rate while maintaining adequate signal fidelity.
FACTORS DRIVING THE NEED FOR A VARIABLE SAMPLE RATE SIGNAL
CONDITIONING MODULE
What is driving the need for a variable sample rate signal conditioning module, both from a
customer and manufacturer’s requirements? The most obvious answer is that different
measurements have varying spectral occupancies, but there are several other possible factors as
well.
The list below summarizes some of the possible factors driving the need for a variable sample
rate signal conditioning module.
Customer Driven:
Different mission phases may have changing data acquisitions requirements
e.g. a multi-stage rocket may have different active sensors for each stage
Different missions within the same program have changing sensor requirements
e.g. captive carry test verses free flight
Spectral allocations may vary during a program
e.g. changing link data rate requires lower oversampling ratio on sensors to
save bandwidth
Unanticipated vehicle performance requires different sampling rates
e.g. a spurious harmonic vibration mode needs to be investigated
Unanticipated vehicle performance requires different filtering response
e.g. filter bandwidth needs to change to filter out interference
e.g. filtered sensor data optimization for observation in the time or frequency domain.
General ability to customize sampling rates in the field with protection against aliasing
Manufacturer Driven:
No new development cost to absorb
Quicker response to market needs
Simplifies parts logistics, configuration management and manufacturing test to have one
flexible base design
VARIABLE SAMPLE RATE SIGNAL CONDITIONING REQUIREMENTS
In order to design a variable sample rate signal conditioning module with adequate signal
fidelity, several constraints and considerations must be addressed. As mentioned previously,
these basic functions are buffering/scaling, excitation as required, filtering and sampling. Before
going into the details of the filtering and sampling it is worthwhile to review some of the basic
requirements for a flexible front-end that typically precedes these functions. Due to the
numerous possibilities we will explore these functions with practical examples from the L-3
Communication PCM330E Telemetry Encoder product line. Figure 1 below shows the high
level block diagrams of the front-end analog signal processing for both vibration and
accelerometer sensor boards.
Public Domain Material
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Figure 1: Examples of Sensor Signal Conditioning Circuits
Buffering and Scaling
The input stages for transducers are typically either high impedance differential instrumentation
amplifiers or single-ended amplifiers for current excited active accelerometers and charge
amplifiers for piezoelectric accelerometers. In the case of the instrumentation amplifier
interface, the scaling range requirement for sensors will most often be met if the input stage can
accommodate levels between 10mVpp to 10Vpp and up to +/-50% offset. This range is
accomplished in the vibration sensor board with a cascade of the programmable gain stage of 1
to 256 followed by a programmable attenuator which scales signals for large input to a high
resolution sigma-delta analog-to-digital converter. Additionally, there is a passive input filter
and optional passive attenuation at the input stage. The input filter prevents rectification effects
from radio frequency interference at the instrumentation amplifier input and the passive
attenuator gives the ability to handle signals beyond the nominal 10Vpp maximum input range.
The single-ended interfaces from active accelerometers typically output large signals due to their
active nature so input dynamic range requirements are much smaller.
Piezoelectric
accelerometers use the charge amplifier’s feedback capacitor to scale the signal (and set the high
pass cutoff frequency with the feedback resistor) so the dynamic range needs are also much
lower for this interface. Both the actively excited and piezoelectric accelerometers are AC
coupled so bipolar offset shifts don’t come into play. With the piezoelectric accelerometer it is
important to match the sensor’s impedance characteristics on the non-inverting operational
amplifiers input in order to minimize noise. The accelerometer modules also have an attenuator
for scaling larger inputs to the sigma-delta analog-to-digital converter. When the feedback
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capacitor for scaling the piezoelectric accelerometer output prevents setting the high pass cutoff
frequency where desired, a secondary analog high pass stage precedes secondary gain scaling.
As mentioned previously, the nature of the accelerometer interfaces don’t require as much
dynamic range; therefore, the secondary gain stage is limited to gains of 16. When combined
with the programmable attenuator, the overall ratio is extended from 1/4 to 32 which is more
than adequate for the vast majority of accelerometers even without optimizing the feedback
capacitor for the piezoelectric accelerometer.
Another aspect more critical for the differential instrumentation interface (due to its higher gains)
than the accelerometer interfaces, is assurance that the bandwidth of the system is not
compromised by the input buffering and scaling stages. The limited gain bandwidth product of
the amplifiers can significantly degrade the overall system response for higher bandwidth signals
if not addressed properly up front. Finally, one must select parts appropriate for the desired
noise and accuracy requirements of the system. In both the sensor modules low noise and high
accuracy components are augmented with calibrations done digitally over temperature and stored
in non-volatile memory located in a FLASH microcontroller not shown. These modules achieve
typical accuracies of better than 0.1% over temperature.
Excitation
An often neglected aspect of the sensor interface is the quality of the excitation which is
especially important to help maintain accuracy for bridge completions. For excitation, most
transducers are adequately supported with a 5V to 10V voltage source or 2mA to 10mA current
source. To maintain good accuracy, the voltage or current source should have low sensitivities
to their respective load currents and compliance voltages. Additionally, the voltage or current
source should be low noise. The voltage source excitation interfaces are more forgiving in this
aspect due to their predominately differential interface and the attenuation factor of the typical
bridge, but for the single-ended current excited accelerometers, the noise is directly added to the
input signal. Low noise and high accuracy components were selected for the excitation sources
on the PCM330E, so combining this with the similar calibration methods used for scaling, the
excitation accuracies are also typically better than 0.1% over temperature.
Variable Sample Rate and Filtering Implications
When considering the implementation of a variable sample rate signal conditioning module, one
of the first aspects to address is the range of programmability required. In the PCM330E
telemetry signal conditioning modules, the filtered sample rates can vary continuously from
about 100sps to 100ksps. This range of programmability supports not only the higher speed
vibration and accelerometer data, but also allows filtering of low speed measurements as well.
Decades of telemetry encoder product development at L-3 Communications supports the validity
of the supported sample rate range.
Key flexible sample rate design aspects include how and where to implement the variable sample
rate. If the variability is done at the analog-to-digital conversion stage a low jitter variable clock
must be generated to sample the signal and a tunable analog filter must precede it to prevent
aliasing.
Generating the clock from the format sample locations poses no serious
implementation issues, but the tunable analog filter combined with a typical oversampling ratio
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as low as 4 times the signal of interest requires a high order analog filter. For example, to
guarantee that aliased frequency content is below the 12-bit level (a typical figure of merit)
would require approximately a 5th order elliptic, 6th order Chebychev, 8th order Butterworth, or
11th order Gaussian filter with transition at -12dB. Clearly these filters are not trivial even for
fixed cutoff frequencies, but making them tunable over multiple decades is totally impractical!
Alas we are saved with digital signal processing.
Given that the analog approach to variable sample rates is impractical over such a wide range,
the digitally based approaches for sample rate conversion are obviously utilized in the modern
signal conditioning modules. There are numerous methods for implementing sample rate
conversion, but a key implementation issue is remembering that the filtering of the
measurements is done in both the digital and analog domains. One must be cognizant of the
composite response in both the time and frequency domains to properly optimize the signal
conditioning for the type of analysis required.
METHODS FOR SUPPORTING VARIABLE SAMPLE RATES
Sample rate agility can be supported in several manners relying primarily on either analog,
digital or hybrid design methods. Each of these methods has specific signal processing design
implications of which the tunable analog approach was already pointed out as impractical. Some
of the other basic approaches and tradeoffs are listed below in Table 1 along with the all analog
approaches for completeness.
One method not shown in the table relies simply on sampling the input at a fixed high input
frequency, filtering at the same sample rate and then asynchronously resampling the signal with
decimation to the desired output sample rate. This method is only mentioned because the author
has seen it applied in poorly designed data acquisition systems. The consequence of this
asynchronous resampling is to effectively create a periodic beat frequency component in the resampled waveform. Depending on the frequency of the input signal and the beat frequency
between the two sampling rates the artifacts may be very difficult to see in a time domain display
due to their linear amplitude scaling, but the effects are easily observed when the signal is
viewed in the frequency domain with log amplitude scaling. The magnitude of the signal
artifacts is related to the maximum sample time error. These errors are discussed in detail later
in the “Sampling Jitter Considerations” section below.
The digital design approaches available for variable sample rates can be categorized into
methods with and without the use of continuously variable interpolation filters. The methods
investigated for the PCM330E signal conditioning modules are listed in Table 1 below. Methods
using a continuously variable interpolation (CVI) filter benefit from a fixed sample clock
requirement and therefore less complex analog anti-alias filter requirement. The tradeoff is at
the expense of a highly intensive digital signal processing requirement using more FPGA
resources and thus power. Fixed interpolation methods require the generation of an analog
sample clock and a little more complicated anti-alias filter, but need less FPGA resources and
thus power. Given the above tradeoffs, L-3 Communications PCM330E telemetry encoder uses
method 4 for sample rate flexibility in signal conditioning modules.
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Method
1

Description
Change analog shaping
filter for each
application
Use a tunable analog
shaping filter

2

3

4

•
•
•
•
•
•

Use a DDS with analog
output to generate the a
variable sample clock
over an octave and use
a cascade to half-band
decimators followed by
a digital shaping filter
at the final desired
sample rate

•

Use a simple fixed antialias filter preceding a
highly oversampled
ADC feeding a
continuously variable
interpolation filter,
half-band decimation
stages and a shaping
filter at the final
sampling rate.

•

•
•
•
•

•
•
•

Pros
Simple to implement
Low cost
Low power
Small size
Helps alleviate parts
procurement issues.
Uses one base design to
cover the sample rate range
Helps alleviate parts
procurement issues
Uses one base design to
cover the sample rate range
Small size and simpler, lower
power analog design
Eliminates calibration of the
analog filter
Slightly more complex
analog anti-alias filter design
required than option 4
Helps alleviate parts
procurement issues
Uses one base design to
cover the sample rate range
Small size and simpler, lower
power analog design
Eliminates calibration of the
analog filter

Cons
• Possible long lead times on components
• Every design is custom and requires
unique analog filter for the desired sample
rate
• The programmable analog filter is very
difficult to design for such a broad
frequency range and the size constraints of
the design may make this not desirable
• High power consumption for analog filter
• Analog filter requires calibration
• More complex digital design than options
1 or 2 and thus higher digital power
requirements
• Higher analog power requirements that
option 1 or 4
• Requires the generation of a low jitter
sample clock which typically includes
analog filtering of the DDS output
followed by a good comparator
• Significantly more complex digital design
than the other options requiring a larger
size FPGA
• Requires more digital power than option
1-3

Table 1: Tradeoffs for Variable Bit Rate Generation and Filtering Methods
Variable Sample Rate Implementation Example
As discussed above, Method 4 of Table 1 requires an anti-alias filter prior to analog-to-digital
conversion. Continuing the use of the PCM330E signal conditioning modules as an example, the
anti-alias filters are implemented with a third order modified Gaussian response augmented with
a stop band zero. (The responses are shown in Figure 2 below). While the typical goal of 12-bit
alias rejection is adequate for most applications, especially when only considering time domain
analysis, the modules provide typically better than 15-bit alias rejection for high level out-ofband signals. The additional stop band zero at the sigma-delta’s modulator rate helps achieve
this goal while simultaneously providing an excellent step response without distorting critical
time domain measurements. The scaling of the plots is not critical. The emphasis should be
focused on the gradual slope of the attenuation and linear phase in the passband that supplies a
good time domain fidelity for all signals within the frequency and sample rate range of the signal
processing circuitry.
The requirements for the anti-alias filter and all digital filters prior to the final shaping filter are
therefore are not to simply stop aliasing, but to simultaneously minimize phase distortion for
signals of interest. Using a high resolution sigma-delta analog-to-digital converter (ADC) has
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the added benefit of simplifying the anti-alias filter due to the highly oversampled nature of the
ADC as compared to other alternative ADC architectures. The high resolution ADC also allows
the fine scaling to be completed in the digital domain and still maintain high fidelity of the
measurements which simplifies the required analog signal processing.
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Figure 2: Anti-Alias Filter Frequency and Step Responses
The basic flow of digital processing in the signal conditioning module is shown in Figure 3. An
optional 1st order high pass filter receives the samples from the ADC and is programmable
allowing the user to remove residual DC from AC inputs. Scaling calibration is also performed
in this stage. In order to support the higher sample rates the CVI filtering is performed
immediately after the optional high pass filter. The range of the CVI interpolation is limited to
an octave to simplify the implementation.

Figure 3: Digital Filtering Stages
Next, a programmable half-band decimator (1, 2 4, … 256) block then translates the signal to the
final sample rate. In order to support the full sample rate range, the modules utilize several
stages of cascaded half-band decimators. This filter block then feeds the programmable shaping
Public Domain Material
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filter where the user can select standard cutoff frequencies of 5, 10, 15, 20 and 25% of the output
sample rate with responses optimized for frequency or time domain analysis. Fine sample rate
control is done by monitoring the FIFO buffer level and adjusting the numerically controlled
oscillator.
If for some reason the user requires a different response, custom coefficients can be downloaded
via a user interface that automatically scales the coefficients for the signal processing hardware
thereby providing virtually unlimited flexibility.
FILTER RESPONSE ISSUES
Generally, a Gaussian filter response is known to be desirable for time analysis in the test
equipment industry particularly for oscilloscope front-ends. However, application of this
technology has not fully migrated to vehicle telemetry data acquisition manufacturers. Systems
touting programmable filtering and sample rates tend to solely focus on frequency domain
performance and may state that the filter is linear phase, but a linear phase response doesn’t
necessarily equate to a good step response. Figure 4 shows the frequency and time domain
responses of two linear phase digital filters with equivalent 3dB bandwidths. The filter with
sharp selectivity has a poor step response while the filter with gradual frequency roll-off has a
good step response.
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Figure 4: Frequency vs. Time Domain Optimization
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SAMPLING JITTER CONSIDERATIONS
Sampling jitter is also generally a major concern in data acquisition systems because it directly
degrades the integrity of analog sensor inputs. The amount of degradation can be quantified as
the jitter limited signal-to-noise ratio (SNRJL) and is given by the following formula (1).
SNRJL (dB) = -20 · Log10 [ ( 2 · Fin · Tj) / OSR ]

(1)

where Fin = maximum frequency of the input signal
Tj = RMS jitter of the sampling clock
OSR = oversampling ratio
Equation (1) shows the SNR improves by approximately 6dB/octave verses frequency and 3dB/
octave of oversampling assuming a brick-wall digital filter is limiting the bandwidth to the area
of interest. Figure 5 demonstrates the SNR to RMS jitter relationship graphically for several
different jitter magnitudes verses frequency. When the jitter component of the sampling clock is
periodic, the noise will reveal itself in the sampled spectrum as discrete spurious components on
each side of the input signal. For example, if a 10kHz sinewave is sampled by a clock with a
periodic 1kHz jitter component, the spectrum will show side tones at 9kHz and 11kHz.
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Figure 5: SNR vs. Input Frequency and Jitter Magnitude
Crystal oscillators typically meet the jitter requirements for data acquisition systems, but poor
board routing and inadequate power conditioning can significantly degrade the sample clock.
Another source of jitter that can degrade the sampling fidelity is from phase-lock loop based
clock oscillators. These units are appealing for their low cost and quick implementation, but
they typically have excessive jitter for sampling clock applications in instrumentation.
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CONCLUSIONS
Customers and manufacturers have different, but symbiotic reasons for needing variable sample
rate signal conditioning modules. The requirements drive detailed implementation tradeoffs to
effectively implement practical variable sampling rate signal conditioning modules. Several
design considerations were discussed such as the importance of considering the filter’s time and
frequency domain responses and the need to look at the whole data acquisition system’s
composite analog and digital response. Additionally, the effects of sampling clock uncertainty
and periodic jitter were explored.
New requirements, the continual goal of adding functionality, improving performance and
increasing channel density, drive future developments. Lower power, higher density field
programmable gate arrays (FPGAs) and highly integrated analog building blocks that come to
market every year will support such improvements along with further research into novel
continuously variable interpolation methods to support efficient sample rate conversion.
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ABSTRACT
Network-based telemetry systems are often made up of many components from multiple
vendors. The complexity involved in coordinating the design, integration, configuration, and
operation of these systems has required instrumentation engineers to become experts in the tools
and hardware from various vendors. Interoperation between the various tools and systems is
very limited. One approach toward a more efficient method of managing these systems is to
define a common language for describing the goals of the test, the measurements to be acquired,
and the equipment that is available to compose a system.
Through an open working group process, the iNET program is defining an eXtensible Markup
Language (XML)-based language for describing instrumentation and telemetry systems. The
language is designed with multiple aspects that allow filtered views into the instrumentation
system, making the creation of the various parts of the documents more straight-forward and
understandable to the type of user providing the information.
This paper will describe the iNET metadata project, the model-driven approach that is being
pursued, and the current state of the iNET metadata language.

KEY WORDS
XML, metadata, telemetry, instrumentation, configuration

INTRODUCTION
A current trend in the implementation of airborne telemetry networks, and networking in general,
is to use XML to capture meta-information. For test environments this information has many
potential uses including device configuration and management, augmentation of archived
telemetry data with processing instructions, meaningful displays, situational description, etc. For
the iNET program, the information that needs to be captured is being defined by the metadata
effort. This effort is realized by a working group forum wherein industry and government
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stakeholders work together to define a standard language which can be used to capture metadata
within the iNET system. The difficulty in defining a standard language is in staying generic
enough to handle all the needs of the range users while staying specific enough that vendors
don’t have an excessive implementation task.
This paper discusses an approach to meeting the challenge of developing such a language which
is how to facilitate the collaboration between end users and the technologists that actually author
the language. We found that the Model-Driven Architecture (MDA) was very effective from the
perspective of the technologists as a way to capture the necessary language elements and their
relationships, but this is an awkward communications medium with the end users. The aspectoriented concepts discussed below, however, proved to be very useful for providing natural
presentations of the language allowing the end users to evaluate the model indirectly and provide
feedback. We feel that these techniques embody a process that will be useful as the scope of the
iNET metadata effort shifts to encompass system management and possibly even in other
domains.

iNET Metadata Project
Background
The iNET program currently has three different top level working groups: Test Article Segment
Working Group (TASWG), System Management Standards Working Group (SMSWG), and
MetaData Standards Working Group (MDSWG). These working groups have charters that
direct them to create standards that define what an iNET system is and how an iNET system can
be realized. The language that is used by the components within the TASWG and SMSWG to
communicate is captured in the metadata specification being defined by the MDSWG.
The MDSWG is currently working to define the information content for the metadata, which is
partially based on an earlier effort under the iNET program: the Metadata Experimental Working
Group (MDEWG). The goal of the MDEWG was to define an XML schema based on industry
and range user input that would investigate the feasibility of using XML within the iNET
infrastructure. The results and concepts described in this paper are based on the work of the
MDEWG. The language that was created by the MDEWG was called the Measurement
Definition Language (MDL).
A key decision of the MDEWG was to base our work on industry standard practices regarding
the information capture and schema definition. To that end, we utilized a Model Driven
Architecture (MDA) approach to define the schema throughout its developmental lifetime.
One lesson learned from our experimentation is that while a complex XML schema can
effectively capture all the information necessary for an iNET scenario, it is very difficult for a
human to process that large amount of data effectively. In addition, there is very small
likelihood that any single individual will ever have to ingest and understand an entire MDL
instance document. Instead, what is needed is a method by which a user of the system can tailor
the information that is presented to them so that only relevant information is presented.
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MDL Overview
The MDL model was created to represent the information content that is necessary to define a
test scenario in the iNET system. The model is measurement-centric and captures the
measurement object as the fundamental concept within the system. A characterization of the
MDL system overview is illustrated by Figure 1.

Figure 1. MDL System Overview

The example system consists of measurements that enter the system through either an analog
path, e.g. via a transducer, or a digital path, e.g. via a bus monitor. The measurements are
captured using a black box representation of vendor hardware. The black box approach was used
in order to allow for flexibility and upgradability for the data acquisition system. The key
concept that makes the black box approach feasible is the implementation of ports within the
model. The ports allow for a vendor to specify entry and exit points for the metadata into their
hardware, but do not require that the vendor model the entire inner workings of the hardware.
Model Driven Approach
The toolsuite used to implement the MDA [4] workflow consisted of the Jude System Design
Tool [2], the Maven build system [3], and the AndroMDA MDA generator [1]. The model for
the MDL was developed in the Jude UML modeling tool. From there, the AndroMDA cartridges
were applied to the model to translate it from a Platform Independent Model (PIM) to a Platform
Specific Model (PSM). To automate the translation from UML to a usable XML schema a
Maven build script was created.
As an example of the success of using the model driven approach, the MDL model was
translated into a Test and Training Enabling Architecture (TENA) model for use in
experimentation. Because the base model for the MDL was UML, the model was easily
translated to the UML stereotypes used by the TENA interfaces.
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The drawback to the MDA development approach is that most of the end-users and stakeholders
were not well versed in understanding the full impact of the model from the UML diagram alone.
In addition, the end users were unable to understand the complex interdependencies and data
linkages that were encoded in the UML syntax.
The MDA tool suite allowed the language designers to encode the semantics and syntax of the
language in a standard fashion, but did not allow for effective data visualization or simulation.
Example instance documents were illustrative, but conveyed too much information to be
adequately understood.
To combat these shortcomings of the MDA tool chain we implemented a series of views and
aspects that limited the data presented to the user.
Aspects and Roles
One of the key findings of our work in the MDEWG is that a telemetry system can be modeled
using MDA techniques, but that an instance of a system model is too complex to comprehend
fully. To combat this complexity we investigated the use of roles and aspects within our
visualization implementation.
In our system the concept of a role constitutes a user of the data that has a specific job function.
The data associated with that job function is represented in the MDL, but is a subset of all the
information.
An aspect is a way of viewing data captured in an MDL instance document. Aspects are akin to
a window into the data. They do not allow the user to see all the data, but only the data that is
important and pertinent to their job function.
In order to define the information that was important to the users of the system, first we defined a
set of roles. A set of example roles and the associated views is depicted in Figure 2. The roles
were defined from tasks currently performed at the ranges that are to be users of iNET systems.
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Instrumentation
Engineer

Analog / Digital
Measurements

Test Engineer

DAUs
Hardware
Mappings

Vendor Tools

MDL

Transports

Ground Support
Data Processing

Figure 2. Example Roles and Views

The Test Engineer role defines what measurements are to be captured for a test. This role is
responsible for defining the physical phenomena to be measured, the measurement data ranges,
and the measurement sources. The Test Engineer role is initially a design time role, but can be a
runtime role if changes are needed during a test. In order to facilitate data entry and
visualization, we provided an aspect within the iNET Metadata Reference Suite (iMRS) software
to focus on the Measurement element and its attributes. In addition, an aspect was provided that
allowed the Test Engineer to visualize the Measurement element’s flow within the acquisition
system.
A second role that was defined was the Ground Support Data Processing role. This role was
concerned with real-time measurement values in the running system. The data processing
portion of the system necessitated an aspect that constrained the information to only the
measurement data flow. In this aspect it was possible to trace a measurement from its ingress
point in the system all the way through to the proper network packet stream wherein it was
contained. It was also possible to visualize the engineering unit conversion function using the
same flow-based aspect.
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Vendor Tools also required a role defined in the system. The vendor tools were concerned with
the requirements defined by the Test Engineer role, and the transports to be consumed by the
Ground Support role, and provided the glue elements to bridge the gap. Vendor tools were given
access to multiple aspects in the system depending on the step in the workflow being executed.
In some steps the vendor tools needed a measurement centric aspect, whereas in some steps the
tools needed a data flow centric aspect. In addition, the vendor tools could define their own
aspects to allow the engineer interacting with the tool to speak the language native to the tool.
Instrumentation Engineer is the final role we defined in the system. An instrumentation engineer
has full purview of the MDL instance document. This role takes the measurements defined by
the Test Engineer and defines much of the information content with respect to the data
acquisition hardware. In addition, the instrumentation engineer defines the data and network
transport details for the system.
Another way in which aspects can assist in the system development life cycle is through model
extensibility, especially in terms of vendor-specific aspects. A vendor could create a tool that
parses an MDL instance document and presents the information in a way that is unique to the
vendor. In this way a vendor can illustrate its value even though the underlying data is captured
in a standard XML schema such as MDL.
A final way in which aspects can be used in a system is to help shorten the learning curve
associated with a standard XML schema. Because an instance document can be interacted with
in small manageable chunks, the user can understand the information content in controlled
increments.

Conclusions
We have shown through our work in the MDEWG that XML is an excellent technology to
represent the information content for the iNET metadata model. The UML model created as part
of the MDA process has been utilized for development and maintenance of the metadata model.
The UML model, however, had a very limited user base due to its complexity. The complexity
was managed by creating a series of roles and aspects for the visualization of MDL instance
documents. Working group participants were able to use the roles and aspects to focus on the
data that was important to them.
Another finding of our work is that the roles and aspects that we defined helped to feedback
modeling and information changes to the MDL UML model. This feedback path allowed
consumers of the data to give detailed criticism based on their focused view of the data.
We believe that as XML becomes the de facto standard for information capture and exchange,
concepts like aspects and roles will be crucial in facilitating adoption and support.
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ABSTRACT
In this paper we describe extensions to the Instrument Hardware Abstraction Language (IHAL).
Since IHAL was first presented to ITC in 2006 [1], a number of improvements were made to the
design of IHAL. Major changes to the schema include splitting it into multiple XML Schema
(XSD) files, separation of the description of instrumentation functions from the description of the
hardware, and addition of a function pool.
KEYWORDS
Instrumentation, Transducers, Data Acquisition System, Hardware Abstraction Language,
IHAL, XML
INTRODUCTION
At the 2006 International Telemetering Conference, we presented the Instrumentation Hardware
Abstraction Language (IHAL), a neutral, XML-based language for specifying instrumentation
hardware and instrumentation hardware networks [1]. The IHAL provides a means to describe
not only the specific hardware components, but also the usage of those components in a specific
network configuration. The language has been designed to serve three roles: (1) as a
specification language for describing the hardware and hardware networks, (2) as a command
language for configuring each hardware component, and (3) as a query language for polling the
hardware components for their current configuration. Key concepts in IHAL include the
following:
• An instrument pool for describing all available instrumentation hardware according to its
functionality, capabilities, and configurability.
• An instrument use, contained within an instrument network, for describing the way a
specific instance of an instrument from the pool is configured and connected in a given
network.
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•
•
•

A “first-class” instrument or instrument function which is a commonly-used instrument
function that is explicitly named in the schema.
A generic instrument or instrument function which is used to describe any instrument
function that is not explicitly named in the schema.
Generic parameters, or “params”, which are simple name-value pairs for specifying
attributes that are not explicitly contained in the schema.

In this paper, we describe the enhancements that have been made to the IHAL since the original
paper in 2006. Since that time, the schema has been split into multiple XSD files for better
maintenance and flexibility. Additionally, the description of instrument functions has been
separated from the description of the physical hardware, which has enabled a number of other
enhancements and simplifications to the schema. Finally, an instrument function pool has been
added. Each of these enhancements is described in detail in the remaining sections.
MULTIPLE XSD FILES
Previously, the entire IHAL schema was maintained in a single XML Schema (XSD) file. This
approach made the schema difficult to maintain, and required that an IHAL file must contain the
full IHAL tree in order to be valid. By splitting the schema into multiple sub-schemas stored in
separate XSD files, we have made the language easier to maintain by enabling the designer to
only work with the schema file that contains the portion being modified. More importantly,
certain sub-structures of the IHAL can be stored alone in an XML file and still be considered a
valid IHAL. For example, a description of a single pool-level instrument can be stored in a valid
XML file without the extra overhead of storing the <ihal> and <instrument_pool> structures.
SEPARATION OF INSTRUMENT HARDWARE FROM INSTRUMENT FUNCTION
In the previous versions of the IHAL, complex instrumentation functionality was composed in
one of two ways: (1) if the instrument performed only the basic functionality provided by a
common “first-class” instrument type, it was represented as that instrument type; or (2) if the
instrument was uncommon or performed several complex functions, it was represented as a
generic “instrument” object and recursively composed of sub-instruments down to the level of
simple amps, filters, and multiplexers.
The original IHAL schema of a first-class instrument, in this case the signal analyzer, is shown in
Figure 1(a). The original IHAL schema of the generic instrument element is shown in
Figure 1(b).
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(a) First-Class Instrument

(b) Generic Instrument

Figure 1: Previous IHAL Schema for a First-class Instrument
It was decided that this approach was lacking in several aspects. For one, the representation of
first-class instruments provided no insight into the functions actually performed by that
instrument. Also, the language was too restrictive in what could be considered a first-class
instrument. For example, if a particular instrument performed some extra functions in addition
to the functions commonly performed by a signal conditioner, the instrument could no longer be
called a “signalConditioner” in IHAL and would have to be represented as a generic instrument.
Finally, representing instruments, as being composed of sub-instruments, does not correctly
capture the semantics of actual instrumentation hardware. In reality, there is a single
“instrument” (a single piece of hardware) that may be composed of multiple instrumentation
functions and sub-functions.
These problems were addressed by separating the concept of an instrument function from the
concept of a physical instrument. Under the new design, each physically separate instrument
(generic or first-class) corresponds to a single <instrument> element in IHAL. This single
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element contains the specification of the system-level properties of that instrument, such as
manufacturer, model number, accuracy, and input impedance.
Each instrument is then associated with one or more complex hardware functions, which can be
composed of multiple sub-functions and sub-sub-functions, etc. Each first-class hardware
function is composed of “primary” hardware functions, which are explicitly enumerated in the
schema, and “additional” hardware functions, which are freely specified by the user. Thus, the
IHAL schema for the first-class function serves as a model for the types of hardware functions
commonly associated with that hardware type. For example, the primary hardware functions
associated with the signal conditioner hardware function are filter, amp, and excitation. These
three sub-functions are each optional, and other hardware functions can be added as “additional”
hardware functions for a given instrument specification.
The basic hardware functions, filter, amp, and voltage excitation, represent the lowest-level
hardware functionality. This set of lowest-level hardware functions will grow as the language is
matured and more first-class instrument functions are added to the schema. A current schema
diagram of the IHAL instrument pool is shown in Figure 2.

Figure 2: IHAL Instrument Pool Schema
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REDUCING SPECIFICATION FOR MULTI-CHANNEL INSTRUMENTS
The previous version of IHAL did not contain explicit support for multichannel instruments (or
hardware functions). Instead, a multichannel instrument had to be composed of multiple
single-channel instruments, one for each channel. This was a very inefficient representation
since it produced many large, identical blocks of IHAL code to represent even simple multichannel instruments.
This problem was alleviated by allowing a single hardware function to be specified as multichannel. The new “numberOfChannels” element can be set to one for single-channel hardware
functions, or any integer greater than one for multichannel hardware functions. This element can
be seen in Figure 3. Specifying a single hardware function, as containing multiple channels,
implies that each channel performs identical functions.
num berOfChannels
connectors
Com plexHardw areFunctionType

additionalHardw areFunctions
additionalHardw areParam eters
additionalParam s

Figure 3: IHAL Complex Hardware Function Type
In order to allow separation of items associated with the multichannel hardware function as a
whole and items associated with each channel connectors, sub-functions, and parameters are
separated into those which are “systemLevel” and those which are “channelLevel.” An example
of this can be seen in the details of the “connectors” element, shown in Figure 4. Specifying a
connector as system-level means that there is a single connector for the entire multichannel
hardware function. Specifying a connector as channel-level means there is one connector for
each channel.

Figure 4: Connectors in IHAL can be either Channel-level or System-level
Since the need to specify each channel individually has been eliminated, it is necessary to add a
mechanism for indicating whether a configurable parameter can be configured independently for
each channel, or whether there is a single setting that affects all channels. Hence, a Boolean
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<configurablePerChannel> element was added to the <configurable> element. The specification
of configurable parameters is discussed in more detail below.
COMBINING CONFIGURABLE WITH NON-CONFIGURABLE PARAMETERS
In the previous version of IHAL, each instrument or sub-instrument could have a number of
configurable parameters, which define the ways in which the hardware can be configured by the
end user. The type of the configurable parameter (gain, cut-off frequency, etc.) was specified as
a string value for the “type” element. The configurableParameter element in the previous
version of IHAL is shown in Figure 5.

Figure 5: Previous IHAL's <configurableParameter> Element
One problem with this approach is that it provides no indication of how to deal with the situation
where a particular parameter is configurable in one instrument, but not configurable in another
nearly identical instrument. If it is specified as a configurable parameter in the first instrument
but as a generic “param” element in the second instrument, it will be difficult for software to
perform a comparison of these two otherwise-identical instruments. Further, the simple “type”
element does not provide any indication of what types of parameters are typically available for
each of the hardware functions. For example, it is expected that an amp would have a “gain”
parameter (which may or may not be configurable) but this is not explicitly captured in the
previous IHAL schema.
These problems were dealt with by making the “type” values first-class XML elements, and
allowing them to be specified as either “configurable” or “set.”
Additionally, a
“genericHardwareParameter” element was added for those parameters that are not explicitly
defined in the IHAL schema. The schema diagram for the explicitly defined “gain” parameter
and its parent element “amp” is shown in Figure 6. The schema diagram for the
genericHardwareParameter is shown in Figure 7. Finally, the schema diagrams for the
“configurable” and “set” parameters are shown in Figure 8(a) and Figure 8(b), respectively.
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Figure 6: Schema Diagram of the <amp> Element

Figure 7: Schema Diagram of the <genericHardwareParameter> Element

(a) IHAL <configurable> Element

(b) IHAL <set> Element

Figure 8: The IHAL Configurability
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SIMPLIFICATION OF USE-LEVEL INSTRUMENTATION SPECIFICATION
In IHAL, an instrumentation network is specified by creating uses of instruments from the pool
and defining their current configuration and connections. Previously, the use-level specification
of an instrument was identical to the pool-level specification with the exception that the
<configurableParameter> elements were replaced with <configuredParameter> elements. The
previous <instrument_use> element is shown in Figure 9.

Figure 9: The <instrument_use> Element in the Previous Version of IHAL
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This approach caused a lot of information from the pool specification to be duplicated in the use
specification. This duplication was eliminated by redesigning the way instruments are specified
at the use level. Under the new design, only information that is specific to a given usage of an
instrument is put into the use-level instrument specification. This information consists of a
name, serial number, location, and the instrument’s current settings. The settings consist of a
listing of the current values for all configurable parameters. Since the original hierarchy of
hardware functions is not duplicated in the use-level specification, we had to require a unique ID
be associated with each configurable parameter in the pool. The use specification must then
reference these unique IDs in the specification of the current settings. For multichannel
hardware functions, the settings may need to specify a channel number as well. The new
<instrument_use> element is shown in Figure 10.

Figure 10: The <instrument_use> Element in the Latest Version of IHAL

ADDITION OF INSTRUMENT FUNCTION POOL
An instrument function pool was added to the IHAL specification to allow frequently used
function combinations to be specified once and reused multiple times in the instrument pool. For
example, if the combination of signal conditioning and PCM encoding are frequently used
together in the instrument pool, these two functions could be combined into a single function in
the function pool, and then referenced multiple times in the instrument pool. This results in both
the reduction of code and in enabling vendors to define their own hardware functions without
losing the underlying functions that compose them. The schema for the instrument function pool
is shown in Figure 11.
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Figure 11: Instrument Function Pool Function
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ABSTRACT
This paper describes the design and implementation of a test instrumentation network
configuration and verification system. Given a multivendor instrument part catalog that contains
sensor, actuator, transducer and other instrument data; user requirements (including desired
measurement functions) and technical specifications; the instrumentation network configurator
will select and connect instruments from the catalog that meet the requirements and technical
specifications. The instrumentation network configurator will enable the goal of mixing and
matching hardware from multiple vendors to develop robust solutions and to reduce the total cost
of ownership for creating and maintaining test instrumentation networks.
KEYWORDS
Instrumentation configuration, IHAL, sensor networks, instrumentation system, telemetry
system, range applications, XML applications.
INTRODUCTION
This paper presents preliminary results for the development of a Java-based test instrumentation
network configuration and verification application. Given an instrumentation part catalog, a
high-level functional description of the desired systems, in terms of required measurements, this
application will select and connect the necessary instruments. The output of the configurator is a
list of instruments and instrument connection list.
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In conjunction with the Instrumentation Hardware Abstraction Language (IHAL) [1], this
configurator will re-engineer how instrumentation and flight test engineers perform various
design, validation, development, verification, and management activities for aircraft T&E
instrumentation subsystems. This configurator provides the ability to automatically configure
instrumentation networks across applications and hardware systems. In the absence of
representations, such as IHAL and configurator applications such as the one described in this
paper, military and commercial enterprises will continue to invest increasing amounts of time,
resources, and technology to manually configure networks or to custom develop brittle
configuration and verification applications that are hostage to a limited number of vendors’
hardware offerings [2,3].
INSTRUMENTATION NETWORK CONFIGURATION
The instrumentation network configuration problem consists of at least two subproblems that
will be the focus of this paper: synthesis and verification [4]. In synthesis, an instrumentation
network is created to satisfy user requirements and domain constraints. In verification, an
existing instrumentation network is evaluated against user requirements and domain constraints.
The synthesis subproblem can be stated as follows:
•

Given:
o An instrumentation catalog, consisting of sensors, actuators, transducers, data
acquisition units, signal conditioners, etc.
o A set of user requirements in terms of desired functions and functional
characteristics.
o A set of domain constraints such as instrument port-to-cable compatibility,
electrical input and output characteristics (input voltage and impedance, etc.).

•

Find:
o A set of instruments that satisfy the user requirements and domain constraints.
o The connections among the instruments that do not violate the user requirements
or domain constraints.

The verification subproblem can be stated as follows:
•

Given:
o A fully configured instrumentation system.
o A set of user requirements as defined in the synthesis subproblem.
o A set of domain constraints as defined in the synthesis subproblem.

•

Find:
o A Boolean value (true / false) that indicates if the configured instrumentation
systems satisfies the user requirements and domain constraints.
o A list of constraints that are not satisfied by the configured instrumentation
system.
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The instrumentation configuration system described in the remainder of this paper can solve both
the synthesis and verification subproblems.

INSTRUMENTATION CATALOG REPRESENTATION
This section presents the default instrumentation catalog eXtensible Markup Language (XML)
representation. The configurator can be easily adapted to import other representations, such as
the IHAL. The catalog consists of a collection of part definitions, one of which is shown in
Figure 1. Each part is described by a name (“TR-A”) and a recursively collection of function
definitions. The top-level function(s) are implicitly the “primary” functions of the part. For the
part shown in Figure 1, the primary function is “TRANSDUCER.”
Top-level part definition
Top-level function definition

Port (sub-function) definition

Figure 1 – Part Catalog Representation
The configurator application assumes a functional decomposition of the instrumentation system
parts. Each part is described by possibly multiple functions, some of which are subfunctions.
Each function is described by one or more functional attributes. The configurator application
constraints are described in terms of functional attributes.
In the example in Figure 1, the “Port1” function is a subfunction of the top-level
“TRANSDUCER” function. This port function is described by the functional attributes name =
TRANSDUCER Port1 Type and name = TRANSDUCER Port1 Name. These attributes are
used in the connection logic described below to connect the ports of other parts via cables.
CONFIGURATION CAPABILITIES
There are two key capabilities that must be provided by any instrumentation configuration
system: selection and connection. In selection, one or more parts are selected to satisfy one or
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more user requirements. In connection, one or more selected parts are connected to each other, to
a cable, or to a bus, to satisfy domain constraints or one or more user requirements. The
connection capability includes logic to verify that the physical port connection points are
compatible, the port types are compatible, the electrical characteristics are compatible, etc. This
section describes the instrumentation network selection and connection capability.
INSTRUMENT SELECTION
The device selection constraint represents the logic to select a single device to implement a
specified function instance. Figure 2 shows an example constraint specification for selecting a
device to implement the TRANSDUCER function.
Function-instance constraint
definition

Function-instance
specification

Figure 2 – DeviceSelection Constraint Schema
The constraint is described by a unique name (name = TRX 1 Selection) and a Java class
that implements the selection logic. This constraint requires a single device specification that
includes the name of the function and the function instance. Each functional requirement is
specified by the name and a unique instance identifier. This allows the configurator to select
instruments to satisfy more than one instance. For example, the user requirements may be such
that five accelerometers are needed. Each accelerometer needs to be uniquely identified for
connection and reporting purposes.
POINT-TO-POINT CONNECTIONS
The point-to-point connection constraint represents the logic to connect two devices by
specifying the function instances and specific ports for the source instrument, destination
instrument, and the cable to connect the two. Figure 3 shows an example constraint specification
to connect a transducer to a Data Acquisition Unit (DAU) via a cable.
The constraint is described by a unique name (name = TRX to DAU connection) and a Java
class that implements the connection logic. This constraint requires three function-instance port
specifications that include the function name and instance and the port name(s). The source
(FROM) and destination (TO) devices require a single port name specification. The cable
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(MEDIUM) device requires two port name specifications; one to connect to the source device
and one to connect to the destination device.
Point-to-point connection
constraint definition

Specification of the source
function instance port.

Specification of the destination
function instance port.

Specification of the medium
function instance ports.

Figure 3 – Point-to-Point Connection Constraint Representation

INSTANCE-TO-INSTANCE CONNECTIONS
The point-to-point connection constraint is not very flexible in that specific ports are specified
for the connection points. In some cases, this may be desirable from an engineering or user
requirements perspective. In other cases, it is desirable to allow the configurator to determine
which ports to use to connect instruments to one another.
The instance-to-instance connection constraint represents the logic to connect two devices by
specifying only the function instances for the source instrument, destination instrument, and the
cable to connect the two. Figure 4 shows an example constraint specification to connect a
transducer to a DAU via a cable. This is a similar constraint as shown in Figure 3 except that the
specific ports are not specified.
The constraint is described by a unique name (name = TRX 1 to DAU 1 via CABLE 1) and
a Java class that implements the connection logic. This constraint requires three
function-instance specifications that include the function name and instance. The configurator
will automatically determine the ports to connect the source instrument to the destination
instrument via the cable.
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Instance-to-instance connection
constraint definition

Specification of the source
function instance.
Specification of the
destination function instance.
Specification of the medium
function instance.

Figure 4 – Instance-to-Instance Connection Constraint Representation

SOLUTION
Figure 5 shows a solution to an instrumentation configuration problem that includes the catalog
shown in Figure 1 and the constraints shown in Figure 2 and Figure 4. The solution consists of
the results of the connection constraints and the results of the device selection constraints. The
connection constraint results list the ports that connect the source device to the cable and the
ports that connect the cable to the destination device. The device selection constraint results list
the parts that are selected to satisfy the function-instance specifications.

Connection results.

Selection results.

Figure 5 – Solution Representation
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COMPUTATIONAL MODEL
The instrumentation network configuration and validation capability described in this paper is
based on a constraint-satisfaction (CSP) computational model [5]. A CSP is a computational
model that can be used to model and solve a variety of computationally intractable problems. A
CSP consists of a set of variables, variable domain values that can be assigned to the variables,
and constraints that restrict the assignment of values to variables.
In this computational model, the instrumentation network functions (physical property
measurement, signal conditioning, data recording, etc.) map to CSP variables and
instrumentation
network
requirements
(sensor
selection,
instrument
selection,
sensor-to-instrument connection, etc.) map to CSP constraints. Using a combination of CSP
inference and search [7, 8], the configurator will rapidly and efficiently converge to a complete
and valid instrumentation network.
SUMMARY
This paper has provided an overview of the capabilities of an instrumentation network
configurator. This application can perform both synthesis and validation of instrumentation
systems, given a set of user requirements, technical specifications, and domain constraints. The
configurator accepts input in the form of an XML document that describes the functional
characteristics of the instrument part catalog and an XML document that describes the desired
functions and connections among the instruments. The output is in the form of an XML
document that lists the selected parts and their connections. The configurator is based on a
constraint-satisfaction problem computational model, providing both inference and search
capabilities to rapidly and efficiently converge to a complete and valid instrumentation network.
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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, such as iNET.
KEY WORDS
TENA, JMETC, interoperability, resource reuse, iNet
INTRODUCTION
The United States Department of Defense (DoD) has invested millions of dollars in test, training,
and evaluation ranges. Geographically dispersed, spread from the Atlantic to the Pacific and
from the Canadian border to the Mexican border and including Hawaii, Alaska, and the United
States territories, the air, land, and sea ranges are used by the U.S. Military Services and various
other agencies with training and equipment needs that must be resolved and validated. Today’s
warfighters test and train on these ranges and today’s military test and training events range from
individual systems under test to small-unit maneuvering to large-scale Joint Services exercises
where simulated and constructive and live-fire events are blended to enact representative
scenarios spread across several states. Critical data collected during these events provides
weapon systems evaluation and validation, and perhaps more importantly, can quickly and
definitively illuminate any necessary improvements to ensure effective and safe weapon system
operation and training. This data also invariably affects almost every aspect of range operation
and management, including budget definition and approval.
Being successful in the development of any Joint testing capability requires a supporting and
guiding activity, and in December 2005, the JMETC program element was formed. JMETC, the
DoD corporate approach for linking distributed facilities, is a distributed live, virtual, and
constructive (LVC) testing capability developed to support the acquisition community during
program development, developmental testing, operational testing, interoperability certification,
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and including demonstration of Net Ready Key Performance Parameters (KPP) requirements in a
customer-specific Joint Mission Environment (JME). JMETC will provide readily available
connectivity to the Services’ distributed test capabilities and simulations, as well as industry test
resources. JMETC, although a testing capability, 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 has used the Test and Training Enabling Architecture, TENA, to prototype
new testing support infrastructure. TENA, the live range instrumentation architecture for JNTC
and field-proven in major field exercises as well as numerous distributed test events, provides
JMETC a technology already being deployed in DoD. TENA provides the middleware and
software component while the JMETC Virtual Private Network (VPN) provides the hardware
connectivity through utilization of the existing Secure Defense Research and Engineering
Network (SDREN) and Defense Research and Engineering Network (DREN) infrastructure. As
each VPN node is brought up, the JMETC team uses network testing tools: NUTTCP, Mping,
and the JMETC Interface Verification Tool (IVT). NUTTCP, which requires a Unix operating
system, is a TCP/UDP network performance tool, and Mping, version 2 is available from
Microsoft and requires Windows XP, is used to test multicast capability between JMETC VPN
sites. NUTTCP and Mping need to reside in the lab participating in the testing event. The IVT
is used to test the VPN with TENA and/or other data protocols.
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Boeing-St. Louis:
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CEDL, IWSL
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Figure 1. FY08 JMETC VPN
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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 36 connected nodes
during 2008. See Figure 1. Recently added sites include the Aberdeen Common Control Node;
Kirkland AFB Air Force Operational Test and Evaluation Center; Boeing Center for Integrated
Defense Simulation at St. Louis, MO; and two sites at Fort Hood, Texas. Based on the
customer’s needs and the potential for reuse, a dedicated and trusted VPN 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 a Joint National Test Capability (JNTC)-sponsored Network Aggregator to further
increase the VPN capability by bridging to sites on other classified networks to include JNTC
Joint Test and Experimentation Network (JTEN), Defense Information System Network (DISN)
networks, the Air Force Integrated Collaborative Environment (AF-ICE) enclave, and other
classified enclaves.
Together, the TENA and JMETC complement enables and enhances distributed testing and
training. While JMETC is a relatively new presence for the test and training community, TENA
has evolved since the late 1990s when it was brought into play to solve an old problem that
restricted range effectiveness. Many of the early range data collection and analysis systems were
part of a vertical “stovepipe” growth of the instrumentation and instrumentation suites, and not
able to utilize the advantages found in the concepts of range interoperability and range resource
reuse, concepts that allow for taking easy advantage of the growth in modeling and simulation
and its revolutionary application to training, concepts that were being forwarded in the late 1990s
by the Foundation Initiative 2010 (FI 2010) project, which was sponsored by the Office of the
Secretary of Defense (OSD) Central Test and Evaluation Investment Program (CTEIP).
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 (Future Combat System (FCS) test
environment), and an Information Operations example (IO Range integration). In August 2007,
JMETC supported its “Stand Up” event, Integral Fire 07. Integral Fire 07 (IF07), an Air Force
Integrated Collaborative Environment (AF-ICE) event, was a distributed test event involving all
the military services and the U.S. Joint Forces Command (JFCOM). Recently, JMETC has
supported the Joint Command, Control, Communications, Computers, Intelligence, Surveillance,
and Reconnaissance (JC4ISR) Interoperability Test and Evaluation Capability (InterTEC) project
Spiral 2, software build 2 System Integration Test (SIT-1) at Fort Huachuca, Arizona, and Point
Mugu, California. InterTEC presents an integrated test solution for scaleable, extensible, and
operationally relevant interoperability test and evaluation.
The earlier Air Combat example demonstrated distributed interoperability testing using a LVC
environment. The Technical Alignment events with JNTC demonstrated collaboration on
integration of tactical training range instrumentation for the Weapons & Tactics Instructor (WTI)
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and Red Flag Alaska exercises. The Land Combat example, with JMETC support of the Army
Cross-Command Collaborative Environment (3CE), demonstrated interoperable laboratories and
ranges with common modeling and simulation and data environments supporting distributed
LVC tests. The Information Operations (IO) Range Integration example, showed collaboration
on Information Operations Use Cases and demonstrates network connectivity for large-scale,
multiple security level events. TENA was used to control and distribute video data at multiple
sites.
For the land Combat example, JMETC supported the 2006 US Army 3CE Simulation
Environment Characterization Assessment (SECA) test event. The support to 3CE was provided
for the following JMETC tools and utilities:
•

Interface Verification Tool (IVT),

•

TENA Middleware in a 3CE environment, and

•

TENA-HLA gateway development using the Gateway Builder tool.

The SECA provided a means to integrate 3CE activities and provided a quantitative assessment
of Standard Operating Procedures, the 3CE Capability Development/System Engineering
Process, Analytic Data Requirement Process, Model Selection Process, and 3CE Interoperability.
Some of the JMETC objectives of the event were to demonstrate that the DREN could support
distributed LVC testing, demonstrate more efficient technical integration using JMETC Core
infrastructure aspects, demonstrate TENA capability of supporting distributed LVC test
activities, and demonstrate TENA interoperability with HLA-based simulations. Figure 2
illustrates the networked sites and systems used in 3CE SECA.

Figure 2. 3CE SECA Site Map
A JMETC technical team, including members of the TENA User Support Team, supported the
integration of assets from three Army commands bridging Analysis, Research & Development,
and Testing & Evaluation to integrate modeling and simulation across the acquisition process
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and provided common tools required for distributed testing. Based on the activities supporting
the SECA integration, the following JMETC Objectives were verified:
•

The DREN was proven stable, and once configured to support multi-cast, it has proven to be
robust and reliable for distributed LVC testing.

•

The JMETC Technical team demonstrated the value of JMETC-provided tools and utilities
when executing pre-test integration activities, troubleshooting integration issues, and
executing post-test procedures.

•

Throughout the event planning and execution process, the TENA website repository
provided excellent online collaboration for 3CE team members.

JMETC played an important enabling role in the Joint National Training Capability (JNTC)
Austere Challenge 2006 (AC06) exercise. A TENA-enabled Video Distribution System (VDS)
was used to provide a distributed visualization capability to the Information Operation (IO)
Range in the event. Development of the IO Range VDS was accomplished through collaboration
between the IO Range and the JMETC programs, resulting in a first time achievement of
bringing real-time visualization of live fire IO events to the combatant commanders (COCOM),
both CONUS and OCONUS, via the Secret Internet Protocol Router Net (SPIRNet).
The IO Range Video Distribution System (VDS) concept was based on an early TENA Data
Stream Framework prototyped in FY2004 and leveraged a non-TENA Video Capture &
Distribution System being developed for the Redstone Technical Test Center (RTTC). The
JMETC development team was able to quickly adapt their solution using TENA and required
less than four weeks to develop, implement, test, and integrate for the exercise.
The IO Range requirements for the VDS included: 1) Solution for injecting video streams into
SIPRNet, 2) Ability to distribute to multiple end user systems at a minimum 1 frame/sec, with
seconds of latency, resolution to support projection and over limited bandwidth connections; 3)
Ability to record video for playback; and 4) Ability to playback video using a COTS Viewer
(Microsoft MediaPlayer).
For IO Range/AC06, the real-time video stream was provided from a single source bridged into
the network. The TENA Video Distribution Server published availability of data streams via a
VideoStream object and published availability of recorded streams for playback via a
VideoStreamServer object. The IO Range VDS supported over thirty clients during the AC06
exercise without a single failure of the TENA Video Distribution Server. The auto-code
generated distribution provided by TENA enabled the JMETC developers to greatly reduce the
time needed to integrate and test their software. The IO Range brought transformational IO
capabilities to the IO community during AC06, providing the warfighter a standing, robust
environment for experimentation, testing training, exercises, and operational rehearsal.
JMETC’s “Stand Up” event was Integral Fire 07 (IF07), an Air Force Integrated Collaborative
Environment (AF-ICE) event completed in August 2007. See Figure 3. IF07 was a distributed
test event involving all the military services and 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
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Forwarder (WWF) initiative, sponsored by the USAF Command and Control Intelligence,
Surveillance and Reconnaissance Battlelab. For IF 07, 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.
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Figure 3. IF07 Locations
Recently, JMETC has directed a large effort to the JC4ISR Interoperability Test and Evaluation
Capability (InterTEC) project. InterTEC is being developed and fielded using a spiral
development approach. The first spiral focused on developing and fielding an accredited,
integrated C4ISR interoperability test capability for the tactical data link protocols of the Joint
Data Network (Variable Message Format--VMF, Link 11, and Link 16). The delivery of Spiral 1
in July 2006 constituted the InterTEC Initial Operational Capability (IOC). Spiral 2, recently
completed, extends 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 Key Performance Parameter (NR-KPP).
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
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continuing interoperability and reuse refinement of TENA is now managed by the TENA
Software Development Activity (TENA SDA).
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Figure 4. 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 4. TENA is made up of several
components, including a domain-specific object model that supports information transfer
throughout the event lifecycle, common real-time and non-real-time software infrastructures for
manipulating objects, as well as standards, protocols, rules, supporting software, and other key
components.
The TENA Middleware combines distributed shared memory, anonymous publish-subscribe, and
model-driven distributed object-oriented programming paradigms into a single distributed
middleware system. This unique combination of high-level programming abstractions yields a
powerful middleware system that enables the middleware users to rapidly develop complex yet
reliable distributed applications. The TENA Middleware, 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, that 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
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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 highlevel programming abstractions presented by the TENA Middleware. The TENA Middleware
provides these high-level abstractions by using auto-code generation to create a complex
Common Object Request Broker Architecture (CORBA) application. As such, the TENA
Middleware offers programming abstractions not present in CORBA and provides a stronglytype-checked framework interface that is much less error-prone than the existing CORBA 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
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 USE 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
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iNET and TENA. Other systems or events using or planning to use TENA-JMETC include the
Technology for Tactical Video (TTV), Integrated Architecture Behavior Model (IABM) in the
Single Integrated Air Picture “Joint Combined Hardware-in-the-loop Evaluation” Phase 5
(JCHE5) event, and the Joint Battlespace Dynamic Deconfliction (JBD2) event.
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.
CONCLUSION
Although it was a technological and software evolution that was the impetus for TENA’s growth
in its enabling of range interoperability and resource reuse, the middleware found its needed
validation on the DoD test and training ranges. On those ranges, the U.S. Military evaluates the
warfighting equipment, personnel, and concepts that are deployed in support of the ongoing
missions around the globe. 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.
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ABSTRACT
The current paradigm for data acquisition and recording systems for flight test applications does
not meet today’s demand for high reliability and timing performance. Such systems are better
served through a network-based approach that can provide the capacity at which systems must
acquire, record, process, and telemeter data. As with any complex system, this approach does
have challenges. This paper describes the methods used to develop a network-centric flight test
system, including simulators, IEEE 1588 time synchronization, network message protocols, and
addresses the integration issues involved such as network topology and reliable latency-bounded
throughput. Solutions used in overcoming these integration issues in previous system designs
are also presented.
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INTRODUCTION
The design for data acquisition and recording systems for flight test applications has
predominately been influenced by the Pulse Coded Modulation (PCM) approaches in the IRIG
106 suite of standards with good success. However, with the ongoing advances in flight
application technologies, such as new types of test article data sources and devices that can
produce and consume data at higher rates, the design is no longer able to scale to meet the
demand for high reliability and timing performance that it once did. In response to these
limitations, flight test applications are evolving to a more network-centric approach. A recent
network-based flight test application has been developed [1] for commercial flight test. This type
of application utilizes existing network technologies, such as Ethernet and IP, for data
acquisition and recording, making the system easily adaptable. The use of a common message
protocol between devices on the network increases the flexibility of the system as different types
of devices can be easily added to the system. These devices include recorders, data processors,
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telemetry gear, and avionics busses to name a few. The connectivity of the network also
increases the scalability of the system as data acquisition is spread across the network reducing
overall processing load. While the reliability and bandwidth of data transport can be affected by
an increase in devices, much of the impact can be reduced through proper design of network
topology. In addition, networking applications can efficiently utilize network resources by using
multicast network messages to transport data only to those consumers interested in receiving the
data, a capability not otherwise possible with the IRIG approach. A network-centric approach not
only optimizes data acquisition and recording systems, but cabling complexity is reduced as
there is no need to follow a rigid physical structure, and the same resources can be reused to
transport both timing information and data.
As mentioned previously, a network-centric flight test system has been developed and is
currently being used for commercial flight test [1], proving that a network-centric design is a
viable solution for future flight test applications. As with any complex system, however, this
approach does have challenges. This paper focuses on the integration issues encountered with
such a system and presents a list of items that should be considered when developing and
integrating a network-based flight test system.

INTEGRATION ISSUES
Developing a network-based system involves much preparation in the design phase as there are
many elements that can have an impact on the system. Some of the design considerations that
need to be addressed include the following:
•
•
•
•

Non-deterministic transport of IP networks
Distribution of timing information
Support for various network data rates
Environmental conditions to withstand

For a detailed description of these major issues that must be addressed in order to design and
implement a real-time network application, refer to [1]. Thinking through possible integration
issues during this design phase increases the probability of a seamless integration and lowers the
risk of discovering an issue late during the integration phase that requires a redesign of the
system. Yet even with careful planning, many issues are not revealed until the system is fully
integrated and running in real-time. Based on previous experience developing a network-based
system, this section will describe the integration issues that were anticipated as well as those that
were not, and will present some helpful tips for discovering those unanticipated issues.
Due to an aggressive schedule, many of the components for our system were developed
concurrently and by different vendors. Developing an Interface Control Document (ICD) for
each component was critical to ensuring reliable communication among all the systems on the
network as they describe the required interfaces that each component must adhere to. Physical
and electrical interfaces were also captured in ICDs in order to ensure proper connector mating
and pinouts. Establishing a rigid set of interfaces for all these components was imperative to
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making the integration of this system successful. The logical interfaces include a common data
message format, a common time synchronization protocol such as IEEE 1588, and other
common communication protocols such as SNMP, IGMP, and ICMP. The ICDs provided the
guidance that all partners involved needed in order to move forward with developing their
component and eliminated the dependence on the completion of other partners’ devices. One of
the challenges of developing these subsystems concurrently was validating the component
interfaces early in the design since we did not have a complete system. To overcome this
obstacle, test tools were developed to facilitate the assessment of the network fabric and end
nodes under network traffic representative of the real system. In particular, software-based data
source simulators were created to generate network data at varying rates and sizes to determine
the amount of load the network fabric and end nodes could handle. Software-based data
consumer simulators were developed to verify that acquisition devices were producing data at
correct rates to the proper multicast addresses.
These software-based simulators were also useful in several other areas. They allowed the
individual manufacturers of data acquisition nodes and data consumers to have a “gold standard”
of their interface early in development. As the development of the data acquisition nodes and
data consumers matured, the software-based simulators allowed the manufacturers to test their
components before submitting the devices to us for more complete system-wide integration
testing. The software-based simulators also allowed Southwest Research Institute® (SwRI®) to
perform initial system testing using the devices that were available at the time without having to
wait until all devices were available. This was critical in meeting the aggressive schedule.
These software-based simulators were able to be developed rapidly and cost-effectively due to
the fact that this is a network-based system and there is a wealth of software tools to quickly
develop network applications.
Given the complexity of the system and all the interactions required, it can be difficult to
determine where the faults of the system may reside. There are three key aspects of the system to
consider when integrating and troubleshooting a network-based design. In particular, 1) How the
network affects the end nodes of the system, 2) How the end nodes affect the network, and
3) How end nodes affect each other. Answering these three questions can give great insight to
addressing possible integration issues. The following sections provide some guidance to
answering these questions.
Impact of Network on End Nodes
There are inherent limitations of the network transport that can impact the end nodes of the
system. In particular, Ethernet and IP network technologies were designed to be best-effort, nondeterministic data transports. This affects systems that require high timing accuracy and reliable
throughput from the end nodes. To ensure time is distributed accurately across the network, we
employed the IEEE 1588 Precision Time Protocol (PTP) to synchronize all end nodes on the
network. All data acquisition units (DAUs) are able to synchronize to one grandmaster clock in
the network with sub-microsecond accuracy. The DAUs are responsible for timestamping the
data as it is acquired, ensuring the most accurate timestamp. Supporting both timing accuracy
and high data rate transport posed a challenge in itself as, at the time of developing this system,
there was no gigabit switch that supported the IEEE 1588 protocol. To address this setback, the
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network topology was carefully designed so as to route the PTP timing packets to all devices on
the network requiring high timing accuracy without the PTP packets traversing through the nonPTP capable gigabit switch. A sophisticated set of configurable packet filters was applied to all
network switches, allowing for one gigabit switch to have multiple 100 Mbps uplinks from the
switches providing network connectivity to the DAUs.
Another characteristic of a network-based flight test system is that DAUs buffer individual
acquired data for 10s to 100s of milliseconds before sending a packet to balance system latency
with network efficiency. Since individual DAUs acquire data at different rates, this results in
consumers receiving data from the network that is out-of-order as well as a non-continuous flow
of data. This is problematic for real-time data acquisition and processing systems that need to
process data with the equivalent real-time relationship. To resolve this, real-time buffering and
re-sorting of the data is done at the consumer [5].
Impact of End Nodes on Network
It is imperative that the network bandwidth does not become overloaded for any given link on
the network. Otherwise this can prevent the network fabric from receiving data, ultimately
resulting in data loss at the consumers. Certain procedures are taken for setting up the
configuration of the system to prevent the network from becoming overwhelmed. The first of
these procedures is the physical layout of the network. The physical location of end nodes on the
network can impact the network’s performance. For instance, Figure 1 represents a portion of a
network system. The figure depicts two network switches, one that is capable of 1,000 Mbps
and one that is only capable of 100 Mbps. There are four DAUs connected to the 100 Mbps
switch, each producing high-rate network packets. There is also a flight recorder and a telemetry
unit connected to the gigabit switch.
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Figure 1. Portion of a Data Acquisition Network

Since the fastest link speed supported on the 100 Mbps switch is 100 Mbps, the link to the 1,000
Mbps capable switch will only operate at 100 Mbps. Therefore, the short-term cumulative
average rate of all four DAUs cannot exceed 100 Mbps or the link to the 1,000 Mbps switch will
be overloaded, resulting in data loss. If a greater cumulative data rate is desired from these four
DAUs, then some of the DAUs can be connected to another 100 Mbps switch with a separate
uplink to the 1,000 Mbps switch. An example of this is displayed in Figure 2.
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Figure 2. Multiple Uplinks Support Higher Cumulative Data Rates

If physical network expansion is not a viable option (due to lack of resources, not scalability
limitations) to prevent oversaturation of a link with data, the second method is to configure the
maximum allowable data rate per DAU. When designating the data rates of the DAUs, one must
keep in mind the bandwidth limitations along the path from the DAUs to the data consumers. To
that end much consideration must be taken when setting up the topology of the network, as well
as establishing the configuration of the end nodes. The NETGEN tool [3] was developed to
facilitate this process. This tool contains a model in which users can describe the system in
graphical terms, allowing users to easily view and modify the topology of the network so that the
design meets the bandwidth constraints. In turn, the configuration and metadata for this system is
generated which captures all the information expressed in the graphical model. Furthermore, a
multicast algorithm was developed to balance the traffic on the network. This algorithm
considers the configuration of the network, including the topology as well as the expected data
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rates of each device, to determine the proper multicast assignments in order to effectively use the
available network bandwidth.
The configuration of switches can also impact the network. For instance if the switches are not
configured properly, a broadcast storm could be encountered which will bring the network to a
halt. An algorithm was developed to discover and examine the topology of the network to allow
the topology to be validated before any configuration of network switches occurs. For more
detail on this algorithm refer to [4].
Impact of End Nodes on Each Other
The rate at which source end nodes send data on the network can affect the consuming end
nodes. If the data rate at which devices are sending is too fast, a consumer may become
overwhelmed by the volume of incoming data, preventing it from processing the incoming data
which results in data loss. On the other end, if devices are not generating data in a timely manner
after it is first received by the DAU, then the data becomes stale and should be discarded from
real-time analysis and processing applications. Measures should be taken on the DAUs to
constrain the latency that they introduce between acquiring data and generating a network packet
containing that data. While these variations in data rates cannot always be prevented, tools have
been developed to exercise the data consumers in these conditions. As mentioned previously,
software-based simulators have been used to generate simulated network traffic. However,
changing the data rate requires a reconfiguration of the system. To circumvent this, another tool
was developed that allows users to specify the bandwidth of simulated data during runtime. In
addition to generating simulated data, this tool can also play back previously recorded data, a
feature useful in testing the consumers with real network traffic.
Having a complex system such as this requires an overall system manager to configure, control,
and monitor the health and status of devices on the network. For more information on how such a
system is managed refer to [2]. Correct configuration of the end nodes, in particular the sources
and consumers, is critical to successful integration of this system. Having an invalid
configuration can result in consumers not receiving the correct data, either because DAUs are
sending data outside the allowable constrained latency time window, or the consumer has not
subscribed to the data set.
As the system matures and technology advances, there are likely to be firmware and/or software
upgrades to perform on the system components. These upgrades may have an impact on the
behavior of the system. When introducing new functionality into the system, it is likely that
other component flaws may surface since the new functionality may provide visibility into an
interface not previously accessible. Controlling upgrades to the system will help identify the
cause of improper system behavior and provide an avenue for a quick resolution to the newly
discovered issues. This will also serve to reduce the impacts that result from these upgrades.
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FUTURE DIRECTIONS AND CONLCUSIONS
It is clear that the IRIG 106 PCM approach increasingly lacks the scalability to meet the
demands of current and future data acquisition and recording system requirements. The future of
flight test applications is moving towards a more network-centric approach. We have
demonstrated that such a system has been developed and is successfully being used in a real-time
commercial flight test application. While this approach has many advantages over the traditional
methods, it is still a complex system and, as with any complex system, integration of system
components will produce a new set of challenges. However, with proper planning and some
foresight, these obstacles can be overcome in the early stages of integration. This paper
discussed some of the major integration issues encountered while developing such a networkbased system and provided guidelines to preventing and overcoming these issues.
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ABSTRACT
White Sands Missile Range is the largest overland test range in North America occupying over
3,200 square miles in Southern New Mexico and nearby territory. One of the most critical test
elements at White Sand Missile Range is it’s capabilities in the telemetry field. Much significant
advancement in technology has given WSMR and the entire electronics world the ability to
achieve new levels of data acquisition that were not achievable a decade ago. And as attention to
our nation’s defense is of high priority, White Sands Missile Range provides to highest levels of
telemetry competence in the Western Hemisphere.
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INTRODUCTION
Today’s telemetry systems at White Sands Missile Range have utilized the very latest in both
hardware and software technology in order to support the latest and greatest missile defense
system requirements. Upgrades to fixed telemetry sites and the addition of several mobile
Telemetry Acquisition Systems (TASs) have given White Sands Missile Range the ability to
provide the same great services all across the country. Telemetry acquisition systems at WSMR
have achieved new levels of capability due to the migration of sub-systems and software
applications that run on a computer operating system (OS); the convenience of card-based,
upgradable, updatable, portable, remote controllable and user-friendly systems have become
more widely implemented and beneficial through outstanding test results at White Sands Missile
Range.
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TAS GENERAL DESCRIPTION
Telemetry Acquisition System (TAS) is an L through S Band RF Signal Acquisition System and
consists of parabolic reflectors mounted on a tracking pedestal, preamplifiers, down-converters,
and multi-couplers. The antennas are fed by a five element, single channel, mono-pulse feed
system. Right and left hand circular polarization may be selected simultaneously. Various modes
of operation are provided, including slave, manual rate, and manual position. The TAS is capable
of receiving/sending acquisition information via the Precision Acquisition System (PAS) which
is interfaced to the TAS with a Range Interface Unit (RIU) that sends and receives information
through an Ethernet communications link to be displayed on the computer.
TAS combines fixed and mobile site acquisition and relay capability for received telemetry
signals and a telemetry processing center. The fixed systems consist of five fixed TM
acquisition systems and comprise the primary leg of the Telemetry Acquisition and Relay
System (TARS). TARS is a suite of fixed station and mobile systems strategically located
throughout the range to take maximum advantage of varying terrain conditions, and recurring
support requirements All systems, mobile and fixed, are capable of relaying multiple digital and
analog data channels. The mobile systems consist of a mix of two mobile telemetry acquisition
systems known as Transportable Telemetry Acquisition Systems (TTAS) and two Mobile
Telemetry System (MTS) tracking systems with a self-contained transportable L and S Band
telemetry acquisition systems capable of full operation beyond the reach of commercial power
lines. TAS also consists of three mobile relay systems known as Transportable Telemetry
Acquisition and Relay System (TTARS) and one Relay and Recording Van (RRV) system. All
TAS systems, mobile and fixed, are capable of tracking target emitters in the L-band (1435 to
1537 MHz, and S-band (2200-2400 MHz), except for the RRV since it is only for Relay and
Recording purposes.
In addition, the Telemetry branch fields supports and maintains the Remote Data Acquisition
System (RDAS), a radio interferometer consisting of the Single RDAS and Dual RDAS. Each
RDAS system consists of two perpendicular pairs of crossed base lines receiving antennas. In
the antenna field, the separation between a pair of antennas results in a phase difference in the
TM signal received at each antenna. Measurement of phase differences between pairs of
antennas is used to generate direction cosines associated with that antenna pair. As the missile
moves away from the launcher, the accumulated phase differences are used to determine the
direction cosines for each axis (antenna pair/baseline) of the antenna field. These direction
cosines are, in turn, used to compute the azimuth and elevation with respect to that antenna field.
Dynamically, the intersection of instantaneous data of the two separate antenna baselines from
each site is plotted as angular deviation.
WSMR telemetry also consists of a Real-Time Data Processing System which consists of
computers and desktop display workstations that provides real-time data processing and
monitoring. Data is received from range instrumentation at up to 32 Mbps multiplexed from
fixed and mobile telemetry sites through the Range Communications System to WSMR’s
Telemetry Data Center (TDC) and processed to provide real-time displays, precise pointing data
for acquisition and tracking, and near real-time data reports for Range customers. Telemetry also
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provides Radar and Global Positioning System data in real-time to produce vehicle position,
velocity and acceleration parameters.

Figure 1 - Illustrates the Telemetry System Lay-out and most recent Relay Network
WMSR TM has all around the range, including some locations where the RRV, TTARS, and
MTS could be located.

TAS CAPABILITIES THROUGH DYNAMIC TESTING
Current TASs fixed telemetry systems are located at JIG sites 56, 67, 167, 10 and 3. Each site is
equipped with similar telemetry components to create a consistent acquisition system throughout
the range. WSMR’s telemetry receiving capabilities include and are compliant with the
demodulation of the Advanced Range Telemetry Systems (ARTMS) Tier 0, Tier I and Tier II
formats. Current TAS receiving systems’ Tier 0 capabilities include 2nd Generation MultiSymbol (Trellis) PCM/FM demodulation with modulation indexing which generally provides for
3 to 4 dB improvement over traditional single symbol demodulators. Tier I demodulation
capabilities includes Shaped Offset Quadrature Phase-Shift Keying (SOQPSK) demodulation
and have shown greater than 2 dB improvement over single symbol demodulators. Though
PCM-FM and SOQPSK are the most common forms of modulation tested on range, WSMR’s
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current system can still demodulate FQPSK and Tier II CPM (continuous phase modulation) to
ARTMS specifications.
Testing performed on the TAS receiver systems consisted of an in house BER test which the test
signal bypassed the antenna feed and was input directly into a SEMCO RC400 RF receiver
combiner using a dual channel Lumistar LS-18-AP-M(X)2 Multi-Path Telemetry
Simulator/Transmitter that was capable of creating a Doppler fade through each attenuator output
to mimic irregularities and deviation during real missile tracking which could challenge the
receiving system in gathering acceptable data. Both attenuator outputs from the transmitter
began with a 30dB sinusoidal fade margin at a rate of 20 Hz and each attenuator output from the
transmitter corresponded to the left hand (LH) and right hand (RH) input of the receiver. To
further exercise the receiver combining system, both attenuator outputs produced fades opposite
in phase so while one attenuator output (which corresponded to the LH receiver input) was at a
maximum signal level, the other output (RH) was at its lowest signal level. The transmitter
outputs would fade sinusoidally opposite to one another in order to test the dynamics of the
receiver combiner system. The output of the SEMCO combiner was fed into a GDP Space
Systems Bit Synchronizer model 2265 and finally into a GDP Space Systems model 630 bit error
rate test unit.
Although the test transmitter was capable of modulation within the Tier 0, Tier I, and Tier II
ARTMS formats, the tests we performed using PCM-FM and SOQPSK data modulation formats
because they are more commonly used on range and by WSMR customers. Because the transmit
signal bypassed the antenna feed and went straight into the receivers, noise floors were measured
at -112dB. For this test, beginning signal levels were measured at 22dB above system noise.
Signal fade margins began at 30dB and were decreased on order to obtain acceptable bit error
rates (BERs) at the higher data rates as bit rates were incremented up until our maximum Range
acceptable bit error rate (BER) was achieved through a bit error rate test (BERT) apparatus.
Acceptable Range rates are less than or equal to one error per million bits or a 1 x 106 bit error
rate. During the test, fade margin were decreased to accommodate the increasing bit rates.
PCM-FM Data Table
FREQ (MHz) BIT RATE (Mbps) FADE BOUNDARIES (dBm) FADE MARGIN (dBm) SNR (dB) FADE RATE (Hz)
2250.5
5.0
-89 to -60
29
37.5
20
2250.5
5.0
-87 to -60
27
38.5
20
2250.5
7.0
-86 to -60
26
39
20
2250.5
7.0
-85 to -60
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RECEIVER SYSTEM TEST CONCLUSIONS
From what can be concluded from the data, transmitting data with SOQPSK modulation required
more power initially and even at low bit rates. Noise floors were measured at -112dB and an
acceptable BER was not accomplished until 33dB above system noise, while the PCM-FM data
stream maintained an acceptable BER at 23dB above system noise. The apparent requirements
of more power for SOQPSK to provide a good BER probability are due to the inherent
characteristics of QPSK modulation. SOQPSK has four phases and can encode two individual
modulation streams consisting of the in-phase and quadrature components (I and Q). So in order
to achieve the same or on par BER probabilities of PCM-FM, BPSK or other modulation types,
SOQPSK requires more power because two bits are transmitted simultaneously. The need for
power increase usually is not a hindrance for the modulation type because power received at the
sites is generally 33dB above system noise. As bit rates increase, the SOQPSK data stream
performs much more horizontally linear than PCM-FM. Figure 5 illustrates SOQPSK's linear
performance through increasing bit rates as compared to PCM-Fumes linear decay of required
signal over increasing bit rates (Figure 2). Because of the spectral-efficiency of the SOQPSK
modulation, less overhead is required to demodulate a high bit rate signal compared to PCM-FM.
WSMR’s achieved a 20Mbps bit rate for PCM-FM and a 19.5 Mbps bit rate for SOQPSK.
These numbers though represent a highly dynamic target with serious left and right hand
deviation characteristics. The signal fade margin decreased to 6dB to accommodate the
7

demodulation of the PCM-FM data stream at 20Mbps. In testing of SOQSPK, margins
decreased to 14dB and maintain linearity in required power level over increasing bit rates.
ANTENNA SYSTEM G/T RATIO
One figure of merit for any antenna tracking system is its Antenna Gain-to-System Noise
Temperature Ratio or G/T ratio. These measurements are performed daily at each telemetry site
at WSMR in order to monitor antenna system performance and to conduct solar calibrations
using daily L and S-Band solar flux values. Below is a graph representing recorded left and right
hand circular polarization G/Ts and corresponding daily solar flux values for fixed telemetry site,
JIG-56 over a period of one year.
JIG-56 G/T and Solar Flux at 2.2505GHz
(2007-2008)
100
90
80
Solar Flux 70
(sfu)
60
50
40
30
20
G/T
(dB/K)

10

M

M

ay
-1
6ay 07
-2
1
Ju -0
n- 7
1
Ju 2-0
ne
7
-1
J u 8 -0
ne
7
-2
6
Ju -07
l-0
2
Ju -07
l-0
9
Ju -07
l-1
Se 3-0
p- 7
1
Se 2-0
p- 7
27
-0
O
7
ct
-0
3O
07
ct
-0
7O
07
ct
-1
1O
07
ct
-1
D 9-0
ec
7
-0
D 6-0
ec
7
-1
D 2-0
ec
7
-1
9
Ja -07
n15
Ja -08
n23
Ja -08
n3
Fe 1-0
b- 8
0
Fe 8-0
b- 8
1
Fe 3-0
b- 8
2
Fe 0-0
b- 8
2
Fe 5-0
b- 8
28
Ap -08
r-3
008

0

Date
S-Band Solar Flux

L-Band Solar Flux

LCP G/T

RCP G/T

Figure 8 – Fixed Telemetry Site JIG-56 G/T values 2007-2008

WSMR REMOTE CONTROL CAPABILITIES
WSMR has also already begun implementation of a fully remote controllable telemetry site.
Because of location due to site access difficulty and the probability that remote control of this
site would yield the best dollar return on effort and dollars expended, JIG 10 was chosen as the
telemetry site that would first demonstrate this remote control capability. By implementing a
fully functional remote control telemetry site, WSMR would be able to support 30 to 35% more
mission missions on a daily basis by utilizing the lost hours used by personnel to travel up to the
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telemetry sites (which usually are located several hours away from the residences or offices of
supporting contractors).
In order to successfully support a mission via remote control, WSMR has ensured that most
telemetry equipment interfaces are controllable though an Ethernet interface within an IP
network in which each component with an Ethernet port and IP address could be controlled by a
remote computer interface. Current GUIs range from remote desktops views for components
with limited remote control command functionality, manufacturer provided remote control
software designed for familiarity and practicality, and WSMR made remote control software
designed with Labview for components without inherent GUIs but with remote control command
ability. Currently being developed at WSMR is a universal high-resolution interactive GUI for
the switching and patching system that would eventually integrate and monitor all I/O
connections within the telemetry site. With the migration of operating systems into today’s
telemetry equipment, it has become a much simpler task to integrate and remote control what are
now just computers programmed to calculate data through telemetry hardware and sometimes
card based interfaces.
The hardware control capabilities that WSMR will have upon the completion of the remote
control effort would include powering on the racks and equipment, controlling the Antenna
Control Unit (ACU), signal generator, oscilloscope, spectrum analyzer, power meters, BERT
units, tracking and data receivers, bit synchronizers, and multiplexing equipment, and recording
equipment. Every task necessary to support a mission in setup and operation will be available to
personnel at a remote location. Setup processes would include the changing and saving of
parameters, patching multiple inputs and outputs, and conducting noise floors or other system
readiness activities. Real-time mission support and operation would include the monitoring of
systems GUIs at all times through an extensive arrays of computer displays, setup parameter
changes, and real recording and data shipping to other locations on range such as WMSR's
Telemetry Data Center or to another site for relay. Though some troubleshooting and
maintenance may require manpower on site, hardware failure is statistically uncommon in
comparison to the amount of missions supported and software issues can generally be fixed with
a software reset or may be debugged remotely.

WSMR TSN-IP NETWORK
WSMR Telemetry has begun to implement its assets into the Test Support Network (TSN) over
IP. The TSN-IP consists of three fiber optics rings extending throughout the south, center and
north areas of the range enabling 10 GB bandwidth for Telemetry and other range support
elements (i.e. Optics, GPS, Radar, etc). Currently, White Sands Test Center has been supporting
transmission of analog and digital voice, data, telemetry, and video signals through direct
microwave and fiber optic links. The purpose of the TSN-IP is to group the transmission of
Range data and universalize communication between Range elements. Each element utilizing
the TSN-IP will operate on its own Virtual Local Area Network (VLAN) with encryption to
access and transmit classified data. This network will be able to provide automated network
management and control to telemetry data and provide a multiple data paths for a more robust
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system infrastructure. Development of the TSN-IP effort will also facilitate the implementation
of additional remote control systems
CONCLUSION
White Sands Missile Range’s assets include five fixed telemetry sites equipped with high gain
antennas, a robust receiving system capable of handling data rates of 20Mbps PCM-FM and
19.5Mbps SOQPSK demodulation, recording capabilities in multiple formats, and the ability to
multiplex and send data to a real time display and processing system at 32Mbps over fiber optic
and microwave links. WSMR telemetry also provides two mobile telemetry systems (MTSs),
two Transportable Telemetry Acquisition Systems (TTASs), and three Transportable Telemetry
Acquisition and Relay System (TTARSs) all capable of tracking, recording and relaying
telemetry data across the entire 3,200 square mile range. With remote control capabilities and
the implementation of the TSN-IP, WSMR is one of the most complete and competent telemetry
test ranges in the world.
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ABSTRACT
A study of the effects of interference caused by adjacent channels on the performance of turbocoded 16- and 32-APSK. Included in our discussion is the spectral regrowth in the nonlinear power
amplifier when driven by a non-constant envelope modulation. Ultimately, we present a set of
channel spacing guidelines when using turbo-coded APSK for aeronautical telemetry.
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INTRODUCTION
All wireless communication systems, including telemetry systems, require a power amplifier to
drive the transmit antenna. All amplifiers are nonlinear devices even though many have operating
regions in which they behave nearly linearly. The telemetry community has historically compensated for the power amplifier by using modulation techniques that are immune to channel nonlinearities called continuous phase modulation (CPM). However, these modulation techniques are
more complex and less spectrally efficient than memoryless linear modulation techniques. This has
only become a problem recently as telemetry data rates are increasing and the available telemetry
spectrum is shrinking. This has triggered a search for higher order forms of CPM that still are
immune to amplifier nonlinearity from which the more recent telemetry standards are derived.
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Our 2007 International Telemetering Conference paper [1] described a telemetry system that is a
departure from the pattern of CPM techniques. We proposed using 16- or 32-ary amplitude-phase
shift keying (APSK) to transmit the telemetry signal. Since this modulation is not immune to
nonlinearities, the power amplifier must be driven below saturation. The output signal power loss
resulting from driving the amplifier below saturation is termed output backoff. Since the power
amplifier produces less transmitted signal power, the signal power available to the receiver is correspondingly lower as well. We proposed using error-control coding to recover some of the lost
power efficiency. Specifically, we used turbo codes that work well at low signal-to-noise ratios
(SNRs). The significant result presented in that paper was an increase (nearly 3×) in spectral efficiency with no loss in power efficiency or in bit-error rate (BER) performance.
One of the limitations of our previous work was the lack of an accurate power amplifier model.
Rather than actually modeling the distortion caused by an amplifier, we assumed that the amplifier
would behave linearly if we backed off from saturation by some constant amount, nominally 6 dB.
In the next section, we present a model for a real-world power amplifier and provide simulation results of an end-to-end telemetry system based on our previous proposal using this power amplifier.
Having a more accurate model of the power amplifier also allows us to address the issue of spectral
regrowth. Not only does the amplifier distort the signal of interest, it also spreads the occupied
bandwidth of the transmitted signal. This may decrease the spectral efficiency of the modulation
technique and cause interference in other channels at nearby frequencies. We also address these
issues in the following section.
NONLINEAR POWER AMPLIFIERS
An ideal amplifier has a constant gain over the entire band of interest for any input signal level.
Ideal amplifiers do not exist because there is a limited amount of DC power available. Even if an
amplifier is perfectly efficient, the output signal power cannot exceed that delivered by the power
supply. In other words, in any real-world power amplifier, there is a point at which an increase
in the input signal level will not have a corresponding increase in the output signal level. The
amplifier is “nonlinear” because the gain of the device is a function of the input amplitude. A
very simple nonlinear model for an amplifier is one with a linear operating region and a saturation
operating region. The AM/AM curve for this model is illustrated in Figure 1 and is the model used
in our previous work [1]. As long as the peaks in the input signal are lower than the input level
corresponding to output saturation, then the amplifier is well modeled as a constant gain.
Real power amplifiers do not have a sharp transition from the linear region to the saturation region
like that shown in Figure 1. Many amplifiers available commercially are advertised as “linear”
2
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Figure 1: A simple amplifier model.
amplifiers which means that the main operating region behaves very close to linearly. Research
has been done to measure the nonlinear characteristics of these amplifiers [2]. This data can be
used to define an AM/AM characteristic function which maps input signal amplitudes to output
signal amplitudes.

NONLINEAR MODEL
A common model for the gain of a solid-state power amplifier was first proposed by Rapp in [3].
This model is
vA
g(A) = 
(1)
h i2p  2p1
1 + vA
A0
where v is the small signal (linear) gain, A is the input signal amplitude, A0 is the saturated output
amplitude, and p is a model parameter. Higher values of p result in a sharper transition from the
linear region to saturation. The phase distortion of solid-state amplifiers is usually small enough to
be ignored [4].
We have used this to model the AM/AM characteristic of the power amplifier measured by [2]
which is intended for OFDM at 1.8 GHz. Our goal is to find the parameters v and p that minimize
3

55
50
45
40

V

out

(V)

35
30
25
20
15
10
Measured Data
Simple Model
Nonlinear Model

5
0

0

0.02

0.04

0.06

0.08

0.1

Vin (V)

Figure 2: Measured power amplifier data and model. The model was chosen to minimize the sum
of the squared error between the model and the measured data.
the sum of the squared error between our model and the measured data. Figure 2 shows the results
of this search for v = 1.79 and p = 3. Notice that the saturation output amplitude is 50 Volts and
there is a more gradual transition than the simplified model.

SPECTRAL REGROWTH
As mentioned previously, another form of nonlinear distortion is spectral regrowth. Although
the input signal may use a pulse shape with finite bandwidth, such as a square-root raised cosine
(SRRC) pulse, the resulting output signal will not possess the same spectral properties. This is
illustrated in Figure 3, which shows the power spectral density of a 16-APSK signal using an
SRRC pulse shape with 50% excess bandwidth. We use 16-APSK rather than square 16-QAM
because APSK has a lower peak-to-average ratio than square QAM. Thus, for a given average
symbol energy (Eavg ), 16-APSK has a lower peak symbol energy than 16-QAM. We have shown
in Figure 3 the PSD of the output of the power amplifier for different amounts of output backoff.
Notice that increasing the backoff lowers the sidelobes and makes the bandwidth narrower. In fact,
if the power amplifier is backed off at least 1.6 dB from saturation, the -50 dBc bandwidth is the
same as the input signal. Similarly, if the amplifier is backed off at least 4 dB from saturation the
-60 dBc bandwidth remains unchanged from input to output. If we use the -50 dBc bandwidth in
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Figure 3: Spectral regrowth for 0, 3, and 6 dB backoff. The input is a 16-APSK signal using an
SRRC pulse shape with 50% excess bandwidth.
our calculation of spectral efficiency, Rb /B, then our previous claims [1] of a dramatic increase
in spectral efficiency are valid for this power amplifier model as long as we back off by at least
1.6 dB. More backoff is not always better, however, since increasing backoff means decreasing
transmitted signal power. This corresponds to a lower SNR at the receiver. We will show in the
next section that there is a tradeoff between SNR and distortion. We want to back off enough to
minimize the nonlinear distortion in the amplifier but not too much to drop the SNR below the
threshold of the turbo code’s error-correction capabilities.
Spectral regrowth also presents an interesting problem in channel spacing. If there were no nonlinear distortion, another transmitter broadcasting a signal with a similar SRRC pulse shape can be
centered at 1.5 on the normalized frequency axis of Figure 3. If the spectral regrowth at 0 dB backoff is considered, however, the interference caused by an adjacent channel placed that close would
destroy the integrity of the link centered at zero. One possible alternative to increasing backoff is
increasing the spacing between adjacent channels.
SIMULATION RESULTS
We have simulated the performance of our turbo-coded APSK system when using the nonlinear
power amplifier model described in the previous section. Results have been generated for both 16
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Figure 4: Signal of interest and adjacent channel interference for 32-APSK with a rate 4/5 turbo
code. The power amplifier in both transmitter and interferers is backed off 3 dB from saturation.
and 32-APSK as defined in [5] with various code rates (1/3, 1/2, 2/3, 4/5, 7/8, 8/9), output backoff
levels, channel spacings, and interference powers. In all instances, the noise power spectral density
at the receiver remains constant such that when the amplifier is driven in saturation (0 dB backoff),
the received bit-energy to noise power spectral density ratio (Eb /N0 ) is 14 dB, the same Eb /N0 that
yields a BER or 10−6 for Tier 0 and Tier 1. In our simulations, the adjacent channel interference
actually includes two interferers, one at a lower carrier frequency than the signal of interest and
one at a higher carrier frequency as illustrated in Figure 4 for a signal-to-interferer power ratio
(SIR) of 0 dB. The normalized frequency axis represents the product of the symbol period and the
frequency offset from the carrier. For example, if the bit rate is 10 Mbps, then the symbol rate
for 32-APSK is 2 M symbols/sec. The interferer located at 1.5 on the normalized frequency axis
would then correspond to 3 MHz carrier offset.
Figure 5 shows simulation results for 32-APSK with a rate 4/5 turbo code, the same scenario as
shown in Figure 4. All of the other code rates when used with 16 or 32-APSK generate results
similar in shape to this one. Notice that there is an optimal amount of backoff as discussed previously. On the left side of the curve, the BER is high due to the nonlinear distortion in the amplifier
and the interference caused by adjacent channels. As the backoff is increased two things happen to
improve the BER. First, the nonlinear distortion in the signal of interest is reduced so that correct
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Figure 5: Bit-error rate as a function of output backoff for 32-APSK with a rate 4/5 turbo code.
The signal-to-interferer power ratio in this case is 0 dB and the channel spacing is f Ts =1.5, the
amount allowed by the SRRC pulse shape without nonlinear distortion.
symbol decisions are made. Second, the spectral regrowth in the interfering signals is reduced. On
the other hand, the right side of the curve represents the error-correcting capability of the turbo
code. As backoff is increased, the transmitted signal power is reduced and, since the receiver noise
power is constant, the lower SNR at the receiver causes a high BER. In all of our simulations for
different code rates, 3 dB of backoff minimizes the bit-error rate regardless of channel spacing or
SIR.
Notice in Figure 5, that the BER never drops below 10−6 . Only rate 1/2 and rate 1/3 turbo codes
can achieve a BER below 10−6 for 32-APSK at 3 dB of backoff. 16-APSK can achieve a BER
below 10−6 at 3 dB of backoff with rate 1/3, 1/2, 2/3, and 4/5 turbo codes.
For a SIR of 0 dB, different channel spacings do not affect the BER. This implies that the main
source of error is distortion in the signal of interest rather than the adjacent channel interference.
Adjacent channel interference becomes a source of error at lower SIRs. Figure 6 shows the performance of the turbo-coded APSK system as a function of SIR and channel spacing. Notice that
wider channel spacing only improves performance below 0 dB SIR and that spreading channels
further than 3 on the normalized frequency scale does not improve BER performance even at -20
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Figure 6: Bit-error rate as a function of channel spacing and signal-to-interferer ratio for 32-APSK
with a rate 4/5 turbo code. The output backoff used in this scenario is 3 dB.
dB SIR. This is the case for any code rate at 3 dB backoff.

CONCLUSIONS
Our goal in this paper is to demonstrate the performance of a turbo-coded APSK telemetry system
with a realistic nonlinear power amplifier model. We have modeled a power amplifier designed
for telemetry based on OFDM signaling. Using this model, we have simulated a turbo-coded
APSK system using various code rates, amplifier backoff amounts, channel spacings, and signalto-interferer ratios. In order to make a fair comparison, we use a fixed receiver noise power that
corresponds to Eb /N0 =14 dB for an amplifier driven in full saturation. We assume that our worst
case SIR will be -20 dB. We have shown that the bit-error rate is minimized if the power amplifier
is backed off 3 dB from saturation. Additionally, we have shown that performance is improved
by making the channel spacing wider only up to 2 times what an undistorted SRRC pulse shape
requires and only when the signal power is below the interferer power. The code rates that achieve
a bit-error rate below 10−6 for are 1/3, 1/2, 2/3, and 4/5 for 16-APSK and 1/3 and 1/2 for 32-APSK.
Our previous conclusions made in [1] for an ideal amplifier have been verified for a more complex
power amplifier model. Namely, our turbo-coded APSK system provides a significant increase
8

in spectral efficiency over current telemetry standards. The power loss sustained by backing off
from power amplifier saturation is recovered by error-control coding gains. If we consider the -50
dBc bandwidth in our definition of spectral efficiency, then the spectral regrowth generated by our
modeled amplifier does not increase the bandwidth of the transmitted signal if we backoff by at
least 1.6 dB. The spectral efficiency of 16-APSK is log2 16 × 1/3 × 1/1.5 =0.89 bits/sec/Hz for a
rate 1/3 turbo code, 1.33 bits/sec/Hz for rate 1/2, 1.78 bits/sec/Hz for rate 2/3, and 2.13 bits/sec/Hz
for rate 4/5. The spectral efficiency of 32-APSK is 1.11 bits/sec/Hz for rate 1/3 and 1.67 for
rate 1/2. This is in contrast to 0.77 bits/sec/Hz for Tier 1 modulation currently used in telemetry
systems.
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ABSTRACT
A basic problem statement in aeronautical telemetry has been to develop communication systems with
good detection efficiency coupled with good spectral efficiency. Shaped-offset quadrature phase shift keying (SOQPSK) is a spectrally more efficient form of continuous phase modulation (CPM) as opposed
to pulse code modulation/frequency modulation (PCM/FM). With these modulation techniques, we propose concatenated turbo product code (TPC) with CPM as a solution to our above problem statement.
The performance of this turbo product coded CPM (TPC-CPM) system is simulated under coherent and
non-coherent demodulation. Finally we present simulation results showing impressive coding gain performance of TPC-CPM over the AWGN channel.
INTRODUCTION
Effective information transfer over a communication channel depends upon an efficient use of power,
available bandwidth and complexity. This efficiency is further increased with an optimum combination of
modulation and error correction coding technique. While most of the digital communication systems use
a simple carrier phase modulation such as binary phase shift keying (BPSK), finding a channel code that
works well with the selected modulation scheme has been an area of active research. In 1993, introduction
of turbo codes [1] marked the birth of a class of codes whose probability of error decreased exponentially
with a little algebraic increase in decoding complexity. This kindled tremendrous research interest on
parallel concatenated convolutional codes (PCCC) separated by a random bit interleaver and decoded
iteratively.
Forney [2] in 1996 developed serially concatenated convolutional codes (SCCC) which consists of
a cascade of an inner code and an outer code. Similar to turbo codes, constituent convolutional codes
in SCCCs are separated by a random bit interleaver and decoded iteratively. As shown by Benedetto in
his 1998 paper [3], the performance of SCCCs is generally comparable and in most cases superior to
the performance shown by turbo codes. However, unlike a lot of authors who focused on concatenated
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convolutional codes, a few authors have considered serially concatenated block codes [4] [5]. Unfortunately, the first algorithms proposed [6] [7] to decode these codes gave poor results as they were based on
hard-input/hard-output decoders and they lacked soft-input/soft-output (SISO) decoders. However with
the introduction of SISO decoders for all block codes [8] [9], the performance of serially concatenated
block codes (SCBC) have been shown to be comparable to SCCCs. In this paper, we study the effects
of combining block turbo code (BTC) or turbo product code (TPC) with advanced modulation techniques
like partial response CPM.
Even as channel codes provide protection against errors introduced by the channel and as they increase the efficiency of reliable transmission, they tend to reduce the overall bandwidth efficiency of a
communication system. Moreover in aeronautical telemetry there has been an ever increasing demand for
higher data rates. With the available spectrum being limited, advanced modulation techniques like CPM
are required to improve spectral efficiency. In this paper we consider SOQPSK, an important bandwidth
efficient constant envelope modulation technique. For real time simulations we use an even better bandwidth efficient version of SOQPSK known as SOQPSK-TG which was adopted from IRIG 106 − 04 [10],
an aeronautical telemetry standard.
In this paper we develop TPC-CPM which is based on the results given in [11]. CPM was subjected
to vast research in the late 1970s and in early 1980s. Since mid 1980s coded CPM was investigated as a
way to improve performance while maintaining constant envelope [12] [13]. Since these codes showed
better performance than any other previous concatenated coded system, a lot of research was put into code
searches for various CPM systems.
The objective of this paper is to study the potential benefits of combining TPC with CPM. Apart from
combining TPC with SOQPSK-TG, we try to study the performance of TPC with legacy PCM/FM. Then
the performance of TPC-SOQPSK-TG is compared against the performance of TPC-PCM/FM. Additionally the performance of these systems under non-coherent demodulation is simulated and compared
against the performance of similar systems under coherent demodulation. In the following section we give
a brief description on encoding and decoding TPCs. Then we continue describing the CPM techniques
considered in this paper followed by a section on the TPC-CPM simulation model. Finally we present the
simulation results and draw up a few concluding facts.
TURBO PRODUCT CODE
Among different channel coding techniques, TPCs are highly important owing to their simple structure, large coding gains, rate flexibility and simple synchronization requirements. Moreover encoder and
decoder of such TPCs are commercially available in the form of integrated circuits. Fig. 1 shows a simple
illustration of a TPC. Different TPCs such as (32, 26)×(32, 26), (64, 57)×(64, 57), (128, 120)×(128, 120)
product codes can be visualized similar to the illustration shown in Fig. 1. In general, TPC by itself is considered to be a serially concatenated code with two or more shorter block codes [9]. Hence these codes are
decoded using the chase algorithm [9] which is a near-optimumal (practical) iterative decoding algorithm.
Consider two systematic linear block codes C 1 and C 2 with parameters (n1 , k1 , δ1 ) and (n2 , k2 , δ2 ),
where ni , ki , δi are codeword length, information block length, and minimum hamming distance, respec2

k1
n1

Figure 1: A Simple Turbo-Product Code Example.
tively. Now product code P , as depicted in Fig. 1, is obtained by arranging k1 information bits along
rows and k2 information bits along columns and then coding k1 rows using code C 2 and n2 columns using
code C 1 [14]. The resulting product code P has dimensions n = n1 × n2 , k = k1 × k2 , δ = δ1 × δ2
with code rate R given by R = R1 × R2 , where R1 and R2 are code rates of individual systematic linear
block codes [14]. Thus long TPCs with large minimum hamming distance can be produced by simply
multiplying short systematic block codes with small minimum hamming distance. Once encoded, n coded
bits are modulated and sent over an AWGN channel.
At the receiver end, the received signal is demodulated and then decoded sequentially along rows followed by columns. Though this decoding procedure results in good performance, optimum performance
can be obtained when SISO chase decoders [9] are used to decode rows and columns of P . With the
received signal matrix R, the chase decoder initially operates on rows and updates soft information along
the rows of matrix R. Similar operations are then performed along columns of matrix R and this process
is iteratively done until the decoder converges on best results. Among different issues which affect the decoder performance, some important issues include channel characteristics, code parameters, soft decision
quality, type of modulation and number of iterations.
CPM SCHEMES
Among the many CPMs developed by Range Commanders Council (RCC) [10] some of them are
extremely popular owing to the needs of their applications like spectral efficiency, decoding complexity
and power efficiency. Thus aeronautical telemetry have identified two popular modulation techniques with
their unique properties to work with UHF frequencies. They are SOQPSK-TG and PCM/FM, which this
paper utilizes to develop a TPC-CPM system.
PCM/FM has been used in aeronautical telemetry standards since 1970’s. PCM/FM being a binary
CPM is specified by CPM parameters h = 7/10, M = 2, 2RC pulses, where h is the modulation index,
M indicates the binary nature of this CPM and RC stands for raised cosine frequency pulses. Among
the modulation types considered here, PCM/FM has the highest detection efficiency and has moderate
3

Figure 2: Turbo Product Codes with CPM.
decoding complexity. However it is the least spectrum efficient modulation technique among the two
modulations considered here. The other advantage of using PCM/FM is that it is least sensitive to phase
noise and hence it is easily synchronized.
The other modulation technique considered here is SOQPSK-TG. Although offset quadrature phase
shift keying (OQPSK) has an improved power spectrum compared to quadrature phase shift keying (QPSK),
it still suffers waveform envelope fluctuations due to instantaneous transitions between adjacent phase
states. SOQPSK-TG, often considered as a derivative of OQPSK and minimum shift keying (MSK),
is a constant envelope advanced modulation technique. It is spectrally more efficient than OQPSK and
MSK, but it suffers from slightly lower detection efficiency. SOQPSK-TG has a 4 state trellis [15] with
small decoding complexity. SOQPSK-TG uses a precoder [16] to convert binary information to ternary
symbols which are modulated using a CPM modulator with a modulation index h = 1/2. The precoder
imposes OQPSK-like properties on SOQPSK-TG while a constant envelope results from the CPM modulator. Among the CPM’s considered here, SOQPSK-TG is moderately sensitive to phase noise. These
CPM modulation techniques are alternatively used in our TPC-CPM system over an AWGN channel. Either a coherent or a non-coherent demodulator corresponding to a CPM modulator utilizes SISO decoding
algorithm and is based on the demodulators built in [17].
TURBO PRODUCT CODED CPM
The potential benefits of coupling TPC with CPM are studied and compared against the results given
in [11]. Fig. 2 shows the block diagram of TPC-CPM. Information bits are turbo product encoded. Either
a basic (64, 57)×(64, 57) TPC or other TPCs like (32, 26)×(32, 26) or (128, 120)×(128, 120), explained
in [14] [9], are assumed to be an encoder. An interleaver between TPC and CPM is not considered here
because there was no noticeable difference in performance of TPC-CPM with or without an interleaver.
Similar to SCCC-CPM built in [18], encoded bits are mapped into symbols for CPM with higher order
signaling using natural or gray mapping. This modulated signal is transmitted over an AWGN channel.
The received signal is CPM demodulated using a SISO demodulator, which is identical to the demodulator developed in [17] [15] [18]. Then the demodulated signal is fed to an iterative chase decoder [9].
Before proceeding to the simulation results, we shall now give the parameters used in the simulation of
the Chase decoder which are exactly the same as the parameters specified in [9].
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• The number of test patterns is 16 and are generated by the four least reliable bits;
• α = [0.0, 0.2, 0.3, 0.5, 0.7, 0.9, 1.0, 1.0];
• β = [0.2, 0.4, 0.6, 0.8, 1.0, 1.0, 1.0, 1.0];
• The maximum iteration number is 4, which is equivalent to eight decoding steps.
Since TPCs are effectively concatenated block codes, the chase decoder iteratively decodes the demodulated signal. At the end of pre-defined number of iterations (in this case 4 iterations), the output from this
decoder is hard limited and presented at the output.
Although the way in which the above system works is quite similar to the working of a system explained in [11], bit error rate (BER) curves shown in the next section indicate a better performance compared to the results listed in [11]. This is largely because we use a near-optimal SISO algorithm for CPM
demodulation in contrast to an adhoc soft output CPM demodulator used in [11].
SIMULATION RESULTS
In this paper, we considered three TPCs, the first TPC is (32, 26) × (32, 26) with rate 0.6602, the next
code is (64, 57) × (64, 57) with rate 0.7932 and finally we chose (128, 120) × (128, 120) with rate 0.8789.
The performance of TPCs with CPM were evaluated on the AWGN channel. The different simulation
parameters calibrating TPCs and CPMs are similar to the parameters found in [9] and [15] respectively.
The performance comparison between SOQPSK-TG and PCM/FM with TPCs is shown in Fig. 3(a)
and Fig. 3(b). We measure the coding gains of these two schemes at the Pe = 10−5 crossing point. By
way of reference, uncoded SOQPSK-TG crosses Pe = 10−5 at Eb /N0 = 10.56 dB and uncoded PCM/FM
crosses Pe = 10−5 at Eb /N0 = 8.44 dB [17]. (Eb /N0 denotes the bit energy to noise power spectral
density ratio and Pe denotes the probability of error.) From these figures it becomes clear that the coding
gain performance realized with SOQPSK-TG, is better compared to a similar coded PCM/FM. At a code
rate 0.6602, TPC-SOQPSK-TG yields a gain of 4.6 dB which is 0.7 dB better than the gain realized with
TPC-PCM/FM. This is shown in Fig. 3(a) and Fig. 3(b) respectively. Extensive simulations confirm similar
performance results at various code rates considered. This performance of SOQPSK-TG combined with
its high spectral efficiency makes it an ideal choice for aeronautical telemetry.
Fig. 4(a) shows the performance of TPC with SOQPSK-TG under non-coherent demodulation. To
simulate such a performance we adopt non-coherent demodulators for CPM from [17]. A detailed description on non-coherent demodulation of SOQPSK-TG and PCM/FM can be found in [17] [15]. In this
section we consider non-coherent demodulation with a forgetting factor of 0.875 and a 2 ◦ standard deviation of phase noise. Comparing this performance of SOQPSK-TG to its performance under coherent
demodulation, shown in Fig. 3(a), it is easily seen that the non-coherent demodulators perform 1 to 2 dB
worse than coherent demodulators. For instance, consider a code rate 0.7932 TPC-SOQPSK-TG under
coherent demodulation. This yields a coding gain of 4.6 dB compared to a gain of 3.2 dB produced by
a similar system under non-coherent demodulation. Similar performance difference is also realized with
coded PCM/FM under coherent and non-coherent demodulations. Fig. 3(b) and Fig. 4(b) shows the performance of coded PCM/FM under coherent and non-coherent demodulation respectively. At a code rate
0.7932 coherent TPC-PCM/FM yields a coding gain of 4.2 dB which is 0.8 dB better than the gain realized
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(a) Simulation Results for Coherent TPC-SOQPSK- (b) Simulation Results for Coherent TPC-PCM/FM.
TG.

Figure 3: Simulation Results for TPC-CPM under Coherent Demodulation.
by a non-coherent TPC-PCM/FM system. However this is an appreciative trade off between complexity
and performance since non-coherent demodulators reduce the complexity of receivers without much loss
in performance.
The performance comparison between our TPC-CPM system and a similar system built in [11] are
shown in Fig. 3(a) and Fig. 3(b). With our TPC-SOQPSK-TG, at a code rate 0.7932, the coding gain
realized is 4.6 dB. This performance, shown in Fig. 3(a), is 0.8 dB better that the gain realized by a similar
system built in [11]. Similarly as shown in Fig. 3(b), at the same code rate, our TPC-PCM/FM realizes a
coding gain of 4.2 dB which again is 0.8 dB better than the gain reported in [11]. This additional coding
gain is mainly due to a near-optimal SISO decoding algorithm which we use for CPM demodulation.
CONCLUSION
In this paper we have developed a TPC-CPM with a SISO CPM demodulator and an iterative TPC
chase decoder. We have also simulated the performance of various code rate TPCs with important CPM
schemes like SOQPSK-TG and PCM/FM. We have studied and reported the performance of these systems
under coherent and non-coherent demodulations. We have also shown that this system achieves better
coding gains compared to gains reported earlier for similar TPC-CPM systems.
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Figure 4: Simulation Results for TPC-CPM under Non-Coherent Demodulation with a Forgetting Factor
of 0.875 and a 2 ◦ Standard Deviation of Phase Noise.
APPENDIX
In this appendix we show the performance of TPC-CPM under non-coherent demodulation with varying forgetting factors and phase noise standard deviations. Fig. 5(a) and 5(b) shows the BER performance
of TPCs with SOQPSK-TG and PCM/FM under non-coherent demodulation with a forgetting factor of
0.9375 and a 2 ◦ standard deviation of phase noise. The coding gains realized with this system is tabulated
in Table 1. For instance consider a code rate 0.7932 TPC-SOQPSK-TG shown in Fig. 5(a), this system
yields a coding gain of 3.2 dB which is 1.2 dB less compared to the coding gain produced by the same
system under coherent demodulation. Similarly a code rate 0.7932 TPC-PCM/FM system produces a gain
of 3.4 dB which is 0.8 dB less than the gain produced under coherent demodulation. Similar performance
difference between coherent and non-coherent demodulation is evident with other code rate TPC-CPMs.
Now we consider the performance of TPCs with SOQPSK-TG and PCM/FM under non-coherent
demodulation with a forgetting factor of 0.875 and a 5 ◦ standard deviation of phase noise. This is shown
in Fig. 6(a) and 6(b) respectively. Table 2 tabulates the coding gains produced by this TPC-CPM. As
shown in Fig. 6(b), a code rate 0.7932 TPC-PCM/FM yields a coding gain of 2.9 dB which is 1.3 dB less
than the gain produced a similar rate system under coherent demodulation. From Fig. 6(a) we can see the
performance of TPC-SOQPSK-TG at a 5 ◦ standard deviation of phase noise. As seen from this figure the
performance of TPC-SOQPSK-TG is rather very poor. This shows the impact of increased phase noise
on TPC-CPM systems. However as seen in Fig. 4(a) and Fig. 5(a), TPC-SOQPSK-TG performs close to
coherent demodulation at a moderate 2 ◦ standard deviation of phase noise. From Fig. 4 and 5 we can also
see that, given a 2 ◦ standard deviation of phase noise, the performance of TPC-CPM systems does not
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Figure 5: Simulation Results for TPC-CPM under Non-Coherent Demodulation with a Forgetting Factor
of 0.9375 and a 2 ◦ Standard Deviation of Phase Noise.
vary much due to varying forgetting factors (0.875 and 0.9375). This is evident from almost equal coding
gains reported by these systems under consideration.
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Table 1: Performance of TPC-CPM under Non-Coherent Demodulation with a Forgetting Factor of 0.9375
and a 2 ◦ Standard Deviation of Phase Noise.
Modulation
TPC
Coding Rate Coding Gain
SOQPSK-TG
(32, 26) × (32, 26)
0.6602
2.8 dB
SOQPSK-TG
(64, 57) × (64, 57)
0.7932
3.2 dB
SOQPSK-TG (128, 120) × (128, 120)
0.8789
2.8 dB
PCM/FM
(32, 26) × (32, 26)
0.6602
3.2 dB
PCM/FM
(64, 57) × (64, 57)
0.7932
3.4 dB
PCM/FM
(128, 120) × (128, 120)
0.8789
3.2 dB
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ABSTRACT
We develop bandwidth-efficient serially concatenated coded (SCC) continuous phase modulation (CPM)
techniques for aeronautical telemetry. The concatenated code consists of an inner and an outer code, separated by an interleaver, and is decoded using relatively simple near-optimum iterative decoding algorithms.
CPM waveforms such as shaped-offset quadrature phase shift keying (SOQPSK) and pulse code modulation/frequency modulation (PCM/FM), which are currently used in military satellite and aeronautical
telemetry standards, can be viewed as inner codes due to their recursive nature. For the outer codes, we
apply serially concatenated convolutional codes (SCCC) because of their large coding gains, high coding rates, and because their decoding algorithms are readily implemented. High-rate codes are of special
interest in aeronautical telemetry applications due to recent reductions in available spectrum and everincreasing demands on data rates. We evaluate the proposed coding schemes with a large set of numerical
simulation results and make a number of recommendations based on these results.
INTRODUCTION
The primary objective of any digital communication system is to effectively transmit information over
a channel, while efficiently utilizing power, bandwidth and complexity. For this to be done, the selected
modulation scheme must match the channel characteristics. Moreover, efficiency of data transmission is
increased with well-chosen combinations of channel coding and modulation techniques. The introduction
of turbo codes in 1993 [1] led to a flurry of research effort in parallel concatenated convolutional codes
(PCCC) separated by a random interleaver and decoded iteratively. Turbo codes yield bit error rates (BER)
around 10−5 at rates well beyond the channel cutoff rate [1].
Another equally powerful code configuration with comparable performance to turbo codes is serially
concatenated convolutional codes (SCCC) separated by a random interleaver and decoded iteratively [2].
Although the use of channel codes provides protection against errors introduced by the channel and increases the power efficiency of data transmission, their use also reduces the bandwidth efficiency of the
1

overall communication system.
In recent years, bandwidth efficiency has become a major concern in aeronautical telemetry. PCM/FM
(pulse code modulation/frequency modulation), which is a rather spectrum inefficient modulation, has
been the dominant carrier for aeronautical telemetry since the 1970s. Spectrum reallocations of frequency
bands in 1997 prompted a migration away from PCM/FM and gave rise to the Advanced Range Telemetry
(ARTM) program [3]. Size, weight, and power supply constraints forced the use of fully saturated, nonlinear RF power amplifiers. As a consequence, the search for more bandwidth efficient waveforms was
limited to constant envelope waveforms, in particular, continuous phase modulations (CPMs). By 2004, a
pair of interoperable waveforms were adopted in the IRIG 106 standard as “ARTM Tier I” modulations [4].
The first is a version of Feher-patented QPSK (FQPSK) [5], which is a licensed technology. The second
is a version of shaped offset quadrature phase shift keying, known as “SOQPSK-TG” [6], which is an
unlicensed technology that has also been used in military satellite communication standards [7]. These
waveforms achieve twice the spectral efficiency of PCM/FM even when nonlinear amplifiers are used [8].
This paper treats the development of bandwidth-efficient serially concatenated coded (SCC) techniques
for PCM/FM and SOQPSK-TG. Forward error correction (FEC) schemes for aeronautical telemetry have
received only preliminary attention to date. The only published results on this subject are found in [9],
which discussed a combination of turbo-product codes (TPCs) with PCM/FM and SOQPSK-TG using a
non-CPM based ad hoc approach.
In this paper, we propose SCC schemes for aeronautical telemetry that take full advantage of the
fact that PCM/FM and SOQPSK-TG are coded modulations and can be treated as inner codes in SCC
schemes [10, 11, 12, 13, 14]. In particular, we develop high-rate SCCC schemes. We also develop coherent and noncoherent soft-input soft-output (SISO) demodulators for use with these codes in an iterative
demodulation and decoding architecture. We present a set of numerical simulation results that compare
the resulting SCC schemes in terms of 1) SOQPSK-TG vs. PCM/FM, 2) coherent demodulation vs. noncoherent demodulation, and 3) SCCC vs. TPC. The numerical results indicate that SOQPSK-TG is an
excellent choice due to its spectrum efficiency advantage over PCM/FM and its large coding gains. The
results also show that SCCCs yield larger coding gains than TPCs and that noncoherent demodulation
offers attractive performance in light of its simplified synchronization requirements.
The paper is organized as follows. The next section gives a brief description of the CPM schemes used
in aeronautical telemetry and this is followed by a section which develops SCC-CPM schemes. Following
this is a section on numerical simulation results of the coding schemes and finally we summarize our
conclusions.
CPM SCHEMES
The term continuous phase modulation (CPM) refers to a large class of constant-envelope waveforms
that are characterized by three parameters: the data alphabet size M (e.g. binary, quaternary), the modulation index h, and the shape and duration of the frequency pulse. These three parameters are usually
selected to satisfy constraints on the limited resources of power, bandwidth, and complexity. CPMs are a
natural choice for the inner codes in a SCC system. This is because they can be viewed as recursive codes,
2

Figure 1: Serially concatenated convolutionally coded CPM (SCCC-CPM) with iterative decoding.
which are necessary to yield large interleaving gains in such systems [2]. In this paper, we consider coding
schemes using two of the CPMs used in aeronautical telemetry [4]: PCM/FM and SOQPSK-TG.
PCM/FM is a binary CPM with parameters M = 2, h = 7/10, and a raised cosine frequency pulse
shape with duration L = 2 symbol times (2RC). Among the two modulations considered here, PCM/FM
has the highest detection efficiency, the lowest spectrum efficiency, and it requires moderate decoding
complexity.
The other modulation technique considered here is SOQPSK-TG. SOQPSK-TG is often considered a
derivative of offset quadrature phase shift keying (OQPSK) and minimum shift keying (MSK). Although
OQPSK has an improved power spectrum compared to quadrature phase shift keying (QPSK) when using
nonlinear amplifiers, it still has waveform envelope fluctuations due to instantaneous transitions between
adjacent phase states. SOQPSK-TG is a constant envelope generalization of OQPSK. It is more spectrally
efficient than OQPSK and MSK, in exchange for slightly lower detection efficiency. The SOQPSK transmitter consists of a special binary-to-ternary precoder—which converts the binary information symbols to
ternary channel symbols that are constrained to follow OQPSK data transitions—followed by a standard
CPM modulator. In the case of SOQPSK-TG, the CPM modulator is configured with h = 1/2 and uses the
custom frequency pulse shape specified in [4]. SOQPSK-TG can be described with a 4 state trellis [15],
which requires low decoding complexity. Compared to PCM/FM, SOQPSK-TG has twice the spectral
efficiency and has lower detection efficiency.
As mentioned above, we use PCM/FM and SOQPSK-TG as inner codes of a SCC system over an additive white Gaussian noise (AWGN) channel. The inner demodulator/decoders for these codes are based on
the soft-input soft-output (SISO) algorithm [16, 11] and were designed and implemented in [17]. We now
develop SCC systems that combine a number of different outer codes with these inner modulations/codes.
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Table 1: Map of deleting bits for high rate punctured convolutional codes derived from basic rate 1/2
convolutional codes with constraint lengths k = 2 and k = 4.
Coding Rate
k=2
k=4
N
S
1/2
1(5)
1(27)
2048 32
1(7)
1(31)
2/3
10
11
1536 27
11
10
3/4
101
101
1364 26
110
110
4/5
1011
1010
1280 25
1100
1101
5/6
10111
10111
1230 24
11000
11000
6/7
101111
101010
1197 24
110000
110101
7/8
1011111
1010011 1168 24
1100000
1101100
8/9
10111111 10100011 1152 24
11000000 11011100
9/10
101111111 111110011 1140 23
110000000 100001100
SERIALLY CONCATENATED CONVOLUTIONALLY CODED CPM
The SCC scheme we consider is serially concatenated convolutionally coded CPM (SCCC-CPM), a
block diagram of which is shown in Fig. 1. This scheme consists of an outer convolutional encoder and
an inner CPM modulator, which are separated by an S-random interleaver [18]. We select two rate 1/2
convolutional codes as candidates for the outer code:
• CC1: constraint length k = 2 and generators (5, 7);1 and
• CC2: constraint length k = 4 and generators (27, 31).
The encoders for CC1 and CC2 are explained in [19] and are non-recursive with a free distance of 5 and
7, respectively. These codes completely satisfy the design criteria for outer codes stated in [2].
We use puncturing [20] as a low-complexity method of achieving coding rates higher than the basic
rate of 1/2. This approach allows rate flexibility while requiring only a single encoding/decoding algorithm
for all rates. Table 1 specifies the puncturing patterns and interleaver parameters for CC1 and CC2 with
rates 1/2, 2/3, · · · , 9/10. The higher coding rates are of particular interest in the present aeronautical
telemetry application due to the shortage of available spectrum.
1

We use the standard octal notation [19] for specifying the generators.
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(a) Simulation results for CC1 with coherent SOQPSK- (b) Simulation results for CC1 with coherent PCM/FM.
TG.

Figure 2: Simulation Results for CC1 with CPM under Coherent Demodulation.
In Fig. 1, the received signal is demodulated using the PCM/FM and SOQPSK-TG SISO algorithms
explained in [17]. The two SISO modules are “max-log” versions of the ones in [11, 16] and the soft
probabilities are in the form of log-likelihood ratios (LLRs). The demodulator SISO takes as its inputs
1) the received signal r(t) and 2) a soft input on the probability of the coded symbols. The demodulator
SISO outputs an updated soft probability of the coded symbols. This output is deinterleaved and used as
a soft input to the convolutional SISO decoder. The lower soft input to the convolutional SISO decoder in
Fig. 1 has a numerical value of zero, which corresponds to the assumption that the information bits (ones
and zeros) are equally likely to occur. The outer SISO decoder produces updated versions of its inputs,
one of which is interleaved and fed back as an input to the CPM SISO demodulator.
Probabilities are exchanged between the inner demodulator and the outer decoder in this manner for a
predefined number of iterations. These probabilities are scaled by constants K1 and K2 to improve the
overall performance [21]. In the case of SOQPSK-TG we select K1 = 0.75 and K2 = 0.75; In the case of
PCM/FM we select K1 = 0.65 and K2 = 0.65; these values were determined by simulation. At the end
of predefined number of iterations (in this case five iterations), the lower soft output of the convolutional
SISO decoder is hard limited and constitutes the final output of the decoder. The performance of this
system under coherent and noncoherent demodulation is presented in the next section.
SIMULATION RESULTS
We now present simulation results with comparisons of different aspects of the above-mentioned SCCCPM schemes.
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A. SOQPSK-TG vs. PCM/FM
The bit error rate (BER) performance of coded SOQPSK-TG and PCM/FM with CC1 and various
coding rates is shown in Figs. 2(a) and 2(b), respectively. We measure the coding gains of these two
schemes at the BER = 10−5 crossing point. By way of reference, uncoded SOQPSK-TG crosses BER =
10−5 at Eb /N0 = 10.56 dB and uncoded PCM/FM crosses BER = 10−5 at Eb /N0 = 8.44 dB [17].
(Eb /N0 denotes the bit energy to noise power spectral density ratio.) From these two figures, we can
see larger coding gains in the case of coded SOQPSK-TG. A code rate 1/2 SCCC-SOQPSK-TG scheme
yields a coding of 8.0 dB whereas a similar rate SCCC-PCM/FM scheme yields a coding gain of 6.6 dB.
However, as the code rate increases (e.g. rate 7/8), the gains produced by both the coded modulations are
approximately the same. Extensive simulations confirm similar performance gains by SOQPSK-TG over
PCM/FM when the modulations are coupled with CC2 and this is shown in Figs. 4(a) and 4(b). In addition
to coding gain performance, SOQPSK-TG has the advantage of having twice the bandwidth efficiency of
PCM/FM, which makes it the better choice of the two for coded aeronautical telemetry.
B. COHERENT DEMODULATION vs. NONCOHERENT DEMODULATION
The BER performance comparison between coherent and noncoherent demodulation of SCCC-CPM
is shown in Figs. 2, 4 and Figs. 3, 5, respectively. The forgetting factor parameter of the noncoherent
demodulator is selected as 0.875 [17]. For instance consider Figs. 2(a) and 3(a), from these figures we see
that noncoherent demodulation of SCCC-SOQPSK-TG is about 1 dB worse than coherent demodulation
of SCCC-SOQPSK-TG at BER = 10−5. We can see this clearly if we look at rate 1/2 SCCC-SOQPSKTG with coherent demodulation which yields a coding gain of 8.0 dB, which is 1 dB more than the gain
produced by a similar system with noncoherent demodulation. Similar differences in performance are also
evident with other SCC-CPMs considered and also at higher code rates. This is a good tradeoff between
complexity and performance since noncoherent demodulation reduces the synchronization complexity of
the receiver.
C.

CC1 vs. CC2

Figs. 2(a) and 4(a) show the BER performance of SCCC-SOQPSK-TG with CC1 and CC2, respectively. At code rate 1/2, the performances of the two SCCCs with SOQPSK-TG are similar, where both
codes yield a gain of 8.0 dB. As the code rate increases, the coding gain with CC2 becomes larger than
the coding gain with CC1. For instance, at code rate 4/5, CC2 yields a coding gain of 6.6 dB, which is 0.9
dB better than the gain produced by CC1 with SOQPSK-TG.
Similarly, the BER performance of SCCC-PCM/FM with CC1 and CC2 is shown in Figs. 2(b) and 4(b),
respectively. From these figures we see that at lower code rates, given PCM/FM, CC1 performs slightly
better than CC2. For instance, at code rate 1/2, CC1 with PCM/FM yields a gain of 6.6 dB, which is 0.4
dB better than the gain produced by CC2 with PCM/FM. However, as observed with SOQPSK-TG, the
relative performance of CC2 with respect to CC1 improves as the code rate increases.
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(a) Simulation results for CC1 with noncoherent (b) Simulation results for CC1 with noncoherent
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Figure 3: Simulation Results for CC1 with CPM under NonCoherent Demodulation.
D. SCCCs vs. TPCs
In general, the performance of SCCCs with SOQPSK-TG and PCM/FM is better than the performance
of TPC with these modulations. As shown in Figs. 2(a) and 4(a), SCCCs with SOQPSK-TG at code rate
4/5 realize coding gains of 5.7 dB and 6.6 dB, respectively. A code rate 0.7932 TPC with SOQPSK-TG,
shown in [9], yields a coding gain of only 3.7 dB, which underlines a superior performance shown by
SCCC-SOQPSK-TG considered here.
Similarly, the performance of SCCCs with PCM/FM in Figs. 2(b) and 4(b) at code rate 4/5 shows a
coding gain of 5.9 dB and 5.7 dB, respectively. This is better performance than rate 0.7932 TPC with
PCM/FM, which yields a gain of only 3.4 dB, as shown in [9]. The above results clearly indicate that
SCCCs are the better choice than TPC in terms of coding gains for the CPMs considered.
CONCLUSION
This paper considered SCC-CPM systems with iterative demodulation and decoding, where the inner
modulation was SOQPSK-TG or PCM/FM. These systems consist of SISO algorithms each for the inner
modulation and the outer code, which pass soft probabilities to each other in an iterative manner.
Based on our numerical simulation results, we conclude that SOQPSK-TG yields larger coding gains
than PCM/FM. This advantage comes in addition to the fact that SOQPSK-TG has twice the spectrum
efficiency of PCM/FM. Our numerical results also demonstrated that noncoherent demodulation results in
a small loss on the order of 1 dB, which is an attractive trade for simplified synchronization requirements
at the receiver. We also compared the relative performances of two SCCCs with each other and with a
turbo product code. We found that the convolutional codes resulted in larger coding gains than the turbo
product code. We also found that the relative ranking between the convolutional codes was a function
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(a) Simulation results for CC2 with coherent SOQPSK- (b) Simulation results for CC2 with coherent PCM/FM.
TG.

Figure 4: Simulation Results for CC2 with CPM under Coherent Demodulation.
of code rate. In general, we found that SCC-CPM using the modulations currently used in aeronautical
telemetry resulted in large coding gains and could be implemented with practical levels of complexity.
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ABSTRACT
We design irregular Low-Density Parity-Check (LDPC) codes for free-space optical (FSO)
channels for different transmitter-receiver link distances and analyze the error performance for
different atmospheric conditions. The design considers atmospheric absorption, laser beam
divergence, and random intensity fluctuations due to atmospheric turbulence. It is found that, for
the same transmit power, a system using the designed codes works over much longer link
distances than a system that employs regular LDPC codes. Our analysis is particularly useful for
portable optical transceivers and mobile links.
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INTRODUCTION
Free-space optical (FSO) links have many benefits: availability of unlicensed spectrum,
availability of large bandwidths, less infrastructure, and more security. However, FSO links are
severely affected by atmospheric conditions, such as strong wind, rain or heavy fog. As the light
propagates through the atmosphere, a significant portion of light intensity is lost along the
propagation path. This is further complicated by atmospheric turbulence that causes random
variations in the intensity of the received signal. In order to have reliable links under these
conditions, forward error correction (FEC) techniques have been applied to FSO links.
However, none of the studies available to date have factored in these parameters in a
comprehensive way to analyze the behavior of coded FSO links. In particular, for mobile links
or portable devices, it is still unclear how a coded FSO link behaves as the distance between the
transmitter and the receiver changes. Note that this is not a simple link budget problem since
turbulence characteristics also change with distance.
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In this paper, we consider FSO links that use Low Density Parity Check (LDPC) codes as FEC.
These codes were first discussed by Gallager in 1962 [1], and were later rediscovered by Sipser
et al. [2] and MacKay et al. [3]. LDPC codes can be divided into two categories: regular and
irregular. Regular LDPC codes are such that each node of the same type has the same degree.
So, in a (3,6)-regular LDPC code, all the check nodes have a degree of 3 and all the variable
nodes have a degree of 6. In the case of irregular LDPC codes, the variable- and check- node
degrees are chosen according to some distribution, where, for instance, a third of the variable
nodes may have degree 4 and the other two thirds may have degree 6, and similarly for the check
nodes. For the same code rate, irregular LDPC codes have been shown to perform better than
regular LDPC codes [4].
LDPC codes have been studied extensively for radio frequency (RF) links by many authors, and
are shown to achieve close to capacity performance. Richardson and Urbanke proposed a
powerful evaluation tool called density evolution [5] that can track the probability of error of an
LDPC code for a given noise power level, and can be used to determine the threshold of LDPC
codes. By using density evolution, they were able to design an irregular LDPC code that
performed just 0.06 dB from capacity [4]. However, density evolution in general is very
complicated. A Gaussian approximation of the message densities is used in [6] to simplify
density evolution.
Although the behavior of LDPC codes in RF channels is understood well in the literature, the
same cannot be said about optical links. FSO links have several unique characteristics that make
them very different. In this paper, we consider this problem and make the following
contributions. First, we integrate the three major phenomena of optical links, namely,
absorption, beam divergence, and turbulence into coded FSO links. Accordingly, we show how
to design irregular LDPC codes at various distances from the transmitter. Second, we investigate
the behavior of both regular and irregular codes at various transmit distances. Finally, we
discuss the relationship between coverage distance of the coded FSO link and atmospheric
conditions. We show that by designing appropriate codes, much longer link coverage for the
same transmit power can be achieved for FSO links.

SYSTEM DESCRIPTION
We consider intensity modulation with direct detection (IM/DD) using On-Off Keying (OOK).
The transmitter is a semiconductor laser of near infrared wavelength. The receiver consists of a
combination of a high-gain photodetector, such as an avalanche photodiode (APD), and a
transimpedance amplifier. A narrow bandwidth filter is required at the receiver to reduce the
effects of undesired ambient light. The received intensity undergoes random fluctuations due to
atmospheric turbulence. While most of the work in the literature on coded FSO links considers
only atmospheric turbulence, our model here is quite general in that it includes the effects of
atmospheric absorption, beam divergence, and intensity fluctuations due to atmospheric
turbulence. The effects of these phenomena are described below.
1. Atmospheric Absorption: Atmospheric absorption of optical power is modeled by Beer’s law
as
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where I(λ,L) is the intensity at a propagation distance L in km, λ is the wavelength, I(λ,0) is the

initial intensity, and   ,  ≈ ρ0L, where ρ0 = 0.1 km-1 for clear weather horizontal freespace propagation near the earth’s surface [7].
2. Beam Divergence: As the beam propagates farther, the received intensity keeps decreasing
due to divergence of the beam. The received intensity at a point (x,y) due to divergence for a
Gaussian distributed laser beam propagating in free-space is given by
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where w0 is the initial beam size (e-1 field radius) and w(L) is the average beam size (radius) at
the receiver [8]. The value of w(L) can be found from
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where the wave number, k, is 2π/λ, σR2 is the Rytov variance for a plane wave, and Λ(L) is the
Fresnel ratio for vacuum propagation. The Fresnel ratio, Λ(L), is obtained by equations found in
the Appendix. The Rytov variance is explained in detail below.
3. Atmospheric Turbulence: We consider received intensity at the center of the Gaussian
intensity profile of the laser beam. The intensity (irradiance) fluctuation at the receiver is
modeled using log-normal distribution [9],

with
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where σX2 is the variance of log-amplitude fluctuation of the propagating wavefront, and is
related to the scintillation index. The scintillation index, σI2, is the normalized variance of the
irradiance fluctuation at the receiver, and is defined as
5;  N;O  1
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where <·> is the time average operation. σX2 and σI2 are related by [10]

The strength of atmospheric turbulence can be described by the Rytov variance, σR2, obtained as

3
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where the turbulence structure constant, Cn2, characterizes the strength of the index of refraction
fluctuations [11].
For “weak” turbulence (that is, σR2 < 1), σI2 ≈ σR2 ≈ 4σX2 [10], [11]. There are two commonly
used models for calculating σI2: one for strong turbulence (σR2 > 1), and one for weak turbulence;
both invoke the Rytov variance from (8). For the weak turbulence, it is obtained as
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while for strong turbulence we have,
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where the Fresnel Ratio, Λ(L), and curvature parameter, Θ(L), can be found from equations in the
Appendix [8]. The log-amplitude variance, σX2, can then be obtained for the log-normal pdf
using (7).
4. Receiver: The transmitted laser beam undergoes absorption, divergence, and random intensity
fluctuations as described above and arrives at the receiver. The photodetector in the receiver
converts the received intensity into a current, which is passed to the transimpedance amplifier to
output a measurable voltage. The signal to noise ratio is defined as lmHAE ⁄25R , where η is
the responsivity (A m2/W), T is the bit period, and 5R is the noise variance. The expectation of
the received intensity, E[I], includes the combined effects of atmospheric absorption, beam
divergence, and intensity fluctuations. Combining equations (1), (2), and (5) we get

exp o25M  p q
HAE     



(11)

The combined effect of the thermal noise from the transimpedance amplifier and other circuitry
along with shot noise from the photodiode is modeled as additive white Gaussian noise
(AWGN).

ANALYSIS OF LOW-DENSITY PARITY CHECK CODES
Regular LDPC codes can be characterized by their variable- and check-node degrees, dv and dc,
respectively. The code rate for regular LDPC codes is given by r  1  s ⁄t . Irregular LDPC
codes are characterized by their variable- and check-node degree distribution polynomials, λ(x)
and ρ(x), respectively. The coefficients of λ(x) and ρ(x) must be nonnegative and λ(1)=ρ(1)=1.
In this case, the maximum degrees for variable and check nodes are often referred to as dl and dr,
/
/
respectively. The code rate for irregular LDPC codes is given by r  1   pu  
[6].
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For symmetric RF channels, messages leaving a variable node, v, or a check node, u, are
approximated as Gaussian. Let us define the log-likelihood ratio (LLR) for antipodal modulation
v  logAr|  1⁄r|  1E, where u0 is the LLR message from the channel, x is the bit
value of the node, r is the received signal, and r| is the conditional probability density
function (pdf). The message u0 is Gaussian with mean 2/5R and variance 4/5R , where 5R is the
variance of the channel noise. Since the variance is twice the mean, we need only to track the
mean of the message updates for variable and check nodes for each decoding iteration. The
ℓ
ℓ
variable- and check-node means, {s and {} , respectively, are updated as follows [6]
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where ℓ denotes the ℓ-th iteration, and {}  0 since the initial message from any check node
is 0. The work [6] defines ϕ(x) as
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but it is closely approximated by ~~ " # , for α = -0.4527, β = 0.0218, and γ = 0.86.
Equations (12) and (13) can be generalized for irregular codes as [6]
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where λi and ρj are the variable- and check-node degree distribution coefficients respectively [6],
ℓ
and {s, denotes the mean of the message leaving a variable node of degree i. The probability
ℓ
ℓ
ℓ

of error is then   ¡ ¢£{s ⁄2¤, where {s  ∑  ~+{s, -.

Optical channels are asymmetric and, therefore, the above discussion cannot be applied directly.
We use an equivalent “symmetricized” channel [12] and write the pdf of the LLR l as
and error probability  
reduces to

:¦§  :§|onon * :§|offoff
¨
:¦ §§.


(17)

If we assume equally likely transmitted symbols, (17)
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The LLR for the log-normal model is given by
r  ln ª
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where r is the received electrical signal, and σn2 is the noise variance. The density :§ is found
using a simple transformation of random variables
:§  :r
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The probability of error obtained using (18) is then mapped to the equivalent probability of error
from a Gaussian distribution given as [13]
  ¡ +«{} ⁄2-

(21)

with mean mu0 and variance σ2 = 2mu0, for mu0 ≥ 0. This mean value mu0 is then used as the
initial channel LLR mean.
The design of irregular LDPC codes at different distances from the transmitter is carried out
using a nonlinear optimization technique called differential evolution as follows [14]:
1. Channel Characterization: For a given distance, σX is calculated from equations (7) –
(10). The equivalent Gaussian initial channel LLR mean, mu0, is then calculated by
relating equations (18) and (21), and includes the noise level of the channel.
2. Initialization: A cluster of LDPC codes, characterized by λ(x) and ρ(x), are generated
with the same maximum variable- and check-node degree, dl and dr, respectively.
Density evolution, given by (15) and (16), is then applied to the cluster of codes with
a large number of iterations to determine the probability of error associated with each
code for the given noise power level. The code with the smallest error probability is
selected.
3. Mutation: The selected code is then mutated several times, forming a new “mutated”
cluster of codes. This is done to avoid the possibility of a local minimum. Density
evolution is applied to this mutated cluster, as it was to the initial cluster, and the code
with the smallest probability of error is selected.
4. Selection: The probability of error is compared from the best initial cluster code and
the best mutated cluster code, and the code with the smallest probability of error is
selected.
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5. Termination: If the probability of error of the selected code converges to a very small
value, for example 10-7, the noise power is increased and the process is repeated from
Step 1. If the selected code does not perform as desired, the best performing code is
mutated and reanalyzed as in Step 3 until either Pe converges to a very small value or
a predetermined number of mutations occur.

COVERAGE DISTANCE ANALYSIS AND RESULTS
In this section, we investigate the coverage distance of different LDPC codes. In particular, our
aim is to see if a code can be designed for a given transmit power to provide low error rates over
a long link distance. Figure 1 shows the minimum required signal to noise ratio (SNR), or
threshold SNR, for (3,6) and (4,8) regular codes and irregular codes designed for atmospheric
conditions at different distances. As expected, the irregular codes collectively have lower
thresholds than the regular codes. Note that the irregular code designed for atmospheric
conditions of 2 km consistently performs better than all other codes. We believe that at QR 
10 /7, the turbulence statistics at around 2 km provide favorable conditions. The received SNR
curve in Figure 1 assumes a constant noise level at all distances. This noise level corresponds to
an SNR of 10 dB at a distance of 1 m from the transmitter.
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Figure 1. Threshold SNR values at different distances.
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Figure 2. Threshold distance for various codes.

In this paper, we introduce the concept of threshold distance, dth. For a given transmit power, it
is defined as the distance from the transmitter beyond which the LDPC decoder does not
converge. Thus, dth provides an estimate on the coverage distance. In Figure 2, we show dth for
various transmit reference SNRs. The transmit reference SNR is defined as the SNR obtained at
a distance of 1 m from the transmitter. As expected, dth increases with more transmit SNR. For
longer distances, an approximate linear relationship is observed. We model this behavior as
¯°  ]± * ², where γ0 is the SNR at the receiver in dB, and a and b are constants. The
constant a is affected by atmospheric channel conditions and b is affected by the particular code.
In Figure 3, we show the dependence of a on the extinction coefficient ρ0 and the turbulence
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parameter Cn2. It is observed that higher ρ0 and higher Cn2 lower the value of a. A better code
(e.g., designed irregular code) provides a higher value of b.
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Figure 3. Threshold distance for a (3,6) regular code for different atmospheric channel conditions.

In order to further understand the behavior of LDPC, we plot the additional transmit power
required to reach the threshold SNR at various distances in Figure 4. We use the transmit power
required for reaching the threshold value at 1000 m as the reference. Observe that at smaller
distances the degradation is mainly due to absorption, and turbulence plays a minor role. As the
distance increases, both turbulence and absorption become significant.
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Figure 4. Additional Transmit Power needed to meet threshold requirements at various distances. The reference is
1000 m.

Finally, Figure 5 shows BER values at different distances for the same transmit power. We
generate random parity-check matrices, H, to satisfy the variable- and check-node degree
distributions for the regular and irregular codes. After 4-length cycles are removed from H,
encoding matrices, G, are generated by the greedy algorithm described in [15]. The results are in
agreement with Figure 1, showing that the irregular code provides significant improvement in
coverage distance over regular codes.
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Figure 5. BER for (3,6), (4,8), and designed irregular LDPC code.

CONCLUSIONS
An analysis on the behavior of LDPC codes over various link distances for FSO links is
presented. Irregular codes are found to cover a few kilometers longer distances than regular
(3,6) and (4,8) codes for the same transmit power.

APPENDIX
The Fresnel ratio, Λ(L), and the beam curvature parameter, Θ(L), are dependent on the initial
Fresnel ratio, Λ0 (L), and curvature parameter, Θ0(L) as: X   1  ⁄³ , 8  
2⁄S · ' , X  X ⁄!X  * 8 %, 8  8 ⁄X  * 8 , where F0 is
the phase curvature of the beam at the transmitter, and is usually assumed to be infinite for a
Gaussian beam so X   1 [8].
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Abstract
In this paper, it is shown that generalized LDPC codes can correct a linear fraction of errors under the
parallel bit flipping algorithm when the underlying Tanner graph is a good expander. A lower bound on
the size of variable node sets which have required expansion is established as a function of the column
weight of the code, the girth of the Tanner graph and the error correction capability of the sub-code. It is
also shown that the bound on the required expansion cannot be improved when the column weight is even
by studying a class of trapping sets. An upper bound on the guaranteed error correction capability is found
by investigating the size of smallest possible trapping sets.

I. I NTRODUCTION
Tanner [1] studied a class of codes constructed based on bipartite graphs and short error correcting
codes. Tanner’s work is a generalization of the low-density parity-check (LDPC) codes proposed
by Gallager [2] and hence these codes are referred to as generalized LDPC (GLDPC) codes. Tanner
proposed code construction techniques, decoding algorithms and complexity and performance analysis to analyze these codes and derived bounds on the rate and minimum distance for these codes.
Sipser and Spielman [3] analyzed a special case of GLDPC codes (which they termed as expander
codes) using expansion arguments and proposed explicit constructions of asymptotically good codes
capable of correcting a fraction of errors. Zemor [4] improved the fraction of correctable errors
under a modified decoding algorithm. Barg and Zemor [5] analyzed the error exponents of expander
codes and showed that expander codes achieve capacity over the binary symmetric channel (BSC).
Janwa and Lal [6] studied GLDPC codes in the most general setting by considering unbalanced
bipartite graphs. Miladinovic and Fossorier [7] derived bounds on the guaranteed error correction
capability of GLDPC codes for the special case of failures only decoding.
The focus of this paper is to establish lower and upper bounds on the guaranteed error correction
capability of GLDPC codes as a function of their column weight, girth and the error correction
capability of the sub-code 1 . We also find the expansion required to guarantee correction of a fraction
of errors under the parallel bit flipping algorithm. Our approach can be summarized as follows:
Manuscript received May 30, 2008. This work is funded by NSF under Grant CCF-0634969, ECCS-0725405, ITR-0325979 and
by the INSIC-EHDR program.
S. K. Chilappagari, D. V. Nguyen, B. Vasic and M. W. Marcellin are with the Department of Electrical and Computer Engineering,
University of Arizona, Tucson, Arizona, 85721 USA. (emails: {shashic, nguyendv, vasic, marcellin}@ece.arizona.edu
An extended version of this work was submitted to the IEEE Transactions on Information Theory
1
Precise definitions will be given in Section II
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(a) to establish lower bounds, we determine the size of variable node sets in a left regular Tanner
graph which are guaranteed to have the expansion required by the parallel bit flipping algorithm,
based on the Moore bound [8, p.180] and (b) to find upper bounds, we study the size of smallest
possible trapping sets [9] in a left regular Tanner graph.
It is well known that a random graph is a good expander with high probability [3]. However, the
fraction of nodes having the required expansion is very small and hence the code length to guarantee
correction of a fixed number of errors must be large. Moreover, determining the expansion of a given
graph is known to be NP hard [10], and spectral gap methods cannot guarantee an expansion factor
of more than 1/2 [3]. On the other hand, code parameters such as column weight and girth can be
easily determined or are assumed to be known for the code under consideration. We prove that for
a given column weight, the error correction capability grows exponentially in girth. However, we
note that since the girth grows logarithmically in the code length, this result does not show that
the bit flipping algorithms can correct a linear fraction of errors.
To find an upper bound on the number of correctable errors, we study the size of sets of variable
nodes which lead to decoding failures. A decoding failure is said to have occurred if the output
of the decoder is not equal to the transmitted codeword [9]. The conditions that lead to decoding
failures are well understood for a variety of decoding algorithms such as maximum likelihood
decoding, bounded distance decoding and iterative decoding on the binary erasure channel (BEC).
However, for iterative decoding on the BSC and the additive white Gaussian noise (AWGN) channel,
the understanding is far from complete. Two approaches have been taken in this direction, namely
trapping sets [9] and pseudo-codewords [11]. We adopt the trapping set approach in this paper to
characterize decoding failures. Richardson [9] introduced the notion of trapping sets to estimate
the error floor on the AWGN channel. In [12], trapping sets were used to estimate the frame error
rate of column-weigh-three LDPC codes. In this paper, we define trapping sets with the help of
fixed points for the bit flipping algorithm. We then find bounds on the size of trapping sets, thereby
finding an upper bound on the guaranteed error correction capability. By saying that a code with
column weight γ and girth 2g ′ is not guaranteed to correct k errors, we mean that there exists a
code with column weight γ and girth 2g ′ that fails to correct k errors.
The rest of the paper is organized as follows. In Section II, we provide a brief introduction to
graph theory notation, decoding algorithms and trapping sets [9]. In Section III, we prove that the
parallel bit flipping algorithm can correct a fraction of errors if the underlying Tanner graph is a
good expander. We establish bounds on the size of variable node sets having the required expansion
in Section IV. In Section V, we study trapping sets for GLDPC codes and conclude with a few
remarks in Section VI.
II. P RELIMINARIES
In this section, we first establish the notation and then proceed to give a brief introduction to
GLDPC codes and hard decision decoding algorithms. We then describe trapping sets for the bit
flipping algorithm.
A. Graph Theory Notation
We adopt the standard notation in graph theory (see [13] for example). G = (U, E) denotes a graph
with set of nodes U and set of edges E. When there is no ambiguity, we simply denote the graph
by G. An edge e is an unordered pair (u1 , u2 ) of nodes and is said to be incident on u1 and u2 .
2

Two nodes u1 and u2 are said to be adjacent (neighbors) if there is an edge e = (u1 , u2 ) incident
on them. The order of the graph is |U | and the size of the graph is |E|. The degree of u, d(u),
is the number of its neighbors. A node with degree one is called a leaf or a pendant node. A
graph is d-regular if all the nodes have degree d. The average degree d of a graph is defined as
d = 2|E|/|U |. The girth g(G) of a graph G, is the length of smallest cycle in G. H = (V ∪ C, E ′ )
denotes a bipartite graph with two sets of nodes; variable (left) nodes V and check (right) nodes C
and edge set E ′ . Nodes in V have neighbors only in C and vice versa. A bipartite graph is said to
be γ-left regular if all variable nodes have degree γ, ρ-right regular if all check nodes have degree
ρ and (γ, ρ) regular if all variable nodes have degree γ and all check nodes have degree ρ. The
girth of a bipartite graph is even.
B. GLDPC Codes and Decoding Algorithms
Definition 1 (Definition 6, [3]): Let G be a (γ, ρ) regular bipartite graph between n variable nodes
(v1 , v2 , . . . , vn ) and nγ/ρ check nodes (c1 , c2 , . . . , cnγ/ρ ). Let b(i, j) be a function designed so that,
for each check node ci , the variables neighboring ci are vb(i,1) , vb(i,2) , . . . , vb(i,ρ) . Let S be an error
correcting code of block length ρ. The GLDPC code C(G, S) is the code of block length n whose
codewords are the words (x1 , x2 , . . . , xn ) such that, for 1 ≤ i ≤ nγ/ρ, (xb(i,1) , . . . , xb(i,ρ) ) is a
codeword of S.
Such a graphical representation is called the Tanner graph [1] of the code. The adjacency matrix
of G gives a parity check matrix of C. An (n, γ, ρ) regular GLDPC code has a Tanner graph with
n variable nodes each of degree γ (column weight) and nγ/ρ check nodes each of degree ρ (row
weight). The code S at each check node is sometimes referred to as the sub-code.

Tanner [1] proposed different hard decision decoding algorithms to decode GLDPC codes. We now
describe an iterative algorithm known as the parallel bit flipping algorithm originally described in
[1], which is employed when the sub-code is capable of correcting t errors.
Parallel bit flipping algorithm: Each decoding round consists of the following steps.
•
•

•

A variable node sends its current estimate to check nodes.
A check node performs decoding on incoming messages and finds the nearest codeword. For
all variable nodes which differ from the codeword, the check node sends a flip message. If the
check node does not find a unique codeword, it does not send any flip messages.
A variable node flips if it receives more than γ/2 flip messages.

The set of variable nodes which differ from their correct value are known as corrupt variables. The
rest of the variable nodes are referred to as correct variables. Following the algorithms, we have
the following definition adopted from [3]:
Definition 2: A check node is said to be confused if it sends flip messages to correct variable nodes,
or if it does not send flip message to corrupt variable nodes, or both. Otherwise, a check node is
said to be helpful.
Remarks:
1) For the parallel bit flipping decoding algorithm, a check node with sub-code of minimum
distance at least dmin = 2t + 1 can be confused only if it is connected to more than t corrupt
variable nodes.
2) The parallel bit flipping algorithm is different from the algorithm presented by Sipser and
Spielman in [3] for expander codes, but is similar to the algorithm proposed by Zemor in [4].
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However, we note that the codes considered in [4] are based on d-regular bipartite graphs
and are a special case of doubly generalized LDPC codes, where each variable node is also
associated with an error correcting code.
3) Apart from helpful checks and confused checks, Sipser and Spielman defined unhelpful
checks. However, our definition of confused checks includes unhelpful checks as well.
4) Miladinovic and Fossorier in [7] considered a decoding algorithm where the decoding at
every check either results in correct decoding or a failure but not miscorrection. While this
assumption is reasonable when the sub-code is a long code, it is not true in general. We
however, point out that the methodology we adopt can be applied to this case as well.
5) The work by Sipser and Spielman [3], Zemor [4], Barg and Zemor [5] and Janwa and Lal [6]
focused on asymptotic results and explicit construction of expander codes. The proofs and
constructions are based on spectral gap and as noted earlier, such methods cannot guarantee
expansion factor of more than 1/2. Our proofs require a greater expansion factor.
C. Decoding Failures and Trapping Sets
We now characterize failures of the iterative decoders using fixed points and trapping sets. Some
of the following discussion appears in [14], [12], [15] and we include it for sake of completeness.
Consider a GLDPC code of length n and let x = (x1 x2 . . . xn ) be the binary vector which is the
input to the iterative decoder. Let S(x) be the support of x. The support of x is defined as the set
of all positions i where xi 6= 0.
Definition 3: [14] A decoder failure is said to have occurred if the output of the decoder is not
equal to the transmitted codeword.

Definition 4: x is a fixed point of the bit flipping algorithm if the set of corrupt variables remains
unchanged after one round of decoding.
Definition 5: [12] The support of a fixed point is known as a trapping set. A (V, C) trapping set
T is a set of V variable nodes whose induced subgraph has C odd degree checks.
It is clear that if the variable nodes corresponding to a trapping set are in error, then a decoder
failure occurs.
III. E XPANSION AND E RROR C ORRECTION C APABILITY
We now prove that the above described algorithm can correct a fraction of errors if the underlying
Tanner graph is a good expander. We start with the following definitions from [3].
Definition 6: Let G = (U, E) with |U | = n1 . Then every set of at most m1 nodes expands by a
factor of δ if, for all sets S ⊂ U
|S| ≤ m1 ⇒ |{y : ∃x ∈ S such that (x, y) ∈ E}| > δ|S|.

We consider bipartite graphs and expansion of variable nodes only.

Definition 7: A graph is a (γ, ρ, α, δ) expander if it is a (γ, ρ) regular bipartite graph in which
every subset of at most α fraction of the variable nodes expands by a factor of at least δ.
We now have the following theorem.
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Theorem 1: Let C(G, S) be a GLDPC code with a γ-left regular Tanner graph G. Assume that the
sub-code S has minimum distance at least dmin = 2t + 1 and is capable of correcting t errors. Let
G be a (γ, ρ, α, βγ) expander where
1>β>

t+2
.
2(t + 1)

Then the parallel bit flipping decoding algorithm will correct any α0 ≤ α fraction of errors.

Proof: Let n be the number of variable nodes in C. Let V be the set of corrupt variables at
the beginning of a decoding round. Assume that |V | ≤ αn. We will show that after the decoding
round, the number of corrupt variables is strictly less than |V |.

Let F be the set of corrupt variables that fail to flip in one decoding round, and let C be the set of
variables that were originally uncorrupt, but which become corrupt after one decoding round. After
one decoding round, the set of corrupt variables is F ∪ C. In the worst case scenario, a confused
check sends t flip messages to the uncorrupt variables and no flip message to the corrupt variables.
We now have the following lemma:
Lemma 1: Let Ck be the set of confused checks, then

(1 − β)γ|V |
.
(1)
t
Proof: The total number of edges connected to the corrupt variables is γ|V |. Each confused
check must have at least t + 1 neighbors in V . Let S be the set of helpful checks that have at least
one neighbor in V . Then,
|Ck | <

γ|V | ≥ |Ck |(t + 1) + |S|.

(2)

|S| + |Ck | > βγ|V |.

(3)

By expansion,

By (2) and (3), we obtain
|Ck | <

(1 − β)γ|V |
.
t

We now prove that |F ∪ C| < |V |. The proof is by contradiction. Assume that |F ∪ C| ≥ |V |. Then
there exists a subset C ′ ⊂ C such that |F ∪ C ′ | = |V |. We observe that a variable node in F can
have at most ⌊γ/2⌋ neighbors that are not in Ck . Also, a variable node in C ′ must have at least
⌊γ/2⌋ + 1 neighbors in Ck , and hence can have at most ⌈γ/2⌉ − 1 neighbors that are not in Ck .
Let N (F ∪ C ′ ) be the set of neighbors of F ∪ C ′ . Then,
 γ

γ
′
N (F ∪ C ) ≤ |Ck | + ⌊ ⌋|F | + ⌈ ⌉ − 1 |C ′ |
2
2
γ ′
γ
γ
(4)
< |Ck | + |F | + |C | = |Ck | + |V |.
2
2
2
Substituting (1) into (4), we obtain


1−β 1
′
N (F ∪ C ) <
+
γ|V |.
t
2
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Now
t+2
2(t + 1)
2β − 1
1−β
<
=>
t
2
1−β 1
+ <β
=>
t
2
=> N (F ∪ C ′ ) < βγ|V |
β>

which is a contradiction.
Remark: The above theorem proves that the parallel bit flipping algorithm can correct a fraction
of errors in linear number of rounds (in code length). However, if we assume an expansion of
(β + ǫ)γ, it can be shown that the number of errors decreases by a constant factor with every
iteration resulting in convergence in logarithmic number of rounds.
IV. C OLUMN W EIGHT, G IRTH AND E XPANSION
In this section, we find lower bounds on the size of variable node sets that are guaranteed to have
the required expansion as a function of the column weight, girth and error correction capability of
the sub-code. We begin with some definitions.
A. Definitions
Definition 8: The reduced graph Hr = (V ∪ Cr , Er′ ) of H = (V ∪ C, E ′ ) is a graph with vertex
set V ∪ Cr and edge set Er′ given by
Cr = C \ Cp , Cp = {c ∈ C : c is a pendant node}
Er′ = E ′ \ Ep′ , Ep′ = {(vi , cj ) ∈ E : cj ∈ Cp }.

Definition 9: Let H = (V ∪ C, E ′ ) be such that ∀v ∈ V, d(v) ≤ γ. The γ augmented graph
Hγ = (V ∪ Cγ , Eγ′ ) is a graph with vertex set V ∪ Cγ and edge set Eγ′ given by
Cγ = C ∪ Ca , where Ca =

′i

Ea

′

= E ∪

Ea′ ,

where

Ea′

Cai and

i=1

Cai = {ci1 , . . . , ciγ−d(vi ) };
Eγ′

|V |
[

=

|V |
[

Eai and
′

i=1

= {(vi , cj ) ∈ V × Ca : cj ∈ Cai }.

Definition 10: [3, Definition 4] The edge-vertex incidence graph Gev = (U ∪E, Eev ) of G = (U, E)
is the bipartite graph with vertex set U ∪ E and edge set
Notes:

Eev = {(e, u) ∈ E × U : u is an endpoint of e}.

1) The edge-vertex incidence graph is right regular with degree two.
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2) |Eev | = 2|E|.
3) g(Gev ) = 2g(G).
′
Definition 11: An inverse edge-vertex incidence graph Hiev = (V, Eiev
) of H = (V ∪ C, E ′ ) is
′
a graph with vertex set V and edge set Eiev which is obtained as follows. For c ∈ Cr , let N (c)
denote the set of neighbors of c. Label one node vi ∈ N (c) as a root node. Then

Notes:
1)
2)
3)
4)

′
Eiev
= {(vi , vj ) ∈ V × V : vi ∈ N (c), vj ∈ N (c),
i 6= j, vi is a root node, for some c ∈ Cr }.

Given a graph, the inverse edge-vertex incidence graph is not unique.
′
g(Hiev ) ≥ g(H)/2, |Eiev
| = |Er′ | − |Cr | and |Cr | ≤ |Er′ |/2.
′
|Eiev
| ≥ |Er′ |/2 with equality only if all checks in Cr have degree two.
The term inverse edge-vertex incidence is used for the following reason. Suppose all checks
in H have degree two. Then the edge-vertex incidence graph of Hiev is H.

The Moore bound [8, p.180] denoted by n0 (d, g) is a lower bound on the least number of vertices
in a d-regular graph with girth g. It is given by
n0 (d, g) = n0 (d, 2r + 1) = 1 + d

r−1
X
i=0

n0 (d, g) = n0 (d, 2r) = 2

r−1
X
i=0

(d − 1)i , g odd

(d − 1)i , g even.

In [16], it was shown that a similar bound holds for irregular graphs.
Theorem 2: [16] The number of nodes n(d, g) in a graph of girth g and average degree at least
d ≥ 2 satisfies
n(d, g) ≥ n0 (d, g).
Note that d need not be an integer in the above theorem.

The following theorem establishes a lower bound on the number of nodes in a left regular graph
which expand by a factor required by the parallel bit flipping algorithm.
Theorem 3: Let G be a γ-left regular Tanner graph G with g(G) = 2g ′ . Then for all k < n0 (γt/(t+
1), g ′ ), any set of k variable nodes in G expands by a factor of at least βγ where,
β=

t+2
.
2(t + 1)

Proof: Let Gk = (V k ∪ C k , E k ) denote the subgraph induced by a set of k variable nodes
V . Since G is γ-left regular, |E k | = γk. Let Gkr = (V k ∪ Crk , Erk ) be the reduced graph. We have
k

|C k | = |Crk | + |Cpk |

|E k | = |Epk | + |Erk |

|Epk | = |Cpk |

|Cpk | = γk − |Erk |.

We need to prove that |C k | > βγk.
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Let f (k, g ′ ) denote the maximum number of edges in an arbitrary graph of order k and girth g ′ .
By Theorem 2, for all k < n0 (γt/(t + 1), g ′ ), the average degree of a graph with k nodes and girth
g ′ is less than γt/(t + 1). Hence, f (k, g ′ ) < γtk/(2(t + 1)). We now have the following lemma.
Lemma 2: The number of edges in Gkr cannot exceed 2f (k, g ′ ) i.e.,
|Erk | ≤ 2f (k, g ′ ).

Proof: The proof is by contradiction. Assume that |Erk | > 2f (k, g ′ ). Consider Gkiev =
k
(V , Eiev
), an inverse edge vertex incidence graph of Gk . We have
k

k
|Eiev
| > f (k, g ′ ).

This is a contradiction as Gkeiv is a graph of order k and girth at least g ′ .
We now find a lower bound on |C k | in terms of f (k, g ′ ). We have the following lemma.

Lemma 3: |C k | ≥ γk − f (k, g ′ ).

Proof: Let |Erk | = 2f (k, g ′ ) − j for some integer j ≥ 0. Then |Epk | = γk − 2f (k, g ′ ) + j. We
claim that |Crk | ≥ f (k, g ′ ) + j. To see this, we note that
k
|Eiev
| = |Erk | − |Crk |, or
k
|Crk | = |Erk | − |Eiev
|.

But
k
| ≤ f (k, g ′ )
|Eiev
⇒ |Crk | ≥ 2f (k, g ′ ) − j − f (k, g ′ )
⇒ |Crk | ≥ f (k, g ′ ) − j.

Hence we have,
|C k | = |Crk | + |Cpk |

⇒ |C k | ≥ f (k, g ′ ) − j + γk − 2f (k, g ′ ) + j
⇒ |C k | ≥ γk − f (k, g ′ ).
The theorem now follows as
f (k, g ′ ) <

kγt
.
2(t + 1)

and therefore
|C k | >

t+2
γk.
2(t + 1)

Note that the above theorem holds when γt/(t + 1) ≥ 2.

Corollary 1: Let C(G, S) be a GLDPC code with a γ-left regular Tanner graph G and g(G) = 2g ′ .
Assume that the sub-code S has minimum distance at least dmin = 2t + 1 and is capable of
correcting t errors. Then the parallel bit flipping algorithm can correct any error pattern of weight
less than n0 (γt/(t + 1), g ′ ).
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V. T RAPPING S ETS OF GLDPC C ODES
We now exhibit a trapping set for the parallel bit flipping algorithm. By examining the expansion
of the trapping set, we show that the bound given in Theorem 1 cannot be improved when γ is
even.
Theorem 4: Let C(G, S) be a GLDPC code with γ-left regular Tanner graph G and a t error
correcting sub-code S. Let T be a set consisting of V variable nodes with induced subgraph I
with the following properties: (a) The degree of each check in I is either 1 or t + 1; (b) Each
variable node in V is connected to ⌈γ/2⌉ checks of degree t + 1 and ⌊γ/2⌋ checks of degree 1;
and (c) No ⌊γ/2⌋ + 1 checks of degree t + 1 share a variable node outside I. Then, T is a trapping
set.
Proof: Observe that all the checks of degree t + 1 in I are confused. Further, each confused
check does not send flip messages to variable nodes in V . Since any variable node in V is connected
to ⌈γ/2⌉ confused checks, it remains corrupt. Also, no variable node outside I can receive more
than ⌊γ/2⌋ flip messages. Hence, no variable node which is originally correct can get corrupted.
By definition, T is a trapping set.

It can be seen that the total number of checks in I is equal to |V |(⌊γ/2⌋ + ⌈γ/2⌉ /(t + 1)). Hence,
the set of variable nodes V expands by a factor of γ(t + 2)/(2(t + 1)) when γ is even. Hence, the
bound given in Theorem 1 cannot be improved in this case.

To determine whether a given set of variables is a trapping set, it is necessary to not only know the
induced subgraph but also the neighbors of the odd degree checks. However, in order to establish
general bounds on the sizes of trapping sets given only the column weight and the girth, we consider
only conditions (a) and (b) of Theorem 4 which are necessary conditions. A set of variable nodes
satisfying conditions (a) and (b) is known as a potential trapping set. For a set of variable nodes to
be a trapping set, it is necessary that every variable node in the set is connected to at least ⌈γ/2⌉
confused checks. This observation leads to the following bound on the size of trapping sets.
Theorem 5: Let C(G, S) be a GLDPC code with γ-left regular Tanner graph G and a t error
correcting sub-code S. Let nc (dl , dr , 2g ′ ) denote the number of left vertices in a (dl , dr ) regular
bipartite graph of girth 2g ′ . Then the size of the smallest possible trapping set T (γ, S, 2g ′ ) of
C(G, S) is nc (⌈γ/2⌉ , t + 1, 2g ′ ).
Proof: We first prove the following lemma and then exhibit a potential trapping set of size
nc (⌈γ/2⌉ , t + 1, 2g ′ ).
Lemma 4: |T (γ, S, 2g ′ )| ≥ nc (⌈γ/2⌉ , t + 1, g ′ ).

Proof: Let T1 be a trapping set with |T1 | < nc (⌈γ/2⌉ , t+1, 2g ′ ) and let G1 denote the induced
subgraph of T1 . We can construct a (⌈γ/2⌉ , t + 1) regular bipartite graph with girth (g ′′ ≥ 2g ′ )
with |T1 | < nc (⌈γ/2⌉ , t + 1, 2g ′ ) nodes by removing edges and check nodes (if necessary) from
G1 which is a contradiction.
We now exhibit a potential trapping set of size nc (⌈γ/2⌉ , t + 1, 2g ′ ). Let G(⌈γ/2⌉ , t + 1, 2g ′ ) be
a (⌈γ/2⌉ , t + 1) regular bipartite graph with girth 2g ′ . Note that in G(⌈γ/2⌉ , g ′ ), all the variable
nodes have degree ⌈γ/2⌉ and all checks have degree t + 1. Now consider Gγ (⌈γ/2⌉ , t + 1, 2g ′ ),
the γ augmented graph of G(⌈γ/2⌉ , t + 1, 2g ′ ). It can be seen that Gγ (⌈γ/2⌉ , g ′ ) is a potential
trapping set.
Corollary 2: Let C(G, S) be a GLDPC code with a γ-left regular Tanner graph G and g(G) = 2g ′ .
9

Assume that the sub-code S has minimum distance at least dmin = 2t + 1 and is capable of
correcting t errors. Then the parallel bit flipping algorithm cannot be guaranteed to correct all error
patterns of weight greater than or equal to nc (⌈γ/2⌉ , t + 1, 2g ′ ).
VI. C ONCLUDING R EMARKS
We derived lower bounds on the guaranteed error correction capability of GLDPC codes by finding
bounds on the number of nodes that have the required expansion. The bounds depend on three
important code parameters namely: column weight, girth and error correction capability of the subcode. Since the relations between rate, column weight, girth and code length are well explored
in the literature (see [2], [1] for example), bounds on the code length needed to achieve certain
error correction capability can be derived for different column weights and sub-codes (for GLDPC
codes). The bounds presented in the paper serve as guidelines in choosing code parameters in
practical scenarios.
The lower bounds derived in this paper are weak. However, extremal graphs avoiding three, four
and five cycles have been studied in great detail (see [17], [18]) and these results can be used to
derive tighter bounds when the girth is eight, ten or twelve. The results can be extended to message
passing algorithms as well. Results similar to the ones reported by Miladinovic and Fossorier [7]
based on the size of generalized stopping sets can also be derived.
R EFERENCES
[1] R. M. Tanner, “A recursive approach to low complexity codes,” IEEE Trans. Inform. Theory, vol. 27, no. 5, pp. 533–547, Sept.
1981.
[2] R. G. Gallager, Low Density Parity Check Codes. Cambridge, MA: M.I.T. Press, 1963.
[3] M. Sipser and D. Spielman, “Expander codes,” IEEE Trans. Inform. Theory, vol. 42, no. 6, pp. 1710–1722, Nov. 1996.
[4] G. Zemor, “On expander codes,” IEEE Trans. Inform. Theory, vol. 47, no. 2, pp. 835–837, Feb. 2001.
[5] A. Barg and G. Zemor, “Error exponents of expander codes,” IEEE Trans. Inform. Theory, vol. 48, no. 6, pp. 1725–1729, Jun.
2002.
[6] H. Janwa and A. K. Lal, “On tanner codes: minimum distance and decoding,” Appl. Algebra Eng. Commun. Comput., vol. 13,
no. 5, pp. 335–347, 2003.
[7] N. Miladinovic and M. Fossorier, “Generalized ldpc codes with reed-solomon and bch codes as component codes for binary
channels,” vol. 3, 28 Nov. -2 Dec. 2005, pp. 6–10.
[8] N. Biggs, Algebraic graph theory. Cambridge: Cambridge University Press, 1993.
[9] T. J. Richardson, “Error floors of LDPC codes,” in Proc. of 41st Annual Allerton Conf. on Communications, Control and
Computing, 2003, pp. 1426–1435.
[10] N. Alon, “Spectral techniques in graph algorithms,” in LATIN ’98: Proceedings of the Third Latin American Symposium on
Theoretical Informatics. London, UK: Springer-Verlag, 1998, pp. 206–215.
[11] P. O. Vontobel and R. Koetter, “Graph-cover decoding and finite-length analysis of message-passing iterative
decoding of LDPC codes,” May 2007, accepted for IEEE Transactions on Information Theory. [Online]. Available:
http://www.citebase.org/abstract?id=oai:arXiv.org:cs/0512078
[12] S. K. Chilappagari, S. Sankaranarayanan, and B. Vasic, “Error floors of LDPC codes on the binary symmetric channel,” in
Proc. of IEEE International Conference on Communications, vol. 3, June 11-15 2006, pp. 1089–1094.
[13] B. Bollobas, Extremal graph theory. London: Academic Press Inc., 1978.
[14] S. K. Chilappagari and B. Vasic, “Error correction capability of column-weight-three LDPC codes,” submitted to IEEE Trans.
Inform. Theory. [Online]. Available: http://arxiv.org/abs/0710.3427
[15] S. Sankaranarayanan, S. K. Chilappagari, R. Radhakrishnan, and B. Vasic, “Failures of the Gallager B decoder: Analysis
and applications,” in Proc. of UCSD Center for Information Theory and its Applications Inaugural Workshop, Feb 6-9 2006.
[Online]. Available: htpp//ita.5i.net/papers/160.pdf
[16] N. Alon, S. Hoory, and M. Linial, “The moore bound for irregular graphs,” Graphs and Combinatorics, vol. 18, no. 1, pp.
53–57, 2002.
[17] D. K. Garnick, Y. H. H. Kwong, and F. Lazebnik, “Extremal graphs without three-cycles or four-cycles,” J. Graph Theory,
vol. 17, no. 5, pp. 633–645, 1993.
[18] Y. Yuansheng, L. Xiaohui, D. Guocheng, and Z. Yongxiang, “Extremal graphs without three-cycles, four-cycles or five-cycles,”
Utilitas Mathematica, vol. 66, pp. 249–266, 2004.

10

WIRELESS SENSOR NETWORKS: A GROCERY
STORE APPLICATION
Undergraduate Students: Andrea Chaves, Bruno Mayoral, Hyun-Jin
Park, Mark Tsang, Sean Tunell
Faculty Advisors: Michael W. Marcellin and Hao Xin
Department of Electrical and Computer Engineering
University of Arizona, Tucson, AZ 85721
{marcellin, hxin}@ece.arizona.edu

ABSTRACT
This paper explains the development of a wireless network system implemented to
streamline grocery store checkout procedures. The design employs a wireless telemetry
network consisting of a base station and wireless motes (Micaz MPR2400) that will be
located on certain aisles, and attached to shopping carts. This system allows customers to
scan items while they shop and uses cashiers for payment purposes only. The objective is
to minimize the amount of processing performed by cashiers in order to reduce waiting
times in line. The system was tested in a simulation environment and waiting times were
reduced by 65%.
Key Words: sensors, sensor networks, grocery store technologies
INTRODUCTION
Grocery stores are dynamic environments where people and carts are almost constantly
moving without pattern. Today, a typical grocery shopping experience consists of a
customer walking into a store with a cart or a basket, carefully picking the products and
placing them into the cart or basket, having each item individually scanned at the
checkout counter, and paying the balance. But because the process of scanning each item
is so lengthy, checkout lines form and customers grow impatient. During peak shopping
hours, high customer flow and customer anxiety make the problem extremely acute. This
is a serious concern for grocery store managers, who want their customers to have the
most enjoyable shopping experience possible.
This paper describes the design of a wireless sensor network system that can be
implemented to streamline grocery store checkout procedures. First, the system
requirements will be analyzed, and then the focus will be on the design concept. The
paper will outline the main components, hardware and software processes, testing,
validation and verification procedures, and the final project results.
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GROCERY STORE APPLICATION
The proposed design was a wireless network system, consisting of a barcode scanner for
each shopping cart, a base station and a set of wireless motes that will be located on
certain aisles, and may be employed to improve customer flow and reduce the waiting
lines. This system utilizes a mobile wireless module (attached to each cart) to allow
customers to scan the items while they shop, permitting them to only require the cashier
for payment purposes. Cashier stations have a direct connection to the main computer
where the base station resides and simply input the shopping cart ID to retrieve the
shopping list and print out an itemized receipt.
The motes are capable of detecting incoming signals from the scanner and broadcasting a
signal to the base station through a mesh network. When a message arrives at the base
station, the information is queried from the main database in order to retrieve the product
description and price. The item is then added to the cart shopping list and sent back to the
mote which updates the information on the display (product description, price, and total
balance).

DESIGN
The designed grocery store system consists of three fundamental functions: reading
product barcode information, retrieving and updating information from the database, and
updating the display. These functions are performed in an iterative manner as depicted by
the main flow of the system in Figure 1.
The process is initiated by the customer when he triggers the barcode scanner. The
scanner reads the barcode and the information is relayed to the mote, which will
communicate wirelessly to the base station. When the barcode is received at the base
station, the database is updated and queried to retrieve information such as item name and
price. This information is sent back to the mote, which in turn updates the price and
information on the display. This process is repeated until the customer finishes shopping.
At this point, the shopper will go to a cashier station in order to begin the check out
process and pay the total balance.
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Figure 1. Flow Chart

FUNCTIONAL DECOMPOSITION
The wireless module attached to the shopping cart consists of four main components: a
barcode scanner, a wireless mote, an LED display, and a set of input buttons.
Additionally, the grocery store must have a base station connected to a computer where
the base station resides, and might have additional motes located at strategic points
throughout the facility (in order to overcome obstacles).
Figure 2 depicts the level-two functional decomposition. The system may receive two
types of input: a barcode, or a functional input which will be received by the mote. The
mote contains a Microcontroller (MC) and Radio Transmitter (RT). The RT in the mote
is responsible for properly transmitting the data from the MC to the base station. The
base station has a mote connected to it as well, and thus has a MC and RT but it does not
need to add or subtract balances, it will receive the information from the mote, transmit
information to it, and signal the main computer connected to it to update the shopper
database, that is, the list created by each shopper’s scan. Therefore, it is able to handle the
communication between the database and various carts (with motes). The main computer
performs operations which involve updating databases such as the shopping lists, and
inventory and recording the total number of customers in each cashier line at any given
time.
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Figure 2. Level Two Functional Decomposition

SOFTWARE
The wireless communication software manages all the data being transmitted from the
external components as well as the wireless transmission. Since software would need to
be installed on each mote, a low power consumption was required in order maximize
battery life. TinyOS, which is based on nesC, complies with the previous requisite thus
making it the best candidate for the software development.
Barcode/Button data reception and data packet transmission
This was the most elaborate part of the design; the software created here was dependant
on the interfacing of the hardware parts, and thus, in learning a new programming
language. For this phase of the design, TinyOS, an operating system designed for
wireless sensor networks, was used because of its low power consumption. The packet
transmission from mote-to-mote, and mote-to-base station was created following the
steps of the programs which were provided as examples and tutorials with minimal
changes other than the information being sent over the network.
Server Database
Data retrieval was performed in the main computer, to which the Base Station was
connected. The base station, the nucleus of the wireless network, needed to have access
to the main store inventory (found on the main database). The information read by the
scanner was sent over the network by the mote at one end-point and received by the base
station at the other. From there, the computer searched the store inventory database in
order to retrieve product information, and then the Base Station transmitted this
information to the requesting mote (guided by the mote ID number). Once the mote
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receives the information, it is sent to the display unit via the USART ports in the mote
and adapting it to be received as a TTL signal by the display unit.
PostsgreSQL was used to manage and organize information such as the health status of
each mote/shopping module, shopper lists, and inventory items into database tables. This
database tool was chosen due to its current integration with our main mote
communication interface, Moteview. PostsgreSQL offered ease-of-use to control the data
coming from the modules. The base station provided the necessary values (mote ID
number and barcode) to query the database on the main computer. As a result of this
query, the information mentioned previously was inserted into their respective tables.
Microsoft Access was used for managing the raw data and converting it into usable
tables for maintenance of inventory, real-time shopper data and service time tables. The
Inventory Items table was accessed by the modules whenever a barcode was provided
and similarly, the database was queried, and the shopping lists were updated accordingly
(by adding or deleting) product descriptions and prices. Once the customer was ready to
checkout, the cashier would enter in the cart ID number into its MS Access interface to
begin a series of queries. The cashier collected the shopper list activity, based on the
module ID number that was entered, and displayed those items and its corresponding
information on a receipt. Another query released a timestamp of when the module
checked-out, and this value was sent back to the database so that any activity/items in the
list BEFORE the timestamp were erased. This was to ensure that the next shopper using
the same module would have a new list. This process was performed during the checkout
event.

ELECTRICAL DESIGN
The most important requirements to be met in the Electrical Design were power control
and signal conversion. Since each electrical component needed different power levels, a
proper amount of power has to be supplied to the components to maintain system
functionality.
Power Considerations
Below, Table I summarizes power consumption for each component. The mote operates
at three volts which is easily realizable with two AA batteries at 1.5V each. A standard
Energizer® Lithium battery is rated to 3000 mAh or milli-amp hours. When the mote
processor is in active mode, the power consumption is approximately 24mW. When the
mote is communicating wirelessly, the transmitter consumes 1mW of power. The LCD
display module operating voltage is 5V and the power consumption is 500mW. The
barcode scanner requires 7V and consumes 14W of power. In order to supply the various
power needs of the wireless module, the design includes five AA batteries in series. This
will provide about 7.5 volts, and will be capable of running for about 2.7 hours assuming
normal use. Normal use was defined as the barcode scanner being active for 50% of total
time, as well as the mote processor. The transmitter would be active about 10% of the
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time, and the display unit being active 100% of the time. This leads to an average current
draw of 1.06A.

Table I. Power consumption for each electrical component.
Mode

Current Draw

Power
consumption

Active

8mA

24mW

125

Sleep

15uA

45uW

66667

Transmit (max)

17.4mA

1mW

3000

Idle

20uA

60uW

50000

Sleep

1uA

3uW

Scanner

Active

2A

14W

Display module

Active

100mA

500mW

Mote
(Processor)
Mote
(Transceiver)

Approximate
hours of use

1000000

Important Considerations
Continuous communication between the motes and the base station was a critical
requirement for the system. However, the wireless components (motes and base station)
have a maximum communication range of 30 m. Although the project was intended to be
a proof of concept, one of the goals is to eventually manufacture a real prototype, which
should be able to function in any grocery store. Given that many grocery stores have a
size that exceeds this 30 meter radius limitation, a mote mesh network topology was
implemented in order to satisfy this requirement. As described in Figure 3, this approach
results in a self-healing network that allows motes to communicate with each other, so
that the base station may be accessed either directly or indirectly through an alternate
mote. Individual motes will be fixed at different locations within the store to guarantee
that at any given time a mote will have another wireless component within a 30 meter
range.

Figure 2. Mesh Network Topology
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SYSTEM BUILD
The display was connected to the Microcontroller in the mote by directly using the logic
transmit/receive pins in order to allow the mote to send all the characters that need to be
displayed. This type of connection, also called TTL interface, is illustrated below in
Figure 3.

Figure 3. TTL interface with microcontroller

Barcode detection was accomplished by using the IR-200R scanner which has an RS232
(Recommended Standard 232) serial port which was used to connect the scanner to the
microcontroller on the mote. The “receive” and “transmit” pins on the scanner serial
connection (pins # 2 and 3 respectively) were connected to pins # 14 and 15 on the
ATMega128L microcontroller in order to allow communication.
Both the scanner and display were connected to the mote, which was able to
communicate with the other motes or with the base station. This communication was
made possible by using the Zigbee Wireless Protocol, which was chosen over WiFi or
Bluetooth given that it mainly involves lower power consumption and cost. In order to
allow the motes and the base station to communicate with each other, they were
configured using MoteConfig and MoteView; two wireless network software packages
provided by Crossbow Technologies. MoteConfig configured and programmed the
motes, with parameters such as ports, mote ID, and transmission frequency. Once the
motes were communicating, the network was analyzed by using MoteView.
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RESULTS
A simulation model was built using Arena (a simulation software package) in order to
test expected results in a grocery store scenario. Store specific information was requested
from Mr. Clyde Tune, the general manager at Fry’s Foods on Grant Rd and 1st Ave
(Tucson, AZ). He provided information regarding average number of customers per day,
average scheduled hours per day, cashier scanning rates, and average number of items per
customer. These parameters are described in Table II.
Table II. Information provided by Fry’s Foods General Manager

Description
Number of items per customer
Scanning rate
Number of customers per day
Cashier hours per day

Value
30 - 50
100 items/minute
3300
75 - 100

The original scenario consists of Fry’s current scenario. It was developed using the
parameters given by Mr. Tune, and was verified and validated to ensure that it actually
represented the real system. After running the simulation for several replications, the
maximum waiting times were recorded for each one of their six available cashiers. The
maximum waiting times occurred in cashiers 1, 3, and 4, and have maximum times
ranging between 8.38 and 10.26 minutes.
The wireless scenario was constructed by using the parameters retrieved from the
wireless communication results. The scanning rate used for the original scenario was
substituted with the communication time (time for the cashier station to access and
retrieve information from the main database) which turned out to be 2 seconds. Similar to
the original scenario, the simulation was run for several replications and the maximum
waiting times were recorded for each one of their six available cashiers. The maximum
waiting times occurred in cashiers 1, 3, and 5 and have maximum times ranging between
2.67 and 3.45 minutes.
As a result of the implementation of the wireless grocery system within the store, the
average of the maximum waiting times for the six cashier stations was reduced by 69%.
The average time was decreased from 8.41 minutes to 2.58 minutes.
The simulation parameters for the grocery store system were set in a conservative
manner: although the inputted scanning rates were the ones given by the manager, they
were significantly higher (faster) than the ones that were observed during the observation
visits. This will affect the simulation since the waiting times for the original scenario will
be somewhat higher than what they actually are. However, this change makes our results
more robust in the sense that the time reduction will be greater when compared to the
observed system.
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CONCLUSIONS
A wireless sensor network in a grocery store is an innovative wireless network
application, since it involves a dynamic environment. By developing such an application,
the system was built to minimize power consumption and optimize communication
ranges. Based on the results from the simulation, the system is expected to function
properly in a real grocery store scenario. It complies with all of its initial expectations,
satisfying the product goal of reducing waiting times in line. The results were tested
within different store scenarios, and the product is expected to reduce waiting times in
line by 69%.
The wireless shopping system functions can be upgraded with the addition of sensors. A
voice recognition sensor can be added to the cart module to detect voice commands (such
as the name of an item). The information received from the voice recognition sensor
would be queried from the database in order to retrieve the location of the item. The item
location (isle number) will be displayed in the unit in order to help customers to quickly
and easily find their products.
Another feature that could be added is the estimated waiting time in line. This could be
done by calculating the current number of customers at each cashier, and sending arriving
customers to the shortest line by displaying the cashier number on the unit. This would be
expected to further reduce the waiting times in line. Also, a security feature could be
added to each unit, by installing a weighing system in the cart (similar to the ones at the
self-service checkouts) in order to prevent items from being put inside the cart without
first being scanned.
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Abstract
Adding an instrumentation / telemetry system to a test article has historically required an
intrusive installation. Power, wiring, and available space typically present significant
challenges. There has been a long-standing need in the test and training community for a
non-intrusive, flexible and modular instrumentation and telemetry system that can be
installed on an aircraft or other test article without the need for permanent modifications.
In addition, as available space in aircraft weapon bays, small weapons, and unmanned
vehicles becomes a premium, the miniaturization of remote sensors and telemetry units
becomes critical.
This paper describes the current status of the Advanced Subminiature Telemetry System
(ASMT) Initial Test Capability Project. It discusses the progress to date in fielding an
operational, wireless sensor system that may be installed on the aircraft skin using an
Electro-Cleavable adhesive as an alternative to conventional mounting methods. The
wireless sensor utilizes the Wireless Communications Standard for Wireless Personal
Area NetworkTM (WPANTM) IEEE 802.15 Working Group standard (commonly referred
to as Bluetooth) to establish communication between the sensor and controller modules.
Results of aircraft ground testing for EMI compatibility with aircraft systems will be
presented. It is also expected that actual flight test results will be available by the time the
paper goes to publication.

Key Words
Network, Miniaturized, Non-Intrusive, Wireless sensor, Bluetooth, Zigbee, IEEE
802.15.4, Data Acquisition

Introduction
Flight test vehicles require a certain degree of wiring and installation modification to
accommodate flight test equipment. In most cases this equipment is used either in a test
vehicle dedicated for flight test, or in a production vehicle to solve a problem or test a
new system. When a dedicated test vehicle is used, it is expected that the installation of
test equipment will require a high degree of intrusiveness. The use of an instrumentation
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system in a production vehicle imposes on the instrumentation engineer to am imperative
to minimize wiring and modification. A small, inexpensive, network based
instrumentation/telemetry system that can be non-intrusively installed in a variety of
configurations and locations on a test vehicle without significantly impacting the
performance of the system being tested has been the goal of the ASMT project and
instrumentation engineers. The implementation of a complete non-intrusive flight test
system is both difficult and beyond the scope of this paper. The possible use of a subsystem acquiring data from several wireless sensors with minimal intrusiveness is both
worth investigating and achievable. This paper will discuss the challenges and barriers
that have been overcome in order to implement and use such a system on a test vehicle.

System Overview
The system is comprised of a group of wireless sensors for data acquisition that
communicate with an on-board data system. The system includes wireless sensor units
with separate installation, and a wireless control unit residing within the data system that
collects data from the network of wireless sensors. See Figure 1 for the system diagram.
Figure 1. ASMT Initial System - Sensor Diagram

Recorder Module
GPS-Based Time
Module

Existing Test Article
Instrumentation
System

Wireless Controller
Module
PCM Interleaver
(MARM unit)

XMTR

Wireless to RS -232
(for Ground use only)

Wireless Sensors
PDA
Developmental Hardware
Existing Instrumentation
Existing Instrumentation (Legacy) or Mod

The wireless sensor incorporates transducers, signal conditioning, an acquisition
controller, a processor, power (battery), a wireless radio, and an antenna into a sealed,
aerodynamically shaped, miniaturized package. It is intended for external installation on
a test vehicle via the use of an electro-cleavable adhesive.
For some applications, a wireless sensor unit may require an external transducer and an
external antenna installation. In this application, the only element installed on the skin of
the test vehicle is the antenna. This application requires the use of available power near
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the sensor unit location, which eliminates the need of a battery. This is very useful in the
case where instrumentation is installed within a pod and data is transmitted back to the
fuselage of the aircraft.
The wireless control unit is part of the on-board data system for controlling and collecting
data from the wireless sensors. The control unit provides a self-discovery mechanism for
identifying the sensors in its network, facilitating the sensor calibration process,
programming acquisition variables in the sensor units, and providing two way
communication with all the sensors in its network. The installation of the controlling unit
as part of the data system may require an external remote antenna for communication
with the wireless sensors.
For added utility, the system allows for multiple wireless control units within an on-board
data system. Each control unit communicates with its own network of wireless sensors
for control and data without impeding other wireless control units from doing the same.
The paper will describe in detail three types of modules that have been developed under
the ASMT Initial Test Capability Project. The three types of units being developed are:
• Wireless sensor unit with integrated transducer and battery
• Wireless sensor unit with external transducer and uses external 28 VDC power
• Wireless control unit

Wireless Sensor Unit with Integrated Transducer and Battery
This wireless sensor node is a stand-alone assembly installed externally on the skin of the
test article. It contains a single tri-axial accelerometer and conditions, digitizes and
encodes the data for wireless transmission to the collector node. The sensor node is
processor based and allows user programmable control of sensor variables and data
filtering. The sensor programmable variables include channel sample rate, gain, offset,
and filter cutoff frequency characteristics. All calibration and signal conditioning is
preset within the unit. The sensor node is fully programmable via the wireless connection
from the controller node. The unit operates from a single replaceable internal battery for
up to four hours. It includes an on-board non-volatile memory for storage of critical
information such as module identifier, channel setup, transducer calibration data, etc. An
IEEE-1451.0 “like” Transducer Electronic Data Sheet (TEDS) datasheet is employed.
See Figure 2.
Figure 2. Wireless Sensor unit with built-in transducer
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The internal triaxial accelerometer is optimized for measuring low frequency vibration
response. The sensor allows a programmable sample rate of up to 200 samples/sec, and
has a programmable digital filter whose –3dB frequency is automatically set to ¼ of the
sample rate (1 Hz to 50 Hz). The channel filter has a 6-pole Butterworth IIR
characteristic. A 5-pole Butterworth anti-aliasing filter with a –3dB frequency of 75 Hz
precedes the A/D converter. This, along with the over-sampling scheme of the A/D
converter, prevents any possibility of aliasing. The sensor unit includes provisions to
collect auxiliary data such as sensor battery voltage, sensor temperature and the state of
two digital input lines all of which are transmitted back to the controller unit,The sensor
unit also provides two discrete digital output signals that may be controlled in-flight via
input pins on the wireless controller unit connector. The sensor’s digital input lines may
be used to confirm the state of these lines on the wireless controller unit.
The sensor unit includes a digital signal controller capable of the following actions:
• Generating a data sample rate clock
• Initiating data sampling
• Controlling the A/D converter and axis channel multiplexer
• Collecting axis channel data from the A/D converter
• Implementing an IIR filter algorithm to provide the required data output sample
rate and frequency response
• Interfacing with the on-board wireless radio
The unit also includes:
• On-board antenna tuned to the Bluetooth band
• I/O connector accessible through an environmentally sealed cover
o Provides access to the discrete I/O signals
o Provides access to a switch that is used to disconnect the battery
Saves battery when not in use
o Provides access for battery recharging

Wireless Sensor Unit with External Transducer
A second type of wireless sensor node has been developed as part of the ASMT initial
Test Capability Project. This unit will be internally installed in a LAU-129 missile
launcher, has an external triaxial sensor requiring excitation power from the unit, uses 28
VDC power, and uses an external antenna. All other building blocks used in the unit with
4

the internal transducer are used in this unit. The intended transducer for use with this unit
is the Kistler triaxial piezo-electric accelerometer K-Shear® #8792 M 04. See Figure 3.
Figure 3. Wireless Sensor unit with external transducer
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Wireless Controller Unit
The wireless controller unit is installed as part of a data system such as Teletronics
MARM-2000 or MCDAU-2000. Its function is to receive wireless data from the sensors,
and format the data in a fashion required by the host Data Acquisition Unit (“DAU”).
The controller unit also sends control data and discrete channel data to the sensor units.
The network controller implements command and control with the sensor units, uniquely
addresses each sensor in its network, controls multiple sensors simultaneously, and
provides access capability to the health status of each sensor unit in its network. In
addition, the controller translates discrete inputs to the unit into discrete commands to the
sensor units. On power up or as required, the controller programs the sensitivity and
sample rate of the sensor channels. The frequency response of the sensor channels is
automatically set to ¼ of the sample rate so, in effect, it is also programmed by the
controller. Periodically the sensor will append additional data to the accelerometer data.
This data includes the state of the discrete sensor inputs, temperature within the sensor
module enclosure as well as other required “housekeeping” signals. As required, the
controller can send commands to each sensor under its control, instructing it to change
the logic state of its discrete output lines.

Airborne Wireless Sensor System Challenges
The challenges in the development of the wireless sensor system for airborne applications
are numerous and required a systematic approach and careful study in may areas of
discipline. These areas include:
• Transducer Selection
• Battery Selection and Power Conservation
5

•
•
•

Frequency Study
Wireless Radio and Antenna
Network Throughput and Data Budget

MEMS Triaxial Transducers
Micro-Electro-Mechanical Systems (MEMS) is the integration of mechanical elements,
sensors, actuators, and electronics on a common silicon substrate through
microfabrication technology. While the electronics are fabricated using integrated circuit
(IC) process sequences (e.g., CMOS, Bipolar, or BICMOS processes), the
micromechanical components are fabricated using compatible "micromachining"
processes that selectively etch away parts of the silicon wafer or add new structural layers
to form the mechanical and electromechanical devices. MEMS brings together siliconbased microelectronics and micromachining technology, making possible a smaller, more
highly integrated and lower power transducer than would have otherwise been possible.
Figure 4. 2-Axis MEMS Integrated Accelerometer

Figure 4 is a functional block diagram of a 2-axis MEMS integrated accelerometer. In
addition to the accelerometers, excitation circuitry, differential amplifiers and low pass
filters have been integrated into the package. The result is a small footprint, low profile
package that consumes only a few milli-watts of power and requires a single low voltage
power supply. The transducer outputs are single ended, high level, low impedance linear
voltages.
The main drawback of MEMS based accelerometers is that with current technology, the
acceleration range of currently available 3-axis MEMS accelerometers is limited to +10g
or less. Higher acceleration ranges such as the +50g range of the system described in this
paper require the use of a 2-axis unit and an additional single axis unit mounted exactly
normal to the plane of the 2-axis unit.
Both the single and 2-axis devices are packaged in 5mm x 5mm ceramic leadless chip
carriers (LCC) and are intended for surface mounting on printed circuit boards. The
circuit board is firmly secured to the sensor housing at multiple points near the
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accelerometers to prevent vibrations that could originate on the circuit board.
Additionally, the single axis unit is mounted on a secondary printed circuit board and in
turn, firmly secured to the housing.

Battery Requirements
The power source of the wireless sensor is self-contained and capable of sufficient energy
storage to provide at least four (4) hours of continuous operation. The battery must be
lightweight and consume as little of the available sensor volume as possible. In addition,
it must be able to supply short pulse currents of several 10’s of milliamperes. The most
severe requirement from the point of view of the battery is the required operating
temperature range of –40°C to +70°C.
Following discussions with the manufacturer and extensive temperature testing, a
Lithium-Ion (Li-Ion) battery technology (the leading secondary battery chemistry) was
chosen. This eliminates the requirement of gaining easy access to the battery while the
sensor unit is installed on the aircraft by requiring only that the battery can be easily
recharged while installed. The battery is lab replaceable.
The battery is low profile, which allowed installation just above the Printed Circuit
Board. The battery is physically secured within the Radome. An on-board recharging
circuit ensures that there is no direct access to the battery terminals, eliminating the
possibility of shorting and causing damage to the battery and personnel during servicing.
All that is required for recharging the battery is an external 5VDC power supply.

RF Frequency Study
Tests have been conducted in order to better understand the capabilities and challenges
associated with the use of COTS wireless transceivers in aircraft data telemetry
applications. Concerns involve both the potential of wireless devices to interfere with
other aircraft electronic systems and conversely, the potential for aircraft electronics to
corrupt wireless telemetry data. For example, aircraft S band transmitters operate from
2.2 – 2.45 GHz while Bluetooth devices operates between 2.4 – 2.483 GHz. Sharing of
this frequency band may lead to serious loss of Bluetooth data due to receiver saturation
whenever the aircraft S band transmitter is in operation. This concern illustrates why
wireless data telemetry testing within the vicinity of the aircraft is necessary to
understand the limitations of the technology.
Line of sight is another issue in wireless technology. When implementing a low power
wireless data link from one part of the aircraft to another, it is highly desirable to have an
uninterrupted line of sight from transmitter to receiver. When this is not possible, the
quality of the data link may suffer.
Field testing of prototypes using the selected Bluetooth transceiver and micro-controller
have been completed and showed successful communication of up to 90 feet line of sight
and also with various obstructions.
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Ground testing on an F-16 was completed in early April 2008. The ASMT system did not
interfere with aircraft systems and the ASMT system was unaffected by the aircraft
systems and EMI sources including the S-Band telemetry transmission to the ground
station. The system maintained a telemetry link, successfully transmitting data to the
control room.

The first flight test of the ASMT system was conducted 24 April 2008. The flight lasted
1.7 hours. Data was successfully collected from all line-of-sight ASMT sensors and the
battery voltage remained healthy throughout the flight. The adhesive bond attachment of
the SWSC-103 sensors to the aircraft was not compromised during the flight.
Future developments will include other wireless sensor types such as RTD and bridge
measurements. The long-term goal is to develop a wireless master controller unit that will
provide a truly non-intrusive installation.

Conclusions
While design and implementation of a wireless system for aircraft telemetry applications
poses a number of challenges, numerous benefits will result from such a system, provided
it can be installed with minimal intrusiveness and without permanent modifications to the
aircraft.
The ASMT system has been taken from the concept stage to a fielded system that has
successfully flown an F-16 flutter mission.
Future testing and additional sensor types will prove the benefits of this system.
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ABSTRACT
As cost and power consumption of wireless devices decreases, it becomes increasingly practical
to use wireless communications and control in residential settings. These networks share some of
the same challenges and constraints as conventional telemetry networks. This particular project
focused on using a commercial, off-the-shelf router to implement a residential automation
system using Z-Wave wireless devices. The router can communicate status, and accept
commands over a conventional 802.11 network, but does not require a remote host to operate the
network. The router was reprogrammed using open source software, so it could issue commands,
collect data, and monitor the Z-Wave network.
KEY WORDS
Home automation, network, wireless, control
INTRODUCTION
Telemetry networks have been in use for a few decades now to automate a variety of aspects of
the home. Primarily, these networks have served to create a comfortable atmosphere with some
applications focusing on efficiency of devices throughout the home. A significant amount of
progress has been made over the past decade as powerful computers continue to decrease in size
and cost and communications technology has become easy to integrate. However, even with this
progress, home automation networks have failed to penetrate much of the consumer market
outside of now commonplace, programmable thermostats.
Though several software systems exist that allow a user's PC to control their system of
controllers via RS-232 or a wireless standard; this requires a PC to be powered on for the system
to be truly automated. Using a PC like this for total control of an automation process presents the
problems of lacking real-time control while the system is off and negating energy efficiency
1

while the system is on. A more suitable alternative that has been created to this PC only system
is a hybrid plug-in system that utilizes a PC interface for programming and a separate low-power
control module to carry out the scheduled commands. Hawking Technology provides such a
model in its HomeRemote Gateway that utilizes Z-Wave technology [1]. This type of system
model is what formed the basis for the design in this paper.
The residential telemetry network described in this paper is centered around a standard wireless
router that has been modified through hardware and software to provide the flexibilities of a PC
controller with the energy efficiency of a dedicated controller. A reduced version of Linux was
installed onto the router to create an easily usable file system and to allow bash script
programming for creation of automation commands. TTL outputs on the router were modified
for RS-232 serial communication so the router could receive and transmit commands through a
wireless transceiver chip.
DESIGN
A PC interfaced home automation transceiver was developed by modifying a wireless router to
communicate to Z-Wave radio technology over a RS-232 connection. A Linksys WRT54GL
wireless router satisfied cost and efficiency requirements as this standard router costs around
$40-60 and uses a 12 Watt power supply as opposed to the 500-1000 Watt power supplies used
in PCs today. Cost of building a device with similar capabilities to the finished design would be
approximately $100-120. Full desired operation of the transceiver was defined as being able to
control a multi-state controller wirelessly, receive status/sensor data wirelessly, and store data to
memory within the transceiver.
I. ROUTER SELECTION AND MODIFICATION
Several manufacturers, including Asus, La Fonera, Buffalo, and Linksys all produce models that
are capable of being used to create a residential telemetry network. Hardware features on certain
models may make them more or less desirable for this purpose, and in some cases the router may
require no hardware modification at all. A Linksys WRT54GL wireless router was chosen in this
case due to its low cost, the team's experience with this router, and the large community of users
and hobbyists. A number of modifications have been well documented by users and this was
used to add two RS-232 ports to the router for communication with a transceiver [2]. These serial
ports were added to the router by using a common MAX232 IC chip circuit to ensure a
conversion of TTL voltage levels to RS-232 levels.
II. COMMUNICATION STANDARD
A number of commercial residential telemetry solutions and standards are currently available and
are competing for dominance in the marketplace. The most common standards that are currently
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being used in home automation are X-10, Zigbee, and Z-Wave. X-10 and Z-Wave standards
currently offer some of the least costly sensors and control modules [3]. Zigbee and Z-Wave are
both wireless technologies that communicate in the 900 MHz ISM band in the United States
while X-10 primarily communicates over existing power wiring in the home [4], [5]. Ideally, a
transceiver from any of these standards should be capable of being controlled if the commands
are set specifically for the standard being used. However, it should be noted that a number of
Zigbee devices operate in the 2.4 GHz range and present a possibility of interfering with 802.11
if proper precautions are not taken [6]. A similar home automation design has been created using
X-10 and was found after completion of the work described here [7]. Z-Wave was chosen for use
in this project mainly for its focus on low power and the large availability of affordable
controllers and sensors [8].

III. FIRMWARE AND SOFTWARE
Turning the wireless router into a flexible Linux computer was at the heart of making this project
work. A number of embedded Linux distributions are available that suit this task, including two
designed specifically for routers: OpenWRT and DD-WRT [9], [2]. Initially DD-WRT was used
in hopes that its graphical web interface could be modified to display a visual layout of the user's
home with controls and sensor values. Unfortunately, this version lacked software needed to
adjust serial port baud rate and proved difficult to add missing commands to. This prevented
communication efforts with the transceiver as a higher baud rate of 115200 was required by the
transceiver. Though DD-WRT still had significant capabilities for this project, it was exchanged
for OpenWRT due to a shortage of time.
OpenWRT - Kamikazee distribution, consists of a simple Linux command line interface and has
software and several built-in commands that allow for programming in ASH script on the router.
In addition to this, OpenWRT contains an 'ipkg' program that allows for selective installation of
Linux commands that have been left out of its reduced set. Using 'ipkg', software was added that
allowed for full BASH scripting and routing of serial data.
The team decided to approach design of the interface from both C and Linux script concurrently.
Eventually, due to the limitations of time and the scope of the project's goals, the team decided to
discard programming a GUI in C and focused on creating a simpler interface in Linux script.
Though the interface would be slightly more difficult to use; functionality would be maintained.
Linux scripting was created to control on/off, level set, status retrieval, and logging through the
use of Z-Wave development kit documentation and serial communication capture.
SYSTEM OVERVIEW
In this system, the router remains powered on and continues to operate as a regular wireless
router while maintaining necessary logging and control operations from either direct or
scheduled commands. A block diagram shown below in Figure 1 provides a description of the
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physical layout of the router's communications. Commands are executed by sending a specific
string of hex code to the Z-Wave transceiver via RS-232. This hex string contains the action to
be performed and information on the destination controller or sensor as well as a specific
identification number for the users home. All controllers or sensors that are not of the desired
destination or of the user's home network will ignore the command or forward it until the
command reaches the desired Z-Wave module. An update of the status of the module can be sent
back and logged as a string of hex with date and time for diagnostic or efficiency uses on the
router's flash memory, an external flash memory card, external hard drive, or possibly a web
server.

Figure 1. Router Communication
Communication to and from the transceiver is done by using a number of Linux commands
through scripting to direct serial input and output. Commands can be issued directly to the router
by connecting to the router through a PuTTY client [10]. Upon connecting to the router a menu
can be brought up on the command line by typing at the command line “/example”. A step by
step numbered menu is brought up that allows logging control, 0-100 value setting of
controllers, retrieval of Z-Wave module status, and timer settings for on and off times of a
module. Each command was tested and confirmed to be working using a variable intensity ZWave light module with results being logged to memory on the router. Though no noticeable
effects were seen on the router's normal operation, more testing will need to be done to
determine if use of the router as a controller for the telemetry network is detrimental to the
Ethernet network's integrity and speed.
Only tests for a single Z-Wave module were tested at this time due to budget limitations, but
some problems were found that will need to be resolved for a full multiple sensor network. It was
found that a system or algorithm needs to be created to update the controller identification
numbers if they are changed. In testing, if the controller's identification changed, communication
would be lost and code would need to be changed to restore it.
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CONCLUSION
As energy use and prices continue to increase so will the need for energy efficiency in the home.
An open source residential telemetry network, such as the one described here can become a
significant contribution by making home automation systems more affordable and commonplace.
Creation of an affordable device that could be made to work with multiple standards would allow
customers to use savings for more automation modules throughout their home, therefore
increasing overall energy efficiency and providing greater convenience.
REFERENCES
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ABSTRACT
This paper describes the design and construction of a low-cost wireless sensor network (WSN)
intended to track a human body walking upright through its physical topology. The network
consists of arrays of pyroelectric infrared (PIR) sensors that can detect a moving body up to
five meters away within a semicircular field of view. Data is gathered from these arrays and
transmitted to a central processor that triangulates the body’s position. Important characteristics of both the PIR sensors and the network’s asynchronous nature are elaborated upon
to illustrate how they affect the interpretation of the data.

INTRODUCTION
Human tracking is an exciting application domain for WSN’s, as many existing systems
benefit from precise knowledge of an individual’s position. For example, many indoor security
systems exist that detect the presence of an intruder; however, these systems do little more
than note their point of entry into a secure area. Using such systems makes it difficult
to infer the path they have taken and their present location in areas without choke-points
or corridors. Estimating these both improves the chances of intercepting the intruder and
provides insight into what was compromised during the intrusion.
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The design of a WSN capable of reliably detecting and estimating the position of a human
is challenging because:
• An accurate knowledge of physical deployment of each wireless sensor unit (WSU) is
necessary to calculate an accurate position for the human being tracked.
• Sensors on different WSU’s will likely be subject to different noise sources.
• Without clock synchronization, sensor observations will be made at different times.
• Observations may not arrive at a station collecting data in the order they are made.
Sensor choice has a large impact on the nature of the tracking task. The tracking of humans
with pyroelectric sensors is described in the section on Pyroelectric Sensor Characteristics.
These sensors generate a potential based upon changes in incident passive-infrared radiation,
and bring about new challenges within the context of the tracking task:
• A pyroelectric sensor detects changes in radiation. As a result, it is not possible to
detect very slow-moving and stationary objects, even if they emit considerably more
or less infrared radiation than their surroundings.
• It’s difficult to gauge the distance to a human body when a change in infrared is
detected. Each sensor’s output is a function of the speed an object moves in front of
it, that object’s heat signature, and the object’s distance from the sensing elements.
It is possible for a waveform generated by a distant fast-moving body to resemble the
waveform from a nearby slow-moving body.
• The human body comes in a range of sizes, and may be wearing clothing that interferes
with its heat signature.
As a result of the above, a WSN that utilizes pyroelectric sensors to detect a moving human
body requires overlapping sensor ranges to accurately triangulate its position. The section
on Sensor Array Design describes the arrays of pyroelectric sensors intended for placement,
such that their fields of view overlap. The Position Estimation Algorithm section describes
how we merged the unique world-views of the arrays to generate an estimate for a moving
body within their field of view.

Pyroelectric Sensor Characteristics
Pyroelectric sensors rely on passive infrared radiation emitted by the objects moving in front
of them. All humans emit infrared radiation, and unless steps are taken to reduce one’s infrared signature, most humans emit infrared radiation of approximately the same wavelength
and magnitude.
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W

Plank’s Law for black-body radiation relates spectral radiance (I, measured in m3 ) to wavelength for an object not illuminated by other sources of electromagnetic radiation.
I(λ, T ) =

2hc2
λ5

1
.
hc
e λkT − 1

(1)

λ : radiation wavelength (m)
h : Planck constant
c : speed of light (m/s)
k : Boltzmann constant
T : temperature (K)
Spectral radiance peaks between between 5 and 20 µm for a human body at 310 K.
The RE200B, a balanced differential, series-opposed, dual-element pyroelectric sensor was
selected to build the sensor arrays. This sensor is manufactured by Nippon Ceramic Co.,
Ltd., and was selected because of its use in prior human tracking work [1] and affordability
compared to other pyroelectric infrared sensors.
Each RE200B detects radiation with wavelength between 7 and 14 µm, a property determined by a glass plate that also protects its two internal sensor elements. These elements are
separated such that they witness the same phenomenon from slightly different perspectives
and opposed in series such that the voltage across them is zero when they witness the same
change in infrared radiation. This balanced differential nature of the sensor greatly reduces
interference by background radiation (which is seen by both internal sensor elements and
subsequently canceled).
An object passing in front of the sensor generates an output voltage across it that resembles
a single period of a sinusoid, the result of two opposing voltage spikes occurring in rapid
succession, one associated with each sensor element. The phase angle of the sinusoid can be
used to determine the direction of movement across the field of view (FOV) of the sensor.
Unfortunately, the FOV for dual-element sensors is typically large (often as much as 120◦ ).
Because objects are more likely to change speed or direction within a large FOV, a Fresnel
lens was used to shrink the FOV of each sensor to approximately 15◦ , making it obvious
when a body moves directly in front of it and reducing its susceptibility to changes in temperature in indoor air currents. A Fresnel lens has a much greater surface area than the
internal sensor elements, increasing the effective gain of the sensor by increasing the amount
of infrared it absorbs.
In indoor testing, a variety of non-human phenomena were captured by these sensors (such
as a burst of turbulence produced by an air handler turning on). As a result, there was need
to reject sinusoidal pyroelectric sensor outputs that were most likely not produced by human
movement. Bounds for the range of frequencies generated by human movement within the
15◦ FOV of a sensor were estimated using the following formulas:
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flow =

vslow
θsensor dlong

fhigh =

vf ast
θsensor dshort

(2)

θsensor : the FOV of a single sensor
flow , fhigh : the lowest and highest frequency sinusoids generated by movement
dlong , dshort : the furthest and shortest distances movement can be reliably detected at
vslow , vf ast : the slowest and fastest movement speeds detected by the sensor
Experimentation suggested most human motion occurs at speeds between 0.25 and 2 m/s,
and that a sensible effective range for the sensors was between 5 and 1 m. 5 m was picked as
an upper bound because it became difficult to discern casually dressed targets moving at low
speed at that distance. This was especially true in settings with a great deal of thermal noise.
These speeds yield an approximate minimum and maximum frequency of 0.2 and 7.6 Hz,
respectively. An active band-pass filter with a center frequency of approximately 3 Hz and a
bandwidth of approximately 10 Hz was selected to both amplify and filter the sensor outputs.

SENSOR ARRAY DESIGN
The Crossbow MICA2
Berkeley mote was selected
to serve as a platform to
gather data from the pyroelectric sensor arrays. Each
WSU subsequently consisted
of a MICA2, a pyroelectric sensor array, and a custom data acquisition board
(DAB) used to filter and amplify the voltages produced
by the sensors. Each array was was outfitted with
eight pyroelectric sensors,
the number of ADC’s available on the MICA2.
The WSU array consisted of
a sheet metal housing that
served as a mounting frame for the Fresnel lenses and pyroelectric sensors as well as electromagnetic shielding for the data acquisition hardware (particularly the wireless hardware
itself). The WSU housing held each of the eight sensors at focal length behind its respective
lens.
Figure 1: sheet metal housing
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Hoping to as monitor as much area as possible with an acceptable level of tracking accuracy,
the centers of each sensor’s FOV were separated by 18◦ such that each WSU monitored a
162◦ viewshed, with a small amount of dead space in between each sensor in the array.

Unfortunately, sheet metal reflects infrared energy well, and gaps in the housing resulted in
infrared ”leaks”. These gaps were easily sealed with electrical tape, which effectively blocked
the unwanted infrared radiation. Dividers were also placed in between each sensor within
the housing to prevent infrared from passing through a lens at an oblique angle and reaching
an unintended sensor.
POSITION ESTIMATION ALGORITHM
Each WSU was programmed to continuously
sample the amplified and filtered sensor outputs produced by the DAB 15 times
a second, transmitting a
datagram to a nearby base
station after every sample
to facilitate real-time tracking. Each datagram contained a unique ID number assigned to its respective WSU and eight sensor output values, all encoded in 32-bit unsigned integers.
The stream of samples from
each sensor was digitally filtered upon arrival at the PC. An average was continuously computed over a large window
of size w for each sensor’s output stream. This resulted in a stream of averages available for
a sensor after w values arrived from it at the base station. At that point, the absolute value
of the difference between each sample and this average was computed. The resulting stream
of values was compared to a sensibly set threshold to determine if a sensor was observing
motion. These ”detector” values typically lingered near zero and increased when stimulated
by human-like motion. Comparing against a small-window size ( w/20 ) average of the
detector values reduced the occurrence of false-positives by deemphasizing the significance
of each individual sample.
Figure 2: WSU

Each marked sensor, associated with a particular viewing angle with respect to a particular WSU, then contributed to the continuous calculation of a heading to nearby human
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movement for that WSU. For each set of eight readings, a heading to the nearest movement was crudely estimated by averaging the angles associated with the sensor outputs that
stepped over the threshold discussed above. When a sensor was marked, the routine running
on the PC took it into consideration for the heading calculation for 0.5 s.
The PC then used the headings reported by each WSU to pinpoint the location of the
movement at any given instant. This was accomplished by finding points of intersection
between the headings. Note that each heading, coupled with its associated WSU location,
forms a ray. To support all possible physical network topologies, a check for ray intersection
was required for each heading-to-heading comparison.
A simple algorithm was then used to estimate the location of movement within the network by using the WSU headings in tandem with their respective positions:
For every pair of nodes in the network, determine if their rays intersect within reasonable
range of the network. If a nearby point of intersection exists, note it. Afterward, look at all
the points of intersection and average their coordinates. The resulting centroid is an estimate
of the humans position.
For n WSU’s, this algorithm’s worst-case computational complexity is O(n 2 ), as each WSU
must compare itself against every other WSU in an attempt to find points where their rays
intersect. In a worst-case scenario, every WSU will calculate a ray that uniquely intersects
every other WSU ray. After each comparison the coordinates of the point of intersection can
be added to a sum of the coordinate values, adding a constant-time penalty to each of the
comparison steps. This sum can then be divided by the number of intersections to find the
centroid.
With the arrival of each datagram, the points of intersection between its associated WSU
and the other WSU’s using the location estimator above were recomputed. This shifted the
average of these points, continuously recreating centroids representative the present location
of movement. By chaining-together estimates of this location over time, it became possible
to record the path a human elected to walk within the network.

TESTING
This body tracking was tested using four WSU’s, all placed within range of the base
station such that each unit’s effective FOV overlapped with each of the other units’ FOV’s.
Overlap regions consisted of two, three, and four overlapping FOV’s. Zones with the highest
amount of overlap generally performed the highest resolution tracking. This was expected,
presumably due to the error made by each unit being averaged-out by the observations of
other units with different perspectives. The predicted position was generally within 1 m of
the correct position with four units placed 5 m from each other. These units were arranged in
a plus-shaped physical network topology such that their viewsheds overlapped in the center
of the plus.
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In addition to measurement and triangulation challenges associated with the infrared sensors, the message-passing between wireless sensors presented its own unique challenges. Most
importantly, each MICA2 did not sample in tandem with the other MICA2’s due to the communication overhead involved in running clock synchronization on top of a sensing application. As a result, observations were made at different times by each WSU. As a heuristic, the
position estimator used the last message successfully transmitted by each WSU to predict
where a human is.
Each MICA2 was programmed to place a sequence number in its messages such that the
last message from a WSU could always be identified from the partial order imposed by the
sequence numbers. Every position estimate was a function of the values contained in the
last messages received from the WSU’s.
Despite the information about some rays being older than others, this system worked acceptably when messages arrived from each WSU at about the same intervals, particularly
when capturing over 10 samples each second.

FUTURE IMPROVEMENTS
One of the chief barriers to the WSU’s accurate tracking a body was thermal noise and
electromagnetic interference in the deployment environment not being the same from sensor
to sensor. Each sensor has its own unique perspective; some sensors see a lot of noise, while
others little. This results in some sensors being capable of detecting movement under the
detector threshold, which is set high in the interest of preventing false-positives.
It might be of benefit to statistically model the output of each individual sensor unit in
real-time. Then a sensor unit could be marked as having observed movement when a significant change occurs to a signal that its model indicates is highly unlikely. This approach
might prevent thermal noise and electromagnetic interference from negatively influencing
the position estimation algorithm. It would also make it easier to quantify how significant a
change is, and subsequently improve the weighting of angles when calculating a heading for
each WSU.
Building such statistical models could be accomplished by software running on the PC,
calibrating the network to a particular environment. Quantities of primary interest are signal mean and variance; however, other higher-order statistical moments might be of use.
The parameters that govern these models should be learned on a much longer time frame
than the expected slowest detectable infrared energy change.
Note that the pyroelectric signals discussed also yield information about the lateral nature of the infrared energy change (i.e. which direction is the body moving in), which was
not being taken advantage of in this position estimation method. Recording this information
when a threshold is crossed (or a significant deviation from a statistical model is detected)
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would add an additional one-dimensional vector quantity to each heading generated. Coupled with the perspective of two WSU’s not observing something moving in between them,
the positions of a human estimated by a network could now be turned into both a point and
a two-dimensional vector quantity which describes that point’s instantaneous motion in a
direction.
A better position estimation algorithm might also reduce the weight of old information
when calculating points of intersection. It might also try to calculate an expected future
movement profile (likely a simple heading) to help improve future position predictions by
using past position estimates.

CONCLUSION
Wireless sensor networks have great potential to perform spatial tracking of human movement using arrays of low-cost pyroelectric sensors. Using such sensors places adds additional
complexity to the software needed to merge the unique perspectives of them together. Asynchronous sampling and unreliable transport of sensed data makes this merging problem more
challenging.
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On behalf of the ITC Organizing Committee, we invite you to attend the 44th
International Telemetering Conference in beautiful San Diego, California. The conference
theme “Telemetry: Measure, Move, Record, Analyze... We Do It All” conveys the
can-do attitude exemplified by the technicians, engineers, instrumentation, flight test, and
data processing specialists that make all this possible. The conference program this year
will celebrate the accomplishments of these working engineers.
For those of you who have attended the ITC before, you will notice some exciting
changes in 2008. The most significant of these changes is the opening of the new Grand
Exhibit Hall at the Town and Country Convention Center. This hall features new, stateof-the-art exhibit space that has allowed the conference to expand to more comfortable
dimensions.
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The opening session features a panel discussion describing the recent WRC allocations
for worldwide telemetry spectrum. Like the new exhibit hall, the new spectrum has the
potential to alleviate some of the pressures on frequency management in some of the
more crowded telemetry bands. We invite you to attend the opening session to meet
those who made this possible, to learn about the regulatory issues accompanying these
new allocations, and to ask your own questions.
The keynote luncheon speaker is Dr. Michael Marcellin who will give an informative and
entertaining overview of digital cinema. This is an opportunity for you to learn from one
of those who wrote the standard, how digital cinema may solve some of the data movement problems in range telemetry.
The technical program features 11 one-day short courses and 22 technical sessions
devoted to the usual suite of topics important to telemetry personnel.
The ITC staff is grateful to all the attendees, exhibitors, and speakers who volunteer their time
to make ITC the premier event in telemetry. We look forward to seeing you in San Diego.
— Michael, Kurt, Wiley & Lena
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to making this forum the premier event it has been for the past 43 years.
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CONFERENCE PLANNER
No other venue provides the depth of coverage on the telemetry
industry than you’ll get from ITC. With a focus on overcoming the
many challenges facing the industry in the next decade and with
hundreds of technical presenters and exhibitors on hand, you’re sure
to get the most comprehensive and up-to-date information in one place at one time. We’re kicking the
conference off with the Icebreaker on Monday night. We continue the fun with a Reception Tuesday
evening that keeps the exhibit halls open an extra hour. We will cap our special events with a conference
luncheon on Wednesday that offers an interesting presentation.

EVENT GUIDE

DATE

TIME

Registration

Sunday, October 26

4:00pm–6:30pm

Monday, October 27

7:00am–6:00pm

Tuesday, October 28

7:00am–6:30pm

Wednesday, October 29

7:30am–11:45am / 2:00pm–5:00pm

Thursday, October 30

8:00am–10:00am

Monday, October 27

9:00am–5:00pm

Tuesday, October 28

11:00am–7:00pm
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Welcom

Opening Ceremony &
Blue Ribbon Panel

Tuesday, October 28

8:00am–11:00am

Free!

Exhibit Hall Reception

Tuesday, October 28

5:00pm–7:00pm

Conference Luncheon

Wednesday, October 29

12:00pm–2:00pm

Welcome

Monday, October 27

12:30pm–4:30pm

Balboa Park Trip (free bus transportation)

Tuesday, October 28

9:30am–5:00pm

Yoga & Sit and Be Fit Classes

Tues. & Weds. mornings

(see pg. 7)

Shopping at Fashion Valley (bus trips)

Wednesday, October 29

10:00–11:30am / 1:30–6:00pm

Short Courses
(See page 6 for complete short course information.)

Exhibition Hours
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Technical Sessions

Special Events
Free!

Free!

Free!

This year, spa services will be offered Monday afternoon through Thursday morning by appointment only. Call 619220-0014, ext. 112 or e-mail s.holmes@bellatosca.com to set up your spa appointment. Hurry, space is limited!

For more information on our spouse & guest activities please visit our website at www.telemetry.org

Calendar subject to slight modifications. Consult on-site program for latest information.

ITC/USA 2008

Spouse & Guest Activities

CONFERENCE
AT A GLANCE

CONFERENCE AT A GLANCE

MONDAY, OCT. 27

Short Courses

Principles of
IRIG 106-07
Basics of
Adv.
Intermediate
TM Ground Telemetry Chapter 10, Basic Systems
9:00 AM Modulation Signals &
Concepts
Station Networks Recording Engineering
to
Techniques Modulation
Standard
Antennas
5:00 PM
6:30 PM
to
8:30 PM

ITC/USA 2008 Icebreaker:

ree!

F
me!
All Welco

CLOSED

>Location: Terrace Pavilion (by the pool)

Opening Ceremony >Location: Golden Pacific Ballroom
Telemetry and the World Radiocommunication Conference. Now What?
Chair: Dr. John Foulkes, Director, Test Resources Management Center

CLOSED

Panelists: Brian Ramsay, Eddy D’Amico, Dr. Gerhard Mayer, Jean-Claude Ghnassia, and Steve Lyons
11:00 AM
1:30 PM
to
4:30 PM

Exhibits Are Open from 11:00 AM to 7:00 PM

Technical
Sessions:

1.

2.

3.

4.

5.

RCC-TG and
TSCC

Time-Space
Positioning/GPS

System
Management

Payload &
System
Software
Development

Network &
Transport
Protocols

Special
Session

OPEN
11:00
AM
to
7:00
PM

5:00 PM

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

8:00 AM

Exhibits Are Open from 8:00 AM to 11:45 AM
6.

4

Image
Performance
Fundamentals
Compression Introduction
-Based
of Microwaves SETUP
with JPEG
to GPS
Sensors
& RF
2000

TIME

8:00 AM
TUESDAY, OCT. 28

Halls

8:30 AM
to
11:30 AM

Technical
Sessions:

7.

8.

9.

ree!

F
me!
All Welco

OPEN
8:00
AM
to
11:45
AM

10.

Emerging iNET Telemetry in Extreme Reliability, Modulation & Multipath
Standards
Environments
Maintenance & Synchroni- Environments
Risk
zation
Special
Management
ion

WEDNESDAY, OCT. 29

Sess

Conference Luncheon >Location: Golden Pacific Ballroom
An Overview of Digital Cinema: Are There Answers for Telemetry?

12:00 PM

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

2:00 PM

11.

2:30 PM
to
5:30 PM

Technical Sessions:

12.

13.

14.

OPEN
2:00
PM
to
6:00
PM

15.

Joint Advanced Missile
iNET
Aeronautical Remote Site
Data
Instrumentation (JAMI) Technologies Telemetry
Telemetry Management
User Group
Systems
& Post
Processing
Special
Session

Exhibits Are Open until 6:00 PM
8:00 AM
THURSDAY, OCT. 30

ITC/USA 2008

CLOSED

Speaker: Michael Marcellin, Regents’ Professor, University of Arizona

Exhibits Are Open from 8:00 AM to 12:00 PM
16.

8:30 AM
to
11:30 AM

Technical
Sessions:

Imaging &
Video

17.

18.

19.

ICTS:
Telemetry
Data
Future Direction of Receivers & Acquisition &
International Telemetry Systems
Instrumentation
Systems
l
Specia
Session

20.

21.

22.

Telemetry
& Range
Systems

Error
Control
Coding

Sensor
Networks

OPEN
8:00
AM
to
12:00
PM

Exhibits Are Open Until 12:00 PM

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

GUEST SPEAKERS

ITC/USA’08 GUEST SPEAKERS
OPENING CEREMONY: TELEMETRY AND THE WORLD
RADIOCOMMUNICATION CONFERENCE. NOW WHAT?

CONFERENCE LUNCHEON
>Wednesday, October 29, 2008

>Tuesday, October 28, 2008 8:00am – 11:00am | Golden Pacific Ballroom

12:00pm – 2:00pm | Golden Pacific Ballroom

By means of an international grassroots effort, a small group of telemetry practitioners has gained us
access to additional spectrum for flight test. Likening to a “mouse that roared”, this panel, comprised
of the major players in this WRC 2007 success, will discuss how this success was achieved, how the
telemetry community should position and defend itself in future WRCs, and where international
telemetry should go from here.

Relax during lunch as you hear an overview of
critical issues in digital cinema, including image
characteristics, projection technologies, encryption, watermarking, and most notably — very
high quality compression for high-resolution
motion images.The talk will include a discussion
of current and potential applications for this
compression technology in telemetering applications.

Chairman: Dr. John B. Foulkes
Director, Test Resource Management Center (TRMC)
As Director, 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 effective 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.
Brian Ramsay – Member, US WRC Delegation
Mr. Ramsay is a Lead Communications Engineer for The
MITRE Corporation, specializing in spectrum policy and regulatory issues. He has over 20 years of domestic and international spectrum management and regulatory experience,
including participation as a U.S. delegation member and/or
spokesperson at several International Telecommunication
Union (ITU) World Radiocommunication Conferences (WRCs).
Dr. Gerhard Mayer – Member, German WRC Delegation
Dr. Mayer is an honorary and visiting professor for applied
informatics at the Department of Computer Science, Paris
Lodron University of Salzburg, Austria, lecturing on acquisition and transmission of real-time data and wireless networking technologies. Previously, Dr. Mayer worked for the
German Aerospace Agency (DLR), where he was responsible
for the design, analysis and operation of various aerospace
ground and onboard systems, mainly in science and remote-sensing missions. He was one of the founding members of the
European Society for Telemetering and their first president. As
one of the founding members of the International Consortium for
Telemetry Spectrum (ICTS), he served as chairman (2006–2008),
participating in the WRC 2007 as a German delegate.

Jean-Claude Ghnassia – Member, French WRC Delegation
Mr. Ghnassia retired recently as Deputy Director,
Airborne Instrumentation for Airbus (Toulouse,
France). He remains active in the international
telemetry community as a member of the French
WRC delegation in 2007, as an advisor to the
Agence Nationale des Fréquences (French Spectrum
Management Agency), member of the European Telemetry
Standards Committee, the European Test and Telemetry
Conference steering committee, and the European Society for
Telemetering, and as the Region 1 Coordinator for the
International Consortium for Telemetry Spectrum.
Steve Lyons – QinetiQ iX, UK
Mr. Lyons has held a diversity of management
positions within QinetiQ including responsibility
for Telemetry Operations at the UK Aberporth and
Hebrides Air Ranges. He is presently a Senior
Project Manager with the QinetiQ SDS department
tasked with delivering a major program of investments in UK T&E capabilities in order to fulfil future test and
training requirements. Mr. Lyons is a past chairman of the
International Consortium for Telemetry Spectrum. He remains
active in the ICTS, European Telemetry Standards Committee
and the European Society for Telemetering.
Eddy D’Amico – Member, Australian WRC Delegation
Mr. D'Amico is the Manager of Radio Spectrum
Planning in the Defence Spectrum Office of the
Australian Government Department of Defence. He
has attended the last two World Radio Conferences
(WRCs), and participated in ITU-R Study Group
meetings, and domestic and regional preparations
for the WRCs. Mr. D'Amico was the Australian and Asia-Pacific
Telecommunications (APT) Preparatory Group (APG) lead coordinator for WRC-07 Agenda item 1.5, studying the implementation
of wideband aeronautical mobile telemetry (AMT).

A N OVERVIEW OF
D IGITAL C INEMA :
A RE T HERE A NSWERS
FOR T ELEMETRY ?
Luncheon Speaker:
Michael Marcellin, PhD
Regents’ Professor, University of Arizona
Dr. Marcellin holds the title of Regents’ Professor
of Electrical and Computer Engineering, and of
Optical Sciences at the Univ. of Arizona,. His
research includes digital communication and data
storage systems, data compression, and signal
processing. He has authored or co-authored
more than 200 publications in these areas.
Dr. Marcellin is a major contributor to JPEG2000,
the emerging second-generation standard for
image compression. Throughout the standardization process, he chaired the JPEG2000 Verification
Model Ad Hoc Group, and is coauthor of the
book, “JPEG2000: Image compression fundamentals, standards and practice,” a graduate level
textbook on image compression fundamentals,
and definitive reference on JPEG2000. He served
as consultant to Digital Cinema Initiatives (DCI),
a consortium of Hollywood studios, on the development of the JPEG2000 profiles for digital cinema. Professor Marcellin is a Fellow of the IEEE,
and the recipient of numerous awards.
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ITC/USA 2008 TECHNICAL SESSIONS AND SESSION CHAIRS
>Wednesday, October 29
Session 6. iNET Standards
Daniel Skelley, NAVAIR-Pax River

Session 2. Time-Space
Positioning/GPS
Kevin Crawford, NASA Marshall Space
Flight Center
Session 3. System Management
Ray Faulstich, CSC Range &
Engineering Services
Session 4. Payload & System
Software Development
Rodger Charroux, The Aerospace
Corporation
Session 5. Network & Transport
Protocols
Lance Self, Air Force Research Lab

Session 7. Telemetry in
Extreme Environments
Jaime Reyes, White Sands Missile
Range
Session 8. Reliability,
Maintenance & Risk
Management
Brian Keating, NAVAIR-Pax River
Session 9. Modulation &
Synchronization
Robert W. Selbrede, JT3-Edwards AFB
Session 10. Multipath
Environments
Terry Hill, Quasonix

>Thursday, October 30
Session 11. Joint Advanced
Missile Instrumentation
(JAMI) User Group
Rick Marvin, NAVAIR-China Lake

Session 16. Imaging & Video
Jesus M. Benitez, White Sands Missile Range

Session 12. iNET Technologies
Daniel Skelley, NAVAIR-Pax River

Session 18. Telemetry Receivers
& Systems
Archie Moore, Spiral Technology, Inc.

Session 13. Aeronautical
Telemetry
James Yates, L-3 Communications
Session 14. Remote Site
Telemetry Systems
Darryl Burkes, NASA Dryden Flight
Research Center
Session 15. Data Management
& Post Processing
Richard Hansen, AFFTC-Edwards AFB
(retired)

Session 17. ICTS
Gerhard Mayer, University of Salzburg/ICTS

Session 19. Data Acquisition &
Instrumentation Systems
John Welker, AFFTC-Edwards AFB
Session 20. Telemetry & Range
Systems
Thomas Grace, NAVAIR-Pax River
Session 21. Error Control Coding
Tim Gatton, Wyle Telemetry & Data Systems
Session 22. Sensor Networks
Lee Eccles, Boeing Corporation

ITC/USA 2008

>Tuesday, October 28
Session 1. RCC-TG & TSCC
James Yates, L-3 Communications and
Ronald Pozmantier, AFFTC-Edwards AFB

SHORT COURSES

SHORT COURSES
>MONDAY, OCTOBER 27, 2008 | 9:00AM–5:00PM
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Short Course

Who Should
Attend?

Advanced
Modulation
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 waveforms
are also addressed, with particular emphasis on synchronization techniques and performance.

Mr. Terry Hill,
Quasonix, LLC

Basics of Signals
& Modulation

Beginning
technical
personnel

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 representations. Emphasis will be on graphical representations with minimal mathematical requirements.

Dr. Stephen Horan,
New Mexico State
University

Intermediate
Concepts

Experienced
telemetry
users

It includes a discussion of technology topics covering the entire system from Nyquist through computers, RAID, and Chapter 10 airborne and ground recorders — from signal conditioners to recorders,
workstations, and software. Specific topics include systemic implementations of Nyquist and its hidden
impacts, recorder architectures, RAID implementations (DAS, NAS, SAN) and performance issues of
Windows and Unix system architectures, Range Communications, and the use of the new Chapter 10
data formats, with a review of how the new iNET architecture will impact the ranges through 2025.

Mr. Tim Gatton,
Wyle Telemetry
and Data Systems

Principles of TM
Ground Station
Antennas

Experienced in
telemetry &
satellite communications

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, Orbit-CS, Inc.

Telemetry
Networks

Technical
personnel

Participants will gain an understanding of network models, applicable network technologies, design
issues associated with building networks that contain telemetric links, and end-to-end telemetry applications. This will be followed by an overview of current networking technologies that show promise for
use in airborne telemetric networks and specifically will address the technologies being investigated by
the iNET (Integrated Network Enchanced Telemetry) program.

Mr. Thomas Grace,
NAVAIR; Mr. John
Roach, TTC; Mr.
Myron Moodie,
SwRI

IRIG 106-07 Chapter
10, Onboard Solid
State Recording
Standard

Technical
personnel

Offers an in-depth tutorial presentation of the new IRIG 106-07 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

Beginning
telemetry
professionals

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

Mr. Hal Altan,
Honeywell,
Clearwater Space
Division

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

Technical
personnel

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

Dr. Michael W.
Marcellin,
University of
Arizona

Basic Systems
Engineering

Performance-Based
Sensor Selection

ITC/USA 2008

* For complete
short course
descriptions, please go
to www.telemetry.org.

Image Compression
with JPEG 2000

Introduction
to GPS

Fundamentals of
Microwaves and RF

Description

Instructor

Technical
This course will provide a fundamental understanding of GPS concepts including the latest techniques in GPS
personnel with inpositioning, error calculations, and DGPS Methods in real-time. Comprehensive analysis of strapdown inerdepth mathematitial navigation systems as applied to military aircraft, guided weapons, and ground tracks over land and sea.
cal experience

Technical
personnel

The course begins with basic principles such as the microwave spectrum, wave propagation and reflection theory, standing waves and polarity. The second section discusses microwave component design and
applications such as antennas, transmissions lines, couplers/splitters, hybrids, RF amplifiers, VCOs, isolators, attenuators, modulators, etc. The use of the Smith Chart is discussed. The final section discusses
the design and application of a microwave digital TLM transceiving system, including trade-offs impacting
performance such as bit error performance, noise and dealing with multipath effects.

Mr. Karl Horton,
DRS C3, Inc.

Mr. Mark
McWhorter,
Lumistar, Inc.

*Short course certificates provided upon request.

SPECIAL EVENTS

SPECIAL EVENTS
TECHNICAL CONFERENCE EVENTS

S POUSES & G UEST ACTIVITIES
Come relax and get pampered or just
simply enjoy some fun in the sun!

>MONDAY, OCTOBER 27, 2008
Annual Golf Tournament

8:00am–3:00pm >Riverwalk Golf Course

This year’s tournament gets off to a shotgun start at 8:00am at the
Riverwalk Golf Course across from the Town and Country Resort &
Convention Center. Price of $125 per person includes cart, greens fees,
practice facilities (driving range will be open prior to the tournament), continental breakfast, refreshments and box lunch. Register online at
www.telemetry.org or call Mike Gaines at 949.689.0731 or 877.867.9783,
ext. 634. Cut-off date is October 3, 2008. Reservation with accompanying check.

ITC Icebreaker

ree!

F
me!
All Welco

6:30pm–8:30pm
>Terrace Pavilion (by the pool)

Come join us for complimentary hors d’oeuvres and you won’t want to miss the
raffle! Everyone is welcome to this event — a great way to renew old acquaintances and make new contacts.

>TUESDAY, OCTOBER 28, 2008
Opening Ceremony & Blue Ribbon Panel
Telemetry and the World Radiocommunication Conference. Now What?

8:00am–11:00am
>Golden Pacific Ballroom

By means of an international grassroots effort, a small group of telemetry practitioners has gained us access to additional spectrum for flight test. Likening to a
“mouse that roared”, this panel, comprised of the major players in this WRC
2007 success, will discuss how this success was achieved, how the telemetry
community should position and defend itself in future WRCs, and where international telemetry should go from here Also see the awards ceremony for ITC
2008 best papers and presentations by our Partner Universities on their TMrelated projects. A light continental breakfast will be served at 7:30am and the
program will begin promptly at 8:00am.

Bella Tosca Spa
Monday afternoon – Thursday
morning: Spa services available by
appointment only. (limited number)
Call to make an appt.
at 619-220-0014, ext. 112 or
e-mail s.holmes@bellatosca.com.
And be sure to mention ITC for
special rates!

Exercise Classes — Tues. & Weds. Free!
Yoga: 10:15am. 1-hr. class at Bella Tosca Spa
(limited to first 10). FREE.
Sit and Be Fit: 9:00am. Exercises in a
chair. Spouses’ Lounge (limited to first 15).
FREE.

>Monday, October 27, 2008
Welcome
12:30pm–4:30pm
Come get to know one another
and enjoy refreshments before
the day’s activities! Spouses’
Lounge. FREE.

Balboa Park

9:30am–5:00pm

Buses depart at 9:30am and board for
return at 4:30pm (Free transportation)

>WEDNESDAY, OCTOBER 29, 2008

>Wednesday, October 29, 2008
Shopping 10:00–11:30am / 1:30–6:00pm

ree!

Reception & Prizes

5:00pm–7:00pm

Sample appetizers & technology together!

Conference Luncheon
“An Overview of Digital Cinema:
Are there answers for Telemetry?”

>Exhibit Halls

12:00pm–2:00pm
>Golden Pacific Ballroom

Relax during lunch with an interesting talk on an overview of Digital Cinema presented by Michael Marcellin, Regents’ Professor at the University of Arizona.
Tickets: $20.00/person.
Seating for Wednesday’s luncheon is limited, so buy your
ticket(s) early. Online purchase is available through October 19, 2008
— just go to www.telemetry.org. Or you can buy your tickets on-site
at the registration desk starting Sunday, October 26th at 4:00pm.

Bus transportation (FREE)
to/from Fashion Valley mall with
over 200 stores and restaurants,
plus 18-screen movie theatre.
Spouse/guest
lounge located in the
Devonshire Room. Open
Monday—Thursday

Visit www.telemetry.org and click on ITC 2008
to see more information on the
Spouse & Guest program.

ITC/USA 2008

This not-to-be-missed reception allows you to sample great food while enjoying
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 stamps from the exhibit booths to qualify for
each drawing. The more color-coded stamps gathered, the greater the value of
the prize. Must be present during drawing to win. All conference attendees are
welcome!!

Admittance to the
park grounds is FREE
which includes the
Botanical Building and
all the lovely gardens
on 1,200 acres. See
beautiful architecture built for
the 1935 California Pacific
International Exposition. The
zoo and museums have separate admission costs.

F
me!
All Welco
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>Tuesday, October 28, 2008

ABOUT
ITC/USA 2008

ABOUT ITC/USA 2008
An acclaimed international technical symposium for 44 years
running, ITC remains the world’s most comprehensive telemetry
event. With everything from in-depth technical short courses
and technical briefs presented by real-world experts to worldclass speakers and cutting-edge exhibits, this show has
something for everyone in the industry. Don’t miss out!
Background
The International Telemetering Conference/USA (ITC/USA) is an annual forum
and technical exhibition sponsored by the International Foundation for
Telemetering (IFT), a non-profit corporation dedicated to serving the technical
and professional interests of the telemetering community, including the
establishment and support of scholastic telemetry programs at 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.
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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
2008. This premier forum brings together customers, suppliers, academics, and the
engineering community to discuss how technology is revolutionizing the field.

ITC/USA 2008

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

EXHIBITOR LIST

ITC/USA 2008 EXHIBITOR LIST (

AS OF JULY

1, 2008)

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

ACRA CONTROL . . . . . . . . . .1109, 1111, 1113, 1115, 1208, 1210, 1212, 1214

Mu-Del Electronics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1213

Acroamatics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .209, 211

NASA Dryden Flight Research Center . . . . . . . . . . . . . . . . . . . . . . . . . .104, 106

Adtron Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .627

NAVAIR Ranges . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1405

Aeroflex . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .602

NetAcquire Corporation . . . . . . . . . . . . . . . . . . . . . . . . .1003, 1005, 1102, 1104

AIM-USA . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .618, 620, 622

New Mexico State University . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .334

AMPEX Data Systems . . . . . . . . . . . . . . . . . . . . . . . . . . .1203, 1205, 1207, 1209

Orbit Communication Systems, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . .426, 428

Apogee Labs, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1200, 1201, 1300

Orion Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .625

Apollotek Ltd . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .327

Park Controls and Communications Ltd . . . . . . . . . . . . . . . . . . . . . . . . . . . .629

Arcata Associates, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1001

PCB Piezotronics Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .909

Astro-Med, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .205, 207

Precision Filters Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .914

BAE Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .112

Quad Tron, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1215

BIG Crow Program . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .506, 508

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

BiTMICRO Networks, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .523

Range Commanders Council . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .812

Brandywine Communications . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .802, 804

Reach Technologies Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1008, 1010

CALCULEX . . . . . . . . . . . . . . . .1009, 1011, 1013, 1015, 1108, 1110, 1112, 1114

Red Rapids . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .422

Clear-Com . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .434

Redstone Technical Test Center (RTTC) . . . . . . . . . . . . . . . . . . . . . . . . . . .1401

Cobham DES / Kevlin Division . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .108

Rivulet Communications Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .435

Consultative Committee for Space Data Systems (CCSDS) / NASA JPL . . .302

Rotating Precision Mechanisms Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . .213, 215

Contec USA Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .329

RT Logic . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .806, 809, 908

Curtiss Wright . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .110

RTI (Real-Time Innovations) . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .335

CVG - Avtec Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .911

Satellite Services BV . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .612, 614

Delta Digital Video . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .221

Society of Flight Test Engineers . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .120

Dewetron . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .427, 429

Southwest Research Institute . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .607, 609

Dynetics . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .400, 401

Spectracom Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .502

Dytran Instruments Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .624

Spiral Technology, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1100, 1101

EADS North America Test and Services . . . . . . . . . . . . . . . . . . . . . . . . . . . . .608

Summation Research, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .404, 505

EMC Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .316, 417

Summit Instruments . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .528

Ericsson . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .913, 915

Symmetricom . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .326, 328

ESE . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1301, 1400

Symvionics, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1103, 1105, 1202, 1204

EURILOGIC . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .235, 236

Sypris Data Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .126, 128, 227, 229

Evertz . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .406

System Planning Corp. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1403

GDP Space Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .223, 225

Systems Engineering & Management Company . . . . . . . . . . . . . . . . . . . . . . .410

GE Fanuc Intelligent Platforms . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .507

TCS, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .114, 116

Gray Laboratories . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1012

TECOM Industries, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .524, 526

Haigh-Farr, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .1211
Herley Industries . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .512

Teletronics Technology Corporation . . . . . . . . . . . .304, 306, 308, 310, 312, 314,
. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .405, 407, 409, 411, 413, 415

iNET Program Office . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .504, 605

TRAK Microwave . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .529

Instrumentation Technology Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .801

Tyco Electronics M/A-COM . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .226, 228

Instrumented Sensor Technology, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .910

Ulyssix Technologies . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .901, 1000

International Test and Evaluation Association . . . . . . . . . . . . . . . . . . . . . . . . .610

Universal Switching Corp. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .320

ITT Corporation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .525

US Army White Sands Missile Range . . . . . . . . . . . . . . . . . . . . . . . . . . .808, 810

JDA Systems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .518

ViaSat, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .402, 500, 501

L-3 Communications . . . .1302, 1303, 1304, 1305, 1306, 1307, 1308, 1309, 1310,
. . . . . .1311, 1312, 1313, 1314, 1315, 1402, 1404, 1406, 1408, 1410, 1412, 1414

VMETRO . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .527

Lumistar . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .803

WV Communications, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .604

Measurement Specialties . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .606

Wyle . . . . . . . . . . . . . . . . . . . . . .204, 206, 208, 212, 214, 305, 307, 309, 313, 315

MFG Galileo Composites . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .424

Zodiac Data Systems . . . . . . . . . . . . . . . .216, 218, 220, 222, 317, 319, 321, 323

Microwave Innovations . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .217

Wideband Systems, Inc. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .416

= Gold Sponsorship

= Silver Sponsorship
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Company Name . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .Booth

HOTEL INFORMATION

HOTEL INFORMATION
Event Location
ITC/USA 2008 will be hosted at the Town and Country Resort &
Convention Center located in the heart of San Diego, just minutes
from Lindbergh Field. With first-class spa facilities, fine dining, and
gracious accommodations, the Town and Country is ideal for vacationers and convention delegates alike. Most ITC events, including
short courses, technical sessions, and exhibits, will occur in or in
close proximity to the Convention Center area of the hotel property. Other events, including the opening ceremony and conference luncheon, will be clearly marked with signs. The Town and
Country is located at 500 Hotel Circle North, San Diego,
California 92108. There will be a $5 charge for parking for ITC
attendees and exhibitors.

Hotel Reservations

R es er ve noe wbe stto se le ct io n!
en su re th

ITC/USA 2008 encourages all attendees and exhibitors to stay at
the Town and Country during the conference. Doing so justifies
our free use of convention space during the conference, which in
turn allows us to offer free “exhibits only” admittance and a “regular” technical registration charge that is far lower than other
major technical conferences.
Care has been taken to reserve a block of rooms at special rates
for both military/Government and non-military/Government
attendees — please specify which rate you qualify for when booking your reservation. (Military/Government attendees will be
required to show Government ID on arrival.) The cut-off date to
reserve under either room block is October 4, 2008. After that,
rooms will be sold on a space-available basis.
Room block cut-off: October 4, 2008
Reservations via Web: www.telemetry.org (click on ITC
2008 to be directed to the hotel information page)
Reservations via phone: 1.800.772.8527 / please cite
“International Telemetering Conference” when making reservations.
Cancellations: The Town and Country requires a 48-hour cancellation notice prior to the reservation date. Late cancellations
will result in the first night’s stay being billed to your credit card.
If you need to reserve more than one room, establish master
billing, or have any questions, please contact Town and Country
Room Reservations at 1.800.772.8527.

ITC/USA 2008
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INTERNET CAFÉ

Internet access will be available outside the Grand Exhibit
Hall, compliments of ITC. For
your convenience, the Town &
Country offers wireless access
from its guest rooms at a fee
of $9.95 per 24-hour period.

Beautifieuglo!
San D

REGISTRATION INFO

ITC/USA 2008 REGISTRATION INFORMATION
To Register, Go Online
>

www.telemetry.org
CONFERENCE REGISTRATION TYPES
Regular

Provides access to all exhibit areas, technical sessions and includes a DVD of
the Technical Proceedings.

$175

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 2008
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

For those individuals whose technical paper has been published in ITC 2008
Author/Session
Technical Proceedings and/or individuals who will be chairing a technical
Chair with
session and want to take one Monday short course. Includes access to all
Short Course
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.

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.

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
Luncheon

Ticket allows admittance to Conference Luncheon.

1
2

2 Easy Ways
to Register!
Online:
Go
to
w w w. t e l e m e t r y. o r g
and click on the
registration link. This is
your quickest and easiest
option!
In Person: If you don’t
register by October 19,
2008, you’ll need to register
at the conference. On-site
registration begins Sunday,
October 26th at 4:00 p.m.
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REGISTRATION POLICIES
Online Registration Deadline

No Charge
No Charge

Don’t wait…
go to www.telemetry.org.
Online registration ends
October 19, 2008.
Substitutions

Substitutions are allowed. Please
e-mail requests to: itc@zianet.com.
Cancellations

Badging Info

$20

Badges for anyone that registers
online will be available for pickup
at the ITC registration desk
beginning Sunday, October 26,
2008 at 4:00pm.

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

ITC’08 Exhibitors: Please register your show personnel, guests, and sales representatives on the web!

ITC/USA 2008

Refunds will be accepted only for
cancellations received before
October 12, 2008.

ITC/USA 2008

ITC/USA 2008
International Foundation for Telemetering
ITC Publicity
8201 Lockheed, Suite 211
El Paso, Texas 79925
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EVENT GUIDE

> MONDAY, OCTOBER 27

Registration Hours
Sun. 10/26 4:00pm–6:30pm
Mon. 10/27 7:00am–6:00pm
Tues. 10/28 7:00am–6:30pm
Wed. 10/29 7:30am–11:45am / 2:00pm–5:00pm
Thur. 10/30 8:00am–10:00am

8:00am–6:00pm Exhibits Setup
8:00am–3:00pm Golf Tournament
9:00am–5:00pm Short Courses
6:30pm–8:30pm Icebreaker

Short Courses
Mon. 10/27 9:00am–5:00pm (see pg. 6 for complete short course info)
Exhibition Hours
Tues. 10/28 11:00am–7:00pm
Wed. 10/29 8:00am–11:45am / 2:00pm–6:00pm
Thur. 10/30 8:00am–12:00pm
Technical Sessions
Tues. 10/28 1:30pm–4:30pm
Wed. 10/29 8:30am–11:30am / 2:30pm–5:30pm
Thur. 10/30 8:30am–11:30am
Special Events
Golf Tournament
Icebreaker
Opening Ceremony
& Blue Ribbon Panel
Reception & Raffle
Conference Luncheon
Spouse & Guest Activities
Welcome & Refreshments
Balboa Park Trip
Yoga & Sit and Be Fit Classes
Shopping at Fashion Valley Mall

Mon. 10/27 8:00am–3:00pm
Mon. 10/27 6:30pm–8:30pm
Tues. 10/28 8:00am–11:00am
Tues. 10/28 5:00pm–7:00pm
Wed. 10/29 12:00pm–2:00pm
Mon. 10/27 12:30pm–4:30pm
Tue. 10/28 9:30am–5:00pm
Tues. & Weds. mornings
Wed. 10/29 10:00am–11:30am
/ 1:30pm–6:00pm

(See page 5 for more details)

 = Free

Events – All Welcome!

CONFERENCE LOGISTICS
Most ITC conference events will occur in the
Town and Country’s Convention Center.
Other events, including the Opening
Ceremony, Icebreaker and Luncheon, will be
clearly marked with signs. The Town and
Country is located at 500 Hotel Circle North,
San Diego, CA 92108.There will be a $5 charge
for parking.
Tel: 619-291-7131
Badging — Badges are required for admittance to conference short courses, exhibit
halls, and technical sessions and must be
obtained at the ITC'08 Registration Desk upon
check-in.
Luncheon — Tickets are required for the
ITC’08 conference luncheon and can be
purchased for $20 at the Registration Desk.

> TUESDAY, OCTOBER 28

6:30am–8:30am
7:30am–8:00am

Speaker/Staff Breakfast
Pre-Opening Ceremony
Continental Breakfast
8:00am–8:15am Opening Comments
8:15am–8:30am Awards Presentation
8:30am–11:00am Blue Ribbon Panel
11:00am–7:00pm Exhibits Open
1:30pm–4:30pm Technical Sessions
5:00pm–7:00pm Reception

> WEDNESDAY, OCTOBER 29

6:30am–8:30am
8:00am–11:45am
8:30am–11:30am
11:45am–2:00pm
12:00pm–2:00pm

Speaker/Staff Breakfast
Exhibits Open
Technical Sessions
Exhibits Closed
Conference Luncheon
An Overview of Digital
Cinema: Are There Answers
for Telemetry? – Dr. Michael
Marcellin, University of Arizona

2:00pm–6:00pm
2:30pm–5:30pm
4:30pm–5:30pm

Exhibits Open
Technical Sessions
ITC’08 Exhibitor Feedback Meeting

> THURSDAY, OCTOBER 30
6:30am–8:30am
8:00am–12:00pm
8:30am–11:30am
12:00pm

Speaker/Staff Breakfast
Exhibits Open
Technical Sessions
Conference Concludes

Wireless Access — Free wireless Internet
access will be available in the Lion Fountain
Court, compliments of ITC. For your
convenience, the Town and Country
additionally offers wireless access from its
guest rooms at a fee of $9.95 per 24-hour
period.

Business Center — Located in the hall to the
Grand Exhibit hall, the Town and Country’s
Business Center offers the full gamut of business services. The office is open daily from
8:00a.m. to 6:00p.m. The phone number is
619-291-7131 ext. 4100; the fax number is
619-243-0012.

Authors & Speakers — All Technical Session
speakers must check in at the Author/Session
Chair Information Desk located in the
registration area at least 24 hours prior to
their scheduled presentation time. Speakers
are encouraged to use Terrace Salon 3 during
regular conference hours to familiarize
themselves with the presentation equipment
and to practice their presentations.

Shipping — The Town and Country offers
shipping services, which must be coordinated
through the hotel staff. Please contact the
hotel’s Package Room at ext. 3956 for more
details.

A MESSAGE FROM THE
IFT BOARD PRESIDENT

Norman Lantz
Board President
International Foundation
for Telemetering

On behalf of the International Foundation for
Telemetering (IFT), it is my pleasure to
welcome you to the 2008 International
Telemetering Conference. This year’s ITC
committee, led by the General Chairman,
Michael Rice, and the Technical Program Chair,
Kurt Kosbar, has again assembled an
outstanding technical and social program. The
year after year dedication, innovation, and
professionalism of the all-volunteer team is
the prime reason the ITC continues to meet
the needs of the telemetry community and
the telemetry industry.

This year’s program provides a comprehensive
program to you, the attendees. There are
short courses which cover the fundamentals for the new telemetry
engineer and new technology courses for the experienced individual.
The technical program is well-integrated with many interesting new
concepts being presented. And the technical exhibits continue to
grow. Each exhibitor has a wealth of new technology available to
apply to your particular or unique needs.
The IFT commitment to the science and applications of telemetry
continues to move forward. The goal of our academic programs has
been to promote the art and science within academia by establishing
telemetry-focused programs at five major universities: 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 are pleased with both the results at
the individual universities and with the synergistic relationship that
have developed between them — all in the name of telemetry
technology innovation.
The IFT exists solely to serve the telemetry
industry and you, the telemetry
professional. To this end, we continue to
solicit your comments on how we can
better serve your needs. Contact one
of us at the ITC or through the
“telemetry.org” web site.
While attending the ITC take the time to
renew friendships, meet new colleagues, and
re-kindle your enthusiasm for telemetry and its
applications.
The ITC committee has provided the opportunity to do so —
take advantage of it!
~ Norm Lantz
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WELCOME

A L L T H E DATA .
ALL THE TIME.

WELCOME TO
ITC/USA 2008!
On behalf of the ITC Organizing Committee,
we invite you to attend the 44th International
Telemetering Conference in beautiful San
Diego, California. The conference theme
“Telemetry: Measure, Move, Record,
Analyze... We Do It All” conveys the cando attitude exemplified by the technicians,
engineers, instrumentation, flight test, and
data processing specialists that make all this
possible. The conference program this year
will celebrate the accomplishments of these
working engineers.
For those of you who have attended the ITC
before, you will notice some exciting changes
in 2008.The most significant of these changes
is the opening of the new Grand Exhibit Hall
at the Town and Country Convention Center.
This hall features new, state-of-the-art exhibit
space that has allowed the conference to
expand to more comfortable dimensions.
The opening session features a panel
discussion describing the recent WRC
allocations for worldwide telemetry
spectrum. Like the new exhibit hall, the new
spectrum has the potential to alleviate some
of the pressures on frequency management in
some of the more crowded telemetry bands.
We invite you to attend the
opening session to meet
those who made this
possible, to learn about
the regulatory issues
accompanying these new
allocations, and to ask your
own questions.
The keynote luncheon speaker is Dr. Michael
Marcellin who will give an informative and
entertaining overview of digital cinema.This is
an opportunity for you to learn from one of
those who wrote the standard, how digital
cinema may solve some of the data
movement problems in range telemetry.

Michael Rice
2008 General Chairman
BYU University
Provo, UT

Kurt Kosbar
2008 Technical Chairman
Missouri S&T
Rolla, MO

When there is no margin
for failure.

Wiley Dunn
2008 Exhibits Chairman
L-3 Communications
San Diego, CA

With the world’s largest selection of COTS and
custom telemetry solutions available today, L-3
continues to offer the telemetry community,
leading-edge products and services for its
mission-critical requirements. Whether you need
individual components or integrated solutions, L-3
can provide you a path to success. Thousands of
installations worldwide prove the telemetry
community relies on L-3 to lead the way.
Te l e m e t r y & R F P r o d u c t s | C i n c i n n a t i E l e c t r o n i c s
D a t r o n A d v a n c e d Te c h n o l o g i e s | N ov a E n g i n e e r i n g

Lena Peña
2008 Executive Coordinator
CSC
El Paso, TX

Communication Systems-East
C o m m u n i c a t i o n S y s t e m s - We s t

>>SEE US IN THE ATLAS BALLROOM

The technical program features 11 one-day short courses and 22
technical sessions devoted to the usual suite of topics important to
telemetry personnel.
The ITC staff is grateful to all the attendees, exhibitors, and speakers
who volunteer their time to make ITC the premier event in telemetry.
We look forward to seeing you in San Diego.

L-3com.com

— Michael, Kurt,Wiley & Lena
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SPECIALIZED PRODUCTS > C3ISR > GOVERNMENT SERVICES > AM&M

SPOUSE & GUEST
ACTIVITIES

TECHNICAL CONFERENCE
EVENTS

>MONDAY, OCTOBER 27, 2008
Annual Golf Tournament
8:00am–3:00pm >Riverwalk Golf Course
This year’s tournament gets off to a shotgun start at 8:00am
at the Riverwalk Golf Course across from the Town and
Country Resort & Convention Center. Price of $125 per
person includes cart, greens fees, practice facilities (driving
range will be open prior to the tournament), continental breakfast, refreshments and box lunch.
6:30pm–8:30pm >Terrace Pavilion (by pool)
You won’t want to miss Monday’s Icebreaker as
!
ITC shows school pride supporting our 5 partner
Food
Free el
me!
All W co
Universities. Join us and show your school spirit by
wearing your college logos, waving your school flag or just by
wearing your school colors. A prize will be given for the “best
school spirit”!! Everyone is welcome to this event — a great way
to renew old acquaintances and make new contacts. Prizes, too!

Bella Tosca Spa
Monday afternoon – Thursday morning:
Spa services available by appointment only.
(a limited number) Call to make an appt. at
619-220-0014, ext. 112 or e-mail
s.holmes@bellatosca.com. And be sure to
mention ITC for special rates!

Exercise Classes
Tues. & Weds. Free!

Icebreaker

—

Yoga: 10:15am. 1-hr. class at Bella Tosca Spa
(limited to first 10). FREE.
Sit and Be Fit: 9:00am. Exercises in a chair.
Spouses’ Lounge (limited to first 15). FREE.

>Monday, October 27, 2008
Welcome

>TUESDAY, OCTOBER 28, 2008
Opening Ceremony & Blue Ribbon Panel
8:00am–11:00am >Golden Pacific Ballroom
Telemetry and the World Radiocommunication
Conference. Now What?
By means of an international grassroots effort, a small group of
telemetry practitioners has gained us access to additional spectrum for flight test. Likening to a “mouse that roared”, this panel,
comprised of the major players in this WRC 2007 success, will
discuss how this success was achieved, how the telemetry community should position and defend itself in future WRCs, and
where international telemetry should go from here Also see
the awards ceremony for ITC 2008 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 >Exhibit Halls

This not-to-be-missed reception allows you to
sample great food while enjoying a taste of the
All W
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 stamps from the exhibit booths that will
qualify them for each drawing. Must be present during the
drawing to win (see pg. 12 for more details). All conference
attendees are welcome!!

!
Food
Free el
come!

>WEDNESDAY, OCTOBER 29, 2008

ree!

F
me!
All Welco

12:30pm–4:30pm

Come get to know one another and enjoy
refreshments before the day’s activities!
Spouses’ Lounge.

>Tuesday, October 28, 2008
Balboa Park

9:30am–5:00pm

Buses depart at 9:30am and
board for return at 4:30pm
(Free transportation)
Admittance to the park grounds
is FREE which includes the
Botanical Building and all the
lovely gardens on 1,200 acres.
See beautiful architecture built for the
1935 California Pacific International
Exposition. The zoo and museums
have separate admission costs.

>Wednesday, October 29, 2008
Shopping

10:00–11:30am / 1:30–6:00pm

B u s t r a n s p o r t a t i o n ( F R E E ) to/from
Fashion Valley mall with over 200 stores and
restaurants, plus 18-screen movie theatre.

Conference Luncheon
12:00pm–2:00pm >Golden Pacific Ballroom
An Overview of Digital Cinema: Are There Answers for Telemetry?
Relax during lunch with an interesting talk on an overview of
Digital Cinema presented by Michael Marcellin, Regents’
Professor at the University of Arizona. Tickets: $20.00/person.*
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* Luncheon tickets available at Registration.

To sign up, go to the Registration Desk.

Spouse/guest
lounge located in the
Devonshire Room. Open
Monday—Thursday
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SHORT COURSES
Course

>
Location

Advanced Modulation Techniques

Pacific Salon 4

MONDAY, OCTOBER 27, 2008 • 9:00AM–5:00PM

Course

Location

Basic Systems Engineering

Royal Palm 1

Technical personnel with some telemetry background

Beginning telemetry professionals

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

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

Mr. Terry Hill, Quasonix, LLC

Basics of Signals and Modulation

Royal Palm 3

Beginning technical personnel
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 representations. Emphasis will be on graphical representations with minimal mathematical requirements.

Dr. Stephen Horan, New Mexico State University

Intermediate Concepts

Pacific Salon 6

Experienced telemetry users
It includes a discussion of technology topics covering the entire system from
Nyquist through computers, RAID, and Chapter 10 airborne and ground
recorders — from signal conditioners to recorders, workstations, and software. Specific topics include systemic implementations of Nyquist and its hidden impacts, recorder architectures, RAID implementations (DAS, NAS, SAN)
and performance issues of Windows and Unix system architectures, Range
Communications, and the use of the new Chapter 10 data formats, with a
review of how the new iNET architecture will impact the ranges through 2025.

Mr. Tim Gatton, Wyle Telemetry and Data Systems

Principles of Telemetry Ground Station
Antennas, Positioners, and Controllers

Pacific Salon 7

Experienced in telemetry & satellite communications
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. Hal Altan, Honeywell, Clearwater Space Division

Performance-Based Sensor Selection

Royal Palm 2

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

Pacific Salon 5

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

Dr. Michael W. Marcellin, University of Arizona

Introduction to GPS

Royal Palm 5

Mr. George R. Blake, Senior Member, Technical Staff, Orbit-CS, Inc.

Technical personnel with in-depth mathematical experience

Telemetry Networks

This course will provide a fundamental understanding of GPS concepts including
the latest techniques in GPS positioning, error calculations, and DGPS Methods in
real-time. Comprehensive analysis of strapdown inertial navigation systems as
applied to military aircraft, guided weapons, and ground tracks over land and sea.

Sunset

Technical personnel
Participants will gain an understanding of network models, applicable network
technologies, design issues associated with building networks that contain telemetric links, and end-to-end telemetry applications. This will be followed by an
overview of current networking technologies that show promise for use in airborne telemetric networks and specifically will address the technologies being
investigated by the iNET (Integrated Network Enhanced Telemetry) program.

Mr. Thomas Grace, NAVAIR; Mr. John Roach, TTC; Myron Moodie, SwRI

IRIG 106-07 Chapter 10, Onboard
Solid State Recording Standard

Sunrise

Technical personnel
Offers an in-depth tutorial presentation of the new IRIG 106-07 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.
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Mr. Al Berard, Eglin Air Force Base and
Mr. Mark Buckley, JDA Systems

Mr. Karl Horton, DRS C3, Inc.

Fundamentals of Microwaves and RF

Royal Palm 4

Technical personnel
The course begins with basic principles such as the microwave spectrum,
wave propagation and reflection theory, standing waves and polarity. The second section discusses microwave component design and applications such as
antennas, transmissions lines, couplers/splitters, hybrids, RF amplifiers, VCOs,
isolators, attenuators, modulators, etc. The use of the Smith Chart is discussed. The final section discusses the design and application of a microwave
digital TLM transceiving system, including trade-offs impacting performance
such as bit error performance, noise and dealing with multipath effects.

Mr. Mark McWhorter, Lumistar, Inc.
*Short course certificates provided upon request.
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OPENING
CEREMONY

CONFERENCE
LUNCHEON

>TUESDAY’S OPENING SESSION
8:00am – 11:00am | Golden Pacific Ballroom

TELEMETRY AND THE WORLD
RADIOCOMMUNICATION CONFERENCE.
NOW WHAT?
By means of an international grassroots effort, a small group of telemetry
practitioners has gained us access to additional spectrum for flight test.
Likening to a “mouse that roared”, this panel, comprised of the major players in this WRC 2007 success, will discuss how this success was achieved,
how the telemetry community should position and defend itself in future
WRCs, and where international telemetry should go from here.
Chairman: Dr. John B. Foulkes
Director, Test Resource
Management Center (TRMC)
As Director, 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
effective 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.
Brian Ramsay – U.S. WRC Delegate
Mr. Ramsay is a Lead
Communications Engineer for The
MITRE Corporation, specializing in
spectrum policy and regulatory
issues. He has over 20 years of
domestic and international spectrum management and regulatory experience, including participation as a U.S. delegation member and/or
spokesperson at several International
Telecommunication Union (ITU) World
Radiocommunication Conferences (WRCs).
Dr. Gerhard Mayer – German WRC
Delegate
Dr. Mayer is an honorary and visiting professor for applied informatics at the Department of
Computer Science, Paris Lodron
University of Salzburg, Austria, lecturing on
acquisition and transmission of real-time data
and wireless networking technologies.
Previously, Dr. Mayer worked for the German
Aerospace Agency (DLR), where he was responsible for the design, analysis and operation of
various aerospace ground and onboard systems, mainly in science and remote-sensing
missions. He was one of the founding members
of the European Society for Telemetering and
their first president. As one of the founding
members of the International Consortium for
Telemetry Spectrum (ICTS), he served as
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chairman (2006–2008), participating in the
WRC 2007 as a German delegate.
Jean-Claude Ghnassia – French WRC
Delegate
Mr. Ghnassia retired recently as
Deputy Director, Airborne
Instrumentation for Airbus
(Toulouse, France). He remains
active in the international telemetry community as a member of the French WRC delegation
in 2007, as an advisor to the Agence Nationale
des Fréquences (French Spectrum Management
Agency), member of the European Telemetry
Standards Committee, the European Test and
Telemetry Conference steering committee, and
the European Society for Telemetering, and as
the Region 1 Coordinator for the International
Consortium for Telemetry Spectrum.
Steve Lyons – QinetiQ iX, U.K.
Mr. Lyons has held a diversity
of management positions within
QinetiQ including responsibility
for Telemetry Operations at the
U.K. Aberporth and Hebrides Air
Ranges. He is presently a Senior Project
Manager with the QinetiQ SDS department
tasked with delivering a major program of
investments in U.K. T&E capabilities in order
to fulfil future test and training requirements. Mr. Lyons is a past chairman of the
International Consortium for Telemetry
Spectrum. He remains active in the ICTS,
European Telemetry Standards Committee and
the European Society for Telemetering.
Luiz Fernando de Souza –
EMBRAER, Brazil
Mr. de Souza has worked at
Empresa Brasileira de Aeronautica (EMBRAER) on the flight test
instrumentation team since 1982.
He is a sponsor of the integration of new flight test instrumentation and also
the telemetry links for flight test. Member of
the International Consortium for Telemetry
Spectrum since 2003 and Brazilian Telecomunication Agency since 2004, and the sponsor to
implement the new telemetry bandwidth at
EMBRAER approved for Brazil at the WRC.

CONFERENCE LUNCHEON
>Wednesday, October 29, 2008
12:00pm – 2:00pm | Golden Pacific Ballroom

A N OVERVIEW OF
D IGITAL C INEMA :
A RE T HERE A NSWERS
FOR T ELEMETRY ?
Luncheon Speaker:
Michael Marcellin, PhD
Regents’ Professor,
University of Arizona
Dr. Marcellin holds the title of Regents’ Professor
of Electrical and Computer Engineering, and of
Optical Sciences at the Univ. of Arizona,. His
research includes digital communication and data
storage systems, data compression, and signal
processing. He has authored or co-authored more
than 200 publications in these areas.
Dr. Marcellin is a major contributor to JPEG2000,
the emerging second-generation standard for
image
compression.
Throughout
the
standardization process, he chaired the JPEG2000
Verification Model Ad Hoc Group, and is coauthor
of the book, “JPEG2000: Image Compression
Fundamentals, Standards and Practice”, a graduatelevel textbook on image compression
fundamentals, and definitive reference on
JPEG2000. He served as consultant to Digital
Cinema Initiatives (DCI), a consortium of
Hollywood studios, on the development of the
JPEG2000 profiles for digital cinema. Professor
Marcellin is a Fellow of the IEEE, and the recipient
of numerous awards.
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EXHIBITOR SHOWCASE

ITC’08 SPONSORS

WARM THANKS TO OUR SPONSORS. . .
ITC’08 gratefully acknowledges the generous
contributions of the following industry leaders:

Come see our gold sponsors
at their main events:
>Tuesday, October 28

ACRA CONTROL

Gold Sponsors:

Hospitality Suite
Location: Please visit our booth
for location
Time: 7.00pm

L-3 Communications
Cocktail Reception
Location: Terrace Pavilion
(by the pool)
Time: 7:00 p.m.

Wyle
Hospitality Suite
Location: Royal Palms Tower –
Lanai Suite 1115
Time: 7:00 p.m.

>Tuesday, Oct. 28 through Thursday, Oct. 30

ACRA CONTROL
Location: Booth 1109
Live product demos –
1588 Precision Time Protocol,
Video Logging and GSWorks

Ericsson Federal
Location: Booth 913
Come see Ericsson Federal,
Gold Sponsor for the main event!!!

Silver Sponsors:

10

Wideband Systems
Product Showcase
Location: Booth 416
See: Advanced telemetry recorders
for a wide range of applications
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RECEPTION

RAFFLE

Don't Miss The Free Prizes!

EXHIBIT HALL RECEPTION
& RAFFLE
>Tuesday, October 28, 2008
5:00–7:00pm
Join us in the exhibit halls for
free food and great networking
opportunities!

Raffle Drawing at 6:30pm
This year’s reception in the exhibit halls on Tuesday evening
will feature a prize drawing with lots of valuable prizes. There
is no entry fee. Your raffle entry will involve visiting exhibitor
booths in as many different “Zones” as you can and collecting
colored stamps. The exhibit areas will be divided into zones
by color and your goal should be to collect as many different
colors of stamps as you can during the reception.
Your entry ticket for the raffle will be available at the registration area. Many of the most valuable prizes will be limited to
entries having all or nearly all of the colored stamps for different zones. Stamps can only be collected during the reception
and the drawing will begin at 6:30pm.

YOU MUST BE PRESENT TO WIN!
Collect stamps in the colored raffle zones:

Atlas Ballroom

12

Exhibits
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THE WORLD STANDARD IN FLIGHT
TEST INSTRUMENTATION

EXHIBITORS
ACRA CONTROL

Booth 1109, 1111, 1113, 1115,
1208, 1210, 1212, 1214

Hollywood, MD
Web: www.acracontrol.com
ACRA CONTROL designs and manufactures small, rugged, airborne data acquisition systems for extreme environments. Applications include Flight Test, Operational Load
Monitoring, Health and Usage Monitoring, and Launch Vehicle Instrumentation. Customers
include BAE Systems, Boeing, EADS, Lockheed Martin, NASA, NAWC, Northrop Grumman
and the DOD. Programs include J-UCAS, BQM-74, Airbus A380, B-2B, F-16, Eurofighter,
JSOW, and 747ST.

Acroamatics, Inc.

Booth 209, 211

Goleta, CA
Web: www.acroamatics.com
Acroamatics provides bit synchronizers, decommutators, best source selectors, bit error
rate testers, telemetry software and systems.

Adtron Corporation

Booth 627

Phoenix, AZ
Web: www.adtron.com
Manufacturer of true industrial grade flash-based solid state drives (SSDs) for defense,
industrial, communications and other embedded applications.

Aeroflex

Booth 602

Wichita, KS
Web: www.aeroflex.com
Aeroflex is a multi-faceted company that designs, develops, and manufactures test and
measurement products.

AIM-USA

Booth 618, 620, 622

Omaha, NE
Web: www.aimusa-online.com
AIM-USA is a leading manufacturer of avionics test & simulation modules for MIL-STD1553A/B, ARINC429, AFDX, ARINC664, & Fibre Channel applications.

Ampex Data Systems

Booth 1203, 1205, 1207, 1209

Redwood City, CA
Web: www.ampexdata.com
Ampex Data Systems manufactures airborne and ground-based solid-state memory and
disk Chap. 10 format recording and acquisition systems.

ACRA CONTROL

ACRA CONTROL sets the
standard in FTI total
system solutions.
For 16 years, our policy of sustained investment in
R&D has ensured the highest level of performance
and reliability with the lowest life-cycle costs.
Our dedicated team of applications engineers
provides unrivalled technical support worldwide.
Our easy-to-setup hardware and industry-leading
analysis tools shorten the flight test task.
Bringing programs in on time. It’s what we do.
On 300 platforms across 40 countries.
It’s why the world’s leading aerospace companies
and test agencies rely on ACRA CONTROL.

CONTROL
See ACRA 09 in the
1
at Stand 1 llroom
Atlas Ba

Apogee Labs, Inc.

Booth 1200, 1201, 1300

North Wales, PA
Web: www.apogeelabs.com
Entering their 15th year as a premier provider of modular Telemetry, Communications,
Recording, Test & Measurement, and Signal Conversion, Distribution, and Switching products. The new Data Node Appliance products are small Telemetry-over-IP data nodes
that are designed to meet the new IRIG TM-over-IP standards. Featuring a new addition
to our Interfacer product line . . the Model 2873.

Apollotek

Booth 327

Sunbury on Thames, Middlesex, England
Web: www.apollotek.com
Apollotek will be presenting the latest additions to its range of USB-based receivers, bit
syncs, decoms & simulators.

Arcata Associates, Inc.

Booth 1001

Las Vegas, NV
Web: www.arcataassoc.com
Engineering and I.T. services company with over 28 years experience.

Astro-Med, Inc.

Booth 205, 207

West Warwick, RI
Web: www.astro-med.com
Astro-Med is exhibiting a wide variety of telemetry recording products, including the
Everest Recorder-Workstation, the Real-Chart NP Strip Chart Recorder and VDiS Visual
Display Software for the PC. Astro-Med is also exhibiting its line of portable data
acquisition recorders for mobile applications, including the new Dash 32HF 32-channel
portable data recorder.

www.acracontrol.com
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EXHIBITORS
BAE Systems

Booth 112

Fort Walton Beach, FL
Web: www.irsp.com
BAE Systems is a systems design, integration and services company. BAE Systems provides telemetry system overhauls, upgrades, engineering services and depot support to
US and foreign government test ranges.

Big Crow Program Office

Booth 506, 508

Kirtland AFB, NM
The Big Crow Program Office is a world leader in providing custom telemetry support
– both airborne and deployable ground stations.

BiTMICRO Networks, Inc.

Booth 523

Fremont, CA
Web: www.bitmicro.com
BiTMICRO Networks develops flash SSDs in 2.5 and 3.5" HDD footprints and 19-inch
rack-mount configurations.

Brandywine Communications

Booth 802, 804

Tustin, CA
Web: www.brandywinecomm.com
Brandywine Communications is the premier supplier of GPS and time code based precision time and frequency products. Our product list includes plug-ins for computers,
Network Time Servers, GPS Frequency standards, GPS Master Clocks, Time and Frequency
Systems, Time Displays and Time Code equipment.

CALCULEX, Inc.

Booth 1009, 1011, 1013, 1015,
1108, 1110, 1112, 1114

Las Cruces, NM
Web: www.calculex.com
CALCULEX designs and manufactures state of the art electronics for military, aerospace
and commercial markets. CALCULEX solid state recorders are used worldwide in mission
critical applications including the USAF F-15 operational fleet, US NAVAIR flight testing
at Pax River, 46th Test Wing at Eglin AFB and reconnaissance programs at

Clear-Com

Booth 434

Santa Fe, NM
Web: www.clearcom.com
With nearly 40 years of experience, Clear-Com’s partyline, digital matrix, wireless and
IP-based intercom solutions continue to serve as the mission-critical communication
platform around the world.

Cobham DES, Kevlin Division

Booth 108

Methuen, MA
Web: www.cobhamdes.com
Manufacturer of Microwave and RF Rotary Joints for ground-based ad airborne applications.

Compunetix

Booth 122

Monroeville, PA
Web: www.compunetix.com
Compunetix Federal Systems Division provides mission critical voice communications and
conferencing for command and control applications, integrating phones, radios, and voice
recorders using user-friendly consoles.

Concept Development, Inc.

Booth 607

Irvine, CA
Web: www.cdvinc.com
Concept Development, Inc. was established to assist companies in meeting their needs
for timely and cost effective product development. We accomplish this by collaborating
with the customer's existing engineering group to effectively create an extension of the
customer's engineering resources. CDI has established itself as a flexible and responsive
partner for many companies in a wide range of product technologies.

Consultative Committee for Space Data Systems
(CCSDS)/NASA JPL
Booth 302
Pasadena, CA
Web: www.ccsds.org
CCSDS is the world’s premier standards development forum for solving common space
data system problems and providing interoperability and cross-support among the major
space agencies. These Recommendations for Space Data Systems are being used in most
new space missions and are implemented in a multitude of commercial products.
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EXHIBITORS
CPI Malibu Division

Booth 811, 813

Camarillo, CA
Web: www.cpii.com
CPI Malibu Division (Malibu) is the leading supplier of telemetry antenna systems in the
world. Malibu’s telemetry product line includes a series of planocentric driven pedestals
(EL/AZ & X/Y configurations) that will handle reflectors up to 7-meters in diameter. In
addition, Malibu has a series of antenna control units, with analog and digital interfaces, and various display sizes. Malibu manufactures both conically scanning and electronic scanning (SCM) feeds that will cover the complete L&S frequency band, as well as
newly approved C-band. Systems can be supplied as ground-based, transportable, mobile
or shipboard (gyro stabilized). The telemetry antennas can be supplied with options
such as acquisition-aid antennas, camera systems and single mode or multi mode fiberoptic interfaces. CPI Malibu Division also produces several non-autotracking antennas,
such as omni-directional & manually steerable antennas.

Curtiss-Wright

Booth 110

Ontario, Canada
Web: www.cwcembedded.com
Curtiss-Wright Controls Embedded Computing is the Defense and Aerospace industry’s
most comprehensive and experienced single source for embedded Processing, Subsystems,
Data Communication, DSP, and Radar, Video & Graphics solutions. Our expertise ranges
from the most advanced board-level components and support services to fully-integrated
custom systems.

CVG-Avtec Systems

Booth 911

Chantilly, VA
Web: www.avtec.com
Avtec Systems, a wholly owned subsidiary of CVG, Inc, provides integrated systems for
Mission Control, Testing and Operations. Products include Front-End Processors, Receivers,
Modulators and Multiplexers.

Data Device Corporation

Booth 435

Bohemia, NY
Web: www.ddc-web.com
DDC is an international leader in high-reliability interface cards and components (MILSTD-1553 / ARINC 429 / fibre channel / Synchro).

Delta Digital Video

Booth 225

Horsham, PA
Web: www.delta-info.com/ddv
Delta Digital Video is a division of Delta Information Systems, Inc. Delta designs and
manufactures video compression and scan conversion products for government and military applications. Delta’s video compression products provide for encoding and decoding
both HD and SD video using industry-standard algorithms, including H.264, MPEG-4 and
MPEG-2. Our scan converter line includes stroke-to-raster and video format converters.
These products are designed to meet the unique needs of the telemetry community,
offering a special emphasis on performance and packaging. Please visit our booth for a
first-hand look at our newest technology and to discuss your particular application.

Dewetron, Inc.

Booth 427, 429

Wakefield, RI
Data acquisition system maker.

Web: www.dewetron.com

Dynetics

Booth 400, 401

Huntsville, AL
Web: www.dynetics.com
Offering end-to-end telemetry solutions, the Dynetics Modular Telemetry System empowers weapons testers and evaluators to easily integrate telemetry units (the size of a
soda can!), affordably reconfigure designs for unique test requirements, and quickly collect/analyze data — plus provides access to Dynetics’ world-class test range support
services.

Dytran Instruments, Inc.

Booth 624

Chatsworth, CA
Web: www.dytran.com
Dytran Instruments, Inc. is a world-class designer and manufacturer of piezoelectric and
DC sensors for the measurement of acceleration, force and pressure.
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EXHIBITORS
EADS North America Defense Test & Services
Irvine, CA
Electronic test instruments, systems, and software.

EMC Corporation

Telemetry Recorders
High-Performance Disk-Based Recorders
Solid-State Recorders
14-Track Analog Recorder Replacement
Removable Media, Built-in Mux, & Plug-in IFs:
Digital PCM (40 Mbps), Analog (200 Msps),
Video, 1553, RS-232, Ethernet, …
IRIG 106 Ch10 & WSI Native Formats
Archive & Custom Solutions

Booth 608

Web: www.eads-nadefense.com

Booth 316, 417

Irvine, CA
Web: www.emc.com
EMC is the world leader in Information Lifecycle Management solutions for enterprise
information storage architectures, providing custom systems integration support for hardware & software, and specializing in telemetry, instrumentation, data storage, and multilevel security technologies. EMC provides ground & airborne solutions (such as ILIAD,
Odyssey, WebQLS), and advanced data system architectures for the MRTFB, DoD, NASA,
and for US Intelligence Agencies.

Emerson Connectivity Solutions

Booth 535

Redondo Beach, CA
Web: www.trompeter.com
Trompeter Electronics produces RF interconnect end products, cross-connects, and related
tools.

Emtec Federal

Booth 124

Springfield, NJ
Web: www.emtecfederal.com
Emtec Federal is an IT solutions and product reseller provider supporting the federal,
state, and local governments.

Ericsson Federal, Inc.

Booth 913, 915

Plano, TX
Web: www.ericsson.com/us/government
Ericsson Federal is a US-based company and trusted partner to the US Federal
Government, intelligence community, military and public safety services. Their capabilities
are strengthened by its parent company, Ericsson, the world's leading provider of technology and services to mobile and fixed networks globally.

DRS2100E – 220/440 Mbps 3U Rackmount

ESE

EURILOGIC
DRS3100E – 800 Mbps 3U Rackmount

Booth 1301, 1400

El Segundo, CA
Web: www.ese-web.com
For more than 30 years ESE has been providing accurate and cost effective timing equipment. GPS based time code Generators for timing and position applications. A variety of
LED displays, time code Translators, PC based Reader cards. Standard rack mount and
desk top enclosures as well as rugged enclosures for airborne and ground mobile use.
Montescot, France
EURILOGIC is specialized in industrial engineering.

Evertz Microsystems, Ltd

Booth 235, 236
Web: www.eurilogic.fr

Booth 504

Manassa, VA
Web: www.evertz.com
Evertz designs, manufactures and markets high quality video, audio and film equipment
used by professional production and post-production facilities and television broadcasters
worldwide.

GDP Space Systems

DRS3300E – 1600 Mbps 5U Rackmount

• ITC 2008 Gold Sponsor •
Booth 416
www.wideband-sys.com
2409 Linden Lane • Silver Spring, MD
301-588-8840

Booth 221, 223

Horsham, PA
Web: www.gdpspace.com
GDP Space Systems designs and manufactures ground-based telemetry and communications
equipment. GDP provides products and services to support tracking and control as well as
processing and acquisition of data. Products include Bit Synchronizers, Decommutators,
Simulators, Data Link Testers, Receivers, Modulators and Demodulators for SGLS, PSK and
PM. Take note of our new Multi-Channel PCM Bit Synchronizer/Best Source Selector, our
Data Link Test Sets, as well as our SGLS Modem and SGLS Ranging Processor.

GE Fanuc Intelligent Platforms

Booth 605

Charlottesville, VA
Web: www.gefanuc.com
GE Fanuc Intelligent Platforms, a unit of General Electric, offers an extensive line of
embedded boards and fully integrated rugged systems available in a range of environmental grades.
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Gray Laboratories, Inc.

Booth 912

Norcross, GA
Web: www.graylabs.com
High data rate digital communication hardware including frequency conversion, IF distribution, modulators/demodulators, error correction codecs, data generation and measurement. Satellite test equipment including digital communication products plus specialized
hardware. System design and analysis including satellite tx filter design.

Gulfstream Aerospace
Savannah, GA
Be sure to come visit booth 707 for more information

Haigh-Farr, Inc.

Booth 707
Web: www.gulfstream.com

Booth 1211

Bedford, NH
Web: www.haigh-farr.com
Haigh-Farr specializes in the design and manufacture of conformal, flight-body antennas
utilized on high-performance, aerospace vehicles in defense, space and commercial industries worldwide. Haigh-Farr pioneered the Wraparound™ antenna which is a thin, conformal, single or multi-channel antenna solution. Other Haigh-Farr products include con
formal Omnislot™, Flexislot™ and GPS antennas, along with classic Button and Blade styles.

Herley Industries

Booth 512

Lancaster, PA
Web: www.herley.com
Herley Industries is a leader in the design and manufacture of airborne instrumentation and ground systems. Our products include: PCM Encoders, Telemetry Transmitters,
Instrumentation Support Modules, Transponders, Fixed and Mobile Telemetry Systems,
Command and Control Systems, Range Safety and Flight Termination Systems and
Microwave Components.

iNET Program Office

Booth 406, 507

Patuxent River, MD
Recognizing the inability of current telemetry systems to meet emerging needs, the
Director of the Central Test and Evaluation Program (CTEIP) launched the integrated
Network Enhanced Telemetry (iNET) Project. iNET is taking a systems engineering
approach to reengineer telemetry; creating a telemetry network to enhance traditional
serial streaming telemetry systems.

InfoBase Publishers, Inc.

SURVEY SAYS...
We want ITC to improve every year.
To make that happen we need your
feedback. To help you tell us about the
conference we have a link on the
www.telemetry.org web page which
takes you to a short survey regarding the
ITC 2008. Please spend a few minutes
and fill out the survey. It is a big help to
us as we prepare for ITC 2009.
THANK YOU!
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Booth 612

South Riding, VA
Web: www.dacis.com
InfoBase provides the Defense/Aerospace Competitive Intelligence Service (DACIS), a comprehensive online information source on global defense and aerospace companies, programs, DoD budget, and industry merger and acquisition activity. Intuitive, yet powerful
search features put the complex world of defense commerce at your fingertips. Explore
this world of information at www.dacis.com.

Instrumentation Technology Systems

Booth 801

Northridge, CA
Web: www.itsamerica.com
Manufacture of Video Instrumentation and Timing Systems since 1978. Products include
Video Insertion, Video Data Encoding/Decoding, Video Synchronizers, Time Code Readers &
Generators. GPS Receivers, Time Code Displays and Camera/Device Control Systems.

Instrumented Sensor Technology, Inc.

Booth 910

Okemos, MI
Web: www.isthq.com
Manufactures portable data recorders for measuring dynamic environments.

Integral Systems, Inc.

Booth 806

Lanham, MD
Web: www.integ.com
Integral Systems, Inc. and its subsidiaries, SAT Corporation, Newpoint Technologies, RT
Logic, and Lumistar, build software and hardware products for complete integrated
ground systems for satellite operators and manufacturers. This includes command &
control, network management, signal processing, carrier & interference monitoring, network & frequency planning, geolocation, equipment monitor & control, integration & test
and payload data processing. EPOCH IPS (Integrated Product Suite) is the company’s
core command and control product suite that is used throughout the world to operate
fleets of GEO and LEO satellites.
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International Test & Evaluation Association

Booth 610

Fairfax, VA
Web: www.itea.org
The International Test and Evaluation Association (ITEA), is a not-for-profit educational
organization founded in 1980 to further the exchange of technical information in the
field of test and evaluation. Its members include professionals from industry, government, and academia, who are involved in the development and application of policy
and techniques used to assess the effectiveness, reliability, and safety of new and existing systems and products.

ITT Corporation

Booth 525

Bohemia, NY
Web: www.edocorp.com
ITT Corporation, Antenna Products & Technologies Division, is a leading designer and
manufacturer of antenna systems for launch-vehicles, satellites, and ranging/telemetry
applications. Our product line includes a wide variety of UHF, S-, and C-Band apertures
for flight-termination-systems and onboard telemetry applications. ITT’s product-line has
been designed for high-vibration/temperature/shock environments and has extensive
qualification and flight heritage.

JDA Systems

Booth 518

Concord, CA
Web: www.jdasystems.com
JDA Systems provides IRIG106 Chapter 10 technologies for real-time data processing,
reproduction, analysis, and display.

Kongsberg Spacetec AS

Booth 626

Tromso, Norway
Web: www.spacetec.no
Provider of Satellite Ground station systems for Earth observation satellites

L-3 Communications

Booths 1302-1315, 1402, 1404,
1406, 1408, 1410, 1412, 1414

New York, NY
Web: www.L-3com.com
L-3 Communications offers comprehensive COTS and custom solutions for the full
spectrum of telemetry requirements — from airborne and space telemetry components through complete ground systems and tracking antenna stations. The L-3 businesses showcased at ITC’08 include: Cincinnati Electronics, Communication Systems-East,
Datron Advanced Technologies, Communication Systems-West, E&TS, Nova Engineering,
and Telemetry & RF Products.

L-3 Cincinnati Electronics

L-3 Booth

Mason, OH
Web: www.cinele.com
Leadership in the design and production of innovative infrared sensors, hybrid microelectronics and cryogenics for autonomous guidance, situational awareness, threat warning and targeting. The business also specializes in the design, development and
production of avionics and communications products for missiles, launch vehicles and
spacecraft.

L-3 Communication Systems-East

L-3 Booth

Camden, NJ
Web: www.L-3com.com/cs-east
Designs, develops, produces and integrates communications systems and support equipment
for space, ground and naval applications, including C4I systems and products; integrated
Navy communications systems; space communications and recording systems; communications, security and information systems; signals intelligence systems; commercial medical
archive systems; and unattended ground-sensor systems.

L-3 Datron Advanced Technologies

L-3 Booth

Simi Valley, CA
Web: www.L-3com.com/datron
Fixed site and mobile antennas for telemetry, TT&C, satellite communications and RSS
ground stations. Airborne products are used for commercial as well as military applications. Datron’s Comm-on-the-Move (COTM) systems serve the evolving Ku/Ka-Band mobile
communication markets and its state-of-the-art satellite tracking systems meet the
toughest environmental and reliability requirements.
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L-3 Communication Systems-West, E&TS

L-3 Booth

Cape Canaveral, FL
Web: www.L-3com.com/csw/ets/
Engineering and Technical Services (E&TS) is a part of the L-3 Communication SystemsWest division. Our mission is to integrate, field, support and economically sustain C4ISR
technologies, weapon systems and networks — extending the product lifecycle while
delivering maximum mission readiness and operational availability.

L-3 Nova Engineering

L-3 Booth

Cincinnati, OH
Web: www.L-3Com.com/nova
Development and deployment of key enabling technologies such as mobile wireless networks, software-defined radios and advanced waveforms, including orthogonal frequencydivision multiplexing (OFDM), one of the standards utilized by the U.S. Government’s
Joint Tactical Radio System (JTRS) program. Nova offers engineering services plus unique
commercial-off-the-shelf products, including mobile ad hoc networking routers, flight test
telemetry equipment and sensor communications systems.

L-3 Telemetry & RF Products

L-3 Booth

San Diego, CA
Web: www.L-3com.com/telemetry
Custom flight hardware and systems solutions for missile telemetry/flight termination
and spacecraft telemetry, tracking and control (TT&C), and unmanned vehicle communication/data links. Preeminent supplier of airborne telemetry products and systems for
the aircraft and missile flight test, airborne telemetry, and ground receiver markets.
Leading supplier of high power Amplifiers, HF/Microwave Radios, Intelligence Receivers,
and Satellite Command & Control Software products.

Lumistar, Inc.

Booth 803

Carlsbad, CA
Web: www.lumi-star.com
Lumistar designs and manufactures board-level telemetry products for PCI, cPCI and VME
computer buses. These boards can be integrated into rack mount or portable computers
for quick-look telemetry applications. Our products include receivers, combiners, down
converters, bit synchronizers, decommutators, test transmitters, PCM data simulators and
software. Airborne telemetry components are also available.

M/A-COM

Booth 226, 228

Lowell, MA
Web: www.macom.com
M/A-COM is a leading supplier of radio frequency, microwave and millimeter wave integrated circuits, components, sub-systems and IP based Wireless Private Networks to the
telecommunications, automotive and defense-related industries. Our innovative telemetry
products include rugged, compact encoders, transmitters, modules and data links plus
high performance antennas and coaxial cables.

Measurement Specialties Inc.

Booth 606

Aliso Viejo, CA
Web: www.meas-spec.com
Measurement Specialties, Inc. designs and manufactures sensors and sensor-based systems.
The company produces a wide variety of sensors and transducers to measure precise
ranges of physical characteristics such as pressure, force, vibration, position, humidity
and photo optics. Measurement Specialties uses multiple advanced technologies –
including piezoresistive, electro-optic, electro-magnetic, application specific integrated circuits (ASICs), micro-electromechanical systems (MEMS), piezoelectric polymers and strain
gauges – to engineer sensors that operate precisely and cost effectively.

MFG Galileo Composites

Booth 424

Sparks, NV
Web: www.mfggalileo.com
MFG Galileo Composites designs and fabricates all-composite, spherical sandwich-wall
radomes. A wide selection of standard sizes (12' -80') is available for economy and
rapid delivery. 90,000 sq/ft CAD/CAM-equipped factory. For product ordering information, please call Clint Lackey at (775) 352-6704.

MicroStrain, Inc.

Booth 628

Williston, VT
Web: www.microstrain.com
Manufacturer of wireless, microminiature displacement and orientation sensors.
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Microwave Innovations

Booth 217

Orbit Communication Systems, Inc.

Booth 426, 428

Furlong, PA
Web: www.mwaveinnov.com
Microwave Innovations, designs and manufactures ruggedized transmitters, receivers and
data links for munitions, airborne and space telemetry applications. Now celebrating a
decade of providing cost effective solutions for high reliability products used in the
most extreme environments. From Commercial-Off-The-Shelf (COTS) products to custom
designs, production lots to small qualities, full aerospace grade testing to commercial.
Proven performance, what can we build for you!

City Of Industry, CA
Web: www.orbit-cs.com
Orbit supplies its customers with turnkey antenna tracking systems as well as sub-systems such as controllers, positioners, pedestals and antennas. Orbit’s tracking systems
make possible high-speed point-to-point communication links between static to air,
marine or ground mobile platforms that require telemetry, data or video communication, in both military and commercial applications.

Mu-Del Electronics, Inc.

Oceanside, CA
Web: www.mu-del.com
Mu-Del Electronics, Inc. is a small company that was formed in 1967 that specializes in
the RF world. We manufacture RF Multicoupler, Up and Down Frequency Converters, RF
Switching Distribution Systems and Radar Frequency Generators. These products work in
the frequency range of 1 KHz to 40.0 GHz. They can either be rack mounted or in
small weatherproof chassis.

Huntingdon Valley, PA
Web: www.orionsystemsinc.net
Orion Systems Inc. is a leading provider of Intercom Systems. These systems have been
deployed in mission critical communication environments and are used in Launch
Control, Air-to-Ground / Ground-to-Ground Communications and Data Switching. These
systems are available as Black only or as Red/Black configurations. The Orion Intercom
System can interoperate with COMSEC equipment such as KY58, KY100 and STE-R devices
and is also capable of Radio control functions.

mWAVE Industries, LLC.

Oxigraf, Inc.

Booth 1213

Booth 800

Windham, ME
Web: www.mwavellc.com
mWAVE Industries, LLC designs and manufactures standard and custom antenna products
for commercial and government applications spanning the scientific, defense, and academic communities. mWAVE offers reflector antennas and feeds including conscan and
monopulse. Additional products include microstrip arrays, horns, helices, sectors, and
omnidirectional antennas. mWAVE also supports independent test programs.

NASA Dryden Flight Research Center

Booth 104, 106

Orion Systems

Park Controls & Communications Ltd.

NAVAIR Ranges

Physical Science Laboratory – NMSU

NetAcquire Corporation

Booth 1003, 1005, 1102, 1104

Kirkland, WA
Web: www.netacquire.com
NetAcquire Corporation offers real-time telemetry and data acquisition products. Their
proven COTS architecture creates a cost-effective environment for any mix of I/O signal,
data format, and real-time data processing. Products include a range of network-centric
distributed solutions that support low-latency, deterministic system operation common in
airborne avionics and aerospace applications.

New Mexico State University

Booth 334

Las Cruces, NM
Web: www.telemetry.nmsu.edu
The Telemetry Center at New Mexico State University offers academic and research programs in telemetering, telecommunications, and signal processing. The Telemetry Center is
part of the Klipsch School of Electrical and Computer Engineering at NMSU. The department offers BS, MS, and PhD degrees in the academic program. Research programs have
been conducted with NASA, Sandia National Laboratory, the National Science Foundation,
the Department of Defense, and commercial companies.
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Booth 629

Bangalore, Karnataka
Web: www.parkcontrols.com
Park Controls & Commmunications provides Telemetry, Timing and Control Systems,
Automated Test Equipment, Engineering Services and Maintenance Services.

PCB Piezotronics Inc.

Booth 1405

Booth 534

Mountain View, CA
Web: www.oxigraf.com
Manufacturer of oxygen analyzers, sensors, and OBIGGS validation systems.

Edwards AFB, CA
Web: www.nasa.gov/centers/dryden/home/index.html
The National Aeronautics and Space Administration (NASA) Dryden Flight Research Center
(DFRC) located at Edwards Air Force Base, California, is NASA's primary installation providing range instrumentation and data processing systems to monitor and control
Dryden's flight research test activities.
Point Mugu, CA
Web: www.navair.navy.mil/ranges
The NAVAIR Range Department operates major test ranges and facilities on the east and
west coasts of the United States. These large, unencroached tracts of land, sea, and air
space provide a variety of terrain, including desert, mountain, littoral, and open ocean.
NAVAIR develops, operates, manages, and sustains these interoperable air, land, and sea
ranges, range instrumentation, and associated facilities; provides air vehicle and weapons
systems modification and instrumentation; and schedules and controls air land, and sea
space and associated range operating areas.

Booth 625

Booth 909

Depew, NY
Web: www.pcb.com
PCB Piezotronics designs and manufactures a complete range of accelerometers, microphones, pressure sensors, force sensors, and torque transducers utilizing ICP®, piezoelectric, capacitive, strain gage, piezoresistive, and TEDS sensing technologies.
Las Cruces, NM
Visit us in booth 536 for more information.

Precision Filters, Inc.

Booth 536
Web: www.psl.nmsu.edu

Booth 914

San Juan Capistrano, CA
Web: www.pfinc.com
Precision Filters’ thirty-plus years as a global provider of instrumentation for test measurements leads to an unsurpassed and complete family of analog signal conditioning/filtering systems, signal switching systems, and compact mini-active filter modules.

Quad Tron, Inc.

Booth 1215

Feasterville, PA
Web: www.quadtron.com
Quad Tron has over 20 years in the development, design, and manufacturing of Microminiaturized Telemetry Systems and Components. Standard products include High and
Low Level VCOs, FM/FM Systems, Programmable Signal Conditioning and PCM Encoders.
The 2002 PCM Data Acquisition System is modular, distributed and CAIS compatible. The
NEW “MODULAR MICRO” Series, Distributed PCM Encoder System is one of the smallest
in the industry.

Quasonix

Booth 903

West Chester, OH
Web: www.quasonix.com
Quasonix provides high performance communications and telemetry systems. We lead
the industry in spectrally efficient modulations, including SOQPSK and Multi-h CPM. Our
flight-qualified six-cubic-inch transmitters occupy one-half to one-third the bandwidth
PCM/FM, and our high-performance trellis demodulators and receivers provide 3.5 to 5 dB
gain over conventional detectors.
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Range Commanders Council

EXHIBITORS
Booth 812

Web: www.wsmrc2vger.wsmr.army.mil/rcc
The Range Commanders Council was organized to preserve and enhance the efficiency
and effectiveness of member ranges, thereby increasing their research and development,
operational test and evaluation, and training and readiness capabilities. The scope of the
Range Commanders Council is to: resolve common problems, discuss common range matters in an organized forum, exchange information thereby minimizing duplication, conduct joint investigations pertaining to research, design, development, procurement, and
testing, coordinate major or special procurement actions, develop operational test procedures and standards for present and future range use, and encourage the reutilization
and transfer of excess technical systems and equipment.

Reach Technologies, Inc.

Booth 1008, 1010

Victoria, British Columbia
Web: www.reachtest.com
Manufacturer of telemetry test equipment including BERTs, Digital and Analog Data
Recorders, Non-blocking Crossbar Switches, Telemetry Interfaces, Clock Synthesizers,
Network Telemetry Links.

Red Rapids

Booth 422

Richardson, TX
Web: www.redrapids.com
Red Rapids offers a catalog of general purpose signal acquisition and generation hardware products that are targeted at high performance communication systems.

Redstone Technical Test Center (RTTC)

Booth 1401

Redstone Arsenal, AL
RTTC is a Telemetry & Data Management Test Branch.

Web: www.RTTC.Army.mil

Rotating Precision Mechanisms Inc.

Booth 213, 215

Northridge, CA
Web: www.rpm-psi.com
RPM has delivered a vast array of over 1800 varying size COTS and NDI Antenna,
Optical and Sensor Positioning Sub-System, System and Control solutions to meet
Telemetry, ATC, Radar, TT&C, Test /Instrumentation, EW and UAV requirements over the
past 33 years for prime system integrators, Government and Military users.

RT Logic, Inc.

Booth 809, 908

Colorado Springs, CO
Web: www.rtlogic.com
RT Logic designs, develops, and delivers innovative signal processing systems for the
space and military communications industry. Our Telemetrix® product line covers the
full spectrum of RF-to-Data requirements and is used for satellite test, launch vehicle
telemetry, on-orbit satellite control, as well as Satellite Communications (SATCOM), airborne communications, and spectrum monitoring/interference detection.

RTI (Real-Time Innovations)

Booth 335

Sunnyvale, CA
Web: www.rti.com
RTI’s real-time messaging middleware allows you stream, analyze and react to torrents
of real-time data. With support for enterprise and embedded systems as well as satellite and wireless networks, RTI is ideally suited to integrating highly-disparate heterogeneous systems. RTI products are standards-compliant, including with the Data
Distribution Service for Real-Time Systems.

Society of Flight Test Engineers

Booth 120

Lancaster, CA
Web: www.sfte.org
The Society of Flight Test Engineers is a fraternity of engineers, whose principal professional interest is the flight testing of aircraft and missiles. The objective of the Society
is the advancement of flight test engineering throughout the aircraft industry by providing technical and fraternal communication among individuals, both domestic and international, in the allied engineering fields of test operations, analysis, instrumentation and
data systems.
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Southwest Research Institute

Booth 404, 505

San Antonio, TX
Web: www.swri.org
Southwest Research Institute (SwRI) is an independent, nonprofit, applied engineering and
physical sciences research and development organization using multidisciplinary
approaches to problem solving. The Institute occupies 1,200 acres and provides two million square feet of laboratories, test facilities, workshops, and offices for more than
3,200 employees who perform contract work for industrial and government clients
worldwide. We are currently developing real-time network-centric solutions for airborne
and space applications, and have extensive experience with standards and technologies
such as IPv4/v6, Multicast, SNMP, XML, IEEE-1588, iNET, CCSDS, CORBA, TENA, and
Spacewire. We have extensive experience developing network-based flight test systems
and are currently leading standards development for the iNET program.

Spectracom Corporation

Booth 502

Rochester, NY
Web: www.spectracomcorp.com
Synchronizing Critical Operations – it’s what we do. Spectracom supports mission-critical
systems with precise and reliable time and frequency synchronization. New products to
meet your needs include: PCIe and bus-level timing boards, software drivers, SAASM-capable network time servers for IPv6, and an expanded line of GPS Clocks. We develop
custom solutions.

Spiral Technology, Inc.

Booth 1100, 1101

Lancaster, CA
Web: www.spiraltechinc.com
Spiral Technology, Inc. is an employee/veteran owned small business that provides R&D,
T&E, and A&A services to Government/Commercial customers. The Systems Engineering &
Integration arm of Spiral is a developer and user of R&D/T&E facilities/systems. Spiral is
also well known for its Open Telemetry Interactive Setup (OTIS-9) suite of telemetry
support software based upon the IRIG TMATS & XML standards.

Summation Research, Inc.

Booth 1012, 1014

Melbourne, FL
Web: www.summationresearch.com
Summation Research (SRI) provides satellite, range and flight ground segment products
including Multi-Mission Receivers, Demodulator/Decoders, Bit Syncs, and SGLS/USB signal
processors. Announcing the SE-4255 RF Exciter and Telemetry Signal Simulator, including
Satellite and ARTM waveforms supporting up to 200 Mbps. Also showcasing SRI
Hermetics, providing advanced hermetic connectors and enclosures.

Summit Instruments, Inc.

Booth 528

Akron, OH
Web: www.summitinstruments.com
Manufacturer of Inertial Sensors and Inertial Measurement Systems.

Superior Access Solutions.

Booth 815

Burnsville, MN
Web: www.sa-solutions.com
SAS provides system level solutions for transport of telemetry, video, voice and data via
range networks.

Symmetricom

Booth 326, 328

Beverly, MA
Web: www.symmttm.com
PERFECT TIMING. IT’S OUR BUSINESS. Our XLi SAASM Time & Frequency Receiver is the
world’s most powerful, accurate & versatile SAASM based GPS receiver and is compliant
with Joint Chiefs of Staff SAASM mandate that is effective October 1, 2006. Our product
breadth, precision and expertise in GPS and time code is unmatched.

Symvionics, Inc.

Booth 1103, 1105, 1202, 1204

Palmdale, CA
Web: www.symvionics.com
IADS provides test engineers with the enhanced data processing, management, and display capabilities necessary to perform safety critical analysis in near real-time during a
real-time mission. IADS increases the engineer's confidence in making clearance decisions
by providing enhanced analysis and display capabilities. IADS allows the engineer to
achieve this confidence level by providing real-time displays and simultaneous near realtime processing of both time domain and frequency domain analysis. Real-time data
and results created in near real-time may be compared to predicted data on workstations to enhance the user's confidence in making point-to-point clearance decisions.
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Sypris Data Systems

EXHIBITORS
Booth 126, 128, 227, 229

San Dimas, CA
Web: www.syprisdatasystems.com
Sypris Data Systems designs, manufactures and supports high-performance data acquisition and storage systems for governments and industries worldwide.

Systel Inc.

Booth 329

Sugar Land, TX
Web: www.systelusa.com
Systel industrial systems are deployed worldwide in process control, automation, telecommunication, military and oil and gas industries. From clean sheet design to redesign of
existing systems, Systel offers in-depth knowledge and experience to accommodate the
most industrial demanding requirements. Since 1988, Systel has been the leader in
rugged design and custom integration of industrial computers, chassis and displays.

System Planning Corporation

Booth 1403

Arlington, VA
Web: www.sysplan.com
System Planning Corporation is an OEM supplier of Flight Termination Systems.

Systems Engineering & Management
Company (SEMCO)

Booth 410

Vista, CA
Web: www.semco.com
SEMCO provides receivers, combiners, bit syncs, decoms, record/playback capability, and
RF test simulators to the telemetry industry; also voice, video and data products for
law enforcement, surveillance, and homeland security. Our new C-band receiver capability, plus our Automated Telemetry Test Station are being introduced at ITC 2008.

TCS, Inc.

Booth 114, 116

Chatsworth, CA
Web: www.tcs.la
Manufacturer of Telemetry tracking antenna systems of different types and various sizes
with fiber control. Specializes in upgrades to the existing antenna systems with state-ofthe-art Antenna Control Unit, ACU-M1. Custom designer of intelligent antenna systems
with latest technology.

TECOM Industries, Inc.

Booth 524, 526

Thousand Oaks, CA
Web: www.tecom-ind.com
TECOM Industries, Inc. is an industry leader in the manufacture of Antennas and
Antenna Positioning Systems for Military, SATCOM and Commercial applications. TECOM
antennas and antenna systems range from 500 MHz to 40 GHz and are utilized for
SIGINT, Data Link, Direction Finding, SATCOM, and Electronic Warfare applications.

TEK Microsystems, Inc.

Booth 614

Chelmsford, MA
Web: www.tekmicro.com
I/O intensive solutions for data recording and storage and data acquisition applications.

TRAK Microwave

Booth 529

Tampa, FL
Web: www.trak.com
TRAK Microwave produces GPS Time & Frequency Systems for defense, space and commercial applications worldwide. Products include Precise Synchronization, Timekeeping,
Code Generation, Clocks, Code-Signal-Frequency Distribution and SAASM capabilities. TRAK
is ISO 9001:2000 and AS9100:2004 Registered.

Ulyssix Technologies, Inc.

Booth 901, 1000

Frederick, MD
Web: www.ulyssix.com
Ulyssix is a leading provider of Digital Bit Synchronizers, Decommutators, PCM
Simulators, Bit Error Rate Testers, Data Link Analyzers, FM/FM and FM/PCM Baseband
Demodulators, Modulators and Calibrators. All Ulyssix products are available as board
level or integrated telemetry solutions.

Universal Switching
Burbank, CA
Programmable switching systems and modules.

U.S. Army White Sands Missile Range

Booth 320
Web: www.uswi.com

Booth 808, 810

White Sands Missile Range, NM
Web: www.wsmr.army.mil
White Sands Missile Range (WSMR) provides broad spectrum and high quality testing
and evaluation, data collection and analysis, instrumentation development, modeling and
simulation, research, assessment, and other technical services to all Branches of DoD,
other government agencies, US companies, and foreign allies. The large land mass, controlled airspace and conventional munitions, unmanned systems, distributed testing, countermeasures, space systems and sensors, directed energy, high and low altitude missile
systems testing, explosives testing, ground and aerial targets, and low observable precision strikes insure future force readiness.

ViaSat, Inc.

Booth 402, 500, 501

Duluth, GA
Web: www.viasat.com
ViaSat Antenna Systems has supplied thousands of limited- and full-motion systems for
both government and commercial customers. Our more than 55 remote sensing installations are more than any other provider. These RF-to-bits systems include applicationspecific hardware and software that provide a digital data stream to your data
processing system.

VMETRO

Booth 527

Houston, TX
Web: www.vmetro.com
VMETRO is a leading supplier of embedded computers and systems with products including signal processing, data acquisition, data recording and storage

Wallops Flight Facility.

Booth 609

Teletronics Technology Corp. Booth 304, 306, 308, 310,
312, 314, 405, 407, 409, 411, 413, 415

Wallops Island, VA
Web: www.nasa.gov/centers/wallops/home/index.html
NASA Research Scientific Launch Range.

Newtown, PA
Web: www.ttcdas.com
TTC designs and manufactures airborne and ground systems and products. TTC’s products include PCM and iNET-ready networked data acquisition, data recorders, 16-Gbps
radar recorders, gigabit switches, gateways, iNET transceivers, transmitters (PCM/FM &
SOQPSK), receivers, transponders, FTRs, and wide variety of PC-based cards, ground
receivers, server/client data processing system and software.

Wideband Systems, Inc.

Thales Alenia Space ETCA
Charleroi, Belgium
Visit us in booth 729 for more information.

Booth 729
Web: www.thalesaleniaspace.com

Booth 416

Mission Viejo, CA
Web: www.wideband-sys.com
Wideband Systems manufactures high-performance telemetry recorders leading the industry in wideband analog pre-d and digital post-d recording technology. Our
robust/reliable, disk-based recorders with integrated time-synchronized multiplexers support a variety of signal interfaces (analog, digital PCM, video, 1553, RS232, Ethernet,
etc.) and aggregate data rates (240 Mb/sec to 1600+ Mb/sec). Compatible with both
IRIG 106 Chapter 10 and WSI native formats, these versatile recorders are widely
deployed supporting diverse and demanding requirements such as 14-track analog
recorder replacement and direct IF recording.

WV Communications, Inc.

Booth 604

Newbury Park, CA
Web: www.wv-comm.com
WV Communications is a world-class RF/Microwave Solutions Company. Some of our
products include flight termination high-power amplifiers / related components and
turnkey systems.
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EXHIBITORS
Wyle

Booth 204, 206, 208, 212, 214,
305, 307, 309, 313, 315

California, MD
Web: www.wyletds.com
Wyle Telemetry and Data Systems (TDS) provides seamless telemetry receiving, processing, recording and data mining solutions for test and evaluation. Products range
from turnkey systems to component-based software and hardware. With a full suite
of high performance COTS products for RF receiving, real time processing, dynamic
visualization, data product generation, data mining, data management, and data dissemination, Wyle can meet virtually all your ground segment telemetry needs. Wyle
TDS has supplied thousands of systems over twenty-five years to test ranges and
major programs on six continents.

Zodiac Data Systems

Booth 216, 218, 220,
222, 317, 319, 321, 323

Alpharetta, GA
Web: www.zds-us.com
Zodiac Data Systems, Inc. is a technology leader and all-in-one solution provider in
the fields of data acquisition and telemetry. The company is comprised of three
Divisions, Heim Data, Enertec and IN-SNEC and is a subsidiary of the Zodiac US
Corporation. Zodiac is a global company with interests in the aerospace, marine,
telecommunications, electronics and military technology markets..

Thank you...
ITC continues to be organized and
managed by an all volunteer organizing
committee which is responsible for all
aspects of the conference. This volunteer staff
and the support of their respective employers
make the ITC happen. The IFT would like
to thank the staff and their companies
for their generosity and support of
the ITC conference.

EDWARDS AIR FORCE BASE
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ITC/USA 2008

Technical
Sessions
>TUESDAY, OCTOBER 28TH, 1:30PM – 4:30PM
SESSION 1 – Joint Range Commanders Council-Telemetry
Group (RCC-TG) and Telemetry Standards Coordinating
Committee (TSCC) (Special Session)
Chair: James Yates, L-3 Telemetry & RF Products and
Ronald Pozmantier, AFFTC - Edwards AFB
Royal Palm 1/2
Note: Special sessions are not included on the DVD
This session has been created to allow the dissemination of the results of work
accomplished in the telemetry field by two of the industries leading organizations
for both standards development and review. The first half 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. The second half will be briefings/presentations on on-going reviews
task efforts being undertaken by the TSCC over the last 12 months, including
findings across both flight test and spacecraft telemetry standards developments.

SESSION 2 – Time-Space Positioning/GPS
Chair: Kevin Crawford, NASA/Marshall Space Flight Center

Royal Palm 3

1:30pm “Dual Antenna Use on a GPS Receiver”
Hal Altan, Honeywell International
08-02-01
Combining signals from multiple antennas have always created challenges for
dynamic GPS receiving system designers during acquisition and tracking. This
paper tries to open the topic for further discussion and study.

2:00pm “High-Precision Geolocation Algorithms for
UAV and UUV Applications in Navigation
and Collision Avoidance”
Hua Lee, University of California, Santa Barbara
08-02-02
This paper presents the theoretical analysis, signal processing, and the field
experiments of two algorithms in UAV and UUV applications in homing and
docking as well as collision avoidance.

2:30pm “The Development of a Flight Test Real
Time GPS Navigation Tool (GNAV)”
Nelson Paiva Oliveira Leite et al., Grupo Especial de Ensaios em
Vôo, Centro de Computação da Aeronáutica de Brasília and Instituto
Tecnológico de Aeronáutica - Divisão de Eng. Eletrônica
08-02-03
The development and the preliminary tests results of a real-time data processing
tool to compute Time Space Position Information using differential GPS techniques
is presented where Rover observables are embedded into the FTI PCM stream.
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3:00pm “Current Status of Adding GPS Tracking
Capability to a Missile Telemetry Section”
Scott Kujiraoka, NAVAIR-Pt. Mugu, Russ Fielder &
Alvia Sandberg, NAVAIR - China Lake
08-02-04
This paper chronicles the latest effort in adding GPS Tracking Capability
(developed by JAMI) to a Five Inch Diameter Missile Telemetry Section as well as
upgrading the Test Ranges to support these new Missile Firings.

SESSION 3 – System Management
Chair: Ray Faulstich, CSC Range and Engineering Services

Royal Palm 4

1:30pm “System Management in Network-Based
Telemetry Systems”
Allison Bertrand, Michael Moore, and Ben Abbott,
Southwest Research Institute
08-03-01
Network-based flight test systems benefit from being managed in a coordinated
fashion. Standards-based System Management interfaces support variable styles
of user interaction and quick integration of new types of devices. Implementation
trade-offs will be discussed.

2:00pm “Technology Trades for Management of
Telemetry Network Systems”
Allison Bertrand, Thomas Grace, Ben Abbott, Kase Saylor,
Southwest Research Institute and NAVAIR
08-03-02
The Integrated Network Enhanced Telemetry (iNET) Project System Management
Standards Working Group has been studying foundation technologies for interfaces
supporting the integrated management of telemetry network systems to ensure
interoperability among varied equipment.

2:30pm “iNET Based Automatic Hardware
Selection”
Benjamin Kupferschmidt, Teletronics Technology Corp.

08-03-03

The paper discusses the design of an automatic hardware selection system that
can automatically transform the requirements for a flight test program into a list
of hardware that can accomplish the desired task.

3:00pm “Managing Instrumentation Networks”
Eric Pesciotta, Teletronics Technology Corporation
08-03-04
This paper explores the technologies required to satisfy traditional system
configuration as well as the less understood aspects of network management and
analysis. Examples of software that meet or exceed these requirements are provided.

3:30pm “The Optimization of Node Configuration
in a Mixed network for Quality of Service”
Laurie St. Ange and Richard Dean, Morgan State University 08-03-05
This paper shows that optimum node configurations can be achieved in a mixed
network for Quality of Service and Signal-to-Interference requirements. This is
achieved by implementing developed distance measures in a modified k-means
clustering scheme.

SESSION 4 – Payload and System Software
Development
Chair: Rodger Charroux, The Aerospace Corporation
Royal Palm 5
1:30pm “A Data-Oriented Software Architecture
for Telemetry”
Rajive Joshi, Real-Time Innovations Inc.
08-04-01
Historically telemetry architectures have tightly coupled remote articles, links, and
ground resulting in brittle/expensive designs. "Data-Oriented Architecture" is a
framework for loosely-coupled real-time information-driven systems, relying on
tunable standards-based middleware to realize modular scalable designs.

37

TECHNICAL SESSIONS

TECHNICAL SESSIONS

2:00pm “Using LabVIEW to Design a Payload
Control System”
Stephen Horan, New Mexico State University
08-04-02

4:00pm “Key Components in a Networked Data
Acquisition System”
Diarmuid Corry, ACRA Control Inc.
08-05-06

In this paper, we will look at LabVIEW-based state machines for controlling a
payload and its groundstation, the challenges for the PC/104 flight computer
development, and show how the final product was deployed.

This paper assumes little previous experience with networks, and looks at how a
networked based approach affects the elements of an FTI network and the things
the engineer must look for when designing an Ethernet based FTI network.

2:30pm “IP-Based Networking as Part of the
Design of a Payload Control System”
Stephen Horan, Ryan Aaronscooke, and
Daniel Jaramillo, New Mexico State University
08-04-03

> WEDNESDAY, OCTOBER 29 • 8:30AM–11:30AM

We have developed a ground station and flight computer employing IP-based
networking for command and telemetry communications. We have also
demonstrated the ability to operate the payload remotely over the Internet
through the remote groundstations.

SESSION 5 – Network & Transport Protocols
Chair: Lance Self, Air Force Research Lab
Royal Palm 6
1:30pm “Analysis and Application Scenarios for
Telemetry Data Transmission and
Synchronization over Wireless LAN”
Nikki Cranley and Diarmuid Corry, ACRA Control Inc.
08-05-01
This paper provides an overview and experimental analysis of WLAN technology
focusing on its application in networked telemetry data acquisition systems and its
limitations for real-time telemetry data transmission.

2:00pm “Real-time Transport Protocols for
Telemetry Data and Signaling”
Nikki Cranley and Diarmuid Corry, ACRA Control Inc.

SESSION 6 – Emerging iNET Standards
(Special Session)
Chair: Daniel Skelley, NAVAIR - Pax River
Royal Palm 1/2
Note: Special sessions are not included on the DVD
Sponsored by the Central Test and Evaluation Investment Program (CTEIP), the
integrated Network Enhanced Telemetry (iNET) Project has developed an
architecture for network enhancing telemetry. This architecture will be
implemented via a set of standards; allowing multiple vendors hardware to
interoperate within a single system. Throughout 2008, iNET has engaged the
community through a collaborative working group process to develop the
standards. This session will present an overview of these emerging standards, and
describe the work performed to date.

8:30am “Overview of iNET Acquisition Strategy”
William Cookson, Edwards Air Force Base
9:00am “System Management Standards”
Ben Abbott, Southwest Research Institute

08-05-02

This paper presents the open standard Real-time Transport Protocol (RTP) for
networked telemetry systems and proposes a preliminary Telemetry payload
profile definition as a subset of the RTP protocol specialized for telemetry data
transmission.

2:30pm “Networked Data Acquisition Systems for
the Army FCS Program”
Eric Pesciotta, John Roach, Nathan Sadia and
Hsueh-szu Yang, Teletronics Technology Corp.
08-05-03
This paper describes the High-Speed Digital Recording system, a network-based
data acquisition system designed to allow for the recording of high-resolution
(1600x1280) RGB video, user-selected Ethernet packets, along with audio and
GPS time information.

3:00pm “A Cross-Layered Protocol Architecture
for Highly-Dynamic Multihop Airborne
Telemetry Networks”
Abdul Jabbar, James P.G. Sterbenz and
Erik Perrins, University of Kansas
08-05-04

9:30am “Communication Link Standards”
Kip Temple, Edwards Air Force Base
10:00am “Test Article Standards”
Gary Ragsdale, Southwest Research Institute
10:30am “Ground Station Applications”
Bruce Lipe, Edwards Air Force Base
11:00am “Metadata Standards”
Michael Moore, Southwest Research Institute

.

SESSION 7 – Telemetry in Extreme Environments
Chair: Jaime Reyes, White Sands Missile Range
Royal Palm 3
8:30am “In-Bore Acceleration Measurements of an
Electromagnetic Gun Launcher”
Edward F. Bukowski, T Gordon Brown and
Tim Brosseau, US Army Research Laboratory
08-07-01
This paper discusses a system to measure in-bore structural loads of projectiles
launched from an electromagnetic gun.

Networks of high-velocity airborne nodes present unique challenges to the current
Internet protocols. This paper presents the architecture and design of a network
layer and a cross-layered routing protocol optimized for airborne telemetry
networks.

9:00am “Low-Cost Semi-Active Laser Seekers for
US Army Applications”
K. Hubbard et al., Army Research Laboratory and
Dr. T. G. Horwath Consulting, LLC
08-07-02

3:30pm “Non-Traditional Uses of the CCSDS Space
Link Extension (SLE) Protocol”
Brian Safigan, Kirill Lokshin and
Amit Puri, CVG/Avtec Systems, Inc.
08-05-05

This paper presents the design and basic characteristics of a low-cost semi-active
laser seeker for gun launched projectiles.

This paper discusses non-traditional uses of the CCSDS SLE protocols outside the
constrained discrete packet telecommand/telemetry model envisioned by CCSDS.
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9:30am “An Economic Method to Increase
Equipment Rack Shielding”
Robert Ridgeway, Digi International Inc. and
Henry Newton, National Radio Astronomy Observatory

08-07-03

The ALMA Project is developing a based radio astronomy array for northern Chile.
The array utilizes high level shielded racks. Carbon filled foam installed in the
racks is being used to enhance shielding.

10:00am “Approaches to Mitigate Disruption of
Telemetry During Directed Energy Testing”
Michael Keidar et al., The George Washington University,
University of Michigan and Edwards Air Force Base
08-07-04
Telemetry in the case of directed-energy beam interaction with a target might be
disrupted due to plasma formation causing communication blackout. In this paper
several mitigation approaches, namely electrostatic and electromagnetic, are
considered.

10:30am “Soft Recovery Recording System for
Interior and Exterior Ballistics
Characterization”
Mauricio Guevara and Boris Flysch, US Army ARDEC,
Precision Munitions Instrumentation Division
08-07-05
This paper describes the design and acceleration data collected of a data
acquisition system built to fit in a M831 modified tank round.

SESSION 8 – Reliability, Maintenance &
Risk Management
Chair: Brian Keating, NAVAIR - Pax River

Royal Palm 4

8:30am “Analytic Redundancy of Navigation
Systems for Flight Test Data Validation”
Walton Williamson, Jason Speyer, Greg Glenn, Vu Dang
and Terri Xiao, SySense Inc.
08-08-01
Theory and flight test example of using analytic redundancy methods to automate
the process of looking for sensor anomalies. The example demonstrates detection
of air data system anomalies using GPS.

9:00am “A Constraint-Based Approach to
Predictive Maintenance Model
Development”
Joe Gorman, Glenn Takata, Subhash Patel and
Dan Grecu, Charles River Analytics

08-08-02

Predictive maintenance can provide significant cost savings while preserving system
performance and readiness. This paper describes a novel application of constraintbased data mining applied to predictive maintenance.

9:30am “Spectral Analysis for Spacecraft
Analog Telemetry Behavior”
Len Losik, Failure Analysis

08-08-03

Spectral analysis analyzes complex electronic signals breaking them in amplitude,
time, frequency and phase components and provides another tool to resolve
suspect space vehicle telemetry measurement behavior reducing risk to critical
space assets.

10:00am “Launch Vehicle and Satellite Independent
Failure Analysis Using Telemetry
Prognostic Algorithms”
Len Losik, Failure Analysis
08-08-04
Telemetry prognostics is the use of generic, data-driven algorithms usable across
all satellites and launch vehicles allowing identification of equipment failures that
will occur for up to one year in the future or has already occurred allowing for an
independent failure analysis.

10:30am “Predicting Long-Term Telemetry Behavior
for Lunar Orbiting, Deep Space, Planetary
and Earth Orbiting Satellites”
Len Losik, Failure Analysis.
08-08-05
Oracol is a Windows-based telemetry behavior prediction service providing
accurate, long-term information engineers need to develop tailored in-orbit analysis
tools prior to launch and for comparison with actual spacecraft telemetry
behavior for decades into the future.

SESSION 9 – Modulation & Synchronization
Chair: Robert Selbrede, JT3 - Edwards AFB

Royal Palm 5

8:30am “Space-Time Shaped Offset QPSK”
Xiaoyu Dang and Michael Rice, Brigham Young University

08-09-01

This paper describes the use of orthogonal space-time block codes to overcome
the performance and complexity difficulties associated with Shaped Offset QPSK
modulation in multiple-input, single-output telemetry systems.

9:00am “PAM-Based Timing Synchronization for ARTM
Modulations”
Erik Perrins and Sayak Bose, University of Kansas,
Marilynn P. Wylie-Green, Nokia Siemens Networks
08-09-02
We develop a simple decision-directed timing recovery method for continuous phase
modulation (CPM), and apply this method to PCM/FM, SOQPSK-TG, and ARTM
CPM. The proposed approach performs close to the theoretical limits in simulations.

9:30am “A Novel Multi-h CPM-SC-FDMA
Transmission Scheme for Aeronautical
Telemetry”
Marilynn Wylie-Green, Nokia Siemens Networks and
08-09-03
Erik Perrins, University of Kansas
We describe a novel scheme that combines key characteristics from continuous
phase modulation and Single-Carrier Frequency Division Multiple Access in order
to produce a robust, power efficient scheme for high-rate multiple-access
aeronautical telemetry applications.

10:00am “Re-Engineering PCM/FM as a Phase
Modulation Scheme”
Ratish J. Punnoose, Sandia National Laboratories
08-09-04
With modern receivers, PCM/FM can have better error performance (but worse
spectral efficiency) than SOQPSK or multi-h CPM. We present the limits of its error
performance and explore additional modifications that can improve it further.

10:30am “Considerations for Deploying IEEE 1588 v2
in Network-Centric Data Acquisition and
Telemetry Systems”
Todd Newton, Evan Grim and
Myron Moodie, Southwest Research Institute
08-09-05
This paper discusses the recently updated IEEE 1588 standard for precise time
synchronization. New features introduced in this version of the standard as well
as interoperability issues with version 1 are discussed.
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11:00am “Utilization of an IEEE 1588 Timing
Reference Source in the iNET RF
Transceiver”
Cheng Lu, John Roach and
George Sasvari, Teletronics Technology Corp.

SESSION 12 – iNET Technologies
Chair: Daniel Skelley, NAVAIR - Pax River
08-09-06

Synchronization is essential for iNET due to its TDMA access control and
coherency of signal modulation waveforms. TTC proposes a cross-layer (MAC,
PHY) synchronization architecture that utilizes the 1588 timing reference to
improve transceiver performance.

SESSION 10 – Multipath Environments
Chair: Terry Hill, Quasonix

Royal Palm 6

8:30am “New Results In Unitary Space-Time Code
Construction and Comparison to Upper
Bounds” Adam Panagos, Dynetics, Inc.,
Chris Potter and Kurt Kosbar, Missouri S&T
08-10-01
A survey of unitary space-time code construction techniques, some newly found
codes, and a comparison of best known codes to diversity product and diversity
sum upper bounds are presented.

9:00am “MIMO Channel Prediction Using
Recurrent Neural Networks” Chris Potter and
Kurt Kosbar, Missouri S&T, Adam Panagos, Dynetics, Inc.
08-10-02
This paper describes the use of a recurrent neural network to predict the state of
multiple-input multiple-output channels.

9:30am “Hardware Discussion of a MIMO Wireless
Communication System Using Orthogonal
Space Time Block Codes”
Chris Potter and Kurt Kosbar, Missouri S&T,
Adam Panagos, Dynetics, Inc.
08-10-03
This paper describes a hardware test-bed which will be used to evaluate multipleinput multiple-output systems for missile and other aerospace telemetry
applications.

10:00am “Iterative Equalization for SOQPSK
in Multipath Fading”
Qiang Lei and Michael Rice, Brigham Young University

08-10-04

This paper investigates the application of iterative equalization techniques to
overcome multipath fading for shaped offset QPSK in aeronautical telemetry. An
iterative decision feedback equalizer suitable for use with SOQPSK-TG is proposed
and this equalizer offers good complexity/performance trade-offs and exhibits
impressive performance for SOQPSK-TG.

> WEDNESDAY, OCTOBER 29 • 2:30PM–5:30PM
SESSION 11 – Joint Advanced Missile Instrumentation
(JAMI) User Group (Special Session)
Chair: Rick Marvin, NAVAIR - China Lake
Royal Palm 1
Note: Special sessions are not included on the DVD
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.
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Royal Palm 2

2:30pm “The Design of a High-Performance:
Network Transceiver for iNET”
Cheng Lu, Paul Cook, John Hildin, and
John Roach, Teletronics Technology Corp.

08-12-01

iNET transceiver enables two-way communication capability between nodes on
both the ground and in the air. We describe TTC development path in its
implementation of nXCVR-2000G, an OFDM 802-11a-based iNET-ready IP
transceiver.

3:00pm “An Airborne Network Telemetry Link
for the iNET Technical Demonstration
System”
08-12-02
Kip Temple and Dan Laird, Air Force Flight Test Center
This paper will discuss a COTS wireless network link for use in aeronautical
telemetry. A system description, system configuration and monitoring tools, and
flight test results over various flight paths are presented.

3:30pm “Implementing iNET and the
Operational Issues Involved”
David Hodack, Naval Air Systems Command

08-12-03

This paper will discuss an iNET operational demonstration that will involve
instrumenting an H-60 helicopter with a network based telemetry system and the
expected operational issues involve with such an installation.

4:00pm “Technology Trades in IP-based Telemetry
Networks”
Joshua Kenney, Myron Moodie and Gary Ragsdale,
Southwest Research Institute, Thomas Grace, NAVAIR
08-12-04
The iNET test article standards working group is defining open standards for
telemetry network interoperability. This paper describes the current technology
trades of an IP-based network paradigm used in producing standards for test
article networks.

4:30pm “Distance Measures for QOS Performance
Management in Mixed Networks”
Yacob Astatke and Richard Dean, Morgan State University 08-12-05
This paper provides the analytical foundation to prove that the “power” distance
measure is an excellent tool for optimizing the clustering of a Mixed Network for
Quality of Service applications for the iNET project.

5:00pm “TENA in a Telemetry Network System”
Kase Saylor, William Malatesta and
08-12-06
Ben A. Abbott, Southwest Research Institute and NAVAIR
This paper discusses a demonstration prototype that is being used to investigate
the use of the Test and Training Enabling Architecture (TENA) across a constrained
integrated Network Enhanced Telemetry (iNET) environment.

SESSION 13 – Aeronautical Telemetry
Chair: James Yates, L-3 Telemetry & RF Products

Royal Palm 3

2:30pm “Migrating Airborne Instrumentation
Systems from PCM to Network”
Albert Berdugo, Teletronics Technology Corporation
08-13-01
This paper describes hardware components that enable instrumentation engineers
to migrate their existing PCM-based instrumentation system to a network-based
system.
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3:00pm “Design and Implementation of an Avionics
Full Duplex Ethernet (A664) Data
Acquisition System”
Alberto Perez, John Hildin and
John Roach, Teletronics Technology Corp.
08-13-02
This paper provides the hardware and software implementation choices made by
Teletronics in the design of an ARINC 664 bus monitor used as part of a networkbased data acquisition system.

3:30pm “Flight Test Instrumentation Manager
Software”
Christian Herbepin, Eurocopter Flight Test Department
08-13-03
This paper presents a fully integrated and user-friendly tool, internally developed in
JAVA at Eurocopter covering all the activities relative to the Flight Test
Instrumentation.

4:00pm “End-to-End Disruption-Tolerant Transport
Protocol Issues and Design for Airborne
Telemetry Networks”
Justin P. Rohrer, Erik Perrins, and
James P.G. Sterbenz, University of Kansas
08-13-04
This paper explores the unique challenges to end-to-end communication due to
the highly dynamic topology and time-varying connectivity found in airborne
telemetry networks. We present a design for a domain-specific transport protocol
to address these issues.

SESSION 14 – Remote Site Telemetry Systems
Chair: Darryl Burkes, NASA - Dryden Flight Research Center
Royal Palm 4
2:30pm “Telemetry System for a Remote
Ecological Field Station”
Erik Perrins, Balachandra Kumaraswamy and
Sayak Bose, University of Kansas

08-14-01

This paper presents a system-level design of a data transfer link for a remote
ecological field station, including requirements, candidate solutions, and basic
measurements from the fielded system.

3:00pm “Using the Ground Equipment Monitoring
Service (GEMS) for Satellite Telemetry &
Command Systems”
Rob Andzik, Real Time Logic Inc.
08-14-02
Communication with space vehicles requires a sophisticated suite of ground
equipment. Integration of these devices can be a costly and problematic endeavor.
This paper describes how the GEMS specification simplifies integration efforts and
reduces costs.

3:30pm “Cost-Effective, Focused Instrumentation
for TT&C/COMMS Engineering”
Steve Williams, Real Time Logic Inc.
08-14-03
This paper describes economical and focused toolsets for TT&C and COMMS
system simulation, development, verification, analysis, maintenance, debugging and
education.
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SESSION 15 – Data Management & Post Processing
Chair: Richard Hansen, AFFTC - Edwards AFB, retired
Royal Palm 5
2:30pm “Quantifying Coding Gain from Telemetry
Data Combining”
Michael A. Forman, Ken Condreva, Gary Kirchner, and
Kevin Lam, Sandia National Laboratories
08-15-01
A method for combining telemetry data for a ballistic missile test flight is
presented. Received data is combined from multiple receivers and polarizations,
providing estimated coding gains as high as 30 dB.

3:00pm “Designing An Object-Oriented Data
Processing Network”
Hsueh-szu Yang, Nathan Sadia, and
08-15-02
Benjamin Kupferschmidt, Teletronics Technology Corp.
This paper discusses a solution to the problem of decoding and displaying many
different types of data in the same system, using the concept of a linked network
of data processing nodes.

3:30pm “Integrating Heterogeneous Systems
in an FTI Environment”
Alan Cooke, ACRA Control
08-15-03
This paper discusses three different ways of integrating hardware from FTI
vendors. The first employs ad-hoc methods, the second leverages an FTI metadata standard and the final method involves using service oriented architecture
approach.

4:00pm “Storage Systems and Security Challenges
in Telemetry Post Processing Environments”
Jeff Kalibjian, Hewlett Packard Corporation
08-15-04
This paper reviews the storage options appropriate for telemetry post-processing
environments. In addition, the security services such systems typically offer will be
discussed and contrasted.

4:30pm “Sanitization of IRIG-106 Chapter 10
Storage Media”
Alfredo Berard, Catherine Cogan, Lorin Klein,
Heath Massey, and Rick Williams, Eglin Air Force Base
08-15-05
This paper examines the challenge of sanitizing and downgrading media that is
Commercial off-the-shelf and is utilized by test organization in the operational
communities, the Major Range Test Facility Base, and other test ranges.

SESSION 16 – Imaging & Video
Chair: Jesus M. Benitez, White Sands Missle Range

Royal Palm 6

2:30pm “Highly Precise and Fast Digital Image
Stabilization Technique Based on the
Control Grid Interpolation”
Jin-Hyung Kim, et al., Korea University and
DANAM Systems Inc.
08-16-01
In order to achieve higher stability, the small instability should be removed in as
small accuracy with sub-pixel. The proposed methods outperform other techniques
in the terms of computational complexity and the performance of stabilizing.
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3:00pm “Scalable Perceptual Image Coding for
Remote Sensing Systems”
Han Oh, Hariharan G. Lalgudi, Michael W. Marcellin
and Ali Bilgin, University of Arizona
08-16-02

TECHNICAL SESSIONS
SESSION 18 – Telemetry Receivers & Systems
Chair: Archie Moore, Spiral Technology, Inc.
Royal Palm 2

This paper describes a scalable perceptual JPEG2000 encoder which exploits the
properties of the human visual system, including contrast sensitivity function and
visual masking effects, to improve the visual quality of encoded remote sensing
images.

8:30am “Antenna Array Beamforming Technology:
Enabling Superior Aeronautical
Communication Link Performance”
Cheng Y. Lu et al., Teletronics Technology Inc. and
Villanova University
08-18-01

3:30pm “Joint JPEG2000/LDPC Code System
Design for Image Telemetry”
Kristin Jagiello et al., University of Arizona
08-16-03

We propose array beamforming technology in iNET system. By steering of beams
and nulls, an array can enhance desired signals and suppress undesired
interference. The technology is DSP-based, network-aware, and adaptive, designed
for optimizing performance.

The joint selection of the JPEG2000 source code rate and the LDPC channel code
rate in an image telemetry system is considered. The goal is to determine the
optimum apportioning of bits between the rates.

>THURSDAY, OCTOBER 30 • 8:30AM–11:30AM
SESSION 17 – International Consortium of Telemetry
Spectrum (ICTS) Special Session on the Future
Direction of International Telemetry
Chair: Gerhard Mayer, University of Salzburg / ICTS
Royal Palm 1
Note: Special sessions are not included on the DVD
This session address how the telemetry community plays “internationally”. Recent
successes at WRC2007, and telemetry topics to be presented at WRC2011, will
be discussed. This session is sponsored by the International Consortium for
Telemetry Spectrum and will serve to keep the attendee aware of international
issues and how to engage to address these issues in the international arena.
Topics to be covered include: 1. Reports from international regions on telemetry
status and issues 2. Report from WRC 2007 - additional telemetry for flight test
applications 3. International C-band telemetry band — use it or lose it. 4.
Agenda for WRC2011 — requesting spectrum for UAV payload telemetry.

“Welcome of the ICTS Chairman & Introduction”
Gerhard Mayer, University of Salzburg
“The ICTS: 10 Years of Intensive Work Towards
the WRC 2007”
Darrell Ernst, The Mitre Corporation
“WRC 2007 Decisions on Aeronautical Mobile
Telemetry Spectrum”
Brian Ramsay, The Mitre Corporation
“Regional Impacts and Status of WRC 2007
C-Bands Implementation”
Jean-Claude Ghnassia and Mikel Ryan
“Agenda for the WRC 2011: Requesting
Spectrum for UAV-Payload Telemetry”
Tim Chalfant, Edwards Air Force Base
“Body Sensor Network, Testing for Interference
to Aeronautical Mobile Telemetry”
Danny Hankins, Cessna Aircraft Co.

9:00am “Application of a High Data Rate Modem
(HDRM)”
Tim Orndorff, Amit Puri, Mike Smiley and
John Connell, CVG/Avtec Systems, Inc.
08-18-02
The development of Software Defined Radios (SDRs) with reprogrammable personalities has led to the consolidation of traditional ground station processing elements.

9:30am “Game Theory and Adaptive Modulation
for Cognitive Radios”
Gaurav Sharma
08-18-03
This paper highlights how the concepts of game theory and adaptive modulation
can be incorporated in a cognitive radio framework to achieve better
communication for telemetry applications..

10:00am “Telemetry Re-Radiation System”
Paul Cook, Teletronics Technology Corp. and
Louis Natale, Lockheed Martin Aeronautics Co.

08-18-04

This paper describes the design considerations for a system which re-radiates the
telemetry from missiles held inside a aircraft with the missle bay doors closed.

10:30am “Using the GNU Radio Platform to implement a Telemetry Receiver”
Gregory Newcomb and
Ratish J. Punnoose, Sandia National Laboratories
08-18-05
GNU Radio is a flexible open-source software radio platform that enables custom
radio development. We present this architecture and an example implementation
of a PCM/FM receiver using this architecture and the Universal Software Radio
Peripheral.

SESSION 19 – Data Acquisition and Instrumentation
Systems
Chair: John Welker, AFFTC - Edwards AFB
Royal Palm 3
8:30am “Connecting Network-Based Data
Acquisition Nodes to the Network”
John Hildin, Teletronics Technology Corporation

08-19-01

This paper is intended to assist the flight test instrumentation engineer in
understanding some of the basics of the Ethernet physical layer. This will help the
engineer architect and implement network-based data acquisition systems.

9:00am “Design Considerations for a Variable
Sample Rate Signal Conditioning Module”
Jeffrey C. Lee, L-3 Telemetry-West
08-19-02
This paper focuses on the requirements, design considerations and tradeoffs
associated with differing architectural topologies for implementing a variable
sample rate signal conditioning module and the resulting implications on the
encoder systems data acquisition units.
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TECHNICAL SESSIONS
9:30am “XML Data Modeling for Network-Based
Telemetry Systems”
Jeremy Price and Michael Moore, Southwest Research Institute
and Bill Malatesta, Naval Air Systems Command
08-19-03
Through our work defining the Measurement Description Language (MDL) we
experimented with user roles and presentation aspects. This paper highlights that
experimentation.

10:00am “Extensions to the Instrument Hardware
Abstraction Language (IHAL)”
John Hamilton, Ronald Fernandes, Michael Graul and
Timothy Darr, Knowledge Based Systems, Inc.
08-19-04

TECHNICAL SESSIONS
SESSION 21 – Error Control Coding
Chair: Tim Gatton, Wyle Telemetry and Data Systems

Royal Palm 5

8:30am “Adjacent Channel Interference for
Turbo-Coded APSK”
Christopher Shaw and
Michael Rice, Brigham Young University

08-21-01

A study of the effects of interference caused by adjacent channels on the
performance of turbo-coded 16- and 32-APSK. We also discuss spectral regrowth
in the nonlinear power amplifier when driven by a non-constant envelope
modulation.

In this paper we describe extensions to the IHAL, including the development of
multiple sub-schemas, the separation of the description of instrumentation
functions from the description of the hardware, and the addition a function pool.

9:00am “Turbo Product Code with
Continuous Phase Modulation”
Kanagaraj Damodaran and
Erik Perrins, University of Kansas

10:30am “Automated Configuration and Validation
of Instrumentation Networks”
Timothy Darr, Ronald Fernandes, Michael Graul and
John Hamilton, Knowledge Based Systems, Inc.
08-19-05

We develop turbo-product coded continuous phase modulation (TPC-CPM)
techniques for aeronautical telemetry and study their performances under
coherent and non-coherent demodulation. This paper presents a number of
simulation results showing impressive coding gain performances.

This paper describes the design and implementation of a test instrumentation
network configuration system. This system will select and connect instruments from
multi-vendor catalogs that satisfy user requirements (including desired
measurement functions) and technical specifications.

9:30am “Spectrally Efficient Concatenated
Convolutional Codes with Continuous
Phase Modulations”
Kanagaraj Damodaran and
Erik Perrins, University of Kansas
08-21-03

SESSION 20 – Telemetry and Range Systems
Chair: Thomas Grace, NAVAIR - Pax River
Royal Palm 4
8:30am “The Test and Training Enabling
Architecture, TENA, Enabling Technology
for the Joint Mission Environment Test
Capability (JMETC) and Other Emerging
Range Systems”
Gene Hudgins, TENA Software Development Activity (SDA) 08-20-01
The Test and Training Enabling Architecture, TENA, through its enabling of range
system interoperability, supports the Joint Mission Environment Test Capability
(JMETC), a distributed live, virtual, and constructive (LVC) testing capability, and
emerging range systems.

9:00am “Integration Issues in Network-Based
Flight Test Systems”
Rachel Smith, Todd Newton and
Myron Moodie, Southwest Research Institute
08-20-02
The future of flight test applications is moving towards a network based approach.
This paper discusses some major integration issues encountered while developing
a network-centric system and provides guidelines to preventing and overcoming
these issues.

08-21-02

This paper describes a bandwidth efficient serially concatenated coded continuous
phase modulation techniques for aeronautical telemetry, which has impressive
coding gains with only a modest increase in bandwidth for coded SOQPSK and
PCM/FM.

10:00am “An Analysis on the Coverage Distance of
LDPC-Coded Free-Space Optical Links”
Ricardo Luna, Hrishikesh Tapse, and
Deva K. Borah, New Mexico State University
08-21-04
We design irregular Low-Density Parity-Check (LDPC) codes for free-space optical
(FSO) channels for different transmitter-receiver link distances and analyze the
error performance for different atmospheric conditions.

10:30am “On Guaranteed Error Correction
Capability of GLDPC Codes”
Shashi Kiran Chilappagari, Dung Viet Nguyen,
Bane Vasic and Michael W. Marcellin, University of Arizona

08-21-05

In this paper, we establish a relation between the error correction capability and
expansion of the underlying Tanner graph for GLDPC codes. We also find lower
and upper bounds on the guaranteed error correction capability.

9:30am “WSMR Telemetry Capabilities:
Today's Technology in Telemetry”
Zoe Aguirre and Gabriel Beltran, White Sands Missile Range 08-20-03
White Sands Missile Range combines, fixed and mobile telemetry sites with the
ability to relay, record, process and display telemetry data in real-time by utilizing
modern technology establishing WSMR as a premier test range.
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TECHNICAL SESSIONS
SESSION 22 – Sensor Networks
Chair: Lee Eccles, Boeing Corporation

AUTHOR INDEX

Royal Palm 6

8:30am “Wireless Sensor Networks: A Grocery
Store Application”
Andrea Chaves et al., University of Arizona
08-22-01
The paper describes the implementation of wireless sensor network system that
may be implemented in grocery stores to accelerate the checkout process and
reduce waiting times in line at the cashier stations.

9:00am “Wireless Sensor System for Airborne
Applications”
Steve Pellarin and Hy Grossman, Teletronics Technology Corp.,
08-22-02
Steven Musteric, Eglin Air Force Base
This paper describes the status of the Advanced Subminiature Telemetry System
(ASMT) Project. It discusses the progress in fielding a self-contained, wireless
sensor system installed on the aircraft skin using an Electro-Cleavable adhesive.

9:30am “A Cost Effective Residential Telemetry
Network”
Sean Byland et al., Missouri S&T
08-22-03
This paper describes the use of a COTS router to implement a low-cost residential
automation and telemetry network.

10:00am “Tracking the Human Body via a Wireless
Network of Pyroelectric Sensor Arrays”
James Jolly et al., Missouri S&T
08-22-04
This paper describes the design and construction of a low-cost wireless sensor
network intended to track a human body walking upright through its physical
topology.
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Katulka, Gary . . . . . . 08-07-02
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Kenney, Joshua D.. . . . 08-12-04
Kim, Jin-Hyung . . . . . 08-16-01
Kim, Minkwan . . . . . . 08-07-04
Kirchner, Gary . . . . . . 08-15-01
Klein, Lorin . . . . . . . 08-15-05
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Kujiraoka, Scott R. . . . 08-02-04
Kumaraswamy,
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(continued next page)
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Disruptive technologies are those innovations that “leap
ahead” and supplant their predecessors. These are
technologies such as the DVD which replaced VHS and the
thumb drive that replaced floppy and compact discs. ITC/USA
2009 will focus on disruptive technologies within telemetry
and how telemetry must be applied for testing disruptive
technologies and training with disruptive technologies.

Abstracts are due by March 13, 2009.

For more information, go to www.telemetry.org.
> Highlight your research
> Get your organization recognized
> Help shape the future of telemetry
> Expand your business opportunities
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ITC/USA 2009

The countdown is on to ITC’09!

Mark your calendar today:

OCTOBER 26–29, 2008
R I V I E R A H OT E L & C O N V E N T I O N C E N T E R
L A S V E G A S , N V, U S A

56

CONFERENCE AT A GLANCE

Short Course Rooms >

>

MONDAY, OCT. 27

Time

Pacific
Salon 4

Royal
Palm 3

Pacific
Salon 6

8:00 AM
to
11:00 AM

Sunrise

Performance Image
Fundamentals
-Based Compression Introduction
of Microwaves SETUP
Sensor
with JPEG to GPS
& RF
Selection
2000

Basic Systems
Engineering

CLOSED

CLOSED

Chair: Dr. John Foulkes, Director, Test Resources Management Center
Panelists: Brian Ramsay, Dr. Gerhard Mayer, Jean-Claude Ghnassia, Steve Lyons and Luiz Fernando de Souza
Exhibits Are Open from 11:00 AM to 7:00 PM

Technical Sessions:

Royal Palm 1/2

Royal Palm 3

Royal Palm 4

Royal Palm 5

Royal Palm 6

1.

2.

3.

4.

5.
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Time-Space
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Network &
Transport Protocols
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5:00 PM
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7:00 PM

>Location: Exhibit Halls from 5:00 PM to 7:00 PM
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n
Sessio n
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11:00
AM
to
7:00
PM

ree!

F
me!
All Welco
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8.

9.

10.

Telemetry in
Extreme
Environments

Reliability, Maintenance &
Risk Management

Modulation &
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Multipath
Environments

12:00
PM
to
2:00 PM

Conference Luncheon >Location: Golden Pacific Ballroom
An Overview of Digital Cinema: Are There Answers for Telemetry?

2:00 PM

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

OPEN
8:00
AM
to
11:45
AM

CLOSED

Speaker: Dr. Michael Marcellin, Regents’ Professor, University of Arizona

Technical Session Rooms >

2:30 PM
to
5:30 PM

Royal Palm Halls
4

Opening Ceremony >Location: Golden Pacific Ballroom
Telemetry and the World Radiocommunication Conference. Now What?

Technical Session Rooms >

8:30 AM
to
11:30
AM

Royal
Palm 5

>Location: Terrace Pavilion (by the pool)

11:00 AM

1:30 PM
to
4:30 PM

Pacific
Salon 5

ITC/USA 2008 Icebreaker
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F
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INTERNATIONAL
TELEMETERING
CONFERENCE/USA
> AEROSPACE
> BIOMEDICAL
> INDUSTRIAL
> INFRASTRUCTURE
> METEOROLOGY
> MILITARY
Sponsored by the
International Foundation
for Telemetering

>
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WHO WE ARE . . .
> A conference by and for the telemetering
community
> A conference with a continued record of success
since our start in 1965
The International Telemetering Conference/USA (ITC/USA) is an
annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation
dedicated to serving the technical and professional interests of the
telemetering community. The conference is held in the fall of each
year and consists of three and one-half days of technical
presentations, tutorials, and short courses arranged in several
concurrent sessions. In addition, a technical exhibit staffed by both
manufacturers and users displays the latest advancements in
equipment and services. Exhibitors staff their booths with
professional sales engineers and other technical personnel to ensure
that an appropriate level of technical expertise is available to the
attendee.
Each year, the IFT-appointed General Chair and Technical Program
Chair develop the conference based on their perspectives and
experience. They, in turn, assemble a staff to handle the various
functions of the conference program. The entire staff is composed
of volunteers, sponsored by their parent organizations, who are
active in the industry or are involved in test and evaluation and
instrumentation systems.
The unique relationship, which began in 1965, between the
manufacturing community and the users in both government and
industry has produced yearly conferences that have led to the
continued advancements in telemetering and instrumentation
systems and equipment we rely on today, as well as the continuing
education of telemetering professionals worldwide.

>
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WHAT WE DO . . .
> Provide a forum for the exchange of ideas
and information
> Educate with short courses and tutorials
> Publish technical papers
We provide a forum for the exchange of information and education.
Our technical program consists of approximately 100 technical
paper presentations logically grouped into several concurrent
sessions. All papers are screened prior to acceptance to maintain
high technical standards and relevance to the industry. Sessions and
presentations are timed for the convenience of the attendee.
In addition to the paper presentations, we offer several short
courses on subjects of interest to the community. Past courses, for
example, have included Telemetering Basics for engineers just
entering the field and non-technical members of the community, as
well as courses such as Telemetering System Design and Application
of Global Positioning System Capabilities for the advanced engineer.
Every conference includes several speakers who open the event and
address the luncheons. Each speaker is a recognized expert in his
field and discusses a topic of interest to the community. Past
speakers have included various Department of Defense
undersecretaries, NASA administrators, university presidents,
technical directors, corporate CEOs, and astronauts.

>
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TECHNICAL EXHIBITION . . .
> 200+ booths staffed with sales and
engineering specialists
> Over 125 exhibitors per conference
A technical exhibition is an integral part of each conference. The
primary goal of our exhibits committee is to ensure an efficiently
organized and well-managed exhibit area. Committee members
enroll the exhibitors, assign spaces, appoint an exhibits management
company to set up the booths, receive and deliver the exhibitors’
equipment and displays, and attend to the needs of both the
exhibitors and the attendees. Each conference includes a meeting
between the exhibitors, ITC exhibits staff, and the responsible IFT
director to ensure that we are meeting the needs of all concerned.
Continued coordination with the telemetering community has
resulted in the number of exhibitors exceeding 125, and the number
of booths has increased to over 200 spaces.
For nominal charges, exhibitors can have their booth(s) carpeted and
furnished to their specifications. Electrical power and telephone
services are also available. In addition, each exhibitor receives a copy
of the Technical Proceedings on a DVD and a pass to attend the
technical sessions at no charge. A complete list of attendees,
including all exhibitor personnel, is distributed to each exhibitor at
the close of the conference.
A separate publication is available, which outlines the responsibilities
of the exhibitors and the ITC.

>
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EDUCATION . . .
> Individual scholarships
> Monetary grants
> Establishment of programs
> Technical coordination
An integral part of the IFT philosophy is active participation in
education. Residual funds from each conference are channeled into
programs at several universities in the U.S. We were a major force
in the establishment of a Master’s Program with an emphasis in
telemetering in the Electrical and Computer Engineering
Department at New Mexico State University. Since that beginning,
we have added programs at the University of Arizona, Brigham Young
University, the University of Missouri-Rolla, 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 standards affecting the telemetering community. The
ICTS is an international
committee that serves to
keep its members and the
appropriate members of
the international community aware of potential
impacts on the telemetry
spectrum.

Gone... but not forgotten.

Judd Strock, a telemetry pioneer

>
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BENEFITS TO YOU,THE EXHIBITOR . . .
> A professionally-managed environment to showcase your products
and services
– We have earned our reputation as a well-managed, highly technical conference.

> Promotion and advertisement of your participation in the
conference
– We direct mail to our mailing list and advertise in appropriate periodicals several
times a year.

> Domestic and international attendance
– Typically, non-U.S. attendees number in the mid-100's with over 25 countries
represented.

> Reach more potential customers per advertising dollar
– Our attendance exceeds 2,200 engineers, scientists, and management personnel.

> See your competition
– Learn what you have to do to keep ahead in product development.

> Get new ideas to expand your product base
– Listen to attendees describe their particular requirements and compare their needs
with available technology.

SO WHY WAIT?
VISIT WWW.TELEMETRY.ORG
TO FIND OUT MORE ON
ATTENDING/EXHIBITING AT

ITC!
International Foundation
for Telemetering
5959 Topanga Canyon Blvd., Suite 150
Woodland Hills, CA 91367
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